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Preface 

In compiling the second edition of the Audio Cyclopedia, the author is reminded of 
the statement of one critic, that it was too great an undertaking for one man. How-
ever, no group has come forward to compile a revision. The first edition was an 
attempt to compile an accumulation of more than 30 years of technical data into one 
book, which the author had entitled "The Audio Engineer's Handbook." The publisher 
suggested that it had exceeded the handbook category, and recommended the present 
title, Audio Cyclopedia. 
Since the first edition, the growth in audio engineering has made the revision a 

mountainous undertaking, requiring almost two years of unrelenting endeavor. New 
standards have been established, and the development of solid-state and integrated-
circuit devices has opened a wide vista not conceived ten years ago. 
The pattern of this edition closely follows the scheme of the first edition. However, 

the book has been shortened to 25 sections. Section 26 of the first edition (Stereo-
phonic Recording and Reproduction of Disc Records) has been absorbed in other sec-
tions, as stereo is a general part of the overall picture and need not be treated as a 
separate and distinct subject. The first edition received wide acceptance and a large 
market for it developed outside the United States. Therefore the author has included 
in this edition many items developed and manufactured in countries other than the 
United States. 
The question was once asked, "Who remembers to bless the hands that milked the 

cow, when he eats the cheese?" As we enjoy the fruits of today's progress, we would 
do well to remember men like Leon Scott, who in 1857 first scribed a sound wave, 
using a stiff bristle attached to a diaphragm actuated by a horn. Between the years 
of 1858 to 1862, Koenig devoted a great part of his time to improving on Scott's inven-
tion and presented the results of his labors in London in 1862, which he termed 
"Phonograms." However, it remained for men like Edison, Berliner, and Johnson to 
invent and develop the methods culminating in the cylindrical and disc records so 
well known today. Valdemar Poulson, the Danish Edison, might be called the father 
of present-day magnetic recording, and certainly Lord Rayleigh is the father of 
acoustics and its many phases, with Professor Wallace C. Sabine of Harvard Univer-
sity responsible for modern acoustics. It is of interest to note that in 1711 John Shore 
discovered the tuning fork, and in 1908 G. W. Pierce described in a paper, "A Simple 
Method of Measuring the Intensity of Sound," based on his work in measuring sound 
intensities in auditoriums and of train whistles; thus was born the first sound-level 
meter. All these men and many more, leave us forever in their debt. 
Those of us who have been closely associated with the industry some 40 years more 

or less, view with pride the progress that has been made. It is gratifying to observe 
some of our original thinking and experiments becoming a reality with modern ma-
terials, components, and facilities. With this in mind, the author has included some 
obsolete devices, which may still be in daily use, but mainly to offer information to 
the experimenter. Examples of this are the electret, which has been around for years 
but is now being utilized as a microphone, and the fuel cell, discovered by Sir William 
Grove in 1839, which is finding its greatest application in the space age. 
The author is deeply indebted to the many engineers who have supplied informa-

tion for compiling this book, and to the many manufacturers who have freely fur-
nished photographs and technical data required to make this work a reality. Selection 
of illustrations resolved into the problem of choosing items that would be typical 
examples of a device, or in some instances where a manufacturer had included fea-
tures in an instrument that made it unique or of particular interest. The final selec-
tion was often difficult; today's market offers a wide variety of good equipment. 
The author wishes to pause and personally thank the following: Mr. Robert O. 

Cook, of Walt Disney Productions; Mr. Arthur C. Davis, of Altec-Lansing; Mr. Wal-



lace Hamilton, of Trans-Canada Laboratories, Vancouver, B.C.; Mr. Jack V. Leahy, of 
Radio Corp. of America; Mr. Frank E. Pontius, of Westrex Corp.; Mr. Michael Ret-
Unger, acoustical engineer; Mr. Loren L. Ryder, of Ryder Sound Services; Mr. Ross H. 

Snyder, of Hewlett-Packard Co.; and Mr. Weldon O. Watson, of University City 
Studios; to mention but a few who made generous contributions. Also, the author is 
indebted to the following societies for their journals and standards: Acoustical Society 

of America; Audio Engineering Society; Electronic Industries Association; Institute of 
Electrical and Electronic Engineers; Institute of High Fidelity; National Association 
of Broadcasting; Society of Motion Picture and Television Engineers; and the United 
States of America Standards Institute for their much-used reference sources. In addi-
tion, thanks to the publishers of the following: Audio; Broadcast Engineering; db, the 
Sound Engineering Magazine; Electronic Instrument Digest; Electronics; Electronics 
and Communications (Canada); Electronics World; Radio Electronics; and Wireless 
World (England) for their cooperation. Special thanks are offered to my friend and 
personal physician, Dr. Ronald McAdams, who indirectly contributed to this work. 
The first edition of the Audio Cyclopedia has often been referred to as "The Sound 

Man's Bible." If this name fits, the author offers this edition with the conviction that 
it will serve even better. 

HOWARD M. TREMAINE 



Preface to First Edition 

This book was prompted by the response to a series of lectures presented to naval 
personnel by the author, in 1945, on "High Fidelity Sound Systems." It is intended as 
a practical engineering guide for the individual who has an understanding of elec-
tronics and desires to apply that knowledge to the recording and reproducing of sound. 

In the pursuit of fidelity in sound recording and reproduction, numerous problems 
have been encountered. While many of the problems have been overcome to a marked 
degree and much credit is due the research workers whose efforts have thus far 
advanced the art, a large number of problems still remain to be solved. 
The term "high fidelity" is often abused and loosely used, and equipment bearing 

such a title assumes a great responsibility. Webster defines fidelity as "exactness, as 
in a copy." High quality sound systems require careful design and adequate test 
equipment for their proper installation, adjustment, and maintenance. 
The ultimate reproduction of sound waves is affected by many factors, each con-

tributing its own particular type of distortion, which may be acoustical, electrical, or 
mechanical. This distortion may manifest itself as frequency or pitch variations, har-
monic distortion, hum, or noise, and any or all of these factors may be interposed 
between the original recording and the listener. 
An attempt has been made to compile sufficient data into one book, in the form of 

questions and answers, to synthesize sound systems generally, together with their 
components and allied equipment, and the accepted methods of installation, testing, 
and operation. Section 22, pertaining to test equipment, describes many pieces of 
apparatus of different manufacturers. However, no evaluation of their individual 
merits has been made, but their characteristics and operation are so described that 
the audio engineer may readily determine which equipment will best meet his needs. 
The various sections of this book cover the fundamental concepts of sound waves 

and treat of their complexity, their behavior, and the equipment associated with their 
recording and reproduction. The illustrations offer workable circuits with practical 
values. Section 3 discusses the devices used in the motion picture and recording in-
dustries for maintaining a constant speed and the control apparatus necessary to 
achieve this end. Sections 5, 6, and 7, "Attenuators," "Equalizers," and "Wave Filters," 
include numerous devices and circuits used for motion picture sound recording and 
reproduction, which are equally adaptable to other types of recording and reproduc-
tion. 

The improvement of sound mixers, from a simple two-position to an elaborate 
hybrid-coil design for motion picture rerecording, is described in Section 9. Audio 
amplifiers are dealt with extensively in Section 12. 
Motion picture projection equipment is discussed in Section 19 from the stand-

point of the audio engineer. 
Magnetic and optical film recording techniques are covered extensively in Sections 

17 and 18 and will be of particular interest to those employed in both the motion 
picture and television industries. 

Section 23 discusses the techniques of audio frequency measurements, and Section 
24, the techniques of installation. These two sections should appeal to the installation 
and maintenance engineer because of their unusual type of information. 

Finally, Section 25, "General Information, Charts, and Tables," contains much useful 
data for ready reference, including many charts for simplifying mathematical design 
procedures. Also, references will be found at the end of each section. 
The data within this book is the result of over 30 years of experience in audio engi-

neering, particularly in the motion picture industry. The author sincerely hopes the 
material presented in this work will appeal to both the technician and the engineer. 
I wish to extend my appreciation to Dr. George K. Teffeau for his valued sugges-

tions and assistance in editing this book, to Messrs. Jack Laing and Glenn Osborn, as 



well as to Miss Janice Snyder, for their assistance in making tests for the sections on 
"Magnetic Recording," and "Optical Film Recording." I also wish to thank the follow-
ing individuals, manufacturers, and publishers for making much of the data and 
photographs available for publication. 

Lt. Col. James L. Gaylord, former Commander of the USAF Lookout Mt. Labora-
tory; Lt. Col. James P. Warndorf, present Commander; Mr. Watson Jones, RCA Victor 
Division, Hollywood, Calif.; Mr. Ralph Wight, Westrex Corp., Hollywood, Calif.; 
Mr. J. N. A. Hawkins, Motion Picture Research Council; Dr. Oliver Read, publisher of 
Radio and Television News; Mr. C. G. McProud, Editor and Publisher of Audio maga-
zine; Mr. Hugo Gernsback, Editor and Publisher of Radio Electronics magazine; Jour-
nal of the Society of Motion Picture and Television Engineers; Journal of the Institute 
of Radio Engineers; Journal of the Audio Engineering Society; and Journal of the 
Acoustical Society of America. My appreciation also to the many other contributors of 
data and information. 

HOWARD M. TREMA1NE 
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Note 

In an effort to reach worldwide understanding in published scientific and technical 
work, standardization of terms is essential. The Institute of Electrical and Electronic 
Engineers (IEEE) standards committee has adopted a number of new standards of 
electrical units and symbols. These were established in close cooperation with many 
international organizations. 

Where standards are quoted, the information has been extrapolated for the essen-
tial details given. The term recommended is used to signify accepted industry prac-
tice and is not necessarily a standard. 



Section 1 

Basic Principles of Sound 

To the audio engineer, an understanding of the basic principles and behavior of 
sound generation as well as the response of the human ear, frequency ranges and 
the levels that are encountered in daily life, especially when recording, are equally 
as important as the understanding of electronic circuitry. New aspects of sound 
may be observed with the application of white- and black-sound techniques. 
Shown are the variations of the Fletcher-Munson curves developed by Churcher 
and King and Robinson and Dadson of England, and by Pollock of the United 
States. General phenomena associated with the generation and propagation of 
sound waves such as the Doppler effect, units of measurement, terminology, equa-
tions, ranges of musical instruments, and peak powers are included in this section. 

1.1 What is the definition of sound? 
—It is a wave motion propagated in an 
elastic medium, traveling in both trans-
verse and longitudinal directions, pro-
ducing an auditory sensation in the ear 
by the change of pressure at the ear. 

1.2 How are sound waves produced? 
—By a vibrating body in contact with 
the air. 

1.3 What is the peak-to-peak am-
plitude of a waveform?—It is the value 
measured from the positive peak to the 
negative peak. (See Question 25.149.) 

1.4 What is a compressional wave? 
—A wave in an elastic medium such as 
air, which causes an element of the 
medium to change its volume without 
undergoing rotation. 

1.5 What is a longitudinal wavel— 
A wave in which the direction of dis-
placement at each point of the medium 
is normal to the wave front. 

1.6 What is a shear wave?—A wave 
in an elastic medium which causes an 
element of the medium to change its 
shape without changing its volume. 

1.7 What is a transverse wave?—A 
wave in which the direction of displace-
ment at each point of the medium is 
parallel to the wave front. 

1.8 What is a plane wave?—A wave 
in which the wave fronts are parallel 
planes normal to the direction of propa-
gation. 

1.9 What is a spherical wave?—A 
wave in which the wave fronts are con-
centric spheres. 

1.10 What is a cylindrical wave?— 
A wave in which the wave fronts are 
coaxial cylinders. 

1.11 What is a beat?—A periodic 
variation resulting from the superposi-
tioning of waves having different fre-
quencies. 

1.12 What is a simple sound source? 
—It is a source which radiates sound 
uniformly in all directions under free-
field conditions. 

1.13 What is direct-sound radia-
tion?—Sound emitted directly from the 
sound source without reflections or 
echoes. 

1.14 What is the effective acoustic 
center of an acoustic generator?—It is 
the point at which the spherically di-
vergent sound waves, observed at a re-
mote point, appear to diverge. 

1.15 What is considered to be the 
audible frequency range?— 15 Hz to 
20,000 Hz. 

1.16 What is noise? — A random 
sound composed of many different fre-
quencies not harmonically related. If 
noise is of too great an intensity, it will 
impair the intelligibility of speech and 
music, reducing the listening pleasure. 
The average dwelling has a noise level 
of about 40 dB above the threshold of 

11 



12 THE AUDIO CYCLOPEDIA 

hearing. (See Question 1.117.) The noise 
level of a business office will rise to 
around 55 dB, while an average factory 
will indicate about 80 dB. Noise meters 
(see Question 22.94) do not measure the 
true noise present, because of the com-
plexity of the waveforms. As a rule, 
noise meters are equipped with filters 
and weighting networks, to simulate 
the human ear hearing characteristics 
at different levels above the threshold 
of hearing. Weighting networks are dis-
cussed in Question 2.93. 

1.17 What are infrasonic freemen-
cies?—Frequencies below 15 Hz. 

1.18 What are ultrasonic frequen-
cies?—Frequencies above the audible 
range of 20,000 Hz. 

1.19 What are supersonics?—A 
term used in aerodynamics to denote 
a velocity greater than the velocity of 
sound. 
The term supersonics was formerly 

used in acoustical engineering to desig-
nate frequencies above audibility. The 
term ultrasonics has now replaced the 
former term supersonics. 

The installations are generally of 
high power and operate above 20,000 
Hz, although at times they may be 
operated at a lower frequency. 

1.20 What are macrosonics?—Mac-
rosonics are the utilization of high-am-
plitude sound waves for cleaning small 
metal parts, drilling, emulsification, 
soldering, plating, and the aging of alco-
holic beverages. 
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1.21 What is the energy distribution 
of human speech?—The greatest energy 
lies between 200 and 4000 Hz, falling 
off quite rapidly beyond 6000 Hz. This 
characteristic is shown in Fig. 1-21. 

1.22 What does the term timbre 
meant—It is the characteristic quality 
of a musical instrument which permits 
it to be distinguished from another. 
Timbre depends on the harmonic or 
overtone structure of the instrument. 
If the harmonics are removed by the 
use of filters, all instruments will sound 
similar, except for the pitch. 

1.23 What is a transducer?—A de-
vice actuated by power from one sys-
tem and supplying power to a second 
system. The actuating power may be 
electrical, mechanical, or acoustical. A 
loudspeaker is a typical example of an 
electroacoustic transducer. 

1.24 What is a passive transducer? 
—A transducer whose output waves are 
independent of any source of power and 
are controlled by the actuating waves. 

1.25 What is an active transducer? 
—A transducer whose output waves are 
dependent upon sources of power apart 
from that supplied by any of the actu-
ating waves. The output is controlled by 
the actuating waves. 

1.26 Define the term octave.—An 
octave is eight notes of a musical scale, 
and is the interval between two sounds 
having a basic frequency ratio of two. 
It is also the pitch interval between two 
tones such that one tone may be re-

1 11 
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Fig. 1-21. Energy distribution of the human voice. 



BASIC PRINCIPLES OF SOUND 13 

garded as duplicating the basic musical 
import of the other tone at the nearest 
possible higher pitch. An interval in 
octaves, between any two frequencies, 
is the logarithm to the base two (or 
3.322 times the logarithm to the base 10) 
of the frequency ratio. The frequency 
ratio corresponding to an octave pitch 
interval is approximately, but not al-
ways exactly, 2:1. 

1.27 What is a semitone, or half-
step?—The same as a half-tone or any 
interval between two tones equal to the 
12th root of 2. 

1.28 What is a tonet—A sound 
wave capable of exciting an auditory 
sensation and having pitch. A sound 
sensation having pitch. 

1.29 What is a chromatic sca/eP— 
A musical scale in which the intervals 
are all half-tones or semitones. 

1.30 What is a scale of equal tem-

HERTZ 

PIANO 
KEYBOARO 
(NUNDERS 
CIF KEYS) 

peramentP—A musical scale divided into 
twelve intervals. It is obtained by alter-
nating the tones from the exact fre-
quency of just intonation as a result of 
reducing the number of tones per 
octave. 

These frequency ratios are 1, F, F,, 
FS, F3 • . • to Flo, where F is the 12th 
root of 2 and no equals 2. The scale 
consists of 12 equal intervals, including 
half-tones. In Fig. 1-30 is shown the 
keyboard of a conventional 88 note 
piano with the tones indicated in hertz. 
A (440 Hz) is designated A. and the oc-
taves above A. are designated As, As, 
and A,. The octaves below A. are desig-
nated AN AN Al, and As. The lowest 
frequency is Ao or 27.5 Hz. The highest 
frequency is Co, or 4186 Hz. The interval 
between the black and white keys is 
100-cents, or an equally tempered semi-
tone. (See Question 1.31.) 
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Fig. 1-30. Conventional 88-note piano keyboard showing the note designations and 
frequency. The audio frequency range of recording and broadcasting stations has 

been entered for comparison. 
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The complete spectrum is designated 
by starting at Co, 16.351 Hz (not shown), 
the lowest frequency heard by the av-
erage human ear, and counting the 
octaves above from this frequency up 
to C", 16,744 Hz (not shown). 

1.31 What is a cent?—An interval 
between two frequencies whose fre-
quency is the 1200th root of 2. 1200 
cents equals 12 equally tempered semi-
tones. 

1.32 What is pitch?—The property 
of a musical tone determined by its fre-
quency and intensity. The higher the 
frequency the higher the pitch. (See 
Question 1.77.) 

1.33 What is the American standard 
of pitch?—By agreement, all musical in-
struments manfactured in the United 
States are standardized to a frequency 
of 440 Hz for the tone of A,. This corre-
sponds to the 49th key on a standard 
88-note piano. (See Question 1.30.) 

1.34 What is a mel?—A unit of 
pitch. A 1000-Hz tone at a level of 40 dB 
above the threshold of hearing is equal 
to 1000 mels. 

The mel scale of pitch is logarithmic 
above 1000 Hz and approximately linear 
below 1000 Hz. Any sound heard by an 
auditor and judged to be "n" times that 
of 1 mel is "n" mels. 

1.35 Define the term microbar.— 
The microbar is a unit of measurement 
of sound pressure. One microbar is 
equal to the sound pressure of 1 dyne 

CC 150 
a 
es i40 
cc 
(.) 130 

120 

per square centimeter, or to a sound 
level of 74 dB above the threshold of 
hearing (0.0002 microbar). It is also 
equal to approximately one-millionth of 
normal atmospheric pressure. Normal 
atmospheric pressure equals 1,013,250 
microbars. One bar equals 10° dynes per 
centimeter. At one time, the term bar 
was used to mean 1 dyne per square 
centimeter. This is no longer used. (See 
Question 1.82.) 

1.36 Define threshold of pain.—The 
threshold of pain is the minimum value 
of sound pressure of a given frequency 
that will cause discomfort or pain to a 
listener 50 percent of the time, as shown 
in Fig. 1-36. Discomfort starts around 
a sound level of 118 dB, if the frequency 
falls within the range of 200 to 10,000 
Hz. Actual pain starts around 140 dB in 
the same frequency range. It is inter-
esting to note a sound level of 1 pound 
per-square-foot is equal to plus 147.6 
dB; 1 pound per-square-inch to 170.8 
dB; and 1 atmosphere to 194.1 dB—all 
being referred to 0.0002 microbar. 

1.37 What does the term damping 
mean?—It is the introduction of friction 
or some other type loss, to reduce the 
vibration of a moving body. Undamped 
and damped waveforms are shown in 
Fig. 1-37. 

1.38 What is critical dampingt—A 
value of damping which will result in 
the most rapid response possible with-
out overshooting or no indication of os-
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Fig. 1-36. Curves showing the threshold of hearing, discomfort, and pain. (Courtesy, 
General Radio Co.) 



BASIC PRINCIPLES OF SOUND 

(a) Undamped. 

(b) Damped. 

Fig. 1-37. Undamped and damped 
waveforms. 

ciliation, is referred to as critical damp-
ing. It is the point of change between 
aperiodic and periodic damping. 

1.39 What is periodic damping?—A 
system in which the damping is so great 
that, if the system is subjected to a sin-
gle disturbance, it will come to rest. 

1.40 What is aperiodic dampingP— 
Aperiodic damping occurs when the 
amount of damping is so large that if 
the system is subjected to a single dis-
turbance, either constant or instanta-
neous, the system comes to rest without 
passing through that position. While an 
aperiodically damped system is not 
strictly an oscillatory one, it has such 
properties that it could become an os-
cillating system if the damping was 
removed. 

1.41 Define the term dyne per 
square centimeter—One dyne per square 
centimeter is the unit of force used in 
acoustical measurements and is the 
force that will give an acceleration of 
one centimeter per second, during each 
second it is operating, to a mass of one 
gram. One million dynes per square 
centimeter is equal to one bar. (See 
Question 1.125.) 

1.42 What is a bar?—A unit of 
sound pressure equal to 10' microbars 
or 10' dynes per square centimeter. 

1.43 What is superpositioningP— 
The combination of two or more fre-
quencies, or the superimposing of one 
or more frequencies upon another fre-
quency. (See Question 1.11.) 

1.44 What is a sine wave?—A wave 
which rises from zero to maximum in 
one direction, returns to zero in a cor-
responding, gradual, nonuniform man-
ner, reverses direction and falls below 
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zero to an equal maximum, and returns 
to zero again during one complete cycle. 
A typical sine wave development is 
shown in Fig. 1-44. 

1.45 What is a sinusoidal wave-
form?—An alternating current wave 
which varies in proportion to the sine 
of an angle. It is another name for the 
sine wave described in Question 1.44. 

1.46 Define the terms cycles per 
second and hertz.—A complete turn of 
events. For a sine wave, it is the com-
plete sequence of the rise from zero to 
maximum and return to zero, the rise 
to maximum in the opposite direction, 
and the return to zero again, as shown 
in Fig. 1-44. 

ONE 
ALTERNATION 

_iOE4 
ALTERNATION i 

1 
1 

ONE bfCLE 
I 
1 

AMPLITUDE 1 

e 
9P, 

270° 

Fig. 1-44. Development of a sine wave. 

The common term for measurements, 
when dealing with frequency, was in 
cycles per second, abbreviated cps. In 
1965, the term cycles per second was 
changed to hertz in honor of Heinrich 
Rudolph Hertz, an early German physi-
cist. One cycle per second is stated as 
1 Hz; 1 kilocycle as 1 kHz; 1 megacycle 
as 1 MHz, etc. Either term is used, but 
hertz is preferred. 

1.47 What is an alternation?—One-
half of a cycle. As an example; a 60-Hz 
current has 120 alternations per second, 
similar to that shown in Fig. 1-44. 

1.48 What does the term frequency 
mean?—The number of cycles or vibra-
tions in a given unit of time. 

1.49 What is a wavelength?—It is 
the distance from a given point on one 
wave to a corresponding point on the 
next wave, regardless of the frequency. 
Example: One wavelength in Fig. 1-44 
is the distance from zero degrees to 360 
degrees. 

1.50 State the formula for calculat-
ing the wavelength of sound in air.—Ex-
periments indicate the velocity of sound 
in air, at any frequency, is approxi-
mately 1127 feet per second, 343.4 me-
ters per second, or 767.54 miles per 
hour. The velocity will vary slightly 
with changes in temperature, increas-
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Fig. 1-50. Wavelength of sound in air as a function of frequency. Temperature 20° C 
@ 760mm pressure. 

ing about 1.1 feet per second for 1 de-
gree Fahrenheit, going from 1099 ft per 
second at 32° F to 1130 feet per second 
at 70° F. The wavelength of sound in 
air is equal to the velocity divided by 
the frequency in hertz. Example: 
What is the wavelength of 40 hertz? 

V 343.4 
X= — -- — = 8.58 meters. 

f — 40 
where, 
V is the velocity of sound in air, 
f is the frequency in hertz, at 20° F. 

The wavelength for various frequencies 
in air may bě determined from the 
graph in Fig. 1-50. The graph is entered 
at the lower edge for a given frequency 
and followed upward to where it inter-
sects the diagonal line. Wavelength is 
then read in feet from the left margin, 
or in centimeters or inches from the 
right margin. 

1.51 Define an eigentone.—It is a 
resonance in an enclosure, caused by 
the presence of parallel walls, which 
causes the generation of standing wave-
forms. A room of cubical dimensions 
(dimensions equal in all directions) 
would have the same resonant frequen-
cies in all directions. This is why good 
acoustical design does not employ par-
allel walls, and uses given ratios for 
length, width, and height. 

1.52 What is a fundamental Ire-
quency?—The principal component of a 
complex waveform or the component 
having the lowest frequency. Using the 
physical definition, the fundamental 
frequency is called the first harmonic, 
Fi. In musical terms, the first multiple 
above the fundamental is called the 
first harmonic, F1. (See Question 1.57.) 

1.53 What is an overtone?—A har-
monic of the fundamental frequency of 
a complex waveform. 

1.54 What is an odd harmonic?— 
Any frequency that is an odd multiple 
of the fundamental frequency, such as 
1, 3, or 5 times the fundamental. 

1.55 What is an even harmonic?— 
Any harmonic that is an even multiple 
of the fundamental frequency, such as 
2, 4, or 6 times the fundamental. 

1.56 What is a subharmonicT—Sub-
harmonics are obtained mathematically 
by dividing the fundamental frequency 
by the desired number harmonic. The 
second subhannonic of 500 Hz is 250 Hz. 

1.57 How are the harmonics of a 
given frequency determined?—Any 
specified harmonic may be determined 
by multiplying the fundamental by the 
number of the desired harmonic. Ex-
ample: The third harmonic of 100 Hz is 
300 Hz. This is in physical terminology. 
(See Question 1.52.) 
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1.58 What are the characteristics of 
the various octaves between 16 and 

16,000 Hz?--The frequencies between 
16 and 32 Hz are called the first octave 
and are the frequencies in which the 
lowest swell tones of an organ are 
heard, and where the threshold of feel-
ing exists. 

Frequencies between 32 and 512 Hz 
are referred to as the second, third, 
fourth, and fifth octaves. This is the 
rhythm section where the lower and 
upper bass frequencies are found. If the 
response in the second and third oc-
taves is accentuated, the reproduction 
will be reverberant and become objec-
tionable to the true music lover. With 
the proper frequency response, the low 
frequencies of the drums and piano will 
be reproduced in their proper perspec-
tive. 
From 512 to 2048 Hz are the sixth 

and seventh octaves. If speech is limited 
to this frequency range, it will have a 
telephonelike quality, because the hu-

man ear starts to approach its maxi-
mum sensitivity around 2000 Hz and 
continues up to 4000 Hz. If the response 
of the sixth octave is accentuated with 
respect to other parts of the frequency 
response, the quality of reproduction 
will have a hornlike quality. Also, if 
the response is increased between 1000 
and 2000 Hz, the reproduction becomes 
tinny. Over accentuation of both the 
sixth and seventh octaves is one of the 
causes of listener fatigue. 

Accentuating the eighth and ninth 
octaves, 2048 to 8192 Hz, adds presence 
to the program material and creates the 
illusion that a person speaking is pres-
ent in the room. Within these frequen-
cies lie the labial and fricative sounds. 
Labial sounds are those made with the 
lips and fricative those cause by the 
rustling of the breath as sound is 
emitted by the mouth. As a rule, re-
cording systems are equipped with 
equalizers for controlling the amount of 
presence. (See Questions 6.106 and 
6.107.) 

The tenth octave occupies the region 
between 8192 and 16,000 Hz. These fre-
quencies add brillance to the reproduc-
tion, reproducing the tinkling of bells 
and the higher frequencies of the tri-
angle, cymbal, and other instruments. It 
has been proved by exhaustive listen-
ing tests that for high quality repro-
duction of music, the correct balance 

between the lowest and highest fre-
quencies is obtained when the highest 
frequency multiplied by the lowest fre-
quency equals 600,000. 

Thus, a reproducing system with a 

low frequency response of 40 Hz and an 
upper frequency of 15,000 Hz will meet 
these requirements. 

1.59 What is vibrato?--Frequency 
modulation of a tone or the musical em-
bellishment of a tone. It is employed by 
vocalists and musical artists to enhance 
the presentation. The average rate of 
vibrato is 5 to 7 Hz. 

1.60 What is tremolo?.Amplitude 
modulation of a tone. In an organ, the 
tone is modulated by a mechanical de-
vice. 

1.61 What do the terms consonance 
and dissonance mean?—If two or more 
tones are sounded simultaneously and 
they are pleasing to the ear, they are 
consonant; if displeasing, they are said 
to be dissonant. 
At times, the term mistuned conso-

nance may be used in contrast to beats 
of nearly identical frequencies, which 
are termed imperfect unisons. The term 
mistuned consonants refers to beats be-
tween a given frequency and another 
frequency which is not quite in har-
monic relationship with the former, 
such as 500 Hz and 1002 Hz. 

1.62 What is a chord?—A combina-
tion of three to seven tones harmoni-
cally related and sounded simulta-
neously. 

1.63 Define loudness.—It is the in-
tensity of the sound stimulus and, 
chiefly, a function of sound pressure. 
However, it is also dependent on the 
frequency and the complexity of the 
waveform. 

At times it may be advantageous to 
express the change in loudness in per-
centage. To do so, the level of the origi-
nal sound must be known. The graph 
in Fig. 1-63A gives an approximate an-
swer for different values of the original 
sound level. The tabulations in Fig. 
1-63B were taken from Fig. 1-63A, for 
reductions of 6 and 10 dB. 

1.64 How are the waveforms of pro-
gram material classified?—They are of 
a complex nature and seldom of sine-
wave characteristic. Typical complex 
waveforms are illustrated in Figs. 1-64A 
and B. 

1.65 Describe the construction of a 
complex waveform.—A waveform con-
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Fig. 1-638. Original loudness level versus 
reduction in decibels/percentage. 

ssting of a fundamental frequency and 
its harmonics, or other frequencies, 
superimposed. When a complex wave-
form is viewed on an oscilloscope, it 
appears as shown in Figs. 1-64A and B. 
The waveform in Fig. 1-64A is typical 
of a symphony orchestra, while that in 
Fig. 1-64B is typical of speech wave-

\r-

Fig. 1-64A. Waveform of a symphony 
orchestra as viewed on an oscilloscope. 

Fig. 1-648. A typical speech oscillogram 
showing the energy or amplitude of the 
positive and negative peaks which are 

not symmetrical. 

forms. It will be noted that neither of 
the waveforms is of sine-wave char-
acter. The speech waveform indicates 
considerably more amplitude above the 
line than below; therefore, when trans-
mitting or recording such waveforms, 
the system must be capable of trans-
mitting or recording the maximum am-
plitudes without overloading. 

Because the maximum peaks are 8 to 
14 dB above the average level indicated 
by a VU meter, it is necessary that this 
be taken into consideration when set-
ting up a recording channel. If this is 
not done, serious overload will occur. 
This latter subject is discussed in Ques-
tions 10.27 and 10.28. 

7.66 What is a partia1P—A physical 
component of a complex waveform. It 
may be a frequency higher or lower 
than the fundamental frequency, and 
may or may not be harmonically re-
lated to the fundamental. 

1.67 Define volume range.—It is 
the difference in amplitude between the 
softest and loudest passages in a re-
cording or a live pickup. In a recording 
system, the signal-to-noise ratio of the 
system determines the maximum vol-
ume or dynamic range of that system. 
For a live pickup, the volume range is 
limited by the ambient noise level of 
the recording studio and the system 
noise combined (Fig. 1-67). Signal-to-
noise measurements are discussed in 
Section 23. 

AMBIENT 
NOISE LEVEL OF—.. 
STUDIO 

NOISE LEVEL OF   
SYSTEM 

Fig. 1-67. The dynamic, or volume, 
range of a recording system is limited by 
its own signal-to-noise ratio, and the 

ambient noise level of the studio. 

1.68 What is the range of the hu-
man voice in octaves?—When singing, 
about two octaves; however, female 
voices have been known to cover a 
four-octave range. 

7.69 What is the effect of removing 
the lower frequencies from the human 
voice?—Because the greater portion of 
human speech intelligibility lies above 
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800 Hz, the lower frequencies may be 
removed without affecting intelligibil-
ity. Removing the higher frequencies 
reduces the intelligibility to the point 

where speech becomes unintelligible. 
Articulation tests indicate that, when 
frequencies above 1550 Hz are removed, 
the intelligibility falls off 65 percent. 

The reproduction of speech may be 
limited to a bandwidth of 250 to 3500 
Hz with a high degree of intelligibility. 
For motion-picture dialogue recording, 
frequencies below 800 Hz are slowly 
rolled off to where 100 Hz is down 8 to 
12 dB, with reference to 1000 Hz. The 
midrange high frequencies are accen-
tuated 4 to 6 dB to add presence to the 
speaking voice. This characteristic is 
shown graphically in Fig. 18-81. 

1.70 Does the human ear hear all 
frequencies with the same intensity?— 
No, the human ear is less sensitive at 

both the lower and upper ends of the 
frequency spectrum, and this charac-
teristic varies with both age and sex as 
shown in Fig. 1-99A and Fig. 1-99B. 
The human ear shows its greatest sensi-
tivity between 500 and 6000 Hz. As an 
example, at the lower intensities, the 
judged loudness of a 1000-Hz tone var-
ies approximately in proportion to the 
square of the sound pressure. At the 
higher intensities, the loudness varies 
approximately as two-thirds power of 
the sound pressure. 
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This relationship should set to rest 
the contention that the decibel is used 
in acoustic measurements because the 

human ear responds to the intensity of 
sound logarithmically. At no level is a 
logarithmic characteristic indicated; ac-
tually, the loudness is approximately 
proportional to the sound pressure 
raised to the 0.6 power. 

1.71 What is the frequency range 
of a telephone system for the transmis-
sion of speech?—For quality reproduc-
tion of the human voice, a telephone 
receiver must exhibit good frequency 
response across a bandwidth of about 
3000 Hz, or from 200 to 3400 Hz. The 
intensity of normal conversation, heard 
at a distance of 3 feet, is on the order 
of 60 to 70 dB above the threshold of 
hearing. The frequency response for 

a modern telephone receiver and for 
one manufactured in 1905 is shown in 
Fig. 1-71. 

1.72 What is meant by an inhar-
monk frequency?—A frequency which 
is not a rational multiple of another 
frequency. 

1.73 What is instantaneous speech 
power?—The rate at which sound en-
ergy is being radiated by a speech 
source at any given instant. 

1.74 What is peak speech power?— 
The maximum value of the instanta-
neous speech power within a given time 
interval. 
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Fig. 1-71. Frequency response of a mod-
ern telephone receiver compared to one 
manufactured in 1905. (Courtesy, Bell 

Telephone Record) 

1.75 What is average speech power? 
—The average value of the instanta-
neous speech power for a given inter-
val. 

1.76 What are equal loudness con-
fours?—A group of sensitivity curves 
plotted for the human ear showing its 

characteristic for different intensity 
levels between the threshold of hearing 
and the threshold of feeling. These data 
are often referred to as equal loudness 
contours. The reference frequency is 
1000 Hz. 
The curves of Fig. 1-76A made by 

Fletcher and Munson of the Bell Tele-
phone Laboratories, are generally ac-
cepted throughout the sound industry 
as a basis for the design of devices con-
cerned with human hearing. The curves 
given in Fig. 1-76B were made by 
Churcher and King of England; those 
in Fig. 1-76C by Robinson and Dadson 
also of England; and those of Fig. 1-76D 
by Pollack of the United States. Al-
though these curves differ somewhat, 
they all give the same general informa-
tion, and are in fairly close agreement 
with the Fletcher-Munson curves, ex-
cept for the differences at the higher 
and lower frequencies. The dotted line 
in Fig. 1-76C is the minimum audio fre-
quency (MAE') that can be heard by 
the human ear. The curves of Fig. 
1-76D by Pollack were made in 1952 
using relatively narrow bands of ran-
dom noise. 
Referring to Fig. 1-76A, it will be ob-

served that the contours are not equally 
spaced, but generally converge at the 
lower frequencies. This characteristic 
causes a change in the quality of repro-
duced sound when the volume level is 
changed. As an example: Consider a 
system carrying two pure tones of equal 

loudness, 1000 Hz and 50 Hz. Let the 
1000-Hz tone have an intensity level of 

plus 80 dB (re 0.0002 microbar). Fol-
lowing this curve out to 50 Hz it indi-
cates that an intensity level of plus 85 
dB is required to make the 50-Hz tone 
sound as loud as the 1000-Hz tone, or a 
difference of 5 dB. Assume now that the 
gain of the system is lowered to where 
the 1000-Hz tone has an intensity level 
of plus 40 dB. By following this curve 
out to 50 Hz, it can be seen that the in-
tensity must be increased to 72 dB to 
equal the loudness of the 1000-Hz tone, 
or an increase of 32 dB. It will be noted 
that in lowering the level, the balance 
between the low- and middle-range 
frequencies has been destroyed, and to 

the ear it appears that the low fre-
quency response is lacking. This is the 
principal reason for including a loud-
ness control in home reproducing 

equipment. It also emphasizes the need 
for establishing a monitor level in a re-
cording studio and maintaining it from 
day to day to assure uniformity of pro-
duct. (See Question 5.65.) 
Weighting networks used in sound-

level meters (see Question 2.93) are 
based on the Fletcher-Munson mea-
surements, but modified to take into 
account the random nature of a sound 
field in an enclosure. 

1.77 Why do sounds heard by the 
human ear increase and decrease in 
pitch as the intensity of the sound is 
varied?—It is caused by the nonlinear-
ity of the human ear. It has been de-
termined experimentally that the pitch 
is related to the basilar membrane, a 
delicate part of the cochlea, a spiral, 
cylindrical tube forming the innermost 
of the three portions of the labyrinth 
of the human ear. Because of the struc-

ture of this membrane, the relationship 
between pitch and frequency is not 
exactly linear. 

If the intensity of 100 Hz is increased 
from a loudness of 40 to 100, the pitch 
will be decreased about 10 percent. At 
a frequency of 500 Hz, the pitch will 
be changed about 2 percent for the 
same increase of intensity. 

1.78 What is a consonant?—A 
speech sound characterized in enuncia-
tion by constriction of the breath chan-
nel. Letters such as P, G, N, L, R, and 
W are called consonants. 

1.79 What are sibilants?—High-
frequency sounds uttered with a hiss-
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ing effect. The letters S and Z and the 
combinations SH, ZH, and CH are typi-
cal examples of sibilant sounds. These 
sounds are a constant source of annoy-
ance to the recording engineer. 

For motion-picture recording, sibi-

lant sounds are attenuated by the use of 
ä "de-esser" installed in a compressor 
amplifier, as described in Questions 
18.89 and 18.91. 

1.80 What is the sound pressure one 
foot from the mouth of a person speak-
ing in a normal tone of voice?—Approx-
imately one dyne per square centime-
ter. For a shout, the pressure may rise 
to 10 dynes per square centimeter, 
while a whisper may fall to 0.10 dyne 
per square centimeter. 

1.81 How does a typical speech 
waveform appear on an oscilloscope?— 
A typical waveform was shown in Fig. 
1-64B. It will be noted that the ampli-
tudes of the positive peaks are greater 
than for the negative peaks, because the 
human voice is not of a true sine-wave 
character. 

1.82 Define the threshold of hear-
ing.—It is the sound level for a given 
frequency that the average human ear 
can just hear 50 percent of the time. 
The threshold of hearing is relative to a 
sound pressure .of 0.000204 dyne per 
square centimeter, which equals 0.0002 
microbar or 10' watt per square centi-
meter. (See Questions 1.35 and 1.41. The 

point in space must be specified.) 
1.83 What is the dynamic range of 

the human ear?-120 dB, or a ratio of 
one trillion-to-one. A high quality 
magnetic-tape recording system has 
only a dynamic range of 60 dB, or one 
million-to-one. 

7.84 What is an articulation testP— 
A quantitative measurement of the in-
telligibility of human speech. The test 
is conducted by reading selected sen-
tences to a group of listeners. A score 
is kept by each listener as to the intel-
ligibility of each sentence, word, and 
syllable. Such tests are used in the test-
ing of telephone and other communica-
tion equipment. 

1.85 What is the average deflection 
of the human ear drum for sounds of 
different intensities?—The variation in 
deflection is from 10 to 40 millionths of 
an inch. 

1.86 How are acoustic powers 
added?—If the level is given in decibels, 
it is converted to power, added or sub-

tracted as the case may be, and then 
converted back to decibels. 

1.87 How much must the loudness 

of a sound be increased to make it sound 
twice as loud to the human ear?—Physi-
ologists have devised a scale of loud-
ness, which rank-orders sound from soft 
to loud in units of sones. The physical 
quantity measured is the sound pres-
sure level. One thousand Hz is used as 
a reference frequency, at a sound pres-
sure of 40 dB above the threshold of 
hearing (0.0002 microbar) ; this is taken 
to be 1 sone. Doubling the loudness is 
equal to 2 sones. The relationship of 
sones versus sound pressure is shown in 
the graph of Fig. 1-128. At the low in-
tensities, the loudness of the 1000-Hz 
tone varies approximately in proportion 
to the square of the sound pressure, 
while at the higher intensities it varies 
approximately two-thirds power of the 
sound pressure. (See Question 1.70). 

1.88 If two tones of the same fre-
quency and intensity are sounded simul-
taneously, is the sound intensity twice 
as loud as for a single tone?—No. The 
overall level of intensity will only be 
increased 3 dB. Fig. 1-88 is a chart 
for adding acoustic powers. Assume two 
tones, one plus 30 dBm and one plus 
22 dBm, are to be added. What is the 
acoustical power for the two, in deci-
bels? Since 30 dBm minus 22 dBm is a 
difference of 8 dB, enter the chart at 
the bottom for 8 dB and follow the line 
upward to the intersection of the curve. 
The value read at the left of the chart, 
in this case 0.65 dB, is added to the 
higher power. Thus, the overall level 
for the two powers is 30.65 dBm. 
This chart may be used for adding 

measured noise levels or for any prob-
lem of a similar nature. 

1.89 What is a whole tone?—The 
interval between two sounds whose 
basic frequencies are a ratio approxi-
mately equal to the sixth root of two. 

1.90 Define velocity.—It is the time 
rate of change of position. Unless angu-
lar velocity is stated, the term is under-
stood to mean linear velocity. 

1.91 What is the velocity of 
through solid materials?— 

See Fig. 1-91. 
7.92 What is the frequency 

through water?—From 2 Hz to 50 mega-
hertz (50,000,000 Hz). 

1.93 Does the velocity of sound de-
pend on frequency?—No. The velocity 

sound 

range 
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Material Feet per minute 

Aluminum 

Brick 
Copper 
Carbon dioxide 
Glass 
Iron 
Lead 
Pine (direction of grain) 
Silver 
Water 
Steel 

16,740 
12,500 
11,670 

846 
16,400 
5130 
4026 

10,900 
8553 
4728 

16,500 

Fig. 1-91. Velocity of sound. 

of sound is governed by the medium of 
transmission, the temperature, and the 
intensity of the sound. 

1.94 Show the attenuation of high 
frequency sound waves in air.—Sound 
waves are affected by distance, humid-
ity, and frequency. The attenuation in 
air for several frequencies, at different 
humidities, is shown in Fig. 1-94. 

1.95 What is the decay rate of 
sound?—The time required by a sound 
to diminish from its original intensity 
to the threshold of hearing, or one-
millionth of its original intensity. 

1.96 How is decay rate measured? 
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acoustic 

—Generally by an oscillator and an 
automatic graphic recorder. (See Ques-
tion 22.112. The recorder measures the 
decay rate in milliseconds. The intensity 
level at the end of a given decay period, 
in decibels, is: 

dB = 10 Logio— 
P, 

where, 
Pi is the original intensity in watts, 
P. the diminished intensity in watts. 

1.97 What is the acceleration of a 
sound wave?—The time-rate of change 

of the velocity of the point. 
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Fig. 1-94. Absorption of high-frequency sound waves in air for a given distance and 
relative humidity. 
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Fig. 1-98. Relationship between sound pressure and particle velocity in o plane wave 
in air and water at 20° Centigrade. 

1.98 What is particle velocity?—It 

is the velocity of a given infinitesimal 
part of the medium, with reference to 

the medium as a whole, due to the 
sound wave. The unit of measurement 
is the centimeter. 

This relationship is shown graphi-
cally in Fig. 1-98. For example, to find 
the velocity for a sound pressure of 
3 dynes/cne in water, enter the chart at 
the lower left edge at 3 dynes, and fol-
low the vertical line upward until it in-
tersects the diagonal line for water; 
read the velocity at the right margin 
0.02 cm/second. 

1.99 Show the hearing losses with 
age for the human ear.--In 1939 The 
Bell Telephone Laboratories conducted 
tests at both the New York World's Fair 
and San Francisco Exposition to deter-
mine the effect of age on the hearing of 
the human ear. Over one-half million 
records were made in five age groups, 
10-19, 20-29, 30-39, 40-49, and 50-59. The 
results of these tests are shown in Fig. 
1-99A and Fig. 1-99B. It will be noted 
that the high-frequency loss is less with 
age for women as compared to men; 
however, this is reversed at the lower 
frequencies. 

1.100 What law does the growth 
and decay of a musical instrument fol-
low?—Generally, the exponential law 

100 

affecting the time required for a tone to 
reach its fullest intensity and then de-
crease to a given level of intensity. 

1.701 What is meant by the term 

in phase?—The state or condition exist-
ing when two devices or sound waves 
are in perfect synchronization. 

1.102 Explain the relationship of 
acoustic power to the intensity of sound. 
—The intensity of sound, independent 
of its frequency, is proportional to the 
average of the square of the pressure 
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Fig. 1-99A. Typical hearing losses for 
men. (Courtesy, General Radio Co.) 
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taken over a complete pressure cycle. 
Intensity is defined as the power in 
watts that is transmitted across one 
square centimeter of wavefront, per-
pendicular to the direction in which the 
sound is traveling. The power of even 
the most intense sound expressed in 
watts is extremely small. The unit of 
acoustical intensity is 1.0-'" watts per 
square centimeter. This intensity is 
slightly less than the least intensity of a 
1000-Hz tone which is audible to the 
human ear. Even a painfully intense 
sound has the intensity of only 1/1000 
watt per square centimeter. The square 
root of the average square (root-mean-
square) of the sound pressure that cor-
responds to 10' watt per square cen-
timeter, is 0.0002 dyne per square centi-
meter. A dyne is the force equal to 
1/980 of the weight of a gram. There-
fore, an rms sound pressure of 0.0002 
dyne per square centimeter is equal to 
about two-millionths of a gram weight 
per square centimeter. The intensity of 
sound is generally expressed in 10' 
watt units, and sound pressure in 0.0002 
dyne per square centimeter. 

1.103 Define intensity and intensity 
level.—As an acoustical device, the hu-
man ear is unsurpassed in the range of 
intensities to which it will respond, 
without being damaged, as well as in its 
extreme sensitivity to faint sounds. 
However, the ear is relatively insensi-
tive to changes in intensity. Roughly 
speaking, the intensity of a sound must 
be increased by approximately 26 per-
cent, in order for the ear to register a 
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Fig. 1-103. Graphical plot showing the 
relationship of intensity to intensity 

level. 

change in the loudness sensation pro-
duced. 
The graph in Fig. 1-103, illustrates 

the relationship between intensity and 
intensity level. The ordinates of the 
points on the straight line are ten times 
the logarithms of the numbers of the 
horizontal scale. Thus, intensity level is 
plotted versus intensity. The first ver-
tical scale corresponds to levels of in-
tensities from 1 to 10, the second from 
10 to 100, the third from 100 to 1000, etc. 
The graph may be extended to give the 
intensity level of any intensity by mul-
tiplying the intensity by 10, which raises 
the intensity level by 10 dB. Thus, the 
intensity level for 2.5 is 4 decibels; for 
25 it is 14 dB; for 250 it is 24 dB; for 
2,500,000 it is 64 dB. 

1.104 What is the relationship of 
distance to the intensity of a sound 
wove?—Sound in free space follows an 
inverse-square law; that is, the inten-
sity of the sound varies as the square 
of the distance. If an observer moves 
to twice the distance from the sound 
source, the intensity will decrease to 
one-quarter the original intensity. If 
the distance is increased to ten times, 
the intensity will be reduced to one 
one-hundredth that of the original in-
tensity. 

This relationship exists because the 
area covered by the sound wave in-
creases as the square of the distance. 
The sound energy is spread out over a 
greater area; therefore, the energy is 
decreased inversely by the same 
amount. 

1.105 What is the relationship of a 
sound wave in air to a sine wave?—The 
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energy of the sound wave in air is pro-
portional to the rms value of the sine 
wave. 

1.106 What is static pressure?— 
The pressure existing in a medium 
when no sound waves are present. The 
pressure is expressed in microbars. 

1.107 What is instantaneous sound 
pressure?—It is the total instantaneous 
pressure at a point minus the static 
pressure at that point. Instantaneous 
sound pressure is stated in microbars. 

1.108 What is the maximum sound 
pressure?— The maximum absolute 
value of the instantaneous sound pres-
sure occurring during a given cycle, 
stated in microbars. 

1.109 What is peak sound pressure? 
—The maximum absolute value of the 
instantaneous sound pressure in a given 
interval, stated in microbars. 

1.110 What is effective sound pres-
sure?—It is the rms value of the in-
stantaneous sound pressures, over a 
given time interval, at a given point. 
In the case of periodic sound pressures, 
the interval must be an integral num-
ber of periods or an interval longer 
than one period. 

1.111 How are sound pressure levels 

stated?—The level, in decibels, of a 
sound is 20 times the logarithm to the 
base 10 of the ratio of the pressure of 
the sound to the reference pressure. 
Reference pressures in common use are: 

(a) 2 X 10-4 microbar. 
(b) 1 microbar. 

Reference pressure (a) is the one most 
commonly used for the calibration of 
microphones and sound level measur-
ing instruments. 

1.112 What is the sound power of a 
source?—The total sound energy radi-
ated by the source per unit of time. The 
commonly used unit is the erg per sec-
ond, but it may also be expressed in 
watts. 

1.113 What is the dynamic range of 
a full symphony orchestra?—From 20 dB 
to 100 dB above the threshold of hear-
ing. The lowest level will be affected by 
the ambient noise level of the audi-
torium. 

/.1 /4 How are sound pressures 
measured?—In microbars. One micro-
bar equals a pressure of one dyne per 
square centimeter, or approximately 
one-millionth of the normal atmos-
pheric pressure. 

1.115 What is a sympathetic vibra-
tion?—An undamped body set in vibra-
tion on a certain frequency by airborne 
sound waves or building vibrations. 

1.116 What are Fletcher-Munson 

contours?—A group of ear characteris-
tics plotted with reference to frequency 
and pressure, starting at the threshold 
of hearing. These curves are illustrated 
in Fig. 1-76A. 

1.117 Show typical sound levels en-
countered in daily life.—The sound lev-
els encountered in daily life are many 
and vary over a large range of sound 
pressures. In Fig. 1-117A are shown 
typical overall sound levels referenced 
to the threshold of hearing. Typical 
acoustic power levels for various 
sources are shown in Fig. 1-117B. These 
latter levels bear no simple relation to 
those shown in Fig. 1-117A. 

It is generally more convenient to ex-
press the ratio between two sound pres-
sures in decibels. Since sound pressure 
is generally proportional to the square 
root of the sound power, the sound 
pressure ratio for a given number of 
decibels is the square root of the corre-
sponding power ratio. For example, if 
one sound pressure is twice another, the 
number of decibels is 6; if it is 100 times 
as great, it is 40 dB. Sound pressure can 
also be expressed as sound pressure 
level with respect to a reference sound 
pressure. For airborne sound, this ref-
erence is generally 0.0002 microbar. The 
definition of sound pressure level 
(SPL) is: 

SPL = 20Logio _ dB 
0.0002 

where, 
P is the root-mean-square sound 
pressure in microbars. 

For example, if the sound pressure is 
0.00025 microbar, the corresponding 
sound pressure level is: 

1  
—  0.00025 4000 

20Logio 4000 = 20 >( 3.60 = 72.0 dB 

A chart for converting decibels to 
pounds per square inch rms pressure, or 
vice versa is given in Fig. 1-117C. 

1.118 What effect does the non-
linearity of the human ear have on hear-

ing?—If a pure sine wave is impressed 
on the human ear and the intensity is 
increased, harmonics of the fundamen-
tal frequency appear. 
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1-117A. Typical overall sound levels encountered in daily life. The levels are in 
reference to 0.0002 microbar. (Courtesy, General Radio Co.) 

Since the human ear is nonlinear, 
multiple tones cause the generation of 
sum and difference frequencies thus 
creating distortion (see Question 1.77). 
Using a harmonic wave analyzer, New-
man, Stevens, and Davis were able to 
detect the presence of 66 different fre-
quencies in the electrical response from 
the cochlea of a cat's ear, when stimu-
lated with 700 and 1200 Hz at a SPL of 
90 dB above the threshold of hearing. 

This indicates the complexity of the 
ear and the great number of frequen-
cies generated for only the application 
of two frequencies. As the number of 

tones are increased, so are the sum and 
difference frequencies. Thus, the num-
ber of frequencies generated by the ear 
is tremendeous when listening to a full 
orchestra. A table of frequencies gener-
ated by a cat's ear is given in Fig. 1-118. 
This phenomenon is termed aural har-
monics. 

1.119 What effect does nonlinear 
reproduction have on the human ear?— 
Nonlinear reproduction induces har-
monics not present in the original pro-
gram material. If the high frequency 
response is reduced, an increase of dis-
tortion can be tolerated. 



BASIC PRINCIPLES OF SOUND 29 

Fig. 1-117B. Typical power levels for 
various acoustic sources. These levels 
bear no simple relation to the sound 
levels of Fig. 1-117A. (Courtesy, 

General Radio Co.) 
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Starting from a very low value of 
distortion and slowly increasing the 
harmonic distortion will cause the third 
harmonic to become audible, at low 
levels, with a value of about 1.25 per-
cent. The second harmonic may be in-
creased to approximately 5 percent be-
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fore it becomes annoying. Reproducing 
systems with a high-frequency cutoff of 
6000 Hz may tolerate distortion up to 
10 percent, while a system extending to 
15,000 Hz can not tolerate over 2 per-
cent total harmonic distortion. A good 
rule to follow is: Before increasing the 
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Fig. 1-117C. Conversion chart, decibels to pounds per square inch. 
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'Frequency 

Response 
in% of 

Fundamentals Source Frequency 

Response 
in % of 

Fundamentals Source 

100 2.0 3f, — 5f. 3700 1.1 6f, — Sf. 

200 7.9 2f, — f, 3800 2.2 2f, -I- 2f. 

300 3.7 2f, — 3f. 3900 0.84 5f, — 3f, 
400 0.58 4f, — 2f, 4000 0.47 4f, — f, 

500 4.0 fl — f, 4100 1.4 4f, — f. 

700 100.0 ff 4200 0.6 6f, 
800 3.3 3f, — 4f. 4300 1.0 3f, -1- f. 
900 1.0 3f, — f, 4400 0.42 6f, — 4f, 
1000 1.3 2f, — 2f. 4500 2.3 3f, — 2f, 
1200 100.0 f. 4600 1.0 5f, — 2t, 
1300 1.8 4f, — 5f. 4700 0.42 5f, — f, 
1400 3.1 2f, 4800 0.32 4f, 

1500 1.3 3f, — 3f, 4900 0.33 7f, 
1600 0.16 4f, — I, 5000 2.7 3f, — 2f, 

1700 18.0 2f, — f, 5100 1.4 6f, — 3f, 
1800 0.83 5f, — 6f. 5200 0.45 4f. — 2f, 

1900 3.2 fl— b. 5300 0.2 5t, — f, 
2000 0.58 4f, — 4f. 5400 0.33 6f. — f, 
2100 1.1 3f, 5500 0.38 4f, — f, 
2200 3.2 3f, — 2f, 5600 0.67 7f, — 4f. 

2300 0.17 5f. — fi 5700 0.97 3f, + 3f, 
2400 3.0 2f, 5900 0.33 5f. -1- 2f, 

2600 8.0 2f, -1- f, 6000 0.1 5f, 
2700 3.5 4f, — 3f. 6100 0.28 7/2+ 1, 
2800 2.0 4f, 6200 0.45 4f, + 2f, 
2900 2.5 3f, — f, 6400 0.77 4f, -I- 31, 

3000 0.2 6f, — 6f, 6500 0.33 6f, — f,, 
3100 10.0 2f, -I- f. 6600 0.12 6f, -I- 2t, 
3200 1.3 5f, — 4f, 6700 0.25 5f, -I- I, 
3300 1.2 3f. + 1, 6900 0.67 4f, -I- 3f. 

3400 1.3 4f, — 2f, 7100 0.1 5t, -I- 3f, 
3500 02 5f, 7200 0.15 6f, 
3600 1.8 3f, 7600 0.3 4f. -I- 4f, 

Fig. 1-118. Sum and difference frequencies measured 
when stimulated by frequencies of 700 Hz (4) and 

Stevens, and Davis). 

frequency range of any reproducing 
system, reduce the harmonic distortion 
to a negligible amount. 

1.120 What is the relationship of a 
fundamental frequency to its harmonics? 

—A fundamental tone with its harmon-
ics up to an including the sixth har-

monic, is shown in Fig. 1-120. 
/.I2 / What is a free-field?—A 

sound field free from reflecting sur-
faces, or sound in free space. 

1.122 What is a node or nodal 
point?—A point on a vibrating body 
that is free from vibration, or a point of 
zero potential in an electrical circuit, 
with respect to ground. 

1.123 What is a nodal diagram?— 
A diagram of a stretched diaphragm 
showing the points of maximum and 
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from the cochlea of a cats ear 

1200 Hz (f1) (after Newman, 

  H2 

F3   

F4   

F5 

F6 

H3 

H4 
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H6 

Fig. 1-120. A fundamental frequency 
and its harmonics. 

minimum vibration for a given set of 
conditions. Such patterns are made by 
vibrating a diaphragm having a light 
covering of sand on its surface. The 
sand will assume a pattern indicating 
the various points of vibration. 
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Fig. 1-124. The Doppler effect, showing how the frequency of a train whistle is 
affected as the train approaches and recedes from the observer. 

1.124 What is the Doppler effect?— 
The change in pitch of a sound heard 
by an observer when the sound source 
is in motion. An example of the Doppler 
effect will be noted when a train blow-
ing its whistle approaches an observer. 
The sound appears to increase in loud-
ness and pitch. After passing the ob-
server, the pitch and intensity drop 
quite rapidly until the sound fades out 
completely. 

The increase in pitch is caused by 
compression of the sound wave as a re-
sult of the forward motion of the train 
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being added to the velocity of the 
sound wave. Conversely, as the train 
moves away from the observer, the 
pitch decreases because the speed of 
recession is subtracted from the normal 
velocity of the sound wave, resulting in 
a lower pitch. This effect is illustrated 
in Fig. 1-124. 

1.125 Define the term dyne.—The 
dyne is a unit of force used in acoustic 
measurements. Approximately 450,000 
dynes equal one pound of force, and 
68,944 dynes per square centimeter 
equal one pound of force per square 
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Fig. 1-128. Sound pressure in dB versus sones. 
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inch. One dyne will exert a pressure of 
0.000036 ounce on a surface one centi-

meter square. 
1.126 What are the acoustic pres-

sures generated in average music repro-
duction?-About 0.005 to 240 dynes per 
square centimeter. 

1.127 What is meant by the term 
bone conduction?-Sound conduction to 

the inner ear by the cranial bone rather 
than by air to the ear drum. 

1.128 Define the sone.-It is a unit 
of loudness graduated in equal steps 
and is used in the measurement of the 
human ear characteristics. One sone is 
equal to 10-e microwatt per centimeter 
squared. The loudness of a 1000-Hz tone 
40 dB above the threshold of hearing is 
equal to one sone. A tone twice as loud 
equals two sones, and so on. A millisone 
is one thousandth of a sone and is often 

referred to as a loudness unit. A graph 
for converting decibels to sones and . 
vice versa is shown in Fig. 1-128. 

1.129 Define the phon.-The phon 

is a unit for measuring the loudness 
level of a pure tone (sometimes called 
a loudness unit). Because the human 
ear does not hear on a linear scale, dou-
bling the intensity of a sound does not 
result in doubling the intensity of the 
sound at the ear. A true loudness scale 
would be one that doubles the sensation 
at the ear when the intensity of the 
sound is doubled. Such a scale is the 
loudness scale. Its unit of measurement 
is the phon, with a reference frequency 
of 1000 Hz. 

A graphical plot of phons versus 
sones appears in Fig. 1-129. A simplified 
relation between loudness in sones and 
the loudness level in phons has been 
standardized internationally (ISO/R.131-

1959), and is useful to the audio engi-
neer. The relation of sones to phons 
may be expressed as: 

POE•40 

S = 2  
where, 
S is the loudness in sones, 
P is the loudness level in phons. 

This relationship is a good approxima-
tion to the psychoacoustical data but 
not accurate enough for research on the 
subjective aspects of hearing. For ex-
ample, given a loudness level of 81 
phons, in the +1 column in the 80 row, 
read 17.1 sones. 
The loudness scale is employed by 

comparing the intensity of a tone to the 
reference frequency. Tones between 800 
and 2000 Hz show little difference in 
loudness. Frequencies that are between 
2000 Hz and 8000 Hz show a slight loss. 
Above a frequency of 8000 Hz, the in-
tensity decreases as the frequency is 
increased. 

Frequencies below 50 Hz require the 
intensity to be increased 250,000 times 
to make them equal in loudness to the 
reference frequency of 1000 Hz. The 
loudness level in phons of a sound is 
numerically equal to the sound pres-
sure in decibels relative to 0.0002 mi-
crobar at 1000 Hz. A level of 40 phons 
equals one sone, when referred to 0.0002 
microbar. 

1.130 What is a summation fre-
quency?-A frequency which is the di-
rect result of two other frequencies be-
ing sounded simultaneously, and is the 
sum of the two frequencies. 

1.131 What is the frequency range 
of musical instruments as compared to 
the frequency ranges of the human 
voice, broadcast, and recording systems? 

Phons 0 +1 +2 +3 +4 +5 +6 +7 +8 +9 

20 0.25 0.27 

30 0.50 0.54 
40 1.0 1.07 

50 2.0 2.14 
60 4.0 4.29 
70 8.0 8.60 
80 16.0 17.1 
90 32.0 34.3 
100 64.0 68.6 
110 128 137 
120 256 274 

0.29 0.31 0.33 0.35 
0.57 0.62 0.66 0.71 
1.15 1.23 1.32 1.41 
2.30 2.46 2.64 2.83 
4.59 4.92 5.28 5.66 
9.20 9.80 10.6 11.3 

18.4 19.7 21.1 22.6 
36.8 39.4 42.2 45.3 
73.5 78.8 84.4 90.5 
147 158 169 181 
294 315 338 362 

0.38 0.41 0.44 0.47 
0.76 0.81 0.87 0.93 
1.52 1.62 1.74 1.87 

3.03 3.25 3.48 3.73 
6.06 6.50 6.96 7.46 

12.1 13.0 13.9 14.9 
24.3 26.0 27.9 29.9 
48.5 52.0 55.7 59.7 
97.0 104 111 119 
194 208 223 239 
388 416 446 478 

Fig. 1-129. Table for converting phons to zones or 
Radio Co.) 

vice versa. (Courtesy, General 
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Fig. 1-131. Frequency range required for realistic reproduction of various sound 
sources. 

—A comparison of the frequency ranges 
of the human voice, recording and 
broadcast systems, and the human ear 
is shown in Fig. 1-131. The ranges 
shown include the fundamental fre-
quencies and their harmonics, with the 
frequency range indicated for faithful 
reproduction. Some types of musical in-
struments generate noise and subhar-
monies having frequencies below the 
fundamental frequency. In some in-
stances the fundamental frequency is so 

low in intensity that it may be filtered 
out without discerning any change in 
the characteristics of the instrument. 

The frequency ranges shown include 
the more commonly used instruments. 

1.132 What are the intensity levels 
of musical instruments used in an or-
chestra when referred to the threshold 
of hearing? 

Piano  60 to 100 dB 
Organ  35 to 110 dB 
Bass drum  35 to 115 dB 
Trumpet  55 to 95 dB 
Violin  42 to 95 dB 
Tympani  30 to 110 dB 

Cymbal  40 to 110 dB 

The above are intensities measured at 
a distance of 10 feet from the instru-
ment. 

1.133 What value of sound velocity 
is used in scientific measurements?—For 

scientific measurements, the velocity is 
taken as 1087.42 feet per second, or 331.4 
meters per second, at a temperature of 
0°C, with zero moisture content at a 
pressure of one atmosphere. For sound 
measurements the velocity is taken as 
1127 feet per second, or 343.4 meters per 
second, at a temperature of 20° C. (See 
Question 1.50.) The speed of sound for 
any given temperature is: 

v _ 1087 \((273 t) 
16.52 

where, 
V is the speed of sound in feet per 

second, 
t is the temperature in degrees Cel-

sius.. 

7.134 Define the term liveness fac-
tor.—This term is associated with the 
liveness or brilliance of an auditorium 

or recording stage. Liveness is the 
sound coming from the source and the 

reflected sound that an observer hears. 
The greater the reflected sound, the 
greater the liveness of the enclosure. 

Liveness in recorded or radio sound 
reproduction creates the illusion that 
the program is coming from a large au-
ditorium. Liveness may be calculated: 
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1000 T' D' 
L _ V 

where, 
T is the reverberation time of the en-

closure in seconds, 
D is distance of the sound source 

from the observer, 
V is the volume of the enclosure in 

cubic feet. 

1.135 What is an acoustic shadow? 
—It is a region of reduced sound pres-
sure, caused by an obstacle in the path 
of travel of a sound wave. The size and 
reduction in the intensity of the sound 
will be governed by the size and shape 
of the obstacle and the wavelength of 
the sound wave. 

1.136 What is the frequency irreg-
ularity of an enclosure?—The irregular-
ity per one-cycle bandwidth expressed 
in decibels per cycle. 

1.137 What is the transmission ir-
regularity of an enclosure?—For an arbi-
trary band of frequencies, it is the sum 
of the crest values in decibels, minus 
the sum of the valley values, also in 
decibels. 

1.138 How much harmonic distor-
tion can the human ear tolerate before 
the reproduction becomes objectionable? 
—Experimental data indicate for the 
modern reproduction, the latitudes 
shown in Fig. 1-138. 

If the high frequencies are cut off at 
2750 Hz, up to 15 percent may be tol-
erated, or about 48 percent intermodu-
lation distortion for the same cutoff 
frequency. 

Adequate phsychological tests have 
not been made to determine the amount 
of intermodulation distortion the hu-
man ear will tolerate. However, it will 
suffice to say, amplifiers having low 
percentage of intermodulation distor-
tion generally sound cleaner than those 
having a comparable amount of har-
monic distortion. For high-quality re-
production, a reproducing system must 
have less than 1 percent intermodula-
tion distortion. (See Question 1.144.) 

1.139 What are the peak powers in 
watts reached by instruments used in a 
symphony orchestra? 

36-inch bass drum  24.6 watts 

15-inch cymbal   9.5 watts 

Snare drum  11.5 watts 

Piano   0.267 watt 

Piccolo   0.084 watt 

French horn   0.053 watt 

Violin   0.025 watt 

As shown above, a bass drum will gen-
erate a peak power of 25 watts while a 
violin will generate only 0.025 watt. 
This shows the need for an amplifier of 
considerable power for driving the 
loudspeaker system, if the recorded 
material is to be reproduced with real-
ism and low distortion. 
To illustrate this point, if a bass drum 

is struck simultaneously with a violin, 
25 watts of power must be handled at 
the low frequencies while reproducing 
only 0.025 watt of power for the violin 
in the higher frequencies. Both these 
frequencies must be reproduced in their 
proper perspective covering a fre-
quency range of 30 to 18,000 Hz. 

Although a single diaphragm speaker 
will have difficulty reproducing this 
type of program material in its true 
form, it can be reproduced in a fairly 
satisfactory manner. 

The reason this extreme combination 
of frequencies and powers can be re-
produced at all is that the loudspeaker 
diaphragm responds to different fre-
quencies over various areas of its dia-
phragm, vibrating around the apex of 
the diaphragm for the higher frequen-
cies while radiating the lower frequen-
cies from around the areas near the rim 
of the diaphragm. 

In this manner a single-diaphragm 
type radiator is able to reproduce two 
or more tones of widely differing pow-
ers and frequencies, in more or less the 
original relationship. 

The foregoing discussion illustrates 
why a multiple speaker system is de-
sirable, because each speaker in the 
system is confined to a given frequency 
band. Thus, the greatest efficiency is 
obtained from each speaker. 

Music Speech 

Acceptable 
Tolerable 
Objectionable 

0.7 percent 
1.3 to 1.8 percent 
2.0 to 2.5 percent 

0.9 percent 
1.9 to 2.8 percent 
3.0 to 4.2 percent 

Fig. 1-138. Latitudes in tolerable harmonic distortion. 
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To smooth out the frequency re- and odd harmonics. The sawtooth form 
sponse where the loudspeakers cross of sound is called white noise because 
over, a crossover network is used with it is analogous to white light. 
a tapering cutoff frequency response. 1.141 What is pink soundP—White 
This subject is discussed in detail in sound was explained in Question 1.140; 
Section 20. it contained all frequencies perceptible 

1.140 What is white sauna—A to the human ear. When the output of 
complex waveform in which the higher a white-noise generator is viewed on an 
frequencies get successively' less in am- oscilloscope or a graphic level recorder, 
plitude, with steep wavefrořits similar it displays a rising characteristic of 3 dB 
to a sawtooth waveform. White *und per octave, Fig. 1-141A. To bring the 
includes all sounds perceptible to the response to an equal energy level (uni-
human ear. A sawtooth waveform con- form output), a pink-noise filter, hav-
sists of a fundamental frequency and ing an inverse frequency characteristic, 
even harmonics, while a square wave- is connected in the output of the signal 
form includes only the fundamental generator. If the output is now mea-

RESPONSE IN dB 

Fig. 1-141A. Output of white-noise gen-
erator without pink-noise filter. 
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Fig. 1-141B. Output of white-noise gen-
erator with pink-noise filter. 
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sured, it will display a uniform output 
signal, as in Fig. 1-141B. The signal is 
now termed pink noise. The sole pur-
pose of the pink fiter is for the con-
venience of measurement. The use of 
random or white-noise generators is 
discussed in Sections 22 and 23. 

1.142 What is black sound?--It is 
a term used to denote inaudible sounds. 
Audible sounds are often referred to as 
white sound. This latter term is not to 
be confused with the term white sound 
as described in Question 1.140. 

1.143 What is scale distortion?— 
When speech or music or both are re-
produced in an enclosure such as a 
room, and at the same acoustic level as 
the original program material, the re-
produced quality will be the same as 
the original program material. 

If the level of reproduction is low-
ered, a lack of both high and low fre-
quencies will be noted. In some in-
stances a loudness control may be used 
to correct for this effect. Loudness con-
trols are discussed thoroughly in Ques-
tion 5.65. 

1.144 Explain phase shift, its 
causes, and the amount that the human 
ear can tolerate.—Phase shift is caused 
by the delaying of certain frequencies 
of a complex waveform in its passage 
through a sound system or device. The 
greatest delay is generally at the higher 
frequencies, particularly harmonics of 
the fundamental frequency, and is in-
duced by the reactive components of 
the device or system. If two tones are 
applied simultaneously to the input and 
one tone arrives at the output behind 
the other, phase distortion exists. How-
ever, phase distortion is relatively un-
important in a sound system, unless it 
is great enough to produce a time delay 
greater than 8 milliseconds at the high 
frequencies and more than 15 millisec-
onds below 100 Hz. Phase shift in sound 
systems is generally measured relative 
to 1000 Hz. There is considerable dis-
agreement by engineers, as to how im-
portant phase distortion really is. (See 
Question 1.138). 

1.145 What is listening fatigue and 
its couse?—The exact cause of listening 
fatigue is rather vague; however, it is 
known that such fatigue is not caused 
entirely by harmonic distortion, be-
cause amplifiers having a high degree 
of listening fatigue will show a low per-
centage of distortion. 

Experience indicates that amplifiers 
with 1 percent or less harmonic distor-
tion have little effect on the listener. A 
well-known authority has stated that 
first order beat-tone intermodulation 
is of the greatest importance. 

This type of distortion may be mea-
sured by applying two frequencies not 
harmonically related to each other to 
the input of an amplifier and then mea-
suring the sum and difference frequen-
cies at the output. Distortion due to sum 
and difference frequencies is very an-
noying because of its nonharmonic re-
lation to the fundamental frequencies 
of the program material. 

1.146 Can sound be transmitted 
without a medium?—No. This may be 
demonstrated by the classical experi-
ment of placing an electric bell in an 
evacuated chamber. If a good vactniin 
is maintained, no sound will be heard 
from the bell. If the air is slowly let 
into the chamber, the bell will be heard, 
faintly at first and, as more air is let 
in, the sound of the bell will increase in 
intensity. With normal atmospheric 
pressure, the bell will be heard at its 
normal intensity. The above experiment 
proves that sound requires a medium 
for its transmission. 

1.147 What is the minimum change 
in sound level the human ear can detect? 
—Psychologists have devised various 
experiments to determine what changes 
in level can be observed by the average 
person with good hearing faculties. 
Under laboratory conditions, when two 
different levels are presented to the ob-
server, with little time delay between, 
the observer can detect a difference of 
025 dB for a 1000-Hz tone at high lev-
els. This sensitivity to change will vary 
with levels and frequency, but over the 
range of most interest this differential 
sensitivity is about 0.25 to 1.0 dB. When 
the observer is exposed to wide-range 
random noise (white noise) the de-
tected change is on the order of 0.05 dB, 

for sound pressures of 30 to 100 dB 
above 0.0002 microbar (threshold of 
hearing). Under average conditions, the 
minimum change likely to be detected 
is 1.0 dB. 

1.148 Define an intertone.—When 
the human ear hears two tones of 
nearly the same frequency sounded to-
gether, the ear does not recognize them 
as separate frequencies, but as a single 
tone. The pitch will lie between the two 
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frequencies, and it is referred to as 
intertone. 

1.149 Define the term Gaussian 
noise.—Thermal noise is present in ev-
ery component of an electronic circuit, 
and establishes a minimum noise level, 
under ideal conditions. Thermal noise 
is said to be white noise and Gaussian. 
White noise means it has equal power 
distribution throughout the spectrum, 
and Gaussian means that the instanta-
neous magnitude is distributed in ac-
cordance with the law of probability, 
propounded by Karl F. Gauss. (See 
Question 1.140.) 

1.150 What is speed hearing?—It is 
an electronic device, developed by R. H. 
Miller of the Bell Telephone Laborato-
ries, which allows hearing of recorded 
speech at word rates comparable to 
speed reading. This device uses a har-
monic compressor, and has been given 
to the American Foundation for the 
Blind. This compressor divides into half 
the frequency components (harmonics) 
in a voice recording, while preserving 
the original time duration. By the dou-
bling of the half-frequency recording, 
the frequency components are restored 
to their original values, resulting in 
normal pitch for a double-speed re-
cording. 

The operating principle of the har-
monic compressor is as follows: Speech 
is fed into a bank of 36 bandpass filters, 
which separate the speech into different 
frequency components. Output from the 
filters is fed into 36 frequency dividers, 
which have the frequencies of the nar-
row-band signals. The halved-fre-
quency is fed to networks which re-
move distortion and combine the 36 
halved signals into one, where the fre-
quency components are one-half the 
original input values. This harmonically 
compressed signal is then recorded on 
magnetic tape where, by doubling the 
speed, its halved-frequencies are re-
stored to their original values. Thus the 
syllabic rate is doubled, without dou-
bling the pitch of the speech. 

Speakers who record for the blind 
speak at an average rate of 160 to 170 
words per minute. Doubling the speed 
without increasing the pitch results in 
word rates of 320 to 340 words per min-
ute. This compares to average speed-
reading rates of 300 to 400 words per 
minute. 

1.151 What is a voice print?—It is 

a system developed by Lawrence G. 
Kersta of Bell Telephone Laboratories, 
for. the positive identification of voices, 
and is similar to the taking of finger-
prints. Because each individual devel-
ops his own approach to the pronounci-
ation of a given word or sound, and is 
influenced by the physical characteris-
tics of the vocal cavities and vocal 
cords, voices can be identified. It is 
claimed that over 97 percent accuracy 
was achieved in 50,000 voice prints by 
this system of identification. 

1.152 Can decibels be added or sub-
tracted directly?—No, being a logarith-
mic value, they cannot be added or sub-
tracted directly. To simplify such oper-
ations, the graph in Fig. 1-152 may be 
used. To add decibels, the graph is en-
tered at Numerical Difference Between 
the Two Levels Being Added. Follow 
the line to its intersection with the 
curved line, then read the Numerical 
Difference Between Total and Larger 
Level. Add this value to the larger level 
to determine the total level. As an ex-
ample, assume 75 dB and 80 dB are to 
be combined; the difference is 5 dB. 
The 5 dB line intersects the curved line 
at 1.2 dB on the vertical scale. Thus, 
the total value is 80 + 12 or 812 dB. 
To subtract decibels, enter the graph 

at Numerical Difference Between Total 
and Larger Levels, if the value is less 
than 3 dB. If the value is between 3 and 
14 dB, enter the graph at Numerical 
Difference Between Total and Smaller 
Levels. Follow the line corresponding 
to this value to its intersection with the 
curved line, then either left or down-
ward read Numerical Difference Be-
tween Total and Larger (or Smaller) 
Levels. Subtract this value from the 

o 
444 

e 7)0bic4t 
<ekeztek 

3 otze eite 
6 Cie 4 /2 4' 

e(i re ee). 
e 

4 5 6 7 8 

DECIBELS 
NUMERICAL DIFFERENCE BETWEEN 
TOTAL AND SMALLER LEVELS 

9 lO II M 13 14 

Fig. 1-152. Graph for adding or subtract-
ing decibels (after Musa). (Courtesy, 

General Radio Co.) 
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total level to determine the unknown 
level. As an example, subtract 81 dB 
from 90 dB; the difference is 9 dB. The 
9 dB line intersects the curved line at 
0.6 dB on the vertical scale. Thus, the 
unknown level is 90 minus 0.6 or 89.4 
dB. 

1.153 What effect does background 
noise have on acoustic measurements?-
Assume a recording stage is being mea-
sured, with a ventilating system in op-
eration. How much noise does the ven-
tilating system contribute to the over-
all noise level? Two measurements are 
made, one with the system on and one 
with it off. To ascertain how much the 
ventilating system contributes, the 
graph in Fig. 1-152 may be used. 
The stage without the ventilating sys-

tem measures 33 dB (using a sound 
level meter) and with the ventilating 
system operating, 37 dB. The difference 
is 4 dB. Referring to the chart and en-
tering the bottom at a value of 4 dB, 
following the vertical line to where it 
intersects the curved line, at the left 
margin is read 2.2 dB. This value is 
subtracted from the total measurement 
(37 dB) leaving a total noise level of 
34.8 dB. Therefore the SPL is only in-
creased 2.2 dB when the ventilating 
system is in use. 

1.154 Define the term "G."-The 
quantity "G" is the acceleration pro-

duced by the force of gravity, which 
varies with latitude and elevation of 

the point of observation. By interna-
tional agreement, the value 9.80665 
cm/sec' equals 386.087 in./sec' equals 
32.1739 ft/sec", has been chosen as the 
standard acceleration of gravity. 

1.155 What is the relationship be-
tween sound pressure level (SPL) and 
acceleration in G's?-A table of sound 
pressure levels (SPL) in decibels (re 
0.0002 microbar) relative to the acceler-
ation in G's is given in Fig. 1-155. 

Level 
in dB 

Accel 
in G's 

Level 

in dB 
Accel 
in G's 

44 .000398 92 0.100 
45 .000447 93 .112 
46 .000501 94 .126 
47 .000562 95 .141 
48 .000631 96 .159 
49 .000708 97 .178 
50 .000794 98 .200 
51 .000891 99 .224 
52 .00100 100 .251 
53 .00112 101 .282 
54 .00126 102 .316 
55 .00141 103 .355 
56 .00159 104 .398 
57 .00178 105 .447 
58 .00200 106 .501 
59 .00224 107 .562 
60 .00251 108 .631 
61 .00282 109 .708 
62 .00316 110 .794 
63 .00355 111 .891 
64 .00398 112 1.00 
65 .00447 113 1.12 
66 .00501 114 1.26 
67 .00562 115 1.41 
68 .00631 116 1.59 
69 .00708 117 1.78 
70 .00794 118 2.00 
71 .00891 119 2.24 
72 .0100 120 2.51 
73 .0112 121 2.82 
74 .0126 122 3.16 
75 .0141 123 3.55 
76 .0159 124 3.98 
77 .0178 125 4.47 
78 .0200 126 5.01 
79 .0224 127 5.62 
80 .0251 128 6.31 
81 .0282 129 7.08 
82 .0316 130 7.94 
83 .0355 131 8.91 
84 .0398 132 10.0 
85 .0447 133 11.2 
86 .0501 134 12.6 
87 .0562 135 14.1 
88 .0631 136 15.9 
89 .0708 137 17.8 
90 .0794 138 20.0 
91 .0891 139 22.4 

140 25.1 

Fig. 1-155. Relationship of sound pres-
sure level (SPL) and acceleration in G's. 

(Courtesy, General Radio Co.) 



BASIC PRINCIPLES OF SOUND 39 

REFERENCES 

Periodicals 

1.21 Cline, Alan W. "Technique of 
Sound Analysis of Speech With 
Simultaneous X-Ray Motion 
Pictures of the Pharynx," Jour-
nal of the SMPTE, Feb. 1965. 

1.70 Wilson, Percy. "A Repeatable 
Technique for Listening Tests," 
Journal of the AES, Jan. 1967. 

1.136 Ftettinger, M. "Sound Diffusion 
in Rooms," Audio Engineering, 
Aug. 1954. 

1.139 Sivian, L. J. and H. K. Dunn. 
"Absolute Amplitudes and Spec-
tra of Certain Musical Instru-
ments and Orchestras," Journal 
of the ASA, June 1931. 

1.144 Klein R. and J. Tributsch. "Ef-
fect of Phase Shift on Hearing," 

Audio, July 1962. 
Greiner, R. A. "Can We Hear 
Phase Yes-No," Audio, Oct. 1966. 

1.151 Kersta, Lawrence G. Bell Labo-

ratories Record, Dec. 1962. 
Smith, C. P. "The Analysis and 

Books 

Automatic Recognition of 
Speech Sounds," Electronic En-
gineering, 1952, Vol. 24. 

Beranek, Leo L. Acoustic Mea-

surements. New York: John 
Wiley & Sons Inc., 1949. 

Davis, Don. Acoustical Tests and 
Measurements. Indianapolis: 

Howard W. Sams & Co., Inc., 
1965. 

Rettinger, M. Room Design and 
Noise Control. New York: 
Chemical Publishing Co., Inc., 

1968. 

Olson, Dr. Harry F. Musical En-
gineering. 2nd Ed. New York: 
McGraw-Hill Book Co., Inc. 
1967. 

Handbook of Noise Measure-
ments. 6th Ed. General Radio Co. 
1963. 



‚. 



Section 2 

Acoustics, Studio 
Techniques, and Equipment 

While acoustical engineering is a science within itself, it plays an important role 
in the daily routine of the audio engineer. This section sets forth the basic princi-
ples of acoustics, as applied to sound waves in open air or enclosures. It also deals 
with treatments of rooms and stages used for recording and reproduction, re-
verberation characteristics, noise reduction coefficients of acoustic materials, 
and the shape of enclosures for optimum characteristics. Design factors are given 

for dubbing and looping stages, soundlocks, monitor rooms, projection facilities, 
reverberation chambers, and auxiliary equipment, diffusers, fiats, microphone 
booms, tempo regulators, and synthetic reverberation units. Techniques for set-
ting-up stages, and microphone placement for small intimate groups or large sym-

phonic orchestras are discussed. Explanations of anechoic and reverberant cham-
bers, Rayleigh disc, Helmholtz resonator, weighted curves, ambiophonie reproduc-
tion, wave trains, sound power, and sound levels are given. 

2.1 Define the term acoustics.—It is 
a science dealing with the production, 
effects, and transmission of sound 
waves; the transmission of sound waves 
through various mediums, including 
reflection, refraction, diffraction, ab-
sorption, and interference; the charac-
teristics of auditorium, theaters, and 
studios, as well as their design. 

2.2 Define acoustic impedance.—It 
is the force per unit area on a given 
surface of a sound medium divided by 
the flux through that surface. Expressed 
in ohms, it is equal to the mechanical 
impedance divided by the square of the 
surface. The unit of measurement is the 
acoustic ohm. 

2.3 Define acoustic ohm.— A unit 
of acoustic resistance. It is equivalent 
to a sound pressure of one dyne per 
square centimeter producing a volume 
velocity of one cubic centimeter per 
second. It is also used when referring to 
acoustic impedance or reactance. 

2.4 What are the preferred frequen-
cies for acoustical measurements?—In 
January 1960, The Acoustical Society of 
America sponsored the USASI (ASA) 
Standard S1.6-1960, covering the fre-
quencies recommended for acoustical 

measurements. These frequencies are 
given in Fig. 2-4 and the order of pref-
erences is indicated by the size and 

style of type. It will be noted that the 
order frequencies used for measure-
ments, such as 256, 512, 1024, etc., have 
now been changed to 250, 500, 1000 Hz, 
etc. 

Frequencies for use with bandpass 
filters are also given and are geometric 
center frequencies of the bands. For 
example, the lower and upper cutoff 
frequencies for an octave band filter 
centered on 8000 Hz are, respectively, 
5600 Hz and 11,200 Hz, these being the 
preferred frequencies in the series of 
half-octave intervals. For certain mea-
surement purposes, it may be conven-

ient to depart slightly from the regular 
geometric series in order to obtain the 
nearest round-number approximation. 
For audiometry, (see Question 22.42) 

in addition to octavely spaced frequen-
cies, such as 1000, 2000, and 4000 Hz, the 
frequencies 3000 and 6000 Hz have been 
used rather than 2800 and 5600 Hz or 
3150 and 6300 Hz. 

2.5 What is an acoustic labyrinth? 
—A specially designed baffle arrange-
ment for use with a loudspeaker to re-

41 
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Preferred 
Frequencies 

1 1/2 1/3 
Octave 

Preferred 
Frequencies 

1 1/2 1/3 
Octave 

Preferred 
Frequencies 

1 1/2 1/3 
Octave 

16 XXX 160 X 1600 X 

18 180 X 1800 

20 X 200 X 2000 XX X 

22.4 X 224 2240 
25 X 250 XX X 2500 X 

28 280 2800 X 

31.5 x x X 315 X 3150 X 

35.5 355 X 3550 
40 X 400 X 4000 XX X 

45 X 450 4500 

50 X 500 X X X 5000 X 

56 560 5600 X 

63 X X X 630 X 6300 X 

71 710 X 7100 
80 X 800 X 8000 X X X 

90 X 900 9000 
100 X 1000 x x x 10000 X 
112 1120 11200 X 

125 x X X 1250 X 12500 X 

140 1400 X 14000 
160 X 1600 X 16000 x x x 

Fig. 2-4. Table of preferred frequencies in Hz, at various intervals, for acoustical 
measurements and for center frequencies of filter passbands. 

inforce the low-frequency response and 
prevent cavity resonance. Such a device 
is shown in Fig. 20-66. 
A labyrinth is not always in the form 

of a baffle, but could be a tube filled 
with hair-felt, as is sometimes used in 
microphones. 

2.6 What is an acoustic line?—An 
acoustic equivalent of a sound chamber 
at the rear of a loudspeaker. 

2.7 What is acoustic response?—It 
is a measurement of the reverberation 
characteristics of an enclosure, which 
might be an auditorium or stage. 

2.8 What is an acoustic pickup or 
sound box?—A nonelectric pickup for 
reproducing disc records. A needle or 
stylus is connected by mechanical link-
age to a mica or dural diaphragm. Flex-
ing of the diaphragm, caused by the 
movement of the needle in the sound 
track of the record, disturbs the air in 
a horn to which the sound box is cou-
pled. Movement of the air in the horn 
produces sound waves which are heard 
by the ear. 

2.9 What is an acoustical equalizer? 
—A small metal tube at the rear of a 
microphone to release the pressure be-
hind the diaphragm, thus preventing 
mechanical distortion of the diaphragm 
which would, in turn, produce electrical 
distortion. 

2.10 What is acoustic treatment?— 
The application of acoustic or sound-
absorbing material to a room or en-
closure to obtain the desired acoustic 
characteristics. 

2.11 What is an acoustic feedback? 
—An audible howl or singing noise 
caused by sound waves feeding back 
from a loudspeaker to a microphone. It 
is generally caused by placing a loud-
speaker too close to a microphone. 
Acoustic feedback can also be caused 
by sound leaking through air ducts. 

2.12 What is meant by the term 
"a brilliant stage"?—A stage in which 
the high frequencies predominate. Such 
stages are also referred to as being live 
or hot. This characteristic is caused by 
hard or reflective surfaces of the stage, 
such as ceilings, walls, floors, etc. 

2.13 Define the term noise-reduc-
tion coefficient.—It is the attenuation 
afforded by the acoustic treatment in an 
enclosure by the materials involved. In 
computing the reverberation time of an 
auditorium, stage, or theater, the ab-
sorption coefficients at a single fre-
quency of 500 Hz is used (originally 512 
Hz was used). In rating the effective-
ness of absorbents in the reduction of 
room noise, the average coefficients of 
frequencies of 250, 500, 1000, and 2000 
Hz are used. The average is then termed 
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the noise-reduction coefficient or NRC. 
(See Question 2.4.) 

2.14 What is the effect of a high 

ambient noise level on human beings?— 
Workers become irritable and fatigued; 

also, permanent injury to the hearing 
may result. 

2.15 What frequencies are most an-
noying to the human being?—Frequen-
cies above 2000 Hz. 

2./6 What is a flutter echo?—A 
multiple echo in which the reflections 
occur in rapid succession. If the echo 
is periodic and in the audible range, it 
is referred to as a musical echo. 

2.17 What does the term "tubby" 
mean?—Reproduction lacking in defini-
tion, or an accentuation of the low fre-
quencies resulting in a barrellike re-
production. 

2.18 What is a dead room?—One 
in which an overamount of sound-ab-
sorbing material has been used so that 
most of the high frequencies are ab-
sorbed. The reproduction from a room 
of this type will be dull and lacking in 
presence. 

2.19 What does the term "hang-
over" mean?—Acoustically, it is unde-
sirable reflections causing excessive 
echoes. In an amplifier, hangover is 
caused by a low internal damping fac-
tor. (See Question 12.177.) 

2.20 What is masking?—The in-
ability of an auditor to hear certain 
sounds because of the presence of other 
sounds. Masking is most noticeable at 
the higher frequencies. 

2.21 What takes place when a 
sound wave is reflected?—When a sound 
wave is traveling through a medium 
such as air and encounters another 
medium such as water, cold air, or a 
solid object, and the second medium is 
larger in comparison to the wavelength 
of the emitted sound, part of the sound 
is reflected back from the object in a 
manner similar to a beam of light. The 
balance of the sound is absorbed into 
and transmitted by the second medium. 

If the sound wave strikes the second 
medium at an angle, a large part will 
bounce off and will be reflected at an 
angle which is exactly equal to the 
angle of incidence. See Fig. 2-21A. If 
the emitted sound wave is in an en-
closure similar to that shown in Fig. 
2-21B, art observer situated as shown 
will hear reflected sound as well as the 
direct sound from the sound source. 

NORMAL 

INCIDENT 
SOUND 

REFLECTED 
SOUND 

REFLECTING 
SURFACE 

Fig. 2-21A. Reflected sound. 
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Fig. 2-218. Reflected and direct sound 
in an enclosure. 

Reflected sound has the effect of in-
creasing the intensity, causing out of 
phase conditions, and adding reverbera-
tion. All of the above effects vary with 
the acoustical treatment of the enclos-
ure. If the reverberation is excessive, 
the intelligibility is reduced. 

2.22 What is confusion or scatter-
ing?—The jumbling of sound waves re-
sulting from interference caused by 
objects in the path of transmission 
producing unintelligibility. 

2.23 Define interference.—Interfer-
ence is caused by sounds coming from 
different directions, or by reflection and 
mixing with the original sound. Under 
such conditions, the intensity of the 
sound may be increased or decreased, 
depending on the phase relationship of 
the waveforms at any given instant. 

2.24 What is rare faction?—The 
state of being less dense. The opposite 
of compression. 

2.25 Define diffraction.—When 
sound encounters an object in its nor-
mal path of travel, it bends around the 
object, causing eddy currents behind 
the object. This is diffracted sound. Low 
frequencies bend around an obstacle 
more easily than high frequencies. This 
phenomenon is also called scattering. 

2.26 What is refraction?—fl is a 
change in the direction of a sound 
wave, caused by the nature of the me-
dium of transmission. This can be 
caused by air temperature, since the 
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INCIDENT 
SOUND WAVE 

REFLECTED 
SOUND WAVE 

-.ABSORBED SOUND 

TRANSMITTED AND 
REFRACTED 
SOUND WAVE 

Fig. 2-26. Incidence, reflection, absorp-
tion, and transmission of a sound wave 
striking a flat surface. The term re-
fracted is also applied to the transmitted 
sound wave because of its change of 

direction. 

velocity of sound increases as the tem-
perature increases. Refraction also takes 
place when a sound wave strikes a sur-
face such as water or a wall, as shown 
in Fig. 2-26. 

2.27 What is the angle of refrac-
tion?—The angle measured between a 
perpendicular erected at the point of 
contact with a surface and a wave, ray, 
or beam refracted from that surface. 

2.28 What is dispersion?—The sep-
aration of a complex sound wave into 
its frequency components, caused by a 
change in velocity. This action is analo-
gous to sunlight being passed through 
a prism. (See Fig. 2-28.) 

2.29 What is acoustic absorptivity? 
—The ratio of sound energy absorbed 
by the surface of a given material to 
that which arrives at the surface from 
the source. A porous material will 
break up a wave train, slow the waves 
down, and, finally, absorb them. The 
action is similar to water on blotting 
paper. 

2.30 What standard is used for 
comparison when rating the coefficient 

V BG Y 0 R 

SUNLIGHT 

Fig. 2-28. Dispersion of sunlight through 
a prism. 

of absorption of acoustic materials?— 
One square foot of air, free from re-
flections. 

2.31 Is the absorption coefficient of 
acoustic materials the same for all fre-
quencies?—No. It is not constant and 
varies with frequency and the angle of 
incidence. Generally, the data given for 
acoustic materials are for a frequency of 
500 Hz. However, data for other fre-
quencies are available from the manu-
facturer of the material. A table of ab-
sorption coefficients is given in Question 
2.32. 

2.32 What are the absorption co-
efficients for general building materials 
and furnishings?—See Fig. 2-32. 

2.33 What is a sabin unit?—A unit 
of absorption equivalent to the absorp-
tion of 1 sq. ft. of surface which will 
absorb all incident energy. The unit is 
named for its originator, Wallace C. 
Sabin. 

2.34 Define the term reverberation 
period.—It is the time required for a 
sound in an enclosure to die away to 
one-millionth of its original intensity, 
or decrease 60 dB. The reverberation 
time of any enclosure may be calcu-
lated by the formula: 

T V x 0.049  
AS 

where, 
T is the reverberation time in sec-

onds, 
V is the volume of the enclosure in 
cubic feet, 

A is the average absorption coefficient 
of the enclosure, 

S is the total surface area in square 
feet. 

Reverberation is the persistence of 
sound within an enclosure after the 
original sound has ceased. Reverbera-
tion may also be considered as a series 
of multiple echoes, decreasing in inten-
sity, so closely spaced in time as to 
merge into a single continuous sound 
and eventually be completely absorbed 
by the treatment of the enclosure and 
to a degree, by dissipation of the energy 
into the air. However, this latter factor 
is generally ignored and only the wall 
treatment is considered. 

If a loudspeaker is placed in a room 
and a continuous frequency applied, a 
wave train will be built up, spreading 
in all directions. Upon striking the 
boundaries of the room, the wave train 
is partially absorbed and partially re-
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Material 

Coefficients 
125 250 500 1000 2000 4000 
Hz Hz Hz Hz Hz Hz 

Brick, unglazed   0.03 0.03 0.03 0.04 0.05 0.07 
Carpet, heavy on concrete   0.02 0.06 0.14 0.37 0.60 0.65 
Carpet, with latex backing on 40-oz 

hairfelt of foam rubber   0.08 0.27 0.39 0.34 0.48 0.63 

Concrete block, coarse   0.36 0.44 0.31 0.29 0.39 0.25 
Light velour, 10 oz per sq-yd in con-

tact with wall   0.03 0.04 0.11 0.17 0.24 0.35 
Concrete or terrazo   0.01 0.01 0.015 0.02 0.02 0.02 
Wood   0.15 0.11 0.10 0.07 0.06 0.07 
Glass, large heavy plate   0.18 0.06 0.04 0.03 0.02 0.02 
Glass, ordinary window   0.35 0.25 0.18 0.12 0.07 0.04 
Gypsum board, nailed to 2 by 4 studs 
on 16-inch centers   0.29 0.10 0.05 0.04 0.07 0.09 

Plaster, gypsum, or lime, smooth fm-

ish on tile or brick   0.013 0.015 0.02 0.03 0.04 0.05 
Plywood, %-inch   0.28 0.22 0.17 0.09 0.10 0.11 
Air, Sabins per 1000-cu. ft.   - 2.3 7.2 
Audience, seated in upholstered 

seats, per sq. ft. of floor area   0.44 0.54 0.60 0.62 0.58 0.50 
Wooden pews occupied, per sq. ft. of 

floor area   0.57 0.61 0.75 0.86 0.91 0.86 
Chairs, metal or wooden, seats un-

occupied   0.15 0.19 0.22 0.39 0.38 0.30 

Coefficients above were obtained by measurements in the laboratories of the Acou-
stical Materials Association. Coefficients for other materials may be obtained from 
Bulletin XXII of the Association. 

Fig. 2-32. Absorption coefficients for different materials. 

flected not once but hundreds of times. 
Thus, the average intensity of the sound 
is built up to a steady state, in which 
the rate of emission just equals the rate 
of absorption at the boundaries. This in-
dicates that time is required to set the 
body of air in an enclosure in motion. 

If the source of sound is now cut off, 
the sound does not cease immediately, 
but generally dies away. The average 
intensity at any one instant decreases 
at a rate which is proportional to the 
average intensity at that instant. This 
indicates the logarithm of the average 
intensity is decreasing at a uniform 
rate, or the drop in intensity level ex-
pressed in decibels is proportional to 
the time measured at the instant of cut-
off of the sound source. 

Fig. 2-34C shows an oscilloscope dis-
play of a decay recorded in an enclo-
sure. It can be observed that the de-
crease in amplitude with time follows 
approximately the average curve of the 
right half of Fig. 2-MA, but with a 
larger fluctuation thereafter. 

Reverberation has considerable ef-
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Fig. 2-34A. Typical decay curve. Plotted 
time versus intensity. 
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Fig. 2-34C. Oscilloscope display corre-
sponding to Fig. 2-34A. 

fects on speech. If the auditor is close 
to the speaker, no great difficulty will 
be experienced in clearly understand-
ing the speaker. If, however, the 
speaker raises his voice, each syllable 
is prolonged, running into succeeding 
syllables, with resulting confusion and 
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THE AUDIO CJCLOPEDIA 

loss of intelligibility. For music, indi-
vidual notes are prolonged by the re-
verberation and have the effect of a 
piano played with the loud pedal held 
down continuously. To arrive at the re-
verberation time for a given enclosure, 
the area of each surface in the enclo-
sure is multiplied by its absorption co-
efficient, and the sum of these, plus the 
absorption due to objects such as chairs, 
drapes, people, etc, gives the average 
absorption coefficient in the formula. 

2.35 What is the recommended re-
verberation time for theaters, auditori-
ums, recording and broadcast studios?--
A graphical presentation of the recom-
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Fig. 2-35A. Recommended reverberation time for various types of auditoriums, at 

a frequency of 512 Hz. 
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mended reverberation time for various 
types of enclosures is shown in Fig. 
2-35A. Fig. 2-35B shows the optimum 
reverberation time for different fre-
quencies. In Fig. 2-35C is plotted the 
optimum reverberation versus room 
volume in cubic feet, at 512 Hz. (See 
Question 17.136). 

2.36 Define optimum reverberation 
time, and tell how it is governed.—Opti-
mum reverberation time is the most de-
sirable reverberation time for an en-
closure of given dimensions. This is 
governed by the cubic volume of the 
enclosure and the absorption factors of 
the walls, ceiling, floor, and other fur-
nishings. 

2.37 How is artificial reverberation 
added to an auditorium, and what is the 
purpose?—The basic purpose of adding 
artificial reverberation to an existing 
auditorium or stage is to control the 
acoustics electronically, and improve 
the overall acoustics of the enclosure. 

It is common practice in broadcast 
and television studios to overtreat the 
studio to reduce the noise created by 
the movement of equipment and actors 
around the stage. If the treatment is 
carried to the extreme, as it sometimes 
is, the sound reproduction is flat to both 
the listener in the studio and over the 
air. It also has a pronounced effect on 
the musicians as the reproduction of 
their instruments does not sound nor-
mal and this leads to difficulties. To 
overcome this difficulty and still retain 
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the heavy acoustic treatment, controlled 
electronic reverberation is induced into 
the enclosure or stage. This electronic 
system of reverberation is termed ambi-
ophony, and has been used quite suc-
cessfully by the British Broadcasting 
Co., and in several auditoriums and 
music halls in the United States. 

Artificial reverberation can be 
achieved in several ways. One system 
employs an electromechanical device, 
using amplifiers and rods or springs for 
the delay networks. The electroacoustic 
system is similar, except echo chambers 
are used for the delay. A third system 
employs magnetic recording techniques. 
The signal is recorded on an endless 
magnetic tape, and the signals from sev-
eral playback heads spaced at various 
distances from the recording head are 
combined. The all-electronic system em-
ploys logic circuits to provide the delay. 
A typical installation might consist 

of as many as 60 loudspeakers placed 
around the walls and ceiling of an en-
closure. The speakers radiate the or-
chestral music, through the time delays, 
and radiate about as much sound as the 
walls normally would if they were not 
highly absorbent. Each speaker has a 
time delay of such a value that it radi-
ates at the approximate time it would 
take the sound to reach that particular 
speaker position in the studio. The ran-
domness of true reverberation is 
achieved by not connecting the speak-
ers according to the delay appropriate 
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to their exact position, although they 
generally approach their true position. 

Because some regeneration is picked 
up by the microphones supplying the 
input to the reverberation system, care 
must be taken in adjusting the level of 
the system. Two completely separate 
microphone systems are used for feed-
ing the broadcast and ambiophony sys-
tems, with the necessary equalization. 
Such installations are still in the exper-
imental stage and each installation be-
comes a specialized system. Magnetic 
reverberation units are discussed in 
Question 17.136. 

2.38 What requirements constitute 
an ideal studio?--According to Wallace 
C. Sabine, an outstanding authority in 
the field of acoustics and architectural 
design, they are: (1) that the sound in 
the studio be sufficiently loud; (2) that 
the components of a complex sound 
wave maintain their relative intensi-
ties; (3) that successive, rapidly moving 
sounds, either music or speech, be clear 
and distinct from each other; and, (4) 
that all extraneous noises must be re-
duced to a negligible amount. 

2.39 What shape rooms are to be 
avoided when constructing enclosures for 
recording and reproduction of sound?— 
Flat, untreated surfaces; concave sur-
faces, as they concentrate and focus the 
sound; parallel walls, because they pro-
duce standing waves; and cubical 
shaped enclosures, because they pro-
duce standing waveforms. (See Ques-
tions 2.41 and 2.49.) 

2.40 What are the preferred ratios 
of dimensions for studios and audito-
riumst—The height, width, and length 
should be in the following ratios: 

1. Small rooms  1 to 1.25 to 1.6 
2. Long rooms  1 to 1.25 to 3.2 
3. Average shaped rooms 1 to 1.6 to 2.5 
4. Low ceiling rooms  1 to 125 to 3.2 

Number 3 indicates the preferred di-
mensions. 
To minimize the effects of standing 

waveforms set up by parallel surfaces 
in an enclosure, it is desirable to choose 
the major dimensions that are not in-
tegral to each other. Resonance effects 
in an enclosure introduce frequency 
discrimination and create peaks and 
valleys in the characteristics of the 
room. Secondly, it introduces a persist-
ence or hangover effect in the sound at 
or near resonance. Frequency discrimi-

nation results in a hollow sounding 
characteristic, especially if the resonant 
frequencies are widely separated (walls 
close together) which is generally the 
case in small rooms. The effects of reso-
nance may be reduced by absorption, 
by changing the dimensions of the 
room, and by changing the shape of the 
reflecting surfaces. 
By proportioning the three major di-

mensions in a ratio of the cube root of 
two (or multiple), good distribution of 
the natural resonances may be obtained. 
As an example using a ratio of 1:1.6:2.5 
(average shaped room) for a ceiling 
height of 16 feet, the width is 25.6 feet 
(16 x 1.6) and it is 40 feet in length 
(16 x 2.5). For a small room using ra-
tios of 1:1.25:1.6 with a ceiling of 12 
feet, the dimensions are 12 ft X 15 ft X 
19.2 ft, whereas in an average room the 
ratios change and the dimensions are 
then 12 ft x 19.2 ft X 30 ft. Diffusion 
and control of the high and low fre-
quencies may be obtained by the use of 
polycylindrical diffusers explained in 
Question 2.76. 

2.41 What are standing wave 
trains?—When a sustained tone is 
emitted in an enclosure consisting of 
parallel walls, a standing wave train is 
set up. Standing waves are created 
when two wave trains, moving in op-
posite directions, interfere. Walking 
along the room produces the sensation 
of an increase and decrease in the in-
tensity of the sound. This sensation is 
noted because of passing through the 
zero and maximum peaks of the wave. 
When a reflected waveform exactly 

matches compression with a rarefaction 
of the original sound wave, the sound 
waves reinforce themselves as they are 
reflected back and forth, thus increas-
ing the amplitude. Reinforcement at 
critical frequencies can result in an in-
crease of 20 dB or more. Serious rein-
forcement can occur when the wave-
length is twice the ceiling height. 
Standing waveforms can also be gener-
ated at harmonic frequencies of the 
fundamental frequency. 
Standing waves may be prevented by 

nonparallel walls, multilevel ceiling 
sections, and polycylindrical diffusers 
on the walls and ceilings, as in Fig. 
2-66B. 

2.42 What is the effect of a long 
reverberation time?--Both speech and 
music will be blurred and may become 
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unintelligible, because of the overlap-
ping of successive sounds. 

2.43 Explain the purpose of diffu-
sion in a studio. Diffusion in a studio 
improves the acoustical response be-
cause the energy in the room is not re-
duced and the reflections which occur 
per unit of time are increased. Thus, 
the intensity level of the individual re-
flections is reduced, and the reverbera-
tion characteristic smoothed out, result-
ing in a higher intelligibility and an 
added definition to both music and 
speech. 

2.44 What is the frequency range 
required for high quality reproduction 
of speech and music?—For speech only, 
100 to 6000 Hz with a volume range of 
40 dB. For music, 40 to 15,000 Hz, with 
a volume range of 70 dB. Most audio 
systems designed for high-quality re-
production will reproduce up to 20,000 
Hz and higher, some extending up to 
100,000 Hz. The question then arises: 
why such a wide frequency range? A 
wide frequency range is required for 
music to reproduce inaudible frequen-
cies which beat with frequencies in the 
audible range, producing sum and dif-
ference frequencies. Such frequencies 
lend realism to the reproduction. How-
ever, to make use of such wide fre-
quency bands, the harmonic distortion 
and intermodulation distortion must be 
reduced to negligible amounts. Also, the 
distortion due to phase shift must be at 
a minimum and the frequency charac-
teristics uniform. 

2.45 What is the recommended cu-
bic footage per person for 35-mm and 
70-mm motion picture theater projec-
tion?—In the past years the cubic foot-
age per person recommended for the-
aters projecting 35-mm films was 
approximately 125 cubic feet per per-
son. However, with the advent of wide-
screen projection systems and stereo-
phonic sound reproduction, the space 
per person has been increased 250 per-
cent or more. This is particularly true 
for theaters built for 70-mm projection. 

Seating arrangements used in North 
America generally employ a layout 
whereby the aisles are placed down the 
center of the seating area or about one-
third from the side walls. In this ar-
rangement, erroneous localization of 
stereophonic sounds often results in the 
picture action and sound not coinciding. 
This has been overcome to a great ex-

tent by the use of Continental seating 
arrangements (as used in Europe) 
whereby the aisles are placed along the 
side walls rather than in the seating 
area. 

Using the above arrangement optical 
distortion of the picture is reduced, and 
better sound reproduction is obtained 
for those seated at the sides of the the-
ater. This has also led to the redesigning 
of the floor rise, and spacing of the 
seats. Nonparallel walls and special 
treatment of the side and rear walls re-
duce the effect of flutter echoes. Details 
of this type seating arrangement are 
given in the reference. 

Review rooms and small theaters 
used on motion picture lots where the 
seating capacity is between 20 and 40 
people generally employ about 250 to 
500 cubic feet per person. 

2.46 What effect does an audience 
have on the acoustics of a theater?— 
Unless the house has been specially 
designed, the effect may be consider-
able. The projectionist generally in-
creases or decreases the reproduced 
sound level when the audience de-
creases to about half-house. Modern 
theaters have overcome this problem by 
using seats which have an absorption 
coefficient equivalent to the average 
person, thus reducing the need for fre-
quent changes in the sound level. 

2.47 What amplifier power is rec-
ommended for motion picture theaters? 
—The power requirements are given on 
the graphs of Fig. 2-47A and Fig. 2-47B. 
The shaded portion of the curve indi-
cates the minimum and maximum rec-
ommendations. Since the average the-
ater amplifier system must have a fairly 
wide dynamic range and be capable of 
handling heavy sound effects, an am-
plifier on the heavy side should be se-
lected rather than one that will just 
meet the requirements. Present-day 
theaters require at least 40 watts of 
power with low distortion and noise. 
It is not uncommon in the larger the-
aters to find amplifier installations with 
100 to 250 watts of power output. Power 
output versus seating capacity of a the-
ater is shown in Fig. 2-47A, and power 
versus volume in cubic feet is shown in 
Fig. 2-47B. These data are based on 
recommendations of the Motion Picture 
Research Council. 

2.48 Define acoustic reflectivity (re-
flective coefficient).—The acoustic re-
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flectivity of a surface is not a generator; 
it is the ratio of the rate of flow of 
sound energy reflected from a surface 
to that of the incident rate of flow, and 
may be calculated: 

incident rate of flow of sound energy  
reflected rate of flow of sound energy 

Unless otherwise specified, all possible 
directions of incident flow are assumed 
equal, and values given apply to a por-
tion of an infinite surface thus elimi-
nating edge effects. 

2.49 What shape walls are recom-
mended for theater construction?—The 
walls should be nonparallel or convex 
shaped, as shown in Fig. 2-49. The cubi-
cal volume should be in accordance 

with the seating capacity recommenda-
tions given in Question 2.45. 
The auditorium width should be 

from 50 to 70 percent of the length and 
the ceiling height not more than 40 per-
cent of the length. Nonparallel surfaces 
should be employed. The walls and ceil-
ings must be broken up thoroughly to 
diffuse the sound. 

The average absorption per square 
foot of floor space should be the same 

Fig. 2-49. Recommended wall shapes for 
motion-picture theater construction. 

as for the ceilings and walls. The seats 
should be well upholstered and the 
aisle carpets Ozite-lined. The backstage 
area should be so shaped and acousti-
cally treated that resonant reinforce-
ments of sound will not be reflected 
to add distortion to the reproduction in 
the auditorium. 

2.50 How are low-frequency vehicle 
and earth rumbles prevented from being 
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Fig. 2-506. Floor supports for a motion-picture scoring stage. 

transmitted to the floor of a recording 
stage?—By insulating the floor from the 
earth and side walls. Two methods of 
construction are used. In Fig. 2-50A, 
the floor is laid on a dirt fill. The walls 
are supported on rockers set on a 
cement foundation. In Fig. 2-50B, the 
floor is supported on 3 >< 6-inch beams 
supported by 2 x 6-inch members laid 
on an asphalt fill on a cement founda-
tion. 

The interior construction of a typical 
scoring stage is described in Question 
2.66. 

2.51 How is the attenuation of the 
wall illustrated in Fig. 2-50A measured? 
—A Klaxon horn is placed against the 
outside wall and the sound transmission 
through the wall is measured with a 
sound level meter at a point near the 
wall. The sound level of the Klaxon is 

then measured in the open air and the 
difference between the two measure-
ments is the attenuation of the wall. 
Sound level meters are discussed in 
Question 22.94. 

2.52 Describe the use of lead sheet-
ing for acoustic treatment.—For many 
years, it has been known that lead can 
be used in the acoustical treatment of 
an enclosure, and that the greater the 
weight per square foot of isolation, the 
greater the transmission losses. The 
acoustical efficiency of any material as 
a sound barrier depends not only on its 
weight, but on its stiffness. Lead is 
classed as a heavy limp material, hav-
ing a density of two to three times that 
of most building materials, and 10 to 
15 times that of wood. Lead is a limp 
material, in an acoustical sense. It has 
been demonstrated that if two equally 
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effective barriers are constructed, one 
of lead and the other of conventional 
building materials, the lead barrier will 
be the lighter of the two. 

If the transmission loss of a lead par-
tition is plotted against frequency (Fig. 

70 

60 

to 
0  50 

en 
crs 
0 
-140 

o 

2 

I- 20 

o 

2-52A) it will show the loss increases 
with frequency up to the point where the 
transmission loss reaches approximately 
55 dB. Above this frequency, a dip in 
the transmission loss occurs. At the 
lower frequencies, the loss is set by the 
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weight of the lead. The dip in the char-
acteristic at the higher frequencies is 
caused by the stieness of the lead. 

For existing enclosures, lead cloth, 
similar to leaded vinyl plastic may be 
used in wall paper fashion. Lead sheets 
%e-inch thick can be obtained with 
wood veneer laminated to one side of 
the sheet, with a pressure sensitive ad-
hesive on the opposite face. 

Fig. 2-52B is a plot of a 2-inch solid 
sand-plaster wall, compared to an 
0.065-inch lead wall. In Fig. 2-52C a 
lead wall 0.125-inch thick is compared 
to a plaster and stud wall, and in Fig. 
2-52D a staggered stud wall is com-
pared to a 023-inch lead wall. Lead is 
also useful in isolating floors and stages 
from building structures, and increas-
ing the transmission loss through moni-
tor rooms and vocal room walls. It is 
also excellent for reducing the noise of 
rotating machinery. A suggested barrier 

for high-intensity low-frequency sounds 
is shown in Fig. 2-52E. The lamination 
consists of vinyl film, ‚k-inch lead 
sheet, 3 inches of low-density Fiberglas, 
143-inch lead, and a final cover of vinyl 
plastic. 

2.53 What differences may be ex-
pected between the theoretical and prac-
tical designs for an enclosure of giren 
dimensions?—The absorptivity of acous-
tic materials varies with the angle of 
incidence. Using the absorption coeffi-
cients supplied by the manufacturer of 
the particular material at hand, results 
in a mean value. Actual measurements 
made in an enclosure may not coincide 
with the theoretical reverberation time. 
This may be due to the lack of sound 
diffusion causing constant reflection 
angles. 

2.54 What effect does a highly pol-
ished surface have on sound waves?—It 
reflects the sound waves in a manner 
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Fig. 2-55. An air duct with sound 
baffles. 
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similar to a mirror. (See Fig. 2-21A.) 
2.55 How can sound be prevented 

from entering an enclosure through an 
air duct?—The duct is lined with an 
acoustic sound-absorbing material such 
as rockwool or Ultraccntstic. Baffles 
covered with the same material are 
placed at intervals in the duct, as shown 
in Fig. 2-55. 

2.56 Define acoustic transmittivity. 
—The acoustic transmittivity of an in-
terface or spectrum is the ratio of the 
rate of flow of transmitted sound energy 
to the rate of incident flow. All direc-
tions of incident flow are assumed to 
be equally probable. 

2.57 Show the construction of a 
monitor room glass window.—A typical 
installation is shown in Fig. 2-57. The 
glass panels are set in either cork or 
rubber seals at both the top and bottom, 
to prevent vibration of the glass from 
building noises. The glass must be of 
plate, at least %-inch thick, and pre-
ferably %-inch thick. The panel on the 
studio side is tilted at the top about 5 
degrees to reduce light reflections, and 

TILTED 
APPROX. 5* 

STUDIO SIDE 

3/8" TO I/2" 
PLATE GLASS 

MONITOR RM. 
SIDE 

CORK 

WOOD 

WOOD 

Fig. 2-57. Cross section of monitor room 
window construction. The glass panels 
ore set in either cork or rubber about 
6 to 8 inches apart at the bottom. 

to prevent it from acting as a direct re-
flector in the studio. By using the con-
struction shown, it is possible to achieve 
50-dB reduction in sound transmission 
at 500 Hz. 

2.58 Show the reverberation charac-
teristics for a music-scoring stage and a 
production-shooting stoge.—For music-
recording stages, the desired reverbera-
tion will be somewhere between 0.8 and 
1.8 seconds, depending on the cubic vol-
ume of the stage. After the acoustic 
treatment has been completed, rever-
beration measurements are made and 
additional treatment in the form of live 
and dead panels are added to bring the 
measured characteristic nearer the de-
sired characteristic. If polycylindrical 
diffusers were not included in the origi-
nal design, they may have to be added 
to secure the proper diffusion, and to 
control the low-frequency end of the 
frequency spectrum. Generally the final 
reverberation characteristic will be 
somewhat of a compromise between the 
desired and a practical characteristic. 
In Fig. 2-58A, the reverberation char-
acteristic is shown for a music-scoring 
stage of 210,000 cubic feet, at Republic 
Corporation, North Hollywood, Califor-
nia. The actual measured reverberation 
time is plotted versus the ideal and de-
sired characteristic, for comparison. In-
terior views of this stage are shown in 
Figs. 2-66A and 2-66B. 

Motion picture production-shooting 
stages are treated in a different manner. 
These stages are designed to have a 
high rate of attenuation to outside 
noises and to prevent reflection from 
the walls, also to deaden sounds gener-
ated within the stage itself. As a rule, a 
production stage has a reverberation 
period of 0.6 second at 500 Hz. In the 
final analysis, the motion picture set 
will control the acoustics of the sound 
pickup by its construction materials. 
The reverberation characteristics for 
Stage 19 at Republic Corporation are 
shown in Fig. 2-58B. The volume of this 
stage is 600,000 cubic feet. 

In both stages, the reverberation 
characteristics will be altered when 
they are in use. For the music stage, the 
reverberation characteristic at the 
higher frequencies will be decreased by 
the presence of the musicians and their 
equipment, while the production stage 
varies from time to time as sets are 
moved or changed and the number of 
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Fig. 2-58A. Reverberation characteristics of Republic Corporation music-scoring 
stage shown in Fig. 2-66A and 2-666. 

personnel and amount of equipment are 
varied. 

2.59 How are the acoustic charac-
teristics of a sound stage measured?— 
The acoustic characteristics of a sound 
stage may be measured in several dif-
ferent manners. The simplest method is 
shown in Fig. 2-59A. Here a warble 
tone oscillator is applied to a power 
amplifier and a loudspeaker system, and 
frequencies of interest projected into 
the enclosure. The output from the 
loudspeaker is picked up, using a sound 
level meter, and the measurements 
plotted frequency by frequency. This 
method is not too accurate, and will 
give only a general idea of the enclo-
sure characteristics, indicating the 
peaks and valleys caused by the gener-
ation of standing waveforms in the en-
closure. If the frequency response of the 
loudspeaker system is known, this may 
be taken into consideration when plot-
ting the final results. A measurement 
made in this manner does not give any 
indication of the reverberation charac-

3 

2 

o 

teristic, only the frequency characteris-
tic. 
A second method (Fig. 2-59B) em-

ploys a random-noise generator and a 
power amplifier to drive a loudspeaker. 
The projected white noise (if a pink-
noise filter is used, see Questions 1.41 
and 1.42) is picked up with an octave 
band analyzer, and applied to a high 
speed graphic level recorder. In this 
latter system, the white noise is broken 
down into frequency bands of octave 
or less, and the sound levels measured. 
The final characteristic is then plotted 
in third-octave bands to show the char-
acteristic of the enclosure. 

To measure the reverberation period, 
tones are radiated from a loudspeaker, 
either by the use of a tone-burst gen-
erator, or by hand keying the frequen-
cies of interest. When the tone-burst 
method is used, an audio oscillator is 
connected to the tone-burst generator 
input, as shown in Fig. 2-59C. The gen-
erator is set for the desired time inter-
val of tone. The signal is picked up by 

40 PO ,000 
FREQUENCY IN Hz. 

10,000 

Fig. 2-58B. Reverberation characteristics of Republic Corporation sound Stage-19. 
Volume 600,000 cubic feet. 
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Fig. 2-59A. Setup for measuring acoustic characteristics using a warble oscillator 
and sound-level meter. 
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Fig. 2-59B. Setup for measuring the characteristics using a random-noise generator 
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Fig. 2-59C. Setup for making reverberation measurements using a 
tone-burst generator. 

the sound level meter, and recorded 
on the graphic level recorder, or ob-
served on an oscilloscope. 

Another method often used is to fire 
a pistol in the enclosure, and record the 
shot on a magnetic recorder. The tape 
is then played backward through a 
bandpass filter and an integrating net-
work and the reverberation time com-
puted. Magnetic-tape recorders may be 
used for recording acoustic tests, pro-
vided they have the required dynamic 
range and are not driven into overload. 
The reverberation characteristic shown 
in Fig. 2-58B was made by means of 
filtered gun shots and the use of a si-
nusoidal tone. The difference between 
the two methods was on the order of 
10 percent. 

It is desirable, although not abso-
lutely necessary, that the frequency 
characteristics of the loudspeaker sys-
tem be measured before making acous-
tical tests, and also that the amplifier 
used for driving the loudspeaker has 
a fiat response below and beyond the 
frequencies used in the measurements. 
It is also desirable that the output from 
the signal generator supplies a constant 
signal level to the amplifier input. 

The loudspeaker characteristic can 
be measured by using a constant input 
to the amplifier, while observing the 
frequency response on the sound level 
meter. Knowing the characteristic of 
the loudspeaker will many times ac-
count for peaks and valleys in the final 
measurement. The sound level meter 
microphone should be placed close 
enough to the loudspeaker to eliminate 
the effect of reflections from surround-
ing objects, when measuring the char-
acteristics of the loudspeaker. A better 
method would be to measure its re-
sponse in the open air. 

2.60 What is a scoring stage?—A 
music-recording stage. This term origi-
nated in the motion picture industry. 

2.61 What are the essential differ-
ences between a stage designed for re-
cording music and one designed for re-
cording dialogue?—A stage designed 
for recording music is much brighter 
and larger, and has a longer reverbera-
tion time than one designed principally 
for dialogue recordings. Dialogue stages 
are rather dull and have a short re-
verberation period. 

2.62 How is separation obtained be-
tween a vocalist and an orchestra?—By 
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the use of a separate microphone placed 
behind an acoustical flat. A glass win-
dow in the flat permits the vocalist to 
observe the orchestra conductor for 
cueing. A rug is placed under the mi-
crophone to prevent reflections from the 
floor. 

2.63 How can an artist be cued 
when singing with an orchestraT—A sin-
gle headphone is sometimes used; how-
ever, this is not always satisfactory 
because some artists can not sing and 
hold the headphone. Also, it bothers 
them to have one ear covered. A 
method which has proved to be quite 

3" Loudspeaker 3 Loudspeaker 
Artist 

Fig. 2-63. Loudspeakers for cuing an 
artist singing with an orchestra. 

••/».. 

successful is shown in Fig. 2-63. Two 
small loudspeakers without baffles are 
mounted on a stand supported at ear 
level, about six inches from the artist. 
The sound level from the speakers is 
held quite low and the microphone is 
placed at a position for minimum pick-
up. The loudspeakers must be electri-
cally in phase. 

2.64 What is a choir room?—A 
room adjacent to a scoring stage, with 
a glass panel in the wall separating the 
two. The choir to be recorded is placed 
in the choir room for better separation 
and control. A loudspeaker operating in 
the choir room is used for cuing pur-
poses. Headphones, fed from the moni-
tor system, are provided for the con-
ductor so that he may hear the overall 
mix. 

2.65 How may a choir and orchestra 
be recorded if a choir room is not avail-
able?—The choir is separated from the 
orchestra by acoustical flats. Two mi-
crophones, separated by about 10 feet, 
and placed forward of the group, are 
used for the choir pickup. The micro-
phones must be electrically in phase. 

2.66 Show the interior construction 
of a motion picture scoring stage.—In 
Figs. 2-66A and B are shown two views 

Fig. 2-66A. View of Republic Corporation scoring stage looking toward the screen. 
Polycylindrical diffusers may be seen along the sidewalls and on the ceiling. 
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Fig. 2-668. Rear view of Republic Corporation scoring stage showing polycylindrical 
diffusers on rear wall and ceiling. 

of the music scoring stage at Republic 
Corporation, North Hollywood, Califor-
nia. It will be noted the stage has been 
diffused by the use of polycylindrical 
diffusers on the walls and ceiling, and 
that the stage is tapered toward the 
screen. The walls are constructed in a 
manner similar to that shown in Fig. 
2-50A. The outside walls are coated 
with a layer of stucco plaster supported 
on wire mesh. Under the wire is a layer 
of building paper. All this is supported 
on four-inch wooden studs. The space 
between the studs is filled with rock 
wool. Next, is an air-filled space of six 
inches and then four-inch studding 
filled with rock wool. Again, building 
paper and, finally, the interior finish, 
which consists of acoustic tile and other 
materials. 

2.67 What are the recommended 
reverberation characteristics for record-
ing stages?—Scoring stages: fairly live 
and well diffused. Scoring-stage moni-
tor rooms: slightly deader than a the-
ater. Recording stages: similar to a 
medium-size theater. 

2.68 If motion picture projection is 
used in conjunction with a scoring or 
dubbing stage, how are the walls of the 
projection room treated?—To provide 
fire protection and, at the same time, a 

high degree of acoustic isolation, the 
walls of the projection room are con-
structed using eight inches of concrete. 
The interior of the booth is treated as 
prescribed by fire regulations. Two 
pieces of optical glass are used in each 
porthole to isolate the sound of the 
projectors from the stage. The wall fac-
ing the interior of the stage is treated, 
as are the other walls. As a rule, poly-
cylindrical diffusers are placed horizon-
tally across the face of the projection 
room wall in the stage just above the 
portholes to break up the flatness of 
the surface, as shown in Fig. 2-66B. 

2.69 Describe how the entrance 
doors to a production stage are con-
structed.—The exterior doors are con-
structed similar to a walk-in refrigera--
tor door, with interlocking edges similar 

SOUND 
LOCK 

LINED FOR SOUND 
ABSORPTION 

SOUND 
LOCK 

- DOOR 
2 .8 

Fig. 2-69. Plan view of a typical sound-
stage door installation. The sound lock 
on the left side starts at the floor and 
continues to the top and across to the 
right side. Rollers at the bottom support 
the weight of the door when it is opened. 
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Fig. 2-72A. Teleprompter unit with 
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right of the plastic pointer. 
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is being opened. The interior door may 
be a regular door that has been treated 
acoustically on its inner surface. The 
interior of the vestibule is heavily 
treated acoustically. 

Large doors used for bringing in sets 
and equipment generally weigh several 
thousand pounds. The most economical 
design is a concrete slab, reinforced 
with steel rod, which may be cast in one 
piece. Hydraulic seals are provided at 
the sides and bottoms, and interlocking 
sound barriers for the top and sides 
(Fig. 2-69). 

2.70 How is the sound of footfalls 
eliminated when making dolly shots dur-
ing production?—By means of heavy 
woolen socks worn over the shoes of 
the operating crew. 

Fig. 2-728. The block diagram for a six-unit Teleprompter system. The power unit 
at the left will supply sufficient power for one to six repeater units. 

Fig. 2-72C. Two Teleprompter control 
units and one power unit. 

to a bank-vault door. The outer door 
leads into a small vestibule, with an in-
ner door placed far enough away from 
the exterior door to prevent opening 
both doors at the same time. As a rule, 
signal lights are placed both outside and 
inside the stage to indicate when a door 

2.71 When using a loudspeaker for 
acoustic measurements on a stage, how 
is the formation of standing wave trains 
prevented?—By use of a warble-tone 
oscillator or film reproduced by the 
projection system. As a rule, frequen-
cies above 1000 Hz do not require war-
bling, unless the enclosure is quite 
small. Standing wave trains are dis-
cussed in Question 2.41; stage measure-
ments in Question 2.59; and warble 
oscillators in Question 22.52. 

2.72 What is a teleprompter?—It is 
a device beyond the sight of the audi-
ence, for presenting written material 
such as a script to an actor or speaker 
for the purposes of prompting. It is 
used in production of both television 
shows and motion pictures. 
A teleprompter system consists of one 

to six variable-speed prompter units 
such as that shown in Figure 2-72A, 
which carry the script on a paper roll; 
a power supply unit; and a hand con-
trol for varying the speed of the 
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Fig. 2-72D. A Teleprompter unit mounted on a standard 
The image of the script may be seen on a glass plate in front of the Tellens unit in 

front of the camera lens. 

prompter transport systems and revers-
ing their direction for rewinding. The 
speed of the teleprompter units may be 
controlled from a few inches per min-
ute to several feet per second, permit-
ting the operator of the system to follow 
the action on a set, or to adjust the 
speed of the prompter transport system 
to accommodate the talking speed of 
the speaker. The speed of the prompter 
units is controlled in such a manner 
that the "hot line" is always in line with 
a large plastic pointer at the left of the 
script. 
A block diagram for a typical system 

employing six prompter units is shown 
in Fig. 2-72B, while Fig. 2-72C is a view 
of two control units, a power supply, 
and the variable-speed hand control. 

The script is typed on a special type-
writer called a Videoprinter which has 
type 52 times larger than that normally 
used on a standard typewriter. This size 
type permits the script to be read up to 
distances of 25 feet, and more, which 
is adequate for most purposes. 

For scenes which require the narra-
tor to peer directly into the camera 
lens, a special type mounting for the 
prompter unit, called a Tellens, has 

motion-picture camera. 

been developed which can be mounted 
on a standard motion picture camera as 
shown in Fig. 2-72D. The image of the 
script is projected downward from the 
prompter unit onto a piece of clear glass 
set at an angle of 45 degrees in front 
of the camera lens. As the person being 
photographed looks into the camera, 
the image of the script is seen on the 
glass plate in front of the camera lens. 

The reversing switch on the hand 
control permits the operator to quickly 
rewind the script to any particular line 
in a matter of seconds. Script changes 
are retyped and fastened to the script 
by plastic tape. Each prompter unit is 
well lighted and designed to be mounted 
using a stand or special support on the 
camera dolly. 

2.73 What is a diffusere—A wooden 
panel with an uneven surface as shown 
in Fig. 2-75. These devices are con-
structed of 1/4 -inch plywood and placed 
in different positions near the source 
of sound pickup to add reverberation 
and a degree of liveness to a pickup in 
a large stage. 

2.74 Describe the construction of 
acoustic flats.—Acoustic flats are used 
on music scoring and looping stages for 
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the purpose of separating a vocalist, a 
group of singers, or an actor in the case 
of looping. The flats are constructed of 
2-inch x 4-ft x 84-inch wooden frames, 
diagonally braced and filled with rock 
wool or Fiberglas. The exterior surface 
treatment is varied; that is, one flat has 
a plywood and acoustic tile surface, an-
other a soft surface of cheesecloth with 
Fiberglas backing and acoustic tile. 
Pull-pin hinges are provided for lock-
ing the flats together, similar to a Japa-
nese screen, to form a semicircle. Thus, 
the interior acoustics of the enclosure 
may be varied to acquire the necessary 
acoustical environment. A window is 
provided in one flat for the vocalist to 
watch the conductor, or for an actor to 
view the screen when looping. A carpet 
is placed on the floor to prevent reflec-
tions and foot noises. Constructional 
views are given in Fig. 2-74A, for a 
typical group of such flats. 
For a large group of voices to be sep-

arated from the orchestra, several pan-
els are used, similar to those discussed, 
but constructed somewhat differently. 
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FRAME 

ACOUSTIC 
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FRAME ex 4" 
DIAGONAL BRACED 

GLASS 
WINDOW 

Each panel is 4 ft wide x 12 ft in height, 
and contains a glass panel, with ply-
wood the first 4 ft up from the floor, as 
shown in Fig. 2-74B. The frames are 
constructed of 2x 4's with pull-pin 
hinges. The interior surfaces of the pan-
els are crossed-braced and filled with 
rock wool or similar material to prevent 
resonance effects and to increase the 
isolation. In setting up the panels for 
use, care must be taken that no two 
surfaces are parallel, as shown in Fig. 
2-74C. Carpet is placed on the floor to 
prevent reflections and eliminate foot 
noise. Only about 10 to 15 dB of isola-
tion may be expected from an enclosure 
of this nature. 

2.75 What is a splag—A curved 
surfaced diffuser as shown in Fig. 2-75. 

2.76 Describe the construction of o 
polycyfindricol diffuser.—Polycylindrical 
diffusers consist of a plywood panel 
bent in the form of a convex surface. 
Such devices are used in rerecording 
stages, music-scoring stages, broadcast 
studios, and in some instances theaters. 
Their purpose is to provide a maximum 
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Fig. 2-74A. Acoustic flats used for separation of a vocalist, or for looping. 

D 

1 

,z 

GLASS 
WINDOW 

'PLY WOOD 
• z 

z • „ 

PULL -PIN 
›"--HINGE ORCHESTRA 

0 ° 

0 0 °  ° Q o 

00 

Fig. 2-74B. Gloss-paneled flats for en-
closing a choral group. 

Fig. 2-74C. Ten to twelve such panels 
are placed around the group, as shown 

in the floor plan. 
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Fig. 2-75. Curved surface diffusers or 
splays. 

of diffusion and aid in the control of the 
low-frequency reverberation character-
istics of the enclosure. The diffuser, be-
cause of its curved surface, reflects the 
high frequencies at many different an-
gles. At the low frequencies, the panel 
acts as a diaphragm and breathes, dis-
sipating the low-frequency energy in 
the form of heat. The construction of 
such diffusers is given in Fig. 2-76A, 
with the details of their measurements 
in Figs. 2-76B and C. 
When finished, the surfaces of the 

panel may be painted with a bright 
glossy paint and then laquered. A dull 
surface paint must not be used, as a 
highly reflective surface is necessary. 
The internal space is filled with loose 
rock wool, or a backing of 2-inch Fiber-
glas, placed on the supporting wall. 
The curved panel must be securely 
braced; the braces are randomly spaced 
to prevent selective resonance. The cur-
vatures of the panels between the var-
ious diffusers are varied also, and their 
axes disposed to be mutually perpen-
dicular in the three orthogonal planes. 
Diffusers may be used in both the ver-
tical and horizontal planes as well as 
across ceilings and back walls. For a 
studio 40 feet in length, two such dif-
fusem will be required for each wall, 
running vertically from the floor to the 
ceiling, placed directly across from each 
other, as shown in Figs. 2-76D and E. In 
small rooms, the ceiling diffusers may 
be omitted if the ceiling surface is at 
different angles or broken up. For large 
stages, the general plan of that shown 
in Figs. 2-66A and B may be followed. 
Concave surfaces must be avoided, as 

they are Points of concentration, and 
focus the sound rather than diffuse it. 
It should be mentioned that sheet Ma-

soaste cannot be used successfully in 
the construction of polycylindrical dif-
fusem since the material is not stiff 
enough. To have the proper stiffness, 
the plywood must be at least I/4 inch in 
thickness. 

2.77 Show the polar frequency re-
sponse of a polycylindrical diffuser com-
pared to a flat-surfaced splay.—A polar 
plot for a flat and curved baffle is shown 
in Fig. 2-77. It will be noted that the 
angular reflection of the curved sur-
face, with respect to frequency, covers 
over 100 degrees, while the flat panel 
covers only 40 degrees. This illustrates 
very clearly the advantages of a curved 
surface over that of a flat surface. 

2.78 What is a baffle plate?—A 
partial plate placed in an air duct to 
prevent exterior noise from entering an 
enclosure. Baffle plates also reduce the 
rushing sound of the air as it is forced 
through the duct. The construction of 
such a duct is shown in Fig. 2-55. 

2.79 What is an echo?---The repe-
tition of a sound caused by reflection 
from a surface. To be an echo, the re-
flected sound must be I o of a second or 
longer behind the original sound. 

2.80 What is an echo chamber?—A 
highly reverberant room which is long 
and narrow and has hard walls. A loud-
speaker is placed at one end of the room 
and a microphone at the other. The 
sound to be reverberated is sent into 
the loudspeaker, picked up by the 
microphone, amplified, equalized, and 
mixed with the original program ma-
terial. Because of the hard walls, mul-
tiple reflection echoes are produced. 
Typical echo chamber designs are 
shown in Fig. 2-80. At (a), the micro-
phone is separated from the loud-
speaker by a partition running almost 
the full length of the room, to secure a 
greater delay. In (b) is shown a plain 
room with the loudspeaker at the far-
thest end. For this type of operation, 
the microphone and speaker are moved 
to secure the desired results. At (c), a 
movable partition has been installed at 
the center of the room and is remotely 
controlled to alter the length of the re-
verberation period. Sketch (d) is a 
similarly constructed room, except the 
end and side walls are set at an angle. 

Echo effects may also be generated 
by the use of 1-inch pipes, or larger, 
ranging from 25 to 100 feet in length. 
In the early days of radio, such systems 
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were constructed by coiling the pipes 
several feet in diameter, and placing 
microphones at intervals of 25 feet to 
achieve the delay times. The sound was 
introduced into the pipe at one end, 
using a horn-type driver unit. For a 

REAR 

FRONT 

Fig. 2-76A. Front and rear views of a 
polycylindrical diffuser, showing the in-

terior construction. 
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distance of 50 feet the delay is 340 sec-
ond, and Ho second for 100 feet. The 

disadvantage of this method of creating 
reverberation is the tremendous loss 
of high frequencies and the amount of 
equalization and amplification required 
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WIDTH (C) 

‘‘ ANGLE /OE 

Fig. 2-768. Basic plan for a polycylin-
drical diffuser. 
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Fig. 2-76C. Dimensions for polycylindrical diffusers. 
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Fig. 2-76E. Floor plan of dubbing stage showing 
cylindrical 

to return the signal to a point where 
good intelligibility is attained. Because 
of the short duration of the reverbera-
tion, the signal picked up by the micro-
phonés must be fed back to the driving 
source, and consequently multiple de-
lays are created. For a pipe 50 feet in 
length, the loss at 5000 Hz is approxi-
mately 23 dB, and for 100 feet it is ap-
proximately 45 dB. Because of these 
problems, this system is no longer used. 

diffusers. 

HORIZONTAL : 
DIFFUSER N .4 

I 

the positions of the poly-

Artificial reverberation also may be 
generated electronically or by electro-
mechanical means, as discussed in 
Questions 2.128 to 2.130. A typical re-
verberation system using a pipe is 
shown in Fig. 2-80B. 

2.81 How is an echo chamber con-
structed?—Typical interior dimensions 
are: Length 18 feet, width 15 feet, ceil-
ing height 12 feet, consisting of about 
3200 cubic feet and a reverberation 

330 340' 350• 0" Kr 2O. . 

Fig. 2-77. Polar frequency response of o flot baffle os compared to a curved baffle. 
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bers may also be constructed as shown 
at (d) in Fig. 2-80A. The ideal echo 
chamber is one constructed using six-
inch concrete walls. To be effective, an 
echo chamber must have a minimum of 
2500 cubic feet. 

2.82 How is an echo chamber con-
nected into a recording channel?—The 
output of the source of sound to be re-
verberated is bridged with an amplifier 
and applied to the power amplifier 
driving the loudspeaker in the rever-
beration chamber, as shown in Fig. 2-82. 
The reverberated sound is picked up 
by a microphone, amplified, equalized, 
and applied to the input of the record-
ing channel through a mixer pot. 
A different method of combining the 

signal in the recording channel is shown 
in Fig. 9-49. When combining the rever-
berated sound with the original mate-
rial, the reverberated sound is mixed at 
a level approximately 20 dB below the 
original. This gives the best results, 
with the highest intelligibility for 
speech. 
A separate echo chamber is required 

for each microphone to be reverberated. 
2.83 What is an anechoic chamber? 

—An enclosure in which the reflected 
sound is negligible. Such rooms are 
used for measuring the characteristics 
of microphones, loudspeakers, and other 
acoustic transducers, and to provide en-
vironmental conditions similar to the 
outdoors. Fig. 2-83A shows an anechoic 
test chamber at the Bell Telephone 
Laboratories, Murray Hill, New Jersey. 
To eliminate surfaces that would reflect 
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Fig. 2-80A. Echo chamber designs. 

time of approximately 3.8 seconds. The 
floor should be smooth cement and the 
walls covered with hard, smooth plaster. 
The ceiling must be nonparallel to the 
floor. The speaker may be moved and 
microphones with different pickup 
characteristics used to secure the de-
sired effect. However, a room with the 
microphone and speaker in fixed posi-
tions and a movable partition are the 
most convenient to operate. Echo cham-
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Fig. 2-808. System for generating artificial reverberation using pipe delay lines. 
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Fig. 2-82. Block diagram for connecting an 

sound, the walls, ceiling and subfloor 
are lined with sawtooth wedges of Fi-
berglas to a depth of five feet. The 
flooring consists of high strength steel 
cables %00-inch thick, strung under 
tension in two-inch mesh. The chamber 
dimensions are 35 X 28X 28 feet. The 
volume is 27,440 cubic feet. With the in-
terior treatment as shown, the absorp-
tion at the walls is 99.98 percent of all 
incident sound energy in the audible 
range. 

In Fig. 2-83B, is shown a corner of 
the anechoic chamber of the Electro-
Voice plant in Buchanan Mich., used 
for engineering development and qual-
ity control. The main chamber is 35 x 
26 x 26 feet and has a volume of 23,660 
cubic feet. The walls are treated in the 
same manner as described for the 
chamber in Fig. 2-83A. In addition to 
the main chamber, there are two 
smaller adjoining chambers; one houses 
a standard loudspeaker calibrated from 
20 to 20,000 Hz, traceable to the National 
Bureau of Standards; the second is a 
smaller chamber that will accommodate 
loudspeakers up to and including a di-
ameter of 30 inches. A standard expo-
nential horn is also available for testing 
high-frequency driver units. 

The ventilation of the main chamber 
is through three wedges located in 
widely spaced positions to prevent re-
flections. Twenty-two circuits are avail-
able from the chamber for connections 
to signal sources and test equipment. 
Exterior to the chambers are automatic 

TO NORMAL 
RECORDING 
CHANNEL 

echo chamber to a recording channel. 

curve tracing and polar pattern graphic 
recorders. The entire facility is set on 
its own foundation, which completely 
isolates it from the main building. 
Two chambers, similar in construc-

tion are in use at the Altec-Lansing 
plant in Anaheim, California. One is 
used for engineering and a second for 

routine production testing. Fig. 2-83C is 
a view of the test equipment outside 
the chamber used for research and de-
velopment. The equipment includes 
preamplifiers, power supplies, graphic 
level recorder, oscillator frequency 
counter, and other devices. The equip-
ment shown in Fig. 2-83D is used for 
routine testing of microphones and 
other devices. The device to be tested 
is supported by a pulley arrangement 
and cords for orienting and ease of op-
erating. The test equipment consists of 
a graphic level recorder, oscillator, pre-
amplifier, vacuum-tube voltmeter, and 
associated equipment. 

2.84 Describe the construction of an 
anechoic chamber.—Anechechoic cham-
bers are enclosures that are echo-free, 
within a specified frequency range. To 
achieve this condition, the sound energy 
absorption must be between 99 and 100 
percent. Or to state it in another way, 
the sound-pressure reflections must be 
between 10 percent and zero. The point 
at which the energy absorption drops 
below 99 percent or the pressure reflec-
tion exceeds 10 percent is known as the 
low-frequency cutoff frequency. The 
curves in Fig. 2-84A show the low-fre-
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Fig. 2-83A. The anechoic chamber at the Bell Telephone Laboratories, Murray Hill, 
New Jersey. 

Fig. 2-83B. Testing a microphone in the Electro-Voice anechoic chamber. 

quency cutoff points for 60, 130, and 
250-Hz. The table of cutoff frequencies 
recommended for different types of 
testing is given in Fig. 2-84B. 
The actual dimensions for any type 

anechoic chamber will be determined 
by the type equipment to be tested. For 
general acoustical research, the mini-

mum free-field dimensions (the dis-
tance from the edge of one wedge to 
another on the opposite wall) cannot be 
less than one wavelength of the cutoff 
frequency, and the largest dimension 
not less than half a wavelength of the 
cutoff frequency. The principal fac-
tor affecting the free-field dimension is 
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the size of the equipment under test. 
Measurements at a specified frequency 
should be taken no closer than a 
quarter wavelength from the sound 
radiating surface and no less than one 
quarter wavelength from the points of 
the surrounding wedges. * 

To obtain a satisfactory environment, 
the anechoic wedges are generally in-
stalled in an attenuating structure sim-
ilar to that of Fig. 2-84C. The outside 
enclosure may be built on the ground 
or on an existing floor, or floated on 
springs, lead, or some type of acoustic 

Fig. 2-83C. Test equipment for research and development of loudspeakers and 
microphones, outside the anechoic chamber in the Altec-Lansing plant. 

Fig. 2-83D. Routine production test equipment outside the Altec-Lansing anechoic 
chamber. The device to be tested is hung from a pulley-and-cord arrangement for 

ease of operation and orientation. 
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isolation material. The door in the outer 
structure must have an attenuation 
characteristic equal to the outer walls. 
The inner surface of the chamber door 
is be treated in the same manner as the 
inner walls, in order that the anechoic 
characteristics are not compromised. 
To achieve adequate ventilation, 

twelve complete changes of air per 
hour will be required, with controlled 
humidity and temperature. The air 
from the ventilating system is intro-
duced through a plenum silencer into 
the chamber through special ventilating 
wedges (Fig. 2-84D). Velocities up to 
250 fpm may be fed to the interior, 
without introducing noise. A graphical 
plot of the lower cutoff frequency 
versus the depth of treatment of the 
chamber is given in Fig. 2-84E. Typical 
wedges are shown in Fig. 2-84F. 

The question is sometimes raised, 
what effect if any, does the grating used 
for the floor have on measurements 
made in an anechoic chamber? The 
study of the effects of the floor becomes 
quite complex. In practice, the floor is 
a metal grating or nylon cables sus-

20 

O 

pended from the walls. If a grating is 
used, the openings are generally 1 or 2 
inches in depth and 2 inches in length. 
Thus the slit width is less than half the 
wave length for frequencies below 3000 
Hz. The open area is often in excess of 
90 percent of the total area, and conse-
quently when a sound strikes the grat-
ing, under normal incidence the reflec-
tion is negligible. However, there is a 
certain amount of reflection. This sub-
ject has been treated extensively by 
Ingard. The reader is referred to the 
reference at the end of this section. 
A portable anechoic chamber, manu-

factured by the Eckel Corporation, is 
shown in Fig. 2-84G. The surfaces of 
the Fiberglas wedges are covered with 
No. 2,19-gauge hardware cloth. The in-
terior of the chamber shown has a free-
field space of approximately 21 cubic 
feet. 

2.85 What is the purpose of adding 
reverberation to program material?—To 
enhance the original material by adding 
brilliance and to create the illusion that 
the material was originally recorded in 
a large auditorium. If properly con-
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Fig. 2-84A. Absorption characteristics for typical wedges of the Eckel Co. 

Type of Testing 
Low-Frequency 

Cutoff Point 

Aircraft 
Audio 
Automotive 
Electrical 
Communications 

Jet Engine 
Machinery 
Musical Instruments 
Psycho-Acoustic 
Transformer 

75 Hz 
125-400 Hz 

60 Hz 

60-200 Hz 
150 Hz 

75-150 Hz 
60 Hz 
150 Hz 
100 Hz 

Fig. 2-84B. Recommended cutoff fre-
quencies for different types of testing. 

trolled and equalized, the results can 
be very pleasing. Reverberation is also 
used for producing sound effects, such 
as to simulate a large room or cavern. 
Equalization may be necessary as the 
reverberation chamber distorts the 
original frequency characteristic. 

2.86 What is the optimum number 
of musicians for a given size studio, 
based on the program material?—The 
number of musicians will vary, depend-
ing on the program material and the 
size of the room or studio. Based on 
experience, the recommended number 
is given in Fig. 2-86. 
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Fig. 2-84C. Typical plan for an anechoic chamber. The interior door is designed so 

that the wedges mounted on its inner surface interlock with the wedges on the wall 
to permit the door to open parallel to the wall. (Courtesy, Eckel Co.) 
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Fig. 2-84D. View showing the installation of the air silencer and plenum. 

Volume in Broadcast Audi- Scoring 
Cubic Feet Studio toriums Stages 

10,000 
20,000 
50,000 
100,000 
200,000 
500,000 

1,000,000 

50 
130 
250 

12 
25 6 

9 
19 
31 
62 

105 

10 
22 

36 
70 
140 
240 

Fig. 2-86. Recommended number of 
musicians will vary. 

2.87 What are acoustic pendants?--

Octahedral-shaped devices suspended 
from the ceiling of a recording stage or 
auditorium to break up reflections from 
a flat or curved ceiling. The pendants 
are constructed from %-inch plywood 
and vary in height from 1 to 3 feet. The 
diameter at the center varies from 6 to 
12 inches. These devices should be hung 
in a scattered manner from the ceiling 
at varying heights, if the ceiling is flat. 
If the ceiling is curved, as shown in 
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Fig. 2-84E. Lower cutoff frequency versus depth of treatment on the interior walls 
of an onechoic chamber. 

Fig. 2-84F. Typical Fiberglas wedges used for the interior treatment of anechoic 
chambers, with and without hardware screen. 

-«er 

Fig. 2-84G. Portable anechoic chamber manufactured by the Eckel Corporation. 

Fig. 2-87, they may be hung at a uni-
form height. It may be desirable, in 
some instances, to cover every other 
one with Celotex to provide soft and 

hard surfaces. The whole purpose is to 
break up concentrated reflections from 
the overhead to the side walls and 
floor. Rooms having strong concen-
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Fig. 2-87. Acoustic pendants hung from 
a curved ceiling to break up reflections. 

trated reflections from the ceiling may 
be altered to have quite even reflective 
qualities by the use of these acoustic 
pendants. 

2.88 What are the middle-range 
frequencies?—Frequencies between 400 
and 3500 Hz. 

2.89 Define the terms sound-pressure 
level and sound-power level. — Sound-
pressure level (SPL) is used to express 
the level of a sound that has been mea-
sured using a sound level meter. The 

reference for these measurements is 
0.0002 microbar. Sound level meters do 
not measure acoustic power. Sound-
power level (PWL) is the acoustical 
power generated by a sound source. 
Sound-pressure level may be expressed 
as: 

SPL = 20 Log. dB 
0.0002 

where, 
P is the root-mean-square sound 

pressure in microbars. 

Because the range of acoustic powers 
met with in daily life are on the order 
of one billion-billion (10") to one, it is 
quite convenient to relate these powers 
using the decibel, which is logarithmic. 
The reference for these measurements 
is 10' watt. The power level may be 
calculated: 

PWL = 10 Log. =, dB 
10' 

where, 
W is the acoustic power in watts. 

Since 10' watt corresponds to a level 
of minus 120 dB, the above equation 
may be more easily expressed: 

PWL =10 Log. W -I- 120 

where, 
w is the acoustic power in watts. 

Since 10-" is a power ratio correspond-
ing to minus 120 dB, the quantity 10 
Log. W which is the value of decibels 
corresponding to the numerical value in 
watts, can be readily obtained from the 
decibel tables that are given in Section 
25. As an example: 02 watt corre-

sponds to a power level of —17 + 120 = 
103 dB. Power levels for sounds that are 
frequently encountered are given in Fig. 
1-117. 

2.90 What is a Rayleigh disc?—A 
device invented by Lord Rayleigh in 
1882 for measuring sound pressures. 
The instrument consists of a small 
light-weight disc, suspended vertically 
by means of a quartz fiber or annealed 
bronze wire. A small mirror is cemented 
to one side of the disc and is supported 
in a draftless square or tubular cham-
ber constructed of open-mesh silk. 
When an air stream, whose pressure is 
to be measured, strikes the surface of 
the disc, the disc tends to align itself 
with the direction of fluid and pressure 
flow. A beam of light focused on the 
mirror surface permits the angle of de-
flection to be accurately measured by 
means of a calibrated lens system also 
focused on the mirror. 

Such a device may be used for cali-
brating the frequency response of mi-
crophones, with a high degree of accu-
racy, by interposing the disc assembly 
in an airstream path between a micro-
phone and loudspeaker unit. The loud-
speaker unit is excited by an oscillator. 
Since the speaker characteristics must 
be isolated from the measurement, the 
pressure generated by each frequency 
of interest is adjusted for the same de-
flection of the disc, so that the micro-
phone under calibration sees the same 
pressure at all frequencies. The micro-
phone output is then amplified, and the 
electrical characteristics are measured 
in the usual manner. The loudspeaker 
must be of good quality and of low dis-
tortion. The microphone preamplifier 
must have a uniform frequency charac-
teristic and low distortion. 

Initially the disc is set to an angle of 
45 degrees, which is the angle of the 
greatest sensitivity, by adjusting the 
suspension head at the top of the disc 
enclosure. When the disc is subjected 
to an air stream, it assumes an angle 
different than 45 degrees. The angle of 
deflection is held constant to a refer-
ence frequency for each frequency of 
interest used in the calibration. Barnes 
and West have shown that if the reso-
nance of the disc falls within the audio 
spectrum, it can produce errors up to 
10 percent in the vicinity of resonance. 
As an example, a disc with a diameter 
of 1.6 cm and a thickness of 0.0045 cm 
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has a resonance of 1800 Hz. However, 
the addition of the mirror to the one 
side of the disc reduces the resonance 
somewhat. Since barometric pressure 
and temperature affect the measure-
ment, they are noted and corrections 
are made to the fmal plot. 

2.91 What is a Helmholtz resona-
tore—Á cavity resonator which is open 
to the outside air through a single small 
hole. Air blowing across the hole will 
cause a sound to be generated at a fre-
quency dependent on the volume of the 
cavity. A cross-sectional view of such a 
resonator is shown in Fig. 2-91. 

Fig. 2-91. Helmholtz resonator consist-
ing of a cavity with a single hole open 

to the outside media. 

2.92 What causes an organ pipe to 
vibrate?—Organ pipes are constructed 
with a reed at the lower end which 
vibrates when air is forced into the 
pipe. Sound waves are set up which 
travel up and down the pipe which is 
of such length that the wave of air will 
just have time to travel the full length 
of the pipe during the interval required 
by the reed to make one complete cycle. 
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When this occurs, the frequencies of 
the reed and sound wave synchronize. 
This is called resonance. At the top end 
of the pipe is a movable plug for tuning 
the pipe to the exact frequency. A 16-
Hz organ pipe is 32 feet long. 

2.93 Define the term weighted 
curve and its usage.—A weighted curve 
is a frequency-response curve with a 
special characteristic. Weighted curves 
are more commonly associated with 
sound-level meters used for acoustical 
measurements. (See Question 22.94.) 

Sound-level meters manufactured 
prior to 1961 employed frequency char-
acteristics as given in Fig. 2-93A and 
are now considered to be obsolete. In 
1961 the industry adopted the American 
Standard ASA (now USASI) 51.4-1961 
shown in Fig. 2-93B. There are also two 
international standards, ISO R123 and 
ISO R179. Both the American and In-
ternational Standards agree within 0.20 
dB. 
Given in Fig. 2-93C is the USAS! 

Standard S1.4-1961 with the frequency 
response extended at the lower end to 
10 Hz, and at the upper portion to 20,000 
Hz. Also included is an additional char-
acteristic curve, N (it is not a standard). 
This latter characteristic is a proposed 
characteristic to be used for the mea-
surement of broadband noise such as 
encountered in the noise measurement 
of jet aircraft engines. 

85d8 3nL AB 

55 o 8508 

100 1000 

FREQUENCY IN HERTZ 

10,000 

Fig. 2-93A. Weighted curves for sound-level meters manufactured prior to 1961 (ASA 
224.3-1944). 
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The selection of a weighted curve for 
a particular measurement, is generally 
predicated on the type noise to be mea-
sured. As an example, curve "A" of 
Fig. 2-93B is often employed when 
making speech-interference measure-
ments, while curve "B" is used for traf-
fic surveys. Whenever a single mea-
surement is made, the reading should be 
described—curve "A" 45-dB weighted 
curve, and for "B" 20-dB weighted 
curve. In the past, for single readings 
the following rule was used. For levels 
below 55 dB, characteristic "A" was 
selected; curve "B" was used for levels 
of 55 to 85 dB; and above 85 dB, char-
acteristic "C" was used (flat). However, 
curve "A" is the one most generally 
employed. Readings taken with curves 
"A" and "B" are referred to as sound-
level readings, and those made using 
curve "C" (flat) are referred to as 
sound-pressure levels. 

It is recommended in general that 
readings be made using all three char-
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acteristics to indicate the frequency 
distribution of the noise. With the same 
level on all three characteristics, the 
sound generally predominates above 
600 Hz. For levels using the "C" char-
acteristics which are higher in level 
compared to curves "A" and "B," the 
greater part of the noise is probably 
below 600 Hz (see Question 5.98). 

2.94 Define the term ambiephony.— 
It relates to a method of inducing artifi-
cial reverberation into an auditorium, 
by use of loudspeakers in the ceiling 
and around the walls. Each group of 
loudspeakers is delayed in their repro-
duction the appropriate amount of time, 
corresponding to the normal delay for 
its position. Thus, an auditorium may 
be treated in such a manner that rever-
beration is induced only by the elec-
tronic reverberation system. (See 
Question 2.37.) 

2.95 What is prescoring?—Music 
recorded prior to the shooting of a mo-
tion picture or television scene. The 

s -................... 
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Fig. 2-93. USASI (ASA) Standard 51.4-1961. Weighted curves for sound-level 
meters. Used in oll instruments manufactured since 1961. 
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Fig. 2-93C. USASI (ASA) Standard for sound-level meters plotted to indicate the 
frequency response from 10 to 20,000 hertz. 

sound track is played back from loud-
speakers on the stage and the action is 
synchronized with the sound, and pho-
tographed. This method is generally 
used in the production of large scenes 
in musical motion pictures or scenes 
where it is impractical to record the 
action and sound simultaneously. 

2.96 What are the sentences used 
for testing sibilance?—Sister Susie is 
sewing shirts for soldiers. Or, she sells 
seashells by the seashore. 

2.97 How should reverberation be 
added to program material to produce 
the illusion of a large auditorium?—The 
reverberated signal is fed to the record-
ing channel in such a manner that it is 
not too apparent, but is the result of 
natural reverberation in the studio. At 
appropriate times, such as during rests 
or other silent spots in the program, 
the reverberation is increased slightly 
to give the effect of a large hall. Equali-
zation must be included to correct for 
the frequency distortion of the echo 
chamber. (See Questions 2.80, 2.81, and 
2.82.) 

2.98 What does the term truck-in 
mean?—fl is an expression used in the 
motion picture industry to indicate that 

2000 5000 10,000 20,000 

the camera moves in on the subject to 
be photographed or being photographed. 

2.99 What is a reverberant cham-
ber, and what is its purpose?—The re-
verberant chamber is the direct oppo-
site of an anechoic chamber discussed 
in Question 2.83. It is constructed of 
highly reflective surfaces. An important 
factor of any noise-producing device is 
the total radiated sound-power level 
(SPL) or the acoustical energy gener-
ated by the device. Sound-power level 
is proportional to mechanical energy. If 
the PWL of a device is known before its 
installation, it is possible to predict the 
noise level it will produce in its final 
environment. 

Reverberant chambers are generally 
constructed using sheet-metal walls, 
and having solid surfaces without any 
acoustical backing. Stiffening braces are 
used to hold the surface flat. Other sur-
faces such as Mascmite, Transite, and 
similar materials may be used instead 
of metal. Figs. 2-99A and B are plans 
and cross-sectional views of typical re-
verberant rooms. A table of absorption 
coefficients for a reverberant room 
using octave-band filters is given in 
Fig. 2-99C. 
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Fig. 2-99A. Plan view of reverberant 
chamber. 

Octave Band 
Freq.-Hz 

Meas. Abs. 
Coe f. ( ) 

75- 150 
150- 300 
300- 600 
600-1200 
1200-2400 
2400-4800 
4800-9600 

0.056 
0.056 
0.040 
0.031 
0.029 
0.040 
0.045 

Fig. 2-99C. Typical reverberant room ab-
sorption coefficients for structures as 

shown in Fig. 2-99A and 2-993. 

If the device being tested has a rela-
tively constant acoustic output, the 
sound-pressure level will be essentially 
uniform and constant in a reverberant 
room. The sound-power level of such 
items as a fan, motor, pump, or similar 
device which distributes acoustical en-
ergy over a wide band of frequencies 
can be determined by a few simple 
measurements in a reverberant cham-
ber. The sound power level may be 
computed: 

PWL =2 SPL + 10 Log,. V — 10 Logio 

T — 19 dB—re: 10" watt 
where, 
V is the room volume in cubic feet, 
T is the reverberation time of the 
room in seconds, 

SPL is the sound pressure level mea-
sured in decibels. 

Reverberation time is calculated using 
the formula given in Question 2.34, or 
measured with a high-speed level re-
corder. The terms T and V are essen-
tially constant for a given room, there-
fore the PWL can be obtained from the 
SPL measurements, once the room has 
been measured. 
A reverberant chamber should be 

•  

11 

Fig. 2-990. Cross-sectional view. Cubic 
volume approximately 2100 cubic feet. 

Fig. 2-99D. Interior of reverberant cham-
ber manufactured by Industrial Acous-
tics Co., Inc. The panels shown in the 
center of the room can be revolved 
simultaneously both horizontally and 

vertically. 

constructed to meet the following con-
ditions: The walls must not be parallel, 
and its dimensions must not be similar. 
The device to be tested is placed near 
a wall on the floor, never in the exact 
center of the room. The microphone or 
device under test should be rotated to 
avoid measurement of standing wave-
forms. In Fig. 2-99D, the interior of a 
reverberant room is shown, with re-
volving panels that revolve simulta-
neously, both horizontally and verti-
cally. 

Other measurements made using a 
reverberant room are absorption coeffi-
cients and random calibration of mi-
crophones, loudspeakers, and other de-
vices. Industry is making extensive use 
of the so-called quiet room for mea-
surement of household appliances. The 
room is constructed with panels com-
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posed of sheet metal, with an interior 
perforated metal surface and an acous-
tical fill sandwiched between the metal 
sheets. Such rooms are used for the 
checking of production runs and isolat-
ing areas where it would be impractical 
to install extensive acoustical treatment. 

Reverberant rooms may be con-
structed using 8-inch concrete block. A 
typical room constructed for micro-
phone and loudspeaker research may 
have the following inside dimensions: 
19.5-feet long, 13.67-feet wide, and a 
ceiling height of 11.4 feet. The ceiling 
consists of 2-inch hollow-core pre-
stressed concrete beams. The inside is 
sealed with Butyl rubber-asphalt com-
pound. The walls are coated with %-
inch gypsum plaster finished with %-
inch hard lime plaster, and the floor is 
covered with clear alkyd enamel. The 
door is a five-inch acoustical door, 
hung in a double frame, and carefully 
sealed to the concrete block structure. 
The inside volume is 3070 cubic feet, 
with a boundary of 1290 square feet. 
The measured response for such a room 
is shown in Fig. 2-99C. 

2.100 What is a Sono-Vox sound-
effects machine?—A device for produc-
ing the effect of a train whistle, an 
automobile horn, or a musical instru-
ment talking. It is used quite exten-
sively in radio commercials. The Sono-
Vox makes the production of articu-
lated sounds possible although the 
human voice is not actually used. The 
human speech mechanism is employed, 
replacing the normal vocal cord output 
by the sound it is desired to articulate. 

Referring to Fig. 2-100, it will be 
noted that on the left is shown the 
dialogue sound track to be articulated 
and the person who is to act as the 
articulator. The sound-effects track is 
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'ARTICULATOR' 

HEADPHONES 
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connected to the Sono-Vox amplifier 
which drives the Sono-Vox articulators. 
These devices are placed against the 
throat of the articulator who is seated 
in front of a microphone connected to 
a recording channel. 
The articulator mouths the desired 

words but is careful to make no sound. 
The Sono-Vox articulators at the throat 
will transmit the sound from the sound 
effects track into the larynx. The sounds 
emerging from the throat of the human 
articulator are picked up by the micro-
phone and recorded. Thus, a whistle or 
bell is made to talk. 

2.101 How is a microphone boom 
constructed?—A microphone boom is a 
mechanical device consisting of a re-
tractable metal tube or rod mounted 
on a dolly, as shown in Fig. 2-101A. The 
microphone is suspended at the end of 
the rectractable tube on a turret head, 
which may be rotated by the boom 
operator towards the actors for the best 
sound pickup. 
A typical microphone boom, manu-

factured by the Fisher Boom Company, 
is shown in Fig. 2-101A and is used 
extensively in the production of motion 
pictures and television shows. The re-
tractable tube may be extended to 16 
feet and the microphone turret head 
rotated through 360 degrees. The bear-
ings are Neoprene-sealed ball bearings, 
for quietness and ease of operation. The 
boom is demountable and, packed for 
shipment, weighs approximately 210 
pounds. 
A large studio-type microphone 

boom manufactured by The Mole-
Richardson Co. is illustrated in Fig. 
2-101B. This boom weighs about 500 
pounds and is constructed similarly to 
the one previously described, except it 
is not readily portable. 

Amp 

SPECIAL 
SONO-VOX 
AMPLIFIERS 

Sono-Vox TO RECD. 
Rer-de --6- NORMAL 
Amp. CHANNEL 

EFFECT 
SOUND 
TRACK 

Fig. 2-100. Sono-Vox sound effects recording channel. 
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Fig. 2-101A. A light-weight portable microphone boom manufactured by the Fisher 
Boom Co. 

Fig. 2-101B. A heavy studio microphone boom manufactured by the Mole-Richard-
son Co. 

2.102 What is a turret head?—A 
rotatable microphone support on the 
end of the retractable tube of a micro-
phone boom, as shown in Figs. 2-101A 
and B. Tilting mechanisms are often 
mounted on the turret head for the 
purpose of moving the microphone in a 
vertical plane. 

2.103 What is the advantage of 
supplying the microphone boom operator 
with headphones?—To aid him ir main-
taining uniform sound quality. The 
boom operator's headphones are con-
nected to the same monitor circuit as 
the mixer's. Thus, the boom-man hears 
as the mixer hears. As a rule, the boom 



ACOUSTICS, STUDIO TECHNIQUES, AND 

operator's headphones are also con-
nected to a communication circuit so 
that the mixer may give him orders 
when necessary. 

2.104 Describe a radio playback sys-
tem used for motion picture and tele-
vision production.—A system that has 
been used to good advantage is the 
radio playback system which utilizes a 
transmitter and individual receivers. 
Each principal and others concerned 
carries a miniature radio receiver con-
nected to a hearing aid earpiece. A low 
powered radio transmitter is set up on 
the stage and connected to a loop an-
tenna which surrounds the set. Working 
within the loop, the actors listen to the 
music picked up by the miniature re-
ceivers and sing and dance as the case 
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may be. Provision is also made for the 
director to give orders to the actors 
while they are in action. (See Questions 
2.95 and 4.72.) 

2.105 What is a review room?—A 
small theater, on a motion picture lot, 
for reviewing the finished product or 
daily work. These rooms are main-
tained to a standard for uniform quality 
of picture and sound reproduction. 

2.106 What is the peak intensity of 
sound that may be expected in a review 
room?—At least 80 dB above the 
threshold of hearing; therefore, the 
walls should be well insulated and dif-
fused. 

2.107 Define the term noise criteria. 
—It is the maximum permissible noise 
level for a given enclosure, measured in 
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Fig. 2-107. Noise criteria, or NC, curves indicating the maximum permissible noise 
level for given type enclosures. 
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octave-bands as a function of the oc-
tave-band center frequency. A group of 
such curves is shown in Fig. 2-107. 
Curve NC-20 is the one most commonly 
employed for theaters, concert halls, 
studios, and similar structures. How-
ever, the NC-15 curve should be used 
whenever possible. The curves include 
all noises, such as external noises and 
leak-through from other studios, inter-
nal noises, and the ventilating system. 
The curve at the lower left, is the ap-
proximate threshold of hearing for con-
tinuous noise. 

2.708 What is the average ambient 
noise level of a theaterT—Approxi-
mately 40 dB above the threshold of 
hearing. 

2.109 Why is it desirable to reduce 
the low frequencies when recording dia-
logue?—To remove tubbyness from the 
voice caused by playing too close to the 
microphone; also, to reduce the low-
frequency accentuation caused by sets 
and reflected sounds.. (See Question 
18.81.) 

2.110 Describe the construction of 
a looping stage.—Looping stages are 
generally used for post-synchronization 
of a new sound track for an existing 
picture. The recording of a new sound 
track may be necessary for several rea-
sons—the dialogue had noise in the 
background; it could not be shot on 
location because of expense or area; 
certain characters are to be revoiced; STORAGE 
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FEEN AIR AND ATER FOR MOVABLE EFFECTS PANELS 
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a sound track must be replaced due to 
technical difficulties; or the picture is to 
be revoiced for another language. 

The enclosure of a looping stage is 
designed so that the walls can be read-
ily altered to change the acoustic con-
ditions to match a particular scene or 
effect. By moving a group of acoustic 
panels on the walls, the reverberation of 
the stage may be changed from a dead 
stage to a live stage. A group of mov-
able wall panels on a looping stage at 
Universal Studios, Universal City, Cali-
fornia, is shown in Fig. 2-110B, with a 
floor plan shown in Fig. 2-110A. 

Referring to the floor plan, on the 
north wall is a total of 9 panels, with 
5 panels that are movable approxi-
mately 180 degrees. Each panel is 4 ft 
X 16 ft, hinged at the top and bottom, 
supported by a pipe running parallel 
to one edge. The inner and outer sur-
face of each panel is treated to be 
acoustically hard and soft. It will be 
noted the wall surfaces behind the fixed 
panels are treated acoustically and are 
quite dead. The panels are set at an 
angle of approximately 10 degrees. The 
fixed panels act somewhat as a flat 
splay as discussed in Question 2.77. The 
panels on the west wall are also mov-
able, but are only 2 ft X 13 ft in height, 
as they must clear the projection room 
ports above. The treatment of the west 
and south wall panels is similar to the 
north wall panels. The stage volume is HINGE MONITOR ROOM MIXER 

CONSOLE HINGE FIXED PANEL PROJECTION ROOM PORTS 15' ABOVE FLOOR MOVABLE MOVABLE PANEL PANELS FIXED PANELS SOUND 
LOCK 

 12  

49'  

Fig. 2-110A. Floor plan of looping stage at Universal Studios, Universal City, Cali-
fornia. In addition to looping operations, this stage is used for making sound effects 

and can, if necessary, be used as a dubbing stage. 
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Fig. 2-110B. Interior views of a looping stage at Universal Studios, Universal 
City, California. 
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Fig. 2-110C. Looping setup using two 
flat panels, with movable panels on the 

walls. 

Fig. 2-110D. Looping setup using two 
panels set at an angle of 10 to 15 degrees. 

on the order of 39,000 Cu. ft. Wall areas 
above the panels are set at an angle for 
diffusion. At the east end of the stage, is 
a standard motion-picture screen and 
loudspeaker for projecting the scenes 
to be looped. The monitor room in the 
southwest corner of the stage is 
equipped with a mixing console and 
other necessary equipment. Outlets are 
provided on the south wall for micro-
phones, headphones, and intercommu-
nication. Four views of the north wall 
panels are given in Fig. 2-110B, show-
ing placement for different combina-
tions of the acoustic panel surfaces. 

In Figs. 2-110C and D are shown two 
setups that may be used for looping. 
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Two flats of the proper acoustical prop-
erties are set one on each side of the 
actors, at an angle of 10 to 15 degrees, 
with a slight angle with reference to 
each other. The microphones are hung 
from the overhead at a fixed distance. 
Footmarks are placed on the floor for 
the best position of pickup and future 
reference. The side wall panels are 
acoustically hard and soft with the 
walls behind the panels treated for a 
high absorption. The panels are linked 
together, mechanically, and operated by 
a motor-driven rack and pin arrange-
ment. Thus, for matching the original 
environment the mixer may adjust the 
acoustics of the room as he listens to 
the original sound track. 
Looping equipment is discussed in 

Questions 17.223 to 17.227. 
2.111 What is 3-D sound?—The 

The term applied to three-dimensional 
or stereophonic sound. 

2.112 What is a monaural sound 
system?—A sound system consisting of 
one source of sound, such as a radio, 
magnetic tape, a record, and the like, 
using a single loudspeaker for repro-
duction. It is also termed monophonic. 

2.113 What is a binaural sound 
system?—A system consisting of two 
microphones at the point of pickup, 
placed in the same relationship to each 
other as the ears of a listener. The 
microphones are connected to separate 
amplifier systems and transmit the pro-
gram material to the listener through 
headphones. Each headphone is con-
nected to its own amplifier. Such sys-
tems are considered to be as nearly 
perfect as present-day knowledge will 
permit. The block diagram of such a 
system is shown in Fig. 2-113. True 
binaural sound cannot be achieved with 
loudspeakers, only headphones. When 

SOUND SOURCE 

. •••• 

2 

Fig. 2-113. A true binaural sound-repro-
ducing system. 

kp- 0  

loudspeakers are used it is two channel 
stereophonic sound. 

2.114 What is a stereophonic sound • 
system?—A system using two or more 
microphones with a separate amplifier 
and loudspeaker for each microphone 
channel. This system is also referred to 
as an auditory perspective system. With 
such an arrangement of equipment, the 
sound travels from one speaker to the 
other as the principals move across the 
stage. Such a system permits an or-
chestra to be reproduced closer to its 
proper perspective. 

2.115 Describe how a production 
stage may be altered acoustically for 
recording music.—Stages designed for 
production shooting generally have a 
reverberation period on the order of 
0.5 to 0.6 second, and are not suitable 
for the recording of music unless the 
reverberation period is lengthened. 
Such stages may be used for music re-
cording by the use of a group of poly-
cylindrical diffusers (Fig. 2-76D). These 
diffusers are placed about 1 foot apart 
in a semicircle at the rear of the orches-
tra and slightly forward at the sides, as 
illustrated in the floor plan drawing of 
Fig. 2-115. 
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are to have the same exact angle rela-
tive to the floor. The surface of these 
clouds is sprayed with lacquer as are 
the diffusers. In the construction of 
such diffusers and clouds, Masonite 
should not be used as it is not stiff 
enough. Two by four wooden braces 
set edgewise are used across the upper 
surface of the flat panels used for clouds 
which, if not braced, may vibrate, caus-
ing rattles and buzzes. (See Question 
2.76.) 

2./16 What is acoustic gain?—It is 
the increase in operating level of a 
sound system in an auditorium achieved 
after the peaks of the acoustic charac-
teristics have been reduced or elimi-
nated. (See Question 2.117.) 

2.117 What is meant by tuning an 
auditorium ?—This is an expression used 
to indicate that the acoustic peaks in an 
enclosure have been reduced by the 
use of a series of tuned circuits in the 
electronics of the sound system feeding 
the enclosure. Although this method of 
correcting the acoustic characteristics 
of an enclosure was used by Volkman 
of RCA in motion-picture theaters in a 
simplified form as early as 1930, it has 
remained for Dr. C. P. Boner and his 
son, C. R. Boner, with the aid of modern 
test equipment to realize the full capa-
bilities of such a method. 

VOLTAGE 
AMPS 

Fig. 2-117A. 

To tune an auditorium, a small loud-
speaker is placed about two feet behind 
a microphone placed in the position 
where it will be normally employed. 
The loudspeaker is directed into the mi-
crophone and the auditorium, and is en-
ergized using a random-noise generator. 
The output of the speaker is adjusted 
for an SPL of about 80 dB, as measured 
on a sound-level meter close to the mi-
crophone. The initial adjustments are 
accomplished with the sound system off. 
A reading of the speaker level fed by 
the random-noise generator is then 
taken at the extreme rear of the audi-
torium with a sound-level meter. The 
sound system is now energized with the 
random-noise generator and the gain 
adjusted just below the point of feed-
back. 

At this point of gain, the SPL of the 
sound system is noted. Subtracting the 
first measurement from the second 
gives the acoustical gain of the audi-
torium. As a rule the average audito-
rium will yield about 1 to 2 dB of 
acoustic gain. With the auditorium 
properly tuned, up to 30 dB of acousti-
cal gain is possible. This will permit the 
full frequency range to be realized, thus 
increasing the intelligibility of speech 
and also enhancing the reproduction of 
music. 

TUNED FILTERS POWER 
AMP 

3-E -Ft-- >-
600 St LINE 

Voltage and power amplifier with tuned filters. 

Lt 

Fig. 2-1176. Tuned-filter circuitry. 

Fig. 2-117C. Front view of Altec-Lansing Acousta-Voice variable filters. Range 625 
to 8000 Hz, variable in steps of 1 dB for a total range of 14 dB. 
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Fig. 2-117D. Front view of Altec-Lansing Acousta-Voice variable filters. Range 60 
to 12,500 Hz, variable in steps of 1 dB for a total ronge of 14 dB. 
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Fig. 2-117F. Tuned filter sections manufactured by the DuKane Corp. used in their 
Varcrcoustic sound control system. (Courtesy, Pacific Communications Ltd.) 
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Fig. 2-117G. Impedance-correcting networks used with the DuKane Varacoustic 
sound control system. 

Dr. Boner's method of tuning an en-
closure is to employ a group of tuned 
filters between a separate voltage and 
power amplifier, transformer coupled 
by a 600-ohm impedance line (Figs. 2-
117A and B). It is in this line that the 
tuned filters are connected. 
Through the use of such filter sec-

tions, the gain of the amplifier system is 
reduced at the peak frequencies of the 
auditorium, resulting in an inverse 
electrical correction that simulates a 
uniform (or approximately uniform) 
acoustic response. It is not uncommon 
in some auditoriums to encounter peaks 
on the order of 20 dB or more. It should 
be understood the acoustics of the audi-
torium are not corrected, but the fre-
quency characteristics of the amplifier 
system are altered inversely to the au-
ditorium characteristics to compensate 
for the acoustical peaks. The amplifier 
system is of uniform frequency charac-
teristics without the filters. 

This system of correcting for acoustic 
peaks is generally used where one or 
more microphones are employed. This 
method of acoustic correction for mo-
tion picture theater reproduction is not 
recommended at this time, since the 
sound system would not be compatible 
with the frequency characteristics used 
for recording motion pictures. 

After inserting the first peak filter, 
the sound system is again energized and 
the next largest peak noted. A tuned 
filter of the correct frequency is in-
serted in the link circuit and adjusted 
for the peak amplitude. This same pro-
cedure is followed until all the major 
peaks are removed. Small peaks may 
now be removed in order of their im-
portance. It is possible in a large audi-
torium to employ 20 to 100 tuned filters. 
In a well-tuned auditorium, an acoustic 
gain of 15 to 20 dB can be expected. 

Notch filters suitable for this work are 
discussed in Question 7.12. (See Ques-
tion 2.116.) 
A second method of tuning an audi-

torium, developed by Arthur C. Davis 
and Don Davis of Altec Lansing Corp., 
accomplishes similar results, except the 
tuned-circuits are constant-impedance 
bridged-T filters spaced 4 octave apart. 
It is claimed for this method of tuning 
that hangover and ringing effects in the 
tuned circuits are avoided; also, the im-
pedance remains constant, whereas 
tuned circuits are not of constant-im-
pedance. In setting up this latter sys-
tem, a method of determining the peak 
frequency of the auditorium and ad-
justing requires only the use of an os-
cilloscope. This system has been termed 
Acousta-Voicing by Altec Lansing. 

Pictured in Figs. 2-117C and 2-117D 
are front-panel views of the Altec-
Lansing system, showing the filters and 
their controls. The small group is used 
where a small number of filters is re-
quired. The larger group will supply 
corrections for 24 different frequencies. 
A response curve (A) taken from the 

left hand loudspeaker of a two-channel 
stereophonic reproducing system in a 
given enclosure is indicated in the 
graph of Fig. 2-117E. Frequencies of 
constant amplitude were applied to the 
amplifier system, and the acoustic re-
sponse of the enclosure was measured 
by means of a sound-level meter. The 
frequency response of the amplifiers 
without the filters was uniform over the 
indicated frequency range given at the 
lower edge of the graph. 
Superimposed curve "B" is the in-

verse electrical response of the bridged-
T filter sections alone. Each Biter sec-
tion is capable of being attenuated 14 
dB. Greater attenuation for a given fre-
quency can be achieved by adding a 
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second filter of the same frequency. The 
lower curve "C" represents the acousti-
cal response of the enclosure after the 
introduction of the various filter sec-
tions, again read with a sound-level 
meter. It will be observed that the rising 
characteristic at the low-frequency end 
and the midhigh frequency portion of 
the spectrum has been reduced, result-
ing in the listener hearing a more uni-
form acoustical response in the audito-
rium. The right-hand amplifier system 
was treated in a similar manner. 

If the problem is one involving only 
two or three peaks, peak frequencies 
may be reduced by connecting tuned 
circuits or other type filters in the out-
put of the power-amplifier feed line to 
the speakers. (See Fig. 20-137.) Or, the 
amplifier system may be altered as dis-
cussed in Question 6.96 under Equal-
izers, a method still used in some the-
ater equipment. When using filters in 
the output line of a power amplifier, the 
insertion loss of the filter must be quite 
low; if it is not, considerable power will 
be lost. 
In evaluating the two systems, the 

first system described employs filters 
tuned to the exact frequency of the au-
ditorium peak frequency. In the latter 
system, the filter frequencies are fixed, 
but separated in octave intervals. 
Therefore, it is possible that a filter fre-
quency may be almost on the peak but 

HARP 

o  
VOCALIST 

WINDOW 

not exactly. Also, the adjustment range 
is in 1-dB steps, whereas the tuned-
filter type is adjusted to the exact am-
plitude of the peak. 

Using either of the two systems in an 
auditorum results in greater acoustic 
gain by the reduction of acoustic feed-
back and the removal of objectionable 
peaks in the auditorium. Listening to 
reproduction through either of the 
above two systems, a noticeable im-
provement is observed. 
A third system, manufactured by the 

DuKane Corp., termed Varacoustic 
sound control is pictured in Fig. 2-117F. 
Although only four filters are shown, 
any number may be employed, and they 
are similar to those employed by Dr. 
Boner. In addition to the filters (con-
nected in a 600-ohm link between the 
voltage and power amplifier) are impe-
dance-correcting networks in parallel 
with the lines from the crossover net-
work feeding the loudspeaker sections. 
These networks tend to hold the 
speaker impedances fairly close to their 
design value which normally varies 
over a considerable range. (See Ques-
tions 20.89 to 20.91.) 

2.118 Show a typical microphone 
placement plan for monophonically re-
cording an orchestra and vocalist.—Such 
a plan is shown in Fig. 2-118, using a 
split recording channel. The final mi-
crophone placement will be governed 
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Fig. 2-118. Suggested microphone floor plan for monophonic recording of a large 
orchestra and a vocalist. 
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by the solo instruments, number of 
musicians, and the type of music to be 
recorded. 

2.119 What is meant by presence? 
—A quality in the reproduction that 
gives the impression to the listener that 
the person speaking is present in the 
room. 

2./20 How is presence obtained in 
recording?—By microphone placement, 
proper equalization in the midfiequency 
range, the acoustics of the recording 
studio, and the signal-to-noise ratio of 
the studio and recording system. 

2.121 In what part of the frequency 
band is presence equalization intro-
duced?—In the frequency range from 
1500 to 5000 Hz. Recording characteris-
tics are discussed in Question 18.81. 
These same recording characteristics 
are also used with magnetic tape and 
disc recording. Presence equalization 
may also be added during rerecording 
or when transferring sound tracks. 

2./22 How are microphones set up 
on a music-scoring stage?-.-There are 
no fixed rules regarding microphone 
placement on a music stage; however, 
the usual method is to employ indi-
vidual microphones for the solo instru-
ments and vocalist. Separate micro-
phones may be used to build up the 
woodwinds and strings, depending on 
the orchestration, and if the pickup is 
monophonic or stereo. (See Question 
2.74.) 

2.123 What is the recommended 
placement for a single microphone or-
chestra pickup?—Approximately 20 to 

30 feet in front of the orchestra and 
suspended at a height of 12 to 18 feet 
above the floor. A capacitor or ampli-
tude-modulated microphone is often 
used for this type pickup. If too much 
reflected sound is heard, move the mi-
crophone closer to the orchestra. This 
will also improve the definition. For 
dance bands a higher order of definition 
is required than for a large orchestra. 
One or more microphones may be re-
quired for solo instruments and a vocal-
ist. Velocity microphones with direc-
tional characteristics should be used for 
the latter positions. 

2.124 Show the microphone place-
ment for a small dance band.—Such a 
setup is shown in Fig. 2-124, and is 
typical of that used for broadcast and 
recording. Each microphone covers a 
group or an individual instrument. The 
microphones should be placed close to 
the instruments to obtain a high order 
of definition. 

2./25 Show the microphone place-
ment for a small television show.—A 
typical setup for a small television stu-
dio, presenting action on a set, inter-
mixed with commercials, and using a 
musical background, is shown in Fig. 
2-125. A unidirectional microphone 
should be used on a boom to reduce 
reverberation and background noise of 
the stage. 

2.126 How are microphones placed 
for a radio broadcast show?—The pre-
sentation of a radio broadcast show is 
slightly different from that of other 
type microphone pickups. The actors 
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Fig. 2-124. Typical instrument and microphone setup for a small dance band. 
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Fig. 2-125. Typical setup for small television studio. 

are generally placed on each side of a 
ribbon-velocity microphone (figure-8 
polar pattern) to eliminate the need for 
stepping up to the microphone. The or-
chestra and announcer use unidirec-
tional microphones to reduce noise and 
pickup from other parts of the pro-
duction. The sound effects man is placed 
behind flats, for isolation (Fig. 2-126). 
A unidirectional microphone is also 
employed here. (See Question 4.47.) 

2.127 Show the basic placement for 
recording or broadcasting a large sym-
phony orchestra.—The basic plan for 
microphone placement, when recording 

or broadcasting a large symphony or-
chestra, is shown in Fig. 2-127. Al-
though only a few microphones are 
shown, actually in such a large opera-
tion microphones would be placed in 
several other positions to pickup a solo-
ist or a group of instruments. This 
would be particularly true for televi-
sion. An overall microphone is sus-
pended about 15 feet above the orches-
tra, and about 50 to 25 feet in front of 
the first row of instruments. Consider-
able care must be taken to balance the 
orchestra for a uniform pickup. If the 
recording or broadcast is to be released 
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Fig. 2-126. Typical microphone setup for radio broadcast show. 
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Fig. 2-127. Basic setup for large symphony orchestra. 

stereophonically, dual microphones and 
special placement techniques are em-
ployed. 

2.128 Describe the different meth-
ods used to produce artificial reverbera-
tion.--Over the years there have been 
many different methods of generating 
artificial reverberation. Among these 
methods are magnetic recorder-repro-
ducers employing several reproducer 
heads spaced at intervals along the 
tape to induce delay. Another method 
uses long metal pipes laid in a straight 
line or coiled, with a loudspeaker unit 
at one end and a microphone at the 
other. Additional microphones are 
placed at intervals along the pipe to in-
duce delay. Another design, the echo 
chamber, propagates the sound by 
means of a loudspeaker in a room with 
hard walls. The sound is fed to a loud-
speaker and picked up by a microphone 
at the opposite end of the room. An-
other method employs the transmission 
of sound waves through a group of steel 
springs or liquid. In this design, vibra-
tions are picked up from the sides of 
the tank, thus inducing delay. 
The most commonly employed instru-

ment is one using a large metal plate. 
This method is discussed at length in 
Question 2.130. (See Question 2.80.) 

2.129 Describe the construction of 
a reverberation unit employing steel 
springs.—Reverberation units employ-
ing steel springs are often used with 

electronic organs and in some type units 
designed to be used with radio receiv-
ers. Reverberation is the prolongation 
of sound waves by repeated reflections, 
and if the reflection is long enough to 
be delayed V20 second, it is then classed 
as an echo. 

The device shown in Fig. 2-129A is 
electromechanical, and introduces mul-
tiple echoes by means of reflections set 
up in a network of coiled springs about 
3 feet in length. The audio signal, when 
fed into the reverberation unit, is con-
verted into mechanical energy by a 
moving-coil driver unit at the top of 
the spring assembly. The driver unit is 
similar in design to a dynamic loud-
speaker unit, but without a diaphragm. 
Waveforms are transmitted through the 
coiled springs, which have the property 
of conducting the sound waves more 
slowly than the speed of sound through 
air. In this manner, a spring of sufficient 
length can be made to produce a delay 
comparable to that in a large audito-
rium. 
The driver unit (A) induces vibra-

tions into the stirrup (B) by its vertical 
motion. Springs 3 and 4 hold the stirrup 
in position, but permit it to move with 
freedom in the vertical plane. Spring 1, 
at the far left, balances the tension of 
the other springs, through lever (F) 
above the driver unit. Springs 1, 3, and 
4 are almost entirely immersed in oil, 
as they act largely as dampers, to sta-
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bilize the response of the driver unit 
and to prevent undesired reflections. 

Sound waves from the stirrup travel 
downward through the open spring 5 at 
the far right, to a ceramic pickup (C), 
where the mechanical signal is con-
verted to an electrical signal and fed to 
a preamplifier. The first reflected signal 
is delayed about M second from the 
original signal, which goes directly to 
the output amplifier. The same wave-
form also travels downward through 
spring 2 which enters a small oil damp-
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Fig. 2-129A. Interior construction of an 
electromechanical reverberation unit 

employing coil springs. 
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ing tube. At the bottom of this spring, 
the wave is reflected back at a reduced 
intensity caused by the damping action 
of the oil. At the stirrup, the horizontal 
lever (D) transfers the wave to the 
right hand spring 5, then to the pickup 
(C), producing a second reflected 
sound, which is about M5 second behind 
the direct signal. Little energy is ab-
sorbed by the pickup unit and the wave 
again is reflected back through spring 
5. The first reflected signal transverses 
spring 5 and is transferred by lever (D) 
and travels downward through spring 
2, to the short oil tube. Here again the 
wave is reflected and reduced in inten-
sity. It then retraces the same path to 
the pickup, and produces a third reflec-
tion which is about Ms second behind 
the direct signal. The second reflected 
signal is similarly repeated, and this 
process continues over and over, result-
ing in a series of signals about 345 sec-
ond apart, until they are dissipated by 
the friction of the oil in the short tube. 

Above the short oil tube is placed a 
reflecting pin (E) attached to spring 2 
which causes a partial reflection, thus 
smoothing out the overall response. The 
higher the level of the oil in the short 
tube, the less the number of reflections. 
Therefore, adjusting the oil level 
changes the reverberation time. Gen-
erally when the oil level has been es-
tablished once, it is not changed, and 
only the electrical controls are used to 
control the amount of reverberation. A 
block diagram of the external connec-
tions is shown in Fig. 2-129B. The use 
and connections for reverberation units 
and controls in conjunction with re-
cording consoles, are discussed in Sec-
tion 9. (See Question 2.128.) 

2.130 Describe the construction of a 
reverberation unit employing a steel 
plate.—Because of the limitations of the 
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Fig. 2-129B. External tion for an electromechanical reverberation unit. 
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various methods of producing artificial 
reverberation, discussed in Question 
2.128, and the space required for the 
construction of an echo chamber 
(Question 2.81), other means had to be 
developed for the generation of con-
trolled synthetic reverberation. In Figs. 
2-130A and 2-130B is shown a device 
invented by Dr. W. K. Kuhl, of Ham-
burg, West Germany and manufactured 
by EMT of Germany. The reverberation 
unit is obtainable for either mono-

Fig. 2-130A. Front view of EMT Model 
140st stereophonic reverberation unit 
showing the damping-plate assembly and 
external connections to the amplifiers. 

(Courtesy, Gotham Audio Corp.) 
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Fig. 2-130C. Placement of the micro-
phones and driving unit for an EMT 
Model 140st stereophonic reverberation 

unit. 
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phonic or stereophonic reproduction. 
However, the stereophonic type may be 
used for either monophonic or stereo-
phonic reproduction. As the basic prin-
ciples are the same for either type, only 
the stereophonic type will be discussed. 
The EMT reverberation unit utilizes 

the physical properties of metal to 
achieve its effect, by the use of a 
specially selected annealed steel plate. 
The plate is excited by an impulse 
which sets up within the plate, bending 

Fig. 2-130B. Rear view of EMT Model 
140st stereophonic reverberation unit 
showing the two pickup units at the ends 
and the drive unit in the center. (Cour-

tesy, Gotham Audio Corp.) 
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Fig. 2-130D. Reflection paths in the 
steel plate of an EMT 140 monophonic 

reverberation unit. 



92 

o  

THE AUDIO CYCLOPEDIA 

o 

LEFT INPUT 

o  

+8 VU-IN 

ISOLATION 
AMP. 

ISOLATION 
AMP. 

+8W-IN 
o  

RIGHT INPUT 

o  

DRIVER 
AMP DRIVER 

P/U 

P/U 

OUTPUT 

OUTPUT 

EMT - 140ST STEREO REVS. UNIT 

OUTPUT LEFT 

I +8 VU- OUT 

VU- OUT 

OUTPUT RIGHT 
o 

Fig. 2-130E. Block diagram of the internal and external associated equipment for 
EMT 140st stereophonic reverberation unit. The arrows indicate the two paths of 

signal travel. (Courtesy, Gotham Audio Corp.) 

oscillations that will produce reflections 
which increase in density with time. 
Reflections in a three-dimensional 
room, such as an echo chamber (Ques-
tion 2.81), become more dense as a 
function of the square of time. In com-
paring the two systems, the human ear 
is unable to recognize the difference 
between these two operating modes. 

Through appropriate steel and criti-
cally chosen dimensions, it is possible to 
produce a plate that will have an ade-
quate number of oscillations. The length 
and frequency response of the decay 
time produce an artificial reverberation 
effect which is comparable to that ob-
tained using a conventional echo 
chamber. Referring to Fig. 2-130B, the 
principal component of the unit is a Y32-
inch steel plate (A), suspended at its 
four corners by steel wires under ten-
sion, in a tubular steel frame (B). At 
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the front (Fig. 2-130A), parallel to the 
steel plate is a Fiberglas plate (A) sus-
pended on a pantograph mechanism to 
permit its movement toward or away 
from the steel plate. At a position of 1/4  
inch from the plate, the reverberation 
time is reduced to 1 second at 500 Hz. 
At no time does the absorbent material 
come in actual contact with the steel 
plate. The movement of the damping 
plate may be accomplished by the use 
of a manual control (C), or by the use 
of a remote control from the mixer con-
sole. The reverberation time is indicated 
in fractions of a second on a remote 
meter at the console. 

In selecting the material for the plate, 
its internal damping and the resulting 
reverberation must be taken into con-
sideration. Losses in the plate are addi-
tively formed by the nonfrequency-de-
pendent and the frequency-dependent 
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Fig. 2-130G. Tolerance range of the frequency response for an EMT 140st rever-
beration unit, using white noise with 1/4 -octave filter on 25-Hz warble-tone gener-

ator. A 2-second reverberation time. 

parts which are caused by the heat con-
ductivity loss of the bending modes. For 
the high frequencies the nonfrequency-
dependent parts predominate. For the 
midrange and low frequencies, the fre-
quency-dependent parts predominate. 
Since phase velocity of the bending 
mode of the plate in the entire fre-
quency range is smaller than the veloc-
ity of air, damping of the plate through 
the greatly reduced radiation of air-
borne sound may be neglected, when 
compared to other damping causes. 
Damping is approximately directly pro-
portional to the frequency, and in-
versely proportional to the thickness of 
the plate. 

The plate is of a high quality cold-
drawn steel, approximately 3 feet x 6 
feet X 1/44 inch in thickness, and will 
cause a time delay of about 5 seconds 
at a frequency of 500 Hz. The plate 
must be completely undamped, and ex-
tremely flat. Referring again to Fig. 
2-130B, the tubular frame supporting 
the plate has three transverse bridges. 
One carries the moving-coil driver unit 
(C), while the other two carry two 
crystal contact microphones or pickup 
units, (D and DD). The frame also sup-
ports the damping mechanism for con-
trolling the length of the reverberation 
time. (See Fig. 2-130C). 

The steel plate is excited by an audio 
signal applied to the driver unit, which 
is similar in construction to a dynamic 
speaker unit, but without a diaphragm. 
The reverberated signal is picked up by 
the contact microphones, (D and DD). 
Since these microphones are accelera-
tion-sensitive, their output voltage rises 
at the low frequencies around 250 Hz, 
stays constant up to 900 Hz, and falls 
off at a rate inversely proportional to 

the frequency. The resonant frequency 
of the microphones is well beyond 
20,000 Hz. The internal capacitance of 
the crystal microphone is approxi-
mately 500 pF. The vibrational patterns 
set up in a plate for a monophonic unit 
are shown in Fig. 2-130D. 

At a frequency of 1000 Hz, the travel 
time between the driving unit and the 
microphone is about 6X 10-' seconds, 
which equals the time a sound wave in 
air travels 6 feet. Because of this short 
time of travel of the flexing waveforms, 
the successive repetitions follow in 
rapid sequence, with the number of 
reverberations growing with time. 
When adding reverberation to stereo-

phonic recordings, two separate condi-
tions must be satisfied. First, it must 
extract from the stereo signal its direct 
component, and second, it may not as a 
result adversely affect the significant 
information contained therein. To 
achieve this end, use is made of a so-
called "M" channel, which is formed by 
the addition of two stereo signals, ac-
cording to the formula, A +B = M 
(See Question 4.62). This is accom-
plished by feeding a part of the unre-
verberated signal output to micro-
phones D and DD through isolation 
networks, to a common bus. For com-
patibly recorded signals, this addition 
of signals D and DD into an "M" chan-
nel produces a monophonic signal con-
taining all the information of the two 
stereophonic signals. The two reverber-
ated signals from the microphones are 
incoherent and bear no relationship. 
This is an important factor, for the two 
resulting stereo signals with echo must 
have between them a statistically dis-
tributed directional and informational 
content. The frequency response of the 
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reverberation time, without additional 
damping, corresponds approximately to 
that of an empty stone-walled church, 
or about 5 seconds at 500 Hz. At the 
low-frequency end there is a rise, and 
toward the high frequencies a decline 
of about 1.5 seconds, out to 10,000 Hz. 

The driving amplifier is so designed 
that the third order harmonics will not 
exceed 0.6 percent for a peak level of 
1.55 volts at the input, using white 
noise through a %-octave filter. This 
takes into consideration the statistical 
power distribution of sound modulation 
which normally drops toward the 
higher frequencies. Signal-to-noise ra-
tio, measured at the output of one con-
tact microphone preamplifier, using a 
reference frequency of 300 Hz with a 
reverberation time of 2 seconds, is 
greater than 60 dB. 

Several of these units may be in-
stalled in a single room, without fear of 
interference, as there is practically no 
sound radiation. The ambient noise 
level of the room should not exceed 40 
dB SPL. To eliminate low-frequency 
noises transmitted through the struc-
ture, the units should be set on resilient 
mountings, spaced about 1 foot apart. 
A block diagram of the internal and 

external connections for the stereo-
phonic unit and its associated equip-
ment, is given in Fig. 2-130E. The re-
verberation characteristics as a function 
of frequency for various distances of the 
damping plate from the steel plate, is 
shown in Fig. 2-130F, and the frequency 
tolerance, using a white-noise generator 
and octave filter, at a reverberation 
time of 2 seconds, is given in Fig. 
2-130G. The same information may be 
obtained, using a 25 Hz warble oscilla-
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Fig. 2-131A. Tempo regulator threaded 
for tempo regulation. 

tor. The internal input impedance is 
1000 ohms, and the internal output im-
pedance is 25 ohms, and is designed to 
operate into a 200-ohm load impedance. 
The complete unit is mounted in a 

wooden case, and weighs approximately 
400 pounds. The external and internal 
appearance of the monophonic unit is 
the same, except for the additional am-
plifiers and contact microphone. 

The installation of the described re-
verberation unit is quite critical, if the 
maximum capabilities are to be real-
ized. The manufacturer's instructions 
must be followed closely, as the adjust-
ment of the steel-plate tension is all 
important. The use of reverberation 
equipment is discussed in Section 9. 

2.131 What is a tempo regulator?— 
A device that may be attached to a 
standard magnetic-tape recorder, for 
changing the program length without 
changing the pitch, or changing the 
pitch without changing the program 
length. 

In Fig. 2-131A is shown a tempo reg-
ulator, manufactured by ELTRO GmbH 
& Co., Heidleberg, West Germany, 
threaded for tempo regulation. For 
pitch control the machine is threaded 
as shown in Fig. 2-131B. For pitch con-
trol the most critical component is the 
rotating-head assembly, which consists 
of a single magnetic head-coil, with 
four separate playback headgaps 0.0002-
inch in height, spaced 90 degrees apart 
at the perimeter. It is essential that the 
four gaps match perfectly with respect 
to three important details. First, the 
angular spacing must be exactly 90 de-
grees. Second, the four gaps must be 
absolutely parallel to each other. Third, 
the output from all four heads must 

STUDIO RECORDER 

ROTATING 
HEADS 

SPEED 
CONTROL TEMPO REGULATOR 

Fig. 2-131B. Tempo regulator threaded 
for pitch regulation. 
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Fig. 2-131C.. Expansion-compression control scale on an Eltra tempo regulator unit. 
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Fig. 2-131D. Playback with an expansion of 20 percent. Every 5th section is re-
peated as indicated by the arrows. 
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Fig. 2-131E. Playback with a compression ratio of 10 percent. -Every 10th section 
is omitted. 
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Fig. 2-131F. Playback with a compression ratio of 50 percent. Every 2nd section 
is omitted. 

correspond within 1 dB, over a fre-
quency range of 30 to 15,000 Hz. 
The head-coil is comparable to those 

used on a standard tape recorder. The 
output of the rotating-head assembly is 
connected in place of the playback head 
on the studio recorder. The magnetic 
tape is threaded around the rotating-
head assembly, to make a 90-degree 
wrap-around covering two head-gaps. 
During playback, the rotating head 
scans the tape by one gap, leaving the 
tape as the next gap starts to scan. This 
action provides continuous reproduc-
tion regardless of the tape speed or the 
rotational speed of the head. 

The capstan of the regulator unit is 
fixed to a rotating stator of a drive 
motor. This stator is driven by an aux-
illiary motor over a constantly variable 
transmission. The playback-head as-
sembly is driven by the rotor of the 
drive motor through a gear transmis-
sion. Both motors are synchronous; 
therefore, the speed of the capstan, in 
relation to the speed of the playback 
head, remains constant. 

Consider now, what actually deter-
mines the pitch. It depends on the speed 
of the head gap relative to that of the 
tape. If the tape is threaded in the stan-
dard recorder, as shown in Fig. 2-131B 
and the speed indicator dial set to 100 

percent, the rotating head will be at 
rest, and the tape will playback nor-
mally with constant speed and constant 
pitch. If the head assembly is rotated 
in a direction opposite to the tape 
travel, the result will be an increase in 
the relative head gap to the tape speed 
with an increase in pitch. Rotating the 
head in the direction of the tape travel, 
the relative speed of the gap-to-tape 
speed is decreased and the pitch is 
lowered. As an example, if the rota-
tional speed of the head-gap is in-
creased to twice the gap-to-tape speed 
(30 ips), the pitch will be raised one 
full octave. To illustrate tempo change, 
it will be assumed that the pitch, as 
explained above, has been raised one 
octave. Now if the speed of the play-
back is changed to 7.5 ips, the pitch is 
brought back to normal, while the 
tempo has been cut in half. This the 
regulator accomplishes by linking the 
rotational speed of the head with the 
speed of the studio recorder capstan in 
such a manner as to maintain the pitch 
constant over a wide range of speeds. 

To better understand the tempo reg-
ulator functions, expansion of the re-
production time takes place when the 
head is rotating in the opposite direc-
tion of the tape travel. When compres-
sing the program material, the head 
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rotates in the direction of the tape 
travel. The tape speed during repro-
duction, in relation to the original re-
cording speed of 15 ips, is adjustable 
by a control on the regulator. For ex-
ample, with the control at 120 percent, 
an increase in tape speed by 20 percent 
results in a reduction of reproducing 
time to 9 9ízo X 1% = 83.33 percent of 
the original recording time. A decrease 
of tape speed to 95 percent represents 
an increase of reproducing time to 
10965 x 1% = 105.26 percent of the orig-
inal recording time. The tape speed may 
be varied from approximately 50 to 200 
percent of the original recording time. 
Accurate adjustments to within 0.5 per-
cent of the recording speeds are possi-
ble. 

In Fig. 2-131C is shown the scale on 
a regulator unit for setting the speed 
of the rotating head for a given com-
pression or expansion. The area be-
tween 80 to 120 percent is the normal 
operating band, where the minimum 
amount of distortion may be expected. 
Outside of these limits, the distortion 
will increase, depending largely on the 
type of recording. 

The increase of reproducing time is 
basically an expansion of the recording 
time, obtained by repeating the repro-
duction time of certain individual sec-
tions. The decrease of time is obtained 
by omitting certain sections of the re-
cording, and combining the remaining 
sections to obtain a continuous repro-
duction. At the same time, the speed of 
the recording medium in relation to the 
playback media (relative speed) is con-
stant. This is achieved by the special 
motor assembly discussed previously. 

Playback of a tape with an expansion 
ratio of 20 percent means the reproduc-

tion of every 5th section of tape is re-
peated again, as shown in Fig. 2-131D. 
The arrows above the numerals indi-
cate the repeated sections. Using the 
compression ratio of 10 percent (Fig. 
2-131E), every 10th section is omitted, 
and the llth section follows immedi-
ately after the 9th section, the 21st after 
the 19th, etc. Using a compression ratio 
of 50 percent, every 2nd section is 
omitted (Fig. 2-131F). 
To prevent the occurrence of audible 

distortion, it is necessary that during 
expansion no complete sounds are 
omitted, or during compression, no 
complete sounds are repeated. The ad-
ditions or deletions are on the order 
of 30 milliseconds, and are always 
shorter than the shortest sound, in 
either music or speech. In use, the reg-
ulator unit may be installed perma-
nently on a studio recorder, or set on a 
stand that is parallel with the transport 
system of the recorder. The output of 
the rotating head is connected in place 
of the normal playback head in the 
studio recorder. The regular unit con-
tains no amplifiers or electronic com-
ponents, except the spivial driving 
motor assembly. 
Tempo regulators have been used 

quite successfully in the motion picture 
industry for correcting sound tracks 
where the sound and picture are not 
synchronized. The sound track is rere-
corded at a speed that matches the 
action. If the out of sync conditions are 
such that the rate of change varies be-
tween action and sound, short sections 
of the sound track are rerecorded and 
during the editing are cut in at the 
proper positions. 

Other uses for tempo regulators in-
clude training courses, slowed down 

Fig. 2-132A. Universal Audio Inc., Model 962 Digital Metronome. 
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Fig. 2-I32B. Schematic diagram for Universal Audio Inc. Model 962 

digital metronome. 
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speech for language study, decreasing 
the time of commercials for radio, dic-
tation speed reproduction, and many 
other uses. Speech compression is also 
possible using computer techniques. For 
details of this type compression the 
reader is referred to the appropriate lit-
erature. 

2.132 Outline the principles of met-
ronome design and operation.—Metro-
nomes are either a spring-driven or 
motor-driven mechanical device, with 
a moving pendulum, which produces a 
tick as it moves back and forth, for 
beating time. The rate of the beat is 
controlled by a movable bob that may 
be raised or lowered on the pendulum, 
to adjust for a fixed amount of beats 
per minute. 

The Universal Audio Inc., Model 962 
digital metronome (Fig. 2-132A) is a 
precision instrument capable of 312 dif-
ferent tempo beats with maximum de-
viation (nonaccumulative) on the order 
of -± 250 microseconds, and is used by 
motion picture studios for animation, 
sound effects, and with music scoring. 
The volume is adjustable, and low out-
put impedance permits the use of a 
large number of headphones. The beat 
has a sharp and distinct wavefront, so 
that it may be easily heard over back-
ground noise usually present in film 
loops. Based on film speeds of 24 fps, 
tempo beats of 1 frame per beat to 40 
frames per beat in 1/4  steps are available 
by selector switches. 
An oscillator, synchronized to the 60-

Hz line frequency generates the timing 
pulses. When the proper count of pulses 
is reached, an output click is produced, 
and the counter is reset. Two voltages, 
—3.6 and —16 Vdc, and a 120-Hz signal 
for oscillator synchronization, are gen-
erated in the power supply. The natural 
frequency of the oscillator is slightly 
slower than the required 960 Hz since it 
is a free-running (astable) unsymmet-
rical multivibrator so designed for ease 
in synchronization, which is accom-
plished by the 120 Hz derived from the 
transformer secondary and diodes CR3 
and CR4. The schematic diagram is 
given in Fig. 2-132B. 

2.133 How are film spool-banks 
and continuous film-feed mechanisms 
constructed?—A film spool-bank is a 
group of 16-mm or 35-mm ball-bearing 
plastic rollers used in film processing 
machines, mounted on a metal pole with 
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PROJECTOR OR 
SOUND HEAD 

CLAMP 

Fig. 2-133A. Film spool-bank with ad-
justable rollers. 

Fig. 2-133B. Film spool-bank using a 
plywood support. 

DEVICE 
BEING 

SUPPLIED 

INNER 

CONTINUOUS 
FILM FEED 

OUTER 

Fig. 2-133C. Continuous film-feed mech-
anism, for audio-visual devices 

clamps for holding and separation of 
the rollers, as pictured in Fig. 2-133A. 
A portion of the rollers are mounted on 
short supporting arms to permit the 
film loops to clear each other as shown. 
Using several rollers will permit a 
rather large amount of film footage to 
be stored with little wear to the film 
surfaces. 
A second method (Fig. 2-133B) em-

ploys a group of rollers mounted on a 
plywood board. This will also store 
considerable film. Both these methods 
of loop storage are used extensively in 
rerecording installations. 
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A third method is given in Fig. 

2-133C, and consists of a loosely wound 
roll of film mounted on a motor-driven 
flange. The inner end of the film sup-
plies the projector or sound head, while 
the outer end acts as a take-up. The 
driving-motor speed must be constant 
and compatible with the device being 
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supplied. This system if not cleaned fre-
quently may abrade the film surfaces. 

The latter system is used quite fre-
quently with audio-visual filin display 
units, while the other two described 
may be used when looping dialogue and 
picture. (See Questions 17.208, 17.224 
to 17.227, and 17.230.) 
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Section 3 

Constant-Speed Devices, 
Motors, and Generators 

The search for obtaining a constant linear speed is one that has been going on 
for years. The paper by Dr. E. W. Kellogg, "A Review of the Quest for Constant 
Speed," Journal SMPTE, April 1937, is a classic on this subject. For the recording 
and reproduction of sound, many drive systems have been developed, and ingeni-
ous new devices are still appearing. This section discusses the fundamental princi-

ples of constant-speed driving systems, single- and three-phase interlock systems, 
power-factor correction, motors, inverters, and general synchronization for both 
studio and location. Synchronization of camera and 1/4 -inch tape recorders by 
means of line frequency sync pulses are discussed as well as several different types 
of resolving systems. 

3.1 What does the term constant 
speed mean?—A device which moves in 
a given direction without a change in 
velocity. The term constant speed is 
used in the recording industry to indi-
cate devices used for driving recording 
and reproducing equipment. 

3.2 What is the smallest change in 
the speed of a reproducing device which 
will be perceptible to a critical listener? 
—Approximately 0.30 percent at a fre-
quency of 3000 Hz. The average person 
can detect about one percent. 
3.3 If the speed of a recording device 
is increased above normal, what is the 
effect on reproduction?—When the re-
corder material is • played back at the 
correct speed; the pitch will be lowered 
and the playing time _increased. The 
reverse is true ,if the recording speed 
is below normal. 

3.4 What types of motors are used 
for driving studio recording and repro-
ducing equipment?—Synchronous, mul-
tiduty (dual purpose) and selsyn-inter-
lock motors, which may be used with 
either single- or three-phase power. 
The selsyn interlock motors are driven 
from a selsyn generator. 

3.5 What controls the speed of a 
synchronous motor?—The frequency of 
the applied power source. 

3.6 What is an induction motor?— 
Of all the motors used for alternating 
current operation, the induction motor 
enjoys the greatest use. Induction mo-
tors are a form of squirrel-cage motor, 
the armature consisting of a group of 
heavy copper bars welded to heavy 
copper rings at each end of the arma-
ture laminations. (See Fig. 3-6A.) The 
copper bars are short-circuited at each 
end by the copper rings, thus circulat-
ing currents will be induced in them by 
the field windings. The induced cur-
rent reacts on the field, causing the 
armature to turn. The armature does 
not turn at the same speed as the ro-
tating field, but runs somewhat slower. 
The difference between these two 
speeds is called "slip." Thus, if the rotor 
turns at 1750 rpm and the synchronous 
speed is 1800 rpm, the slip is 2.78 per-
cent. 

To understand how an induction 
motor functions, the action of the ro-
tating field must be understood. Fig. 
3-6B shows the field construction of a 
typical induction motor having six field 
poles. Each pole and its opposite mem-
ber are energized by one of the 3-phase 
windings labeled phase A, B, and C. 
It will be noted that Pole 1 is connected 
in series with Pole 4, Pole 2 is in series 
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(a) Side view. (b) End view. 

Fig. 3-6A. Rotor for a squirrel-cage 
motor. 
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Fig. 3-68. Field-coil connection of a 
three-phase induction motor. 
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t 

Fig. 3-6C. Rotating magnetic field of a 
three-phase induction motor. 

with Pole 5, and Pole 3 is in series with 
Pole 6. The voltages applied to these 
poles are of equal magnitude but differ 
in phase, as shown in Fig. 3-6C. 

Following the voltages as they are 
applied to the pole coils for a given in-
stant, at zero degrees the magnetic field 
produced by the three voltages is at a 
maximum and extends from Poles 1 to 
4. Under these conditions, it will be 
assumed that Pole 1 is North and Pole 4 
South. At Position 1, or 60 degrees, the 
magnetic field has its greatest intensity 
extending from Pole 2 to Pole 5. At this 

instant, Pole 2 is North and Pole 5 
South. At 120 degrees of rotation, at 
Position 2, the magnetic field is at maxi-
mum from Pole 3 to Pole 6 and it is ap-
parent the field is rotating clockwise. At 
Position 3 or 180 degrees, Poles 4 and 1 
are North and South, respectively, and 
the field has continued to rotate. This 
action is continued for each cycle. If the 
field current has a frequency of 60 Hz, 
the magnetic field rotates 60 times per 
second, or 3600 rpm. This is called the 
synchronous speed. However, the rotor 
does not rotate exactly at synchronous 
speed but turns slightly slower, induc-
ing slip. Slip is discussed in Question 
3.12. 

3.7 What controls the speed of an 
induction motor?—The voltage of the 
applied power; however, induction mo-
tors are not absolute constant-speed 
devices and should not be used when a 
constant speed is essential. 

3.8 What determines the speed of 
a direct-current motor, series connected? 
—The load and the applied voltage. 

3.9 What is a capacitor-start motor 
and how does it function?—A capacitor-
start motor is similar in its construction 
to an induction motor, except for an 
added starting winding, a capacitor, and 
a centrifugally operated switch. The 
motor is started with the capacitor and 
the start winding in the circuit, which 
causes a phase shift between the wind-
ings, thus creating torque. When the 
motor obtains approximately 80 percent 
of its rated speed, the centrifugally op-
erated switch opens and cuts out the 
capacitor and start winding. Typical 
circuits are shown in Fig. 3-9. 

In some types of motors, the capaci-
tor is left in the circuit after starting, 
as in (b) of Fig. 3-9. Others use a large 
capacitance when starting, then reduce 
its value, as in (c) of Fig. 3-9. A fourth 
method, part (d) Fig. 3-9, employs a 
transformer which transforms a small 
capacitor for starting, then either drops 
out of the circuit or is left in, depending 
on the service required of the motor. 
(See Question 8.34.) 

Capacitor-start motors are used quite 
extensively in magnetic tape recorders, 
record turntables, and similar devices. 
As a rule, the centrifugally operated 
switch is not used with sound equip-
ment because there is a possibility of 
inducing noise when the switch is 
operated. 
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(a) Start only. 

(B) Permanently connected. 

(C) Large capacitor start, smal/ run. 

(D) Transformer coupled. 

Fig. 3-9. Capacitor-start motor circuits. 

3./0 How can an induction motor 
be altered to operate as a synchronous 
motor?—By cutting slots in the arma-
ture which are equal in number to the 
pole pieces, or a multiple thereof, and 
parallel to the shaft. 

3.11 What is an induction genera-
tote—A generator designed similar to 
an induction motor. To generate, it 
must be driven above synchronous 
speed and excited from the same ac 
supply system to which it is to deliver 
power. 

3.12 What is slip in a synchronous 
motor?—The loss in rpm of a motor 
when the load is applied. Upon excita-
tion of the primary windings, a rotating 
field is set up, causing the rotor to ro-
tate. This is called synchronous speed. 
When the load is applied, the speed 
drops. The difference in the two speeds 

is called the slip and is stated in per-
centage of the synchronous speed. Thus, 
if the rotor turns 1750 rpm and the 
synchronous speed is 1800 rpm, the slip 
is equal to 2.78 percent. 

3.13 How is the frequency of on 
alternator calculated? 

F =P (1) or P=F '--32  

where, 
P is the number of poles, 
S is the speed in rpm the machine is 

rotating. 

The figure 120 is a constant for convert-
ing alternations per minute to hertz. 

3.14 What is power-factor correc-
tion?--When a large number of electric 
motors are connected to a power source, 
the power factor drops. To correct this 
condition, capacitors are connected in 
parallel with the power source. (See 
Questions 3.58, 3.59, and 3.60.) 

3.15 What is a shaded-pole motor? 
—A motor having a copper ring around 
a section of the pole piece in the direc-
tion of rotation, as shown in Fig. 3-15. 
This coil is called a shading coil and 
causes a phase difference between the 
flux from the larger portion of the pole 
piece and the flux emanating from the 
smaller portion of the pole piece. This 
produces a two-phase action in the 
armature and is sufficient to start the 
armature rotating. 

FIELD COIL 

NORMAL 
POLE 
PIECE 

COPPER 
RING 

ARMATURE 

Fig. 3-15. A shaded-pole motor with a 
single-turn copper coil on a pole-piece. 

3.16 What is torque?—A twisting 
motion in the operation of a machine. 
Torque is the product of force multi-
plied by the distance from the center 
of rotation. For example, a force of 20 
pounds applied to the end of a two-foot 
pipe wrench would be equivalent to 40 
foot pounds of torque. In motors, two 
types of torque must be considered, 
starting and pull-out. Excessive starting 
torque results in low efficiency, low 
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power factor, and poor speed regula-
tion. If the starting torque is low, the 
load cannot be started. High pull-out 
or stalling torque also means low 
power factor, with high starting cur-
rent. If the pull-out torque is low, the 
motor may stall on small loads. 

3.17 What is a generator?—A de-
vice for converting mechanical energy 
into electrical energy. The electrical 
energy may be either direct or alter-
nating current. 

3.18 What is an alternator?—An 
alternating-current generator. 

3.19 What is a dynamotorP—A 
combination motor and generator, each 
having its own winding. Very often the 
motor section is of low-voltage direct 
current design and the generator sec-
tion is of high-voltage direct current 
design. 

3.20 What is a dynamo?—A gen-
erator. 

3.21 What is a genemotorP—It is 
similar to a dynamotor. 

3.22 What is a rotary converter?— 
A motor-generator consisting of a de 
motor direct-coupled to an ac genera-
tor mounted on a common base. The 
motor is battery driven from a storage 
battery of 6, 12, or 32 volts. The ac 
generator section consists of a 250- or 
500-watt, 115-volt unit. Both the dc and 
ac sides are filtered to prevent the 
brushes on the dc side and the slip 
rings on the ac side from transmitting 
noise to the equipment being driven by 
the converter. 
A typical machine of this type, man-

ufactured by the Carter Motor Co., is 

Fig. 3-22. Carter Motor Co., Model BR-
1021CP converter, with manual fre-
quency control and frequency meter. 

pictured in Fig. 3-22. It is especially de-
signed for driving sound equipment, 
and will handle loads up to 250 watts 
having a power factor of 70 percent. 
The frequency of the ac voltage is con-
trolled manually by a field rheostat in 
the case above the machine, and indi-
cated on a vibrating-reed type fre-
quency meter. 

Rotary converters are also manufac-
tured using a common winding and 
armature for both the de and ac sides 
of the machine. Such machines are not 
satisfactory for use with sound equip-
ment because the common connection 
between the dc and ac sides of the 
circuit results in the transmission of 
brush noise to the sound equipment. 
. 3.23 What is an inverter?—A de-

vice for changing direct current to al-
ternating current. This is generally ac-
complished by means of vacuum tubes. 
(See Question 21.107.) 

3.24 What does the term electrical 
degrees mean when associated with a 
motor or generator?—Electrical degrees 
are equivalent to mechanical degrees 
times the number of pairs of poles in 
the machine. 

3.25 What is ambient temperature? 
—The temperature of the surrounding 
air or medium in which a device is 
operating. Motors are rated for a given 
rise in temperature. (See Question 
25.136.) 

3.26 What is a delta connectiont— 
A winding connected in the form of the 
Greek letter delta, as shown in Fig. 
3-26. 

3.27 What is a wye connectiont— 
A winding connected in the form of the 
letter Y, as shown in Fig. 3-27. 

3.28 What is a star connection?— 
Windings connected as shown in Fig. 
3-27. 

3.29 How may the direction of rota-
tion of a three-phase motor be reversed? 
—By reversing any two wires of the 
3-phase power source. 

3.30 How may a single-phase motor 
be operated from a three-phase source? 

Fig. 3-26. Delta connection for motors, 
generators, and transformers. 
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Fig. 3-27. Wye- or star-connected motor. 

—By connecting a transformer of the 
correct voltage ratio between the motor 
and one pair of the 3-phase power 
source leads, as shown in Fig. 3-30. It 
is common practice in the motion pic-
ture industry to operate single-phase 
motors in conjunction with 3-phase 
motors using the described method. 

220V 3/ 
A 

13 PHASES 

C 

220/115 VOLT 
TRANSFORMER 

115V 10 
Fig. 3-30. Transformer connections for 
single-phase operation from a three-

phase source. 

3.31 Can a single-phase synchro-
nous motor be operated in conjunction 
with a three-phase motor system and 
still maintain synchronization?—Yes, 
provided it is operated from the same 
power source. Many times sound equip-
ment using single-phase synchronous 
motors is operated with cameras driven 
by three-phase motors, during the 
shooting of motion pictures. The above 
system is only used when shooting the 
original picture and sound tracks. For 
rerecording, a selsyn interlock system is 
used. Fig. 3-30 shows how the single-
phase motor is connected to the 3-phase 
power source. If the 3-phase and single-
phase power are fed from the same 

SUPPLY LINE 

A o -

;OE  

source, the single-phase motor may be 
fed from any single-phase source of 
power. 

3.32 Will a three-phase camera 
motor operate satisfactorily on either a 
three- or four-wire power system?—Yes, 
provided the power characteristics of 
the motor are such that it will develop 
sufficient power when operating on the 
four-wire system. Three-phase, three-
wire systems are generally of the order 
of 230 volts between phases. Four-wire 
systems are approximately 208 volts 
between phases. This means that when 
the motor is operating on a four-wire 
system, the power developed by the 
motor is considerably less than normal 
when operating from a three-wire sys-
tem. A motion picture camera when 
cold requires considerably more power 
to operate; therefore, tests should be 
made to determine whether the camera 
can be brought up to speed Vefore using 
it on production. 

Generally, it is necessary to rewind 
a 3-phase motor designed for 230-volt 
operation, if it is to be used on a four-
wire system. A four-wire, 3-phase, 208-
volt power distribution system is shown 
in Fig. 3-32A. The voltage between any 
two phases at the load side is 208 volts. 
120-volt single-phase power may be 
taken between ground and any one of 
the three phases. 
The characteristics of a 220-volt, 

three-phase camera motor operating 
from a power source of 208 volts is 
shown in Fig. 3-32B, part (a). It will be 
noted that as the voltage is reduced be-
low 208 volts, the motor speed starts to 
drop off because of the lack of power, 
which reduces the frames per second 
at a voltage of 200 volts. Part (b) is 
the power curve after rewinding the 
motor to operate at 208 volts. Here it 
may be seen the motor runs at its nor-
mal speed down to 200 volts and main-
taining a speed of 24 frames per second. 

3-PHASE, 4-VeRE TRANSFORMER 
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(a) Three-phase, three-wire. 

230 225 220 25 

SUPPLY VOLTAGE 

210 205 200 195 

(b) Three-phase, four-wire. 

Fig. 3-32B. Supply voltage versus sync drop-out of a three-phase synchronous 
camera motor. 

The curves are actual curves made on 
a motor that is standard for 35-mm 
cameras and were made after running 
3000 feet of film through the camera to 
warm up the motor. (See Question 
822.) 

3.33 What is an asynchronous mo-
tor?—One in which the speed is not 
proportional to the frequency of the 
power source. 

3.34 How many electrical watts are 
equal to one horsepower?-746 watts. 

3.35 How is the speed of a single-
phase camera motor affected when the 
voltage source is lowered?—Fig. 3-35 
shows a test made on a typical single-
phase camera motor plotted as line 
voltage versus frames per second for 
both warm and cold conditions of the 
motor. It will be observed that when 
the motor is warm the voltage may be 
dropped from 120 volts to 114 volts be-
fore the frames per second start to fall 
off. The condition is considerably worse 
when the motor is cold, as shown by the 
solid line. 

This clearly indicates that the motor 
must be warmed up before using it, or 
that the voltage source must be main-
tained sufficiently high to maintain the 
correct speed. This may be accom-
plished by the use of a continuously 
variable autotransformer. (See Ques-
tion 8.8.) 

3.36 What is a prony brake?—A 
friction device used for measuring the 
brake horsepower of a motor. The 

25 e;   
RI 

24 n-
th 

23 •:c   
RI 
u. 120 

brake consists of an arm (Fig. 3-36) 
and a friction band clamped around a 
pulley mounted on the end of the motor 
shaft. The tension of the friction band 
may be adjusted by the wing nuts at 
the top of the band. A spring balance 
scale is connected to the end of the 
arm and secured overhead. The motor, 
in rotating, causes the friction band to 
move the arm downward and pull on 
the scale which is calibrated in either 
ounces or pounds. Knowing the speed 
of the motor, the length of the arm 
from the center of the motor shaft, and 
the pull on the scale, the brake horse-
power may be calculated as follows: 

airL x rpm X lbs 
33,000 

where, 
L = Length of the brake arm in feet, 
rpm = speed of motor, 
lbs = the pull on scales, in lbs. 

FRICTION I FRICTION 
ADJUSTMENT , BAND 

ARM 

MOTOR 
SHAFT 
OR WHEEL I 

SCALE 

Fig. 3-36. Prony brake for measuring 
brake horsepower of a motor. 

3.37 What is the formula for cal-
culating the required size capacitor for 
a capacitor-start motor? 

MOTOR COLD 
-- MOTOR WARM 

--

1 8 116 114 

SUPPLY VOLTAGE 

1 2 110 109 

Fig. 3-35. Frames-per-second versus line voltage for a 120-volt synchronous, single-
phase camera motor. 
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2650x amperes  
applied voltage 

where, 
amperes is the current drawn by the 
motor, 

2650 is a constant, 
the applied voltage is equal to the 

line voltage. 

3.38 How is the efficiency of a mo-
tor calculated using a prony brake? 

BHP 
Efficiency = 

where, 
BHP = brake horsepower, 
746 = one horsepower in watts. 

3.39 How can the torque of a motor 
be calculated using a prony brake? 

Torque (in ounce-inches) = 1352 X watts 

where, 
watts is the power consumed by the 
motor, 

rpm is the speed of the motor shaft, 
1352 is a constant. 

rpm 

3.40 How is torque (in ounce-inches) 
 rted to watts? 

oz-in X rPni Watts _ 
1352 

3.41 How is torque (in ounce-inches) 
converted to horsepower? 

Hp — oz-in X rimn  
1,008,000 

3.42 State the equation for calcu-
lating the horsepower of a motor in 
watts.—The relationship of electrical 
horsepower to watts may be defined as 
follows: 

One electrical watt is equivalent to 
one joule per second, or 60 joules per 
minute. Since one joule is equivalent 
to 0.7374 ft-lb, 60 joules will equal 
44.244 ft-lb. Also, one horsepower is 
equivalent to 33,000 ft-lb per min. 
Therefore, the electrical equivalent of 
one horsepower is: 

33'M  or 746 44244 electrical watts. 

The horsepower of a fractional horse-
power motor may be expressed as a 
function of the torque and the revolu-
tions per minute. For fractional horse-
power motors, the approximate formula 
is: 

Hp = (in-oz) X 9.3x N X 10' 
where, 

in-o; is the torque in ounce-inches, 
N is revolutions per minute. 

3.43 How is the efficiency of an 
electric motor calculated? 

Efficiency _ watts output 
watts input 

3.44 How is synchronous speed cal-
culated? 

Sync speed — 120 x line frequency 
number of poles 

3.45 Define the term ounce-inches. 
—It is the weight in ounces that a mo-
tor will lift at a distance of one inch 
from the centerline of the motor shaft. 

3.46 How can commutator noise be 
eliminated?—By the use of capacitors 
and chokes, as shown in Fig. 3-46. The 
most satisfactory method is by cut-and-
try, as each source of noise presents an 
individual problem. As a rule, chokes 
will not be required unless radio-fre-
quency interference is noted. The fre-
quency of the interference will deter-
mine the value of the inductance For 
large dc generators supplying several 
hundred amperes, such as used on mo-
tion picture sets with arc lights, a bank 
of 25 to 50,000 iLF electrolytic capacitors 
is connected directly across the genera-
tor brushes. The capacitors are housed 
in a metal box, grounded to the frame 
of the generator. No smaller than a 
No. 10 gauge wire should be used for 
the capacitor connections. The voltage 
rating of the capacitors should be 25 to 
50 volts greater than the maximum out-
put voltage of the generator. (See 
Question 25.117.) 

3.47 What is an electrical gearing 
system?—A name sometimes applied to 
a selsyn-interlock distributor system 
used for synchronous operation of re-
cording equipment. (See Question 3.49.) 

3.48 What is a selsyn-interlock dis-
tributor system?—A synchronous dis-
tributor system used for interlocking 
sound recording equipment with motion 

(A) (B) 

(c (D) 

Fig. 3-46. Methods of filtering commuta-
tor ripple. The capacitor sizes from A to 

C vary 0.10 to 0.50 microfarad. 
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Fig. 3-49A. A three-phase selsyn-interlock distributor system. 

picture cameras. Selsyn distributor sys-
terns are described in Question 3.49. 

3.49 How does a three-phase selsyn-
interlock distributor system function?— 
The diagram for such a device appears 
in Fig. 3-49A. Starting at the left is a 
control box consisting of a group of 
relays, resistors, and three solenoids, 
one connected in each phase of the 
incoming power source. The solenoids 
have normally a low impedance; how-
ever, at the instant current flows 
through the coil, a soft iron plunger is 
pulled upward into the coil increasing 

its impedance. As the driving motor 
starts to rotate, the initial current drops 
and, as it does, the plunger falls out of 
the coil lowering its impedance to the 
original value. The pulling up of the 
plungers into the starting coils prevents 
the system from making a sudden start 
which might break film or damage 
equipment. When adjusted properly, a 
slow smooth start is obtained, even with 
10 to 20 machines being driven simulta-
neously. The driving motor is a 3-phase, 
220-volt, synchronous type turning 
1200 rpm and is mechanically coupled 

Fig. 3-49B. Control cabinet RCA selsyn distributor unit. 



CONSTANT-SPEED DEVICES, MOTORS, AND GENERATORS 109 

Fig. 3-49C. Selsyn interlock distributor set manufactured by Stencil-Hoffman. The 
electrically controlled brake may be seen at the front of the flywheel. 

to the selsyn distributor unit. A heavy 
flywheel is mounted on the shaft to 
provide a large amount of inertia for 
a soft start and gradual slowdown. 
When running, it also helps to iron out 
small irregularities in the speed. An 
electrically controlled brake may be 
applied to the outer rim of the flywheel 
to bring the system to a gentle stop 
when the circuit to the drive motor is 
opened. When the circuit for running is 
closed, the brake is lifted automatically. 
The sole purpose of an interlock sys-

tem for rerecording and other purposes 
is that all the machines in the system, 
including the projection machine 
(which is the heaviest to start), must be 
brought up to speed in synchronism, 
from a standing start, in about 6 sec-
onds. This must be accomplished in a 
smooth manner to avoid breaking film 
and sound track. 

Selsyn distributors are sometimes 
referred to as rotary transformers, be-
cause of the 1:1 ratio of the two wind-
ings. As a rule, the internal windings of 
the distributor unit are star-connected. 
It will be noted the rotor windings of 
the distributor unit are connected in 
parallel, but not to the power source. 
The stator winding of the distributor 
and all other units being driven are also 
connected in parallel, but in this in-
stance they are connected to the 3-
phase power. Phasing of each unit is 
accomplished by connecting similar 
numbers of the windings together and 
to the same phase. 

Because the distributor unit is al-
ways the largest unit in the system, it 

becomes the master and all other units 
become slaves. When properly phased, 
absolute synchronism is maintained as 
long as the frequency of the power 
source remains constant. Under these 
conditions the system may be termed 
as a constant-speed device. 

In some distributor systems, the 
three solenoids shown in the control 
cabinet (Fig. 3-49B) are replaced by a 
group of resistors connected in the sup-
ply lines to the synchronous drive 
motor. The voltage' drop across the re-
sistors during the high inrush of cur-
rent when the motor is at rest, holds the 
cutout relay open. When the system 
approaches its normal running speed 
the current through the resistors drops, 
and the relay closes, cutting out the re-
sistors. A typical selsyn interlock dis-
tributor set is shown in Fig. 3-49C. 

3.50 How may the selsyn distributor 
unit in Question 3.49 be made to oper-
ate at variable speed?—At times during 
the rerecording of a motion picture, a 
variable-speed distributor system is re-
quired to obtain a particular sound ef-
fect. If a separate distributor system is 
available, it may be made to run at 
variable speed by connecting three var-
iable resistors, R1, R2, and R3, across 
the rotor windings as shown in Fig. 
3-49A. If the values of the three resis-
tors are varied the same amount and 
simultaneously, the speed of the system 
may be controlled. If the three resistors 
are shorted, the machine will run at 
1800 rpm. 

3.51 h it possible to synchronize 
camera and sound with direct current 
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Fig. 3-51. A dc synchronous drive system 
for sound recorder and camera. The mo-
tor speed is set by means of a tach-

ometer. 

motors?—Yes. Special motors are avail-
able for this purpose. The connections 
for such a synchronizing system are 
shown in Fig. 3-51. It will be noted that 
the dc windings of the motors are 
tapped in three different places, 120 de-
grees apart. These taps are carried to 
each motor to be synchronized. Local 
batteries at each motor supply the nec-
essary power for rotating the motors. 
A tachometer is used to set the initial 
speed. 

3.52 How is frequency control ob-
tained in other types of distributor sys-
tems?—Other systems are available, 
similar to the one described in Ques-
tion 3.49, except that vacuum-tube con-
trol circuits have been added to com-
pensate for changes in the power 
frequency. Because present day power 
systems are controlled to hold the fre-
quency within a fraction of one cycle, 
the system described in Question 3.49 
is used in preference to the electroni-
cally controlled type. 

II5V IS 
0 0 1 r 

3.53 Can single-phase selsyn motors 
be used to drive sound equipment?— 
Yes, except that single-phase systems 
are not as efficient as 3-phase systems 
and are more subject to slipping out of 
lock. A diagram of a typical single-
phase, 115-volt, ac interlock system is 
shown in Fig. 3-53. As a rule, single-
phase selsyn motors are internally con-
nected in delta. It will be noted the 
rotors have only one winding and are 
connected to the source of power and 
driven by a synchronous motor me-
chanically connected to the shaft. 

3.54 Describe a simple interlock 
system.—A simple but effective single 
three-phase interlock system can be 
devised by mounting an interlock motor 
on a motion picture projector and driv-
ing the interlock motor from the syn-
chronous motor on the projector by 
means of a Gilmer belt and gears. Al-
though this system is not suitable for 
rerecording, it may be used for running 
picture and sound track in synchro-
nism. As a rule, the motor on the pro-
jector is around to horsepower, 
so no difficulties should be encountered. 
However, for rerecording, a selsyn in-
terlock system is required. (See Ques-
tion 3.49.) 

3.55 Describe an interlock distribu-
tor system, using a differential generator 
for correcting out of phase conditions.— 
At times, during the screening of a pic-
ture it will be discovered that the pic-
ture and sound are out of sync, because 
of improper splicing or threading of a 
machine. This necessitates stopping the 
system and correcting the fault and re-

REMOTE MOTORS 

SYNC 
MOTOR 

_iSHAFT 8 

SELSYN GENERATOR 

Fig. 3-53. A single-phase selsyn-interlock distributor system. 
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threading all machines. If several sound 
tracks are involved, this can become 
quite costly, plus the tune lost. One of 
the major studios provided for this 
situation in its review rooms by install-
ing differential generators in the inter-
lock system feeding three sound repro-
ducers and two projectors. If it be-
comes necessary to correct for an out 
of sync condition, the machine at fault, 

SOUND 
REPRODUCER PROTECTOR 
INTERLOCK DIFFERENTIAL INTERLOCK 
MOTOR GENERATOR MOTOR 

SUBTRACT ADD 
RI SI SI SI SI.RI 

Fig. 3-55. Differential generator con-
nected in the line feeding a sound re-
producer and projection machine, using 

single-phase motors. 

while running, can be advanced or re-
tarded to correct the number of frames 
to bring it back into sync. The control 
dials for the differential generators are 
calibrated in frames per second to aid 
the editorial department in correcting 
the situation later. A footage counter 
indicates the exact footage of the out of 
sync condition. 

Fig. 3-56. Dual-speed selsyn generator 
made by Magna-Tech Electronic Co. 

3.56 Describe a dual-speed selsyn-
interlock distributor system.—A dual-
speed selsyn-interlock distributor sys-
tem generator, manufactured by Mag-
na-Tech Electronic Co., is shown in Fig. 
3-56. This device consists of two selsyn 
generators. The smaller of the two (A) 
is mounted above the larger generator 
(B). The larger generator is driven by 
a 208/230-volt three-phase, 2% horse-
power synchronous speed motor at 1200 
rpm. This generator is used to interlock 
and drive 35-mm machines running at 
90 fpm (1200 rpm). 
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The smaller generator is driven from 
the larger generator by a Gilmer belt 
and gears (C), and is employed for in-
terlocking and driving 16-mm machines 
at a speed of 36 fpm (600 rpm). A third 
generator (D) is provided for driving 
a remote footage counter in the dubbing 
stage. (See Question 18.339.) The larger 
generator also houses a braking system 
for bringing the system to a smooth 
stop. External cabinets house the con-
trol equipment. 

If desired, the 16-mm generator (B) 
may be substituted for one turning at 
45 fpm for driving machines using 17.5-
mm magnetic film. Dual-interlock sys-
tems are very convenient in plants 
where both 16- and 35-mm recording 
equipment is in use, as this permits a 
35-mm picture to be run with 16-mm 
recording and reproducing equipment 
or vice versa. Distributor systems of 
this design are often referred to as a 
piggy-back distributor system. 

3.57 What is a pm generator?—An 
alternator which uses permanent mag-
nets rather than coils in the rotating 
member. In this respect, it differs from 
the conventional type alternator. The 
rotor consists of a nonmagnetic ring in 
which Alnico V magnets are embedded 
and equally spaced in such a manner 
that the magnetic axis of each magnet 
is perpendicular of the axis of the rotor 
shaft. The inner end of the magnet rests 
on an iron ring which acts as a return 
magnetic circuit. The number of mag-
nets will depend on the speed and fre-
quency of the machine. This type of 
construction eliminates arcing caused 

by slip rings. 

Fig. 3-57. Basic design of a permanent-
magnet generator. Such design is used 
for sync-pulse generators mounted on the 

end of a camera motor shaft. 
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Small generators based on the above 
design are often used for generating 
sync pulses for one quarter inch mag-
netic recorders. Two types are in use, 
two-pole and four-pole. The construc-
tion of the rotating member is shown in 
Fig. 3-57. The number of magnets will 
depend on the desired frequency and 
the rotational speed of the motor shaft. 
The frequency used for sync-pulse re-
cording is 60 Hz; however, in some in-
stances where the generator is mounted 
on a camera shaft, turning at 1440 rpm, 
the frequency is 48 Hz. The frequency 
may be computed: 

f = rpm/60 x the number of poles. 

Thus, for a motor turning at 1800 rpm, 
using two-poles: 

f = 1800/60 = 30 x 2 = 60 Hz. 

3.58 What is power factor and how 
is it measured?—The power factor of an 
alternating current is the number by 
which the apparent power in the circuit 
(volts times current) must be multi-
plied to ascertain the true power. When 
an alternating-current circuit contains 
inductance, the current will lag behind 
the voltage. When the circuit contains 
capacitance, the current will lead the 
voltage. In each instance, the current 
and the voltage reach their maximum 
values at different instants and the pro-
duct of the voltage and the current at 
any given time is less than it would 
be if the two were in phase. If the volt-
age and current are measured sepa-
rately, the voltmeter and the ammeter 
will indicate the mean effective values. 
If the power in the circuit is measured 
using a wattmeter, the instrument in-
dicates the combined efforts of the volt-
age and current synchronously, not the 
product of their effective values, which 
occur at different instants. Conse-
quently, a wattmeter indication will be 
less than the product of separate volt-
meter and anuneter readings. 

The ratio of the power read by the 
wattmeter and the power read by the 
voltmeter and ammeter is the power 
factor of the circuit. 

watts  
lePF_ V X A  

where, 
watts is the reading of the wattmeter, 
volts and amperes are the readings 
on the individual meters. 

The power factor for a two-phase 
circuit is expressed: 

watts  
2 (V x A) 

and for a 3-phase circuit: 

3 .f) PF = 
watts 

V 3 X line to line volts X line amps 

A single-phase motor drawing 5 am-
peres at 220 volts, as shown by the 
voltmeter and ammeter, has a power 
factor of 80 percent. The true power is 
5 X 220 X 0.80, or 880 watts. 

3.59 How is a synchronous motor 
used for power-factor correction?-11 the 
synchronous motor is driven from an 
external source of power and a variable 
de voltage is applied to the rotor wind-
ings and set to a value which will be 
called, for the sake of illustration, 100 
percent, no current will flow from the 
stator windings to the rotor windings. 
Under these conditions the voltage gen-
erated in the stator windings (counter 
emi) exactly balances the voltage ap-
plied to the stator from the external 
voltage source. 

If the dc exciter voltage is now re-
duced to a value less than 100 percent, 
a reactive component is produced which 
will lag the applied voltage. The ma-
chine will now act as a capacitor. Thus, 
a synchronous motor may be used for 
correcting the power factor and, when 
so used, is called a synchronous capaci-
tor or a rotary condenser. 
When the motor is used as a capaci-

tor, the motor is connected in parallel 
with the line to be corrected, and the 
dc excitation voltage is adjusted to pro-
duce a leading current which offsets the 
lagging line current. The result is unity 
power factor. 

3.60 How may the power factor be 
corrected by the use of capacitors across 
the line, and how are their values cal-
culatedT—Power factor may also be 
corrected by connecting capacitors in 
parallel with the line to be corrected. 
The approximate value of capacitance 
required may be calculated: 

Ix Sind) x 10° 
— 

2irfE 

where, 
E is the line voltage, 
I is the current drawn by the load, 
f is the frequency of the power source. 
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The value of the capacitance re-
quired for power-factor correction may 
also be determined experimentally by 
connecting a dynamometer-type volt-
meter across the line and adding suffi-
cient capacitance in parallel with the 
line until the voltage is brought up to 
normal. 

If the value of capacitance is large, 
ac electrolytic capacitors may be used. 
De electrolytic capacitors must never be 
used as they will explode within a few 
minutes of being connected across the 
line. If practical, paper or oil-filled ca-
pacitors should be employed. 

3.61 How can the power factor be 
estimated if measurements cannot be 
taken?—For regular lighting loads and 
no motors, 0.95; with lighting and mo-
tors, 0.85; and for motors only 0.80. 

3.62 How may the current-per-
phase of an electrical system be calcu-
lated?—For a single-phase system: 

I —  E x PF • 

For a two-phase system: 

I = x05  
E X PF 

For a three-phase system: 

I — X 038. 
E X PF 

where, 
I is the line current, 
W is the power delivered in watts, 
E is the potential existing between the 
mains, 

PF is the power factor. 

3.63 What is the procedure for test-
ing motor-starting capacitors?—For the 
proper starting and operation of a mo-
tor using a capacitor permanently or for 
starting only, the capacitor must main-
tain its power factor and capacitance, 
within fairly close limits. A high power 
factor is manifest by reduced starting 
torque and a prolonged starting period. 
To test a starting capacitor properly, it 

FUSE 

VARIABLE 

II7VAC VOLTAGE 

TRANS. 9 

CIRCUIT 

BREAKER 

should be tested under the exact con-
ditions in which it operates. A circuit 
for this purpose is shown in Fig. 3-63A. 
The power-factor wattmeter must be 
capable of reading quite low values, 
since the losses of a good capacitor are 
quite low, although the product of cur-
rent and voltage as read on the volt-
meter and ammeter is quite high. 
Therefore, it is desirable to have a 
power-factor wattmeter that will read 
about one fifth the watt volt-ampere 
capacity of the test circuit. 
To find the capacitance and power 

factor of a capacitor, the voltage is ad-
justed to the rated value of the capaci-
tance, and readings of the voltmeter and 
ammeter are taken. The capacitance 
may then be calculated: 

I x 2650  
C — 

115 

The percent power factor is then found 
by dividing 100 times the power in 
watts, as read on the power-factor 
wattmeter, by the product of the cur-
rent times the voltage. This is true only 
for 60 Hz. The problem may be some-
what simplified by the use of the nomo-
graph in Fig. 3-63B. 

Using the test circuit shown, assum-
ing the capacitor draws 52 amperes, at 
120 volts at 60 Hz, and dissipates 40 
watts, the percentage power factor is 
found by 

100 x Power in watts 
Percent PF — Current X Voltage 

or 

100 x 40  
52 x 120 = 6.4 Percent 

To read this value on the nomograph 
connect 120 volts from the left of "A" 
to 5.2 amperes on the left of "C," with 
a straightedge. Note where the straight-
edge intersects "B." From this point on 
"B" connect the straightedge with 40 
watts on the left edge of "A" and read 

AC POWER-FACTOR 

AMMETER WATTMETER 

AC QVOLTMETER 
0-150V 

0-150V, 
0-10A 

..._ MOTOR-STARTING TCAPACITOR 

Fig. 3-63A. Circuit for testing motor-starting capacitors. 
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the power factor (6.5 percent) on the 
right edge of "C." 

Capacitance may be determined from 
the nomograph by placing the straight-
edge at 52 amperes on the left of "C" 
to connect with 120-volts on the right 
edge of "B" and reading the capacitance 
'on the right edge of "A." 

Motor-starting capacitors may be of 
three different types, depending on the 
voltage and the required capacitance. 
If the required capacitance is small, 
either oil or paper dielectric may be 
used. If the needed capacitors are large, 
(10 microfarads or greater) they are 

mining the power factor of motor-
capacitors. 

generally of the ac or nonpolarized 
electrolytic type. The characteristics of 
motor-starting capacitors must remain 
stable, that is, they must hold their 
capacitance and power factor within 
fairly close limits. If they do not, the 
motor will have low starting torque and 
prolonged starting, resulting in the mo-
tor and capacitor overheating. De polar-
ized electrolytic capacitors must never 
be used as motor-starting capacitors. 
(See Question 3.60.) 

3.64 What is meant when it is said 
a motor-generator is hunting?'—A mo-
tor-generator is said to be hunting 
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when it oscillates during the starting 
period or increases or decreases its 
speed when the load is changed. 

3.65 Where are torque motors used? 
—Manufacturers of professional (and 
some nonprofessional) magnetic record-
ing and reproducing equipment make 
use of torque motors mounted on the 
spindles for the feed and take-up reels, 
to provide a constant tension on the 
film or tape, regardless of the diameter 
of the recording media on either reel. 
The motors may be of the induction 
type, or of the single-phase shaded-pole 
design. Resistors connected in the ac 
supply line are used to control the 
speed, and to provide an adjustment for 
the desired tension. The power drops 
off proportionally to the increase in 
speed, and develops maximum power at 
stall speeds. Therefore, this characteris-
tic is used to an advantage to control 
the tension for the feed and take-up 
reels. 
One advantage of using torque mo-

tors in the feed and take-up positions is 
that the tape or film may be rewound in 
either direction. During the rewind cy-
cle, the circuitry of the motor system is 
such if the tape breaks or runs out the 
motors stop automatically. The motor 
on the feed reel always acts as a hold-
back. This subject is further discussed 
in Section 17. 

3.66 How can the power factor of a 
dynamotor be corrected to operate with 
a low power factor motor?—If the low 
power factor motor is connected across 
the ac side of a dynamotor, the dyna-
motor will speed up. Power correction 
may be applied by adding capacitance 
across the power source at the ac gen-
erator terminals in parallel with the 
load. A typical example of how the 
power factor may be corrected is given 
below. 
A 0.5 kW dynamotor driven by a 12-

volt battery, develops 115 volts ac, 
which is to be used to drive a portable 
recording channel and supply sufficient 
power to drive a 35-nun motion picture 
camera. When the camera was applied 
to the ac side of the dynamotor, the 
power factor, as measured with an ac 
ammeter and voltmeter, indicated a 
power factor of 32 percent and a power 
consumption of 190 watts. 

Connecting a 20 i.tF oil-filled capaci-
tor across the ac terminals increased 
the power factor to 40 percent, with 190 
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watts of power consumed. Increasing 
the capacitance to 70 122 increased the 
power consumption to 280 watts with a 
power factor of 92.5 percent. 
Power factor may be calculated: 

PF   
AC, x AC, 

where, 
AC, is the voltage across the load, 
AC, is the current drawn by the load, 
W is the watts consumed. 

Capacitance is applied in parallel 
with the load until a power factor of at 
least 90 percent is obtained. The proper 
amount of capacitance is the point 
where the maximum power factor cor-
rection is obtained with a minimum of 
capacitance. 

Fig. 3-67A. Waveform of de generator 
with shorted turns in armature. 

3.67 What is the appearance of the 
current waveform of a maladjusted de 
generator?—Malfunctioning of the gen-
erator because of bad brushes and 
commutator bars or shorted turns will 
produce a waveform at the output of 
the generator similar to the one shown 
in Fig. 3-67A A well-adjusted and 
operating de generator will, after the 
current has passed through a filter to 
remove commutator ripple, show prac-
tically a pure dc current when observed 

Fig. 3-67B. Waveform of de voltage 
from a well adjusted dc generator. 
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Fig. 3-67C. Waveform of a properly ad-
justed dc generator before filtering. 

on an oscilloscope (Fig. 3-67B). The 
waveform before passing through the 
filter is shown in Fig. 3-67C. 

3.68 How are filter circuits con-
nected in the input and output of a dc 
dynamotor?—In the manner shown in 
Fig. 3-68. Large capacitors are con-
nected in parallel with the battery side 
to remove the effects of motor com-
mutator ripple and brush noise. An 
iron-core choke and two filter capaci-
tors are connected to the load side to 
remove commutator ripple and radio-
frequency interference. The capacitors 
and choke must be placed in a metal 
can and grounded to the frame of the 
machine. 

3.69 How are filters connected in 
the input and output of a converter?— 
In the manner shown in Fig. 3-69. Ca-
pacitors Cl and C2 at the ac output 
remove any noise due to sparking at the 
slip rings, and the small capacitor C3 
at the output terminals removes radio-
frequency interference. The frame of 
the machine should have a physical 
ground, if possible. 

3.70 Describe the construction of 
an inside-out hysteresis synchronous mo-
tor.—One such type motor is shown in 

kj 10 

6-12 PF 
VOLT 6--

DC 

Fig. 3-70A. This motor is often referred 
to as an inside-out motor, because the 
stator revolves rather than the arma-
ture. This type of motor is used exten-
sively for the driving of 1/4-inch mag-
netic-tape recorders, at speeds of 17/8 to 
30 inches per second. Such motors are 
available in dual- and triple-speed de-
signs. Common speeds for the dual type 
are; 300/600, 360/720, 450/900, and 600/ 
1200 rpm; and 300/600/900 for the triple 
speeds. A nonmagnetic puck or cap-
stan is pressed on the motor spindle to 
obtain the desired linear speed for 
magnetic tape. 
Hysteresis synchronous motors pro-

vide the exact constant-speed required 
for magnetic recorders, with high 
torque and constant angular velocity. 
The rotor (stator) is a dynamically bal-
anced flywheel, which assures a con-
stant speed under changing load con-
ditions. A Mumetal shield is placed 
over the stator winding and rotor, to 
eliminate the high flux-torque from 
the region of the motor shaft. Impellers 
on the rotor circulate air to provide 
forced ventilation for the motor and 
associated equipment. 

Fig. 3-70B shows the internal and 
external connections for a dual-speed 
motor, and Fig. 3-70C shows the con-
nections for the triple-speed unit. The 
average power consumed by this type 
motor is approximately 30 to 40 watts, 
at 117 volts, with a rotor torque of 7 
to 10 ounces. The bearings may be ball-
bearing or oilless sleeve type. The motor 
is single hole mounting, and uses a ca-
pacitor ranging from 1.5 to 3.0 F. 

3.71 How is speed reduction ob-
tained for recording and reproducing 
equipment?—Several methods used to 
obtain speed reduction in recording and 

DYNAMOTOR DC .001 

FRAME 

RFI 

\—OEOE---°+ 

LOAD 
300 
V DC 

Fig. 3-68. Filter system used with a 6/12 volt dc to 3000 volt dc dynamotor. 
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 o 

Fig. 3-69. Filter system used with o 6/12 volt dc to 115 volt ac converter. 

reproducing equipment are shown in 
Fig. 3-71. Among these various systems 
will be found gear reducers, intermedi-
ate idler rollers, and belt drives. Fig. 
3-71(a) shows three types of puck or 
idler drive systems. Fig. 3-71 (b) illus-
trates two types of gear reducers, Fig. 
3-71(c) shows two types of belt-speed 
reducers, and Fig. 3-71(d) shows a 
"Gilmer Timing Belt" drive system. For 
the sake of clarity in the drawings, de-
coupling devices (compliance) gener-
ally connected between the motor and 
the driven member have been left out. 

Decoupling devices are generally of 
a loose coupling design; that is, the 
motor shaft is connected to the driven 
member through a piece of rubber, felt, 
leather, or adhesive tape, to reduce the 
transmission of vibration from the mo-
tor to the speed--reduction system. In 
some systems, a second decoupler is 
used to isolate the gearbox vibration 
from the driven system. Pucks, idlers, 
and belts serve as their own decoupling 
devices. 

Fig. 3-70A. A two-speed hysteresis syn-
chronous motor used for driving mag-

netic-tape recorders. 

Intermediate rubber-covered idler 
roller drives are used in magnetic re-
corders and other types of recording 
equipment because of their low cost 
and smoothness of operation. Also, they 
serve as decoupling devices and prevent 
hunting in the drive system. The prin-
cipal objection to their use is slippage, 
due to the deformation of the rubber at 
the point of surface contact. This slip-
page may be reduced to a minimum by 
the use of multiple pucks with narrow 
faces. Wide faces are not always best 
because the wide contact surface does 
not bear uniformly over the entire 
surface. 
Rim drive or drives on the outer 

surface of a flywheel damp out the ac-
tion the flywheel is intended to impart 
to the drive system, that of smoothing 

, AC INPUT 

Fig. 3-706. Connections for the Techni-
cal Development Co. dual-speed, hys-

teresis synchronous motor. 
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Fig. 3-70C. Internal and external connections for a 3-speed hysteresis motor. The 
speeds for this particular motor are; 300/600/1200 rpm. 

(a) Puck or idler roller reducers. 

(b) Gear reducers. 

(c) Belt reducers. (d) Gilmer drive belt. 

Fig. 3-71. Drive systems used in recording and reproducing equipment. 
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out the rotational irregularities and 
surface imperfections of the idler or 
puck surfaces. 

Gear drives have the advantage of 
positive nonslip drive between the 
motor and the driven members. How-
ever, rather elaborate decoupling de-
vices are necessary between the gear-
box and the driven member to elimi-
nate vibrations from the gearbox, being 
transmitted to the driven system. 

Single- and double-belt drives are 
quiet and require no lubrication, and 
also act as decoupling devices. Flat- or 
round-type belts may be used, but are 
subject to slippage. Belt-driven run-
drive devices, such as a recording or 
reproducing turntable, lose their fly-
wheel effect when belt-driven, as the 
belt applies a damping effect to the 
drive system. 

The best method of obtaining a posi-
tive drive with a belt is the "Gilmer 
Timing Belt Drive" shown in Fig. 3-71 
(d), which incorporates a unique sys-
tem of securing a positive speed reduc-
tion. Basically, it is a combination of a 
belt and a gear drive system, having the 
positive drive of a gear and the advan-
tages of a belt. 

The Gilmer belt drive is made of 
molded neoprene on a base of non-
stretch cotton material. Precision teeth 
are molded into the belt which make 
contact with gear-type pulleys. Because 
of the characteristics of neoprene, there 
is a certain amount of natural com-
pliance which eliminates the noise and 
ripple generally associated with gear 
driven systems. Also, no lubrication of 
any kind is required. Gilmer belt sys-
tems are used in many different types 
of recording and reproducing equip-
ment where absolute synchronous speed 
is required. (See Sections 17 and 18.) 

3.72 What is the relationship of 
frames per second to hertz?—Frequency 
meters on camera supply units are gen-
erally calibrated to read in both frames 
per second and hertz. This enables the 
recordist to increase or decrease the 
speed of the camera motor for special 
effects. If the camera is run overspeed, 
when the picture is projected later the 
action will be slowed-down; if the cam-
era is run underspeed, the action will 
be speeded-up. In these instances, the 
camera is run wild, without sound. The 
relationship of frequency to frames per-
second is: 

40 Hz 
45 Hz 
50 Hz 
55 Hz 
60 Hz 24 frames per second 
65 Hz 26 frames per second 

16 frames per second 
18 frames per second 
20 frames per second 
22 frames per second 

When a change of frames per second is 
required and a calibrated scale is not 
readily available, the corresponding 
frequency may be determined by mul-
tiplying the desired frames per second 
by a factor of 2.5, which is derived by: 

60/24 = 2.5 
where, 

24 is the frames per second for a stan-
dard frequency of 60 Hz. (See 
Question 22.37.) 

3.73 Describe the different types of 
insulation used in motor windings.— 
Progressive advances in motor design, 
manufacturing techniques, and newly 
developed insulating materials have ad-
vanced to where a given size motor of 
a few years ago, is now considerably 
smaller and more efficient. The mini-
mum physical size of a motor and its 
life expectancy are limited and deter-
mined by the destructive effects of in-
ternal operating temperature and wind-
ing insulation. The materials for a 
motor winding are divided into groups, 
and standardized by the Institute of 
Electrical and Electronic Engineers, 
(IEEE) 

Class 

o 

H 
C 

Maximum 
Spot Temperature 

90°C. 
105°C. 
130°C. 
180°C. 

No limit set 

The electrical and mechanical proper-
ties of the insulated windings must not 
be impaired by the application of a 
permissible temperature for given clas-
sification. Cotton, silk, paper and similar 
materials may be used as a class-0 in-
sulation; however, if these materials 
are to be used as class-A it is necessary 
that they be impregnated or immersed 
in a liquid dielectric to afford greater 
insulation. Other class-A insulations 
are: molded and laminated materials 
with cellulose filler, phenolic and other 
similar resins, also films and sheets of 
cellulose acetate or other cellulose de-
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rivatives. Conductors are varnished. 
Class-B and class-H make use of ma-
terials such as mica, asbestos, Fiberglas, 
etc., with suitable binding substances. 
Where the temperature may be higher 
in rInss-C, materials such as mica, por-
celain, quartz, and glass may be re-
quired. 

3.74 Describe the operation of o 
centrifugal governor.—Centrifugal gov-
ernors are used with both series and 
shunt ac or de motors and generators. 
The governor consists of an insulated 
plate, mounted on one end of the arma-
ture shaft, with two stationary and two 
movable weighted contacts. The 
weighted contacts are adjusted to be 
opened by the centrifugal force acting 
on the movable contacts if the armature 
exceeds its rated speed by more than 
5 percent. When the contacts are 
opened, a resistor is connected in the 
circuit, reducing the armature speed by 
the reduction of the line voltage. When 
the armature falls below the rated 
speed, the contacts close, shorting out 
the resistor. The voltage then rises as 
does the speed of the armature. The 
cutting in and out of the resistor is a 
continuous action as the armature speed 
varies. If the line voltage and the load 
are fairly constant, the governor is not 
too active, and the armature speed os-
cillates around the rated speed. 

The disadvantage of a centrifugal 
governor is the high-frequency inter-
ference generated by the opening and 
closing of the contacts (with the possi-
bility of generating noise), and the pit-
ting of the contact surfaces. The con-
tacts are normally shunted with a 
0.25-1/2 high quality high-voltage ca-
pacitor. If this shunting capacitor opens, 
contact interference will be maximum. 
It may be desirable to connect a noise-
suppression diode across the contacts 
and install a line-noise filter near the 
machine to prevent interference being 
fed back over the power line. This is 
particularly true if the device is in-
stalled near high-gain amplifying 
equipment. Noise-suppression devices 
are discussed in Question 24.67. The 
circuitry for connecting centrifugal 
governors is given in Fig. 3-74A and 
Fig. 3-74B. 

3.75 Describe how dynamic braking 
is applied to a motor.—Dynamic brak-
ing can be applied to any motor circuit. 
However, as the motor increases in 

BRUSH ARMATURE 

SERIES CONTACTS 

FIELD 

117Voeffic 

Fig. 3-74A. Series-field connection for 
centrifugal governor. 

Fig. 3-74B. Shunt-field connection for 
centrifugal governor. 

complexity, the switching circuitry be-
comes more involved. The braking ef-
fect to the motor is accomplished by 
disconnecting the power source and 
applying a direct current to one or 
more windings, thus reducing the rota-
tion of the armature by magnetic drag 
until it comes to rest. 

Several circuits are available for this 
purpose. Fig. 3-75A is the circuit for a 
shaded-pole motor. A dynamic braking 
circuit for split-phase start, capacitor 
start, or permanent split-capacitor mo-
tor is shown in Fig. 3-75B. Several oth-

AC LINE 

NO OFF 
POSMON 

DC BRAKE o 
RUN 

CAPACITOR 
WINDING MAIN 

WINDING 

Fig. 3-75A. Dynamic braking circuit for 
permanent split-capacitor motor. Wind-

ings in series, when braked. 
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AC LINE AC LINE 

NO OFF 
POSITION 

DC BRAKE START OR 
CAPACITOR 
WINDING 

USED ONLY WITH SPLIT-PHASE START 
OR CAPACITOR START MOTOR 

Fig. 3-75B. Dynamic braking circuit for 
split-phase start, capacitor start, or per-
manent split-capacitor motors. Main 

winding used for braking. 

ers shown in Figs. 3-75C to E are self-
explanatory. The direct current is sup-
plied from a half-wave rectifier. Ex-
treme care must be exercised in the 
braking of geared motors to avoid 
shocking beyond their capabilities. This 
is especially true for loads having con-
siderable inertia. 

THREE PHASE 

NO OFF 
POSTION 

DC BRAKE 

Fig. 3-75C. Dynamic braking circuit for 
three-phase motor. For delta connection 

only one phase of the stator is used. If 
star connected, two phases are used. 

3.76 When certain motor data are 
known, how may other unknown related 
factors be determinedP—The nomograph 
in Fig. 3-76 provides a fast convenient 
way to determine factors of: Torque 
(in-oz) speed (rpm) frequency (Hz) 
horsepower and stator poles, as applied 
in the formulas: 

C RECT H 

BRAKING 
CAPACITOR 

NO OFF POSITION 

RUN 

START OR 
CAPACITOR 
WINCING 

MAN 
WINCING 

USE ONLY WITH SPLIT-PHASE 
START OR CAPACITOR START MOTORS 

Fig. 3-75D. Dynamic braking circuit for 
split-phase start, capacitor start, or per-

manent split-capacitor motors. 

120 x frequency 
Speed 

Stator poles 

Horsepower = 

9.92 x Torque X Speed x 10-7 

By connecting the points of known val-
ues on the nomograph, other values 
may be read. Example: To find the 
speed, given a frequency of 50 Hz, and 

6 stator poles, the line connecting these 
two values, intersects the speed scale 

Fig. 3-75E. Dynamic brake and speed 
control of 3-wire reversible capacitor 
motor. Maximum speed will be obtained 
when the resistor shunted across the ca-
pacitor is minimum and will increase 
with an increase of resistance. Maximum 
speed is obtained when contact arm 
reaches the horizontal position and shunt 
circuit is open. Motor is braked when 

contact arm is vertical. 
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at 1000-rpm, line "A." When the horse-
power is 0.250 and the speed is 1500-
rpm what is the torque? The straight 
edge laid across the known values, 
torque is read at 1.68 )( 10'"" (x = 0 
y = 0) = 1.68 x 102 = 168 in-oz, line 
"B." Given a horsepower of %o or 0.0143 
or 0.143 ),( 10' then x= —1, with a 
speed of 3,600-rps or 360 >( 101 then 
y = 1. The torque scale is intersected 
at 4 x 10'+'" or 4 X 10-"' = 4 x 10° 
= 4 inch ounces, line "C." (See Ques-
tions 25.116 and 25.136.) 

3.77 Describe the characteristics of 
synchronous motors used for driving 
sound equipment.—The synchronous 
motor employed for driving of record-
ing and projection equipment is not the 
conventional synchronous motor gen-

10 .1 xl0x 

RPM '12PE OOIFIQ 

20 -i-.2'10' 

.4,10x 

.5x10x 

erally found in an industrial plant. 
Motors for sound work are of special 
design and are of the variable reluc-
tance type, using squirrel-cage con-
struction for the armature, with salient 
poles milled in the armature lamina-
tions. Such armatures are constructed 
by using heavy copper bars running 
lengthwise of the armature, and shorted 
at each end by a heavy copper ring. 
Salient poles are milled the length of 
the armature laminations, at an angle 
of 7 to 10 degrees, using the armature 
shaft as reference (Fig. 3-77A.) 

In the early days of sound, synchro-
nous motors were not available and in-
duction motors were made to run at 
synchronous speeds by cutting slots in 
the armature laminations. This was 
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Fig. 3-76. Homograph for determining the characteristics of motors. (Courtesy, 
Bodine Electric Coi 
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Fig. 3-77A. Squirrel-cage motor arma-
ture showing the copper rods, rings, and 
salient poles. (Courtesy, Bodine Electric 

Co.) 

Fig. 3.77B. Fractional horsepower motor 
manufactured by Bodine Electric Co. 

Fig. 3.77C. Armature of a standard in-
duction motor. (Courtesy, Bodine Elec-

tric Co.) 

' Fig. 3-77D. Armature of a permanent 
split-capacitor motor. (Courtesy, Bodine 

Electric Co.) 

done by placing several hack-saw 
blades in a frame and cutting a slot 
about 1k-inch in width, the length of 
the armature, at an angle of about 10 
degrees; the armature was then re--
balanced. 

If the bars of the squirrel-cage rotor 
are of sufficient low resistahce to bring 
the rotor to synchronous speed, the sa-
lient poles will pull the armature into 
step with the points of greatest flux 
density of the rotating field. As there 
are no windings, the armature requires 
no maintenance. 

Synchronous motors may be designed 
to operate over a limited speed range 
by changing the frequency of the drivr 

ing-power source. This usually requires 
a change in the supply voltage to main-
tain a satisfactory power input. Syn-
chronous motors may also be provided 
with stator windings to produce a num-
ber of different pole combinations, and 
by using a suitable rotor, the motor 
may be made to operate at a number of 
different speeds. This is discussed in 
Question 3.70. 
Because of the quick starting charac-

teristics of squirrel,-cage motors due 
to the copper bars, shorting rings, and 
salient poles, they have a high starting 
torque and are brought into synchro-
nism very quickly. As this is somewhat 
of a disadvantage, particularly for the 
cameras and projection machines, some 
means must be taken to provide a soft 
start, such as putting resistors in the 
power source and cutting them out of 
the circuit as the motor comes up to 
speed. 

Because such motors can not be in-
terlocked at rest, a sync mark must be 
provided, to indicate when they reach 
synchronous speed. On production, this 
is accomplished by the use of clap-
sticks held in front of the camera, and 
photographed while the sound is being 
recorded. Later, the picture of the clap-
sticks and their sound is used by the 
editorial department to synchronize the 
picture with the sound track. (See 
Question 18.334.) 

Motors of the above described type 
are characterized by their high starting 
torque, rapid acceleration, low power 
factor (because the exciting current is 
taken from the line through the stator 
winding), and efficiency. However, 
these factors are of little consequence 
as the power rating is low, generally 
on the order of Y3 to lh horsepower. 
Synchronous motors of this type cannot 
be used for background projection or 
rerecording purposes. In background 
projection, the shutter of the projector 
must be synchronized with the camera 
beforehand. If this were not done, the 
camera shutter might be opened while 
the projector shutter was closed, result-
ing in no exposure of the background 
projection. Selsyn interlock motors 
must be used to bring the camera and 
projector up to speed and in synchroni-
zation. When sync speed has been at-
tained, clap-sticks are used to establish 
the synchronization of picture and 
sound. (See Question 19.59.) 
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TAPE 
RECORDER 

AUDIO MAGNETIC 
FILM 

RECORDER 

100/200 
WATT AMPLIFIER 

SYNC-PULSE 

Fig. 3-78A. Basic resolver system using 
the sync pulse to drive the transfer 

machine motor. 

In rerecording installations, quite 
often certain machines are equipped 
with dual-purpose motors. These mo-
tors function as both selsyn interlock 
and a straight synchronous motor, 
which is quite convenient during a re-
recording session, where a single track 
is wanted for listening purposes, and 
the balance of the machines are set for 
interlock running. 

Transfers from one synchronous ma-
chine to another are permissible, pro-
vided a start mark is recorded on the 
new sound track when the machine has 
attained synchronous speed. It is quite 
common practice when transferring a 
magnetic sound track to a photographic 
sound track to start the photographic 
recorder first and then start the mag-
netic sound track. The machine carry-
ing the magnetic track will settle down 
in a very short time, while the photo-
graphic recorder takes longer in com-
parison because of the transport-loop 
system. A fractional horsepower syn-
chronous motor, manufactured by the 
Bodine Motor Co., appears in Fig. 
3-77B. Figs. 3-77C and D show an ar-
mature for a standard induction motor 
and also one for permanent split-
capacitor motor. 

  HEAD 

TAPE 

Fig. 3-78C. Rangertone 
sync-pulse head used on 
1/4 -inch magnetic tape 

recorder. 

60Hz 
SYNC-PULSE 

SIGNAL 
FROM TAPE 

60Hz 
POWER LINE 

Fig. 3-78B. Bridge circuit with reactance 
tube for controlling the frequency of the 
60-Hz oscillator driving the synchronous 
motor in the 1/4 -inch tape reproducer. 

REACTANCE 
TUBE 

3.78 Describe the methods for re-
cording a sync pulse on quarter-inch 
magnetic tape for synchronous operation 
with camera.—Sync-puLse systems used 
for the synchronization of motion pic-
ture camera and 1/4 -inch tape recorders 
are quite common. Several different 
types of systems are in general usage. 
All these systems accomplish the same 
end result, but in a slightly different 
manner. Such systems are said to record 
magnetic sprocket holes, because they 
produce the same results as sprocket 
type machines. The first of these sys-
tems was developed by Col. H. B. 
Ranger, of the Rangertone Co. In this 
system, the sync pulse was the power-
line frequency. A low level 60-Hz signal 
was recorded in the center of the tape, 
over the sound track, at an angle of 
approximately 87 degrees to the direc-
tion of the tape travel (Fig. 3-78C.) 
Later, when this track was transferred 
for editorial purposes, the sync-pulse 
signal on the tape was amplified by a 
power amplifier and used to drive the 
motor on the transfer machine (Fig. 
3-78A). Any variation in the line fre-
quency or camera during the original 
recording was transmitted to the trans-
fer machine motor, duplicating the elec-

9Z1 

Fig. 3-78D. Echelon Per-
fectone sync-pulse head 
used on 1/4 -inch mag-

netic tape recorder. 

20a. 

Fig. 3-78E. Negro (Ku-
delski) sync-pulse head 
used on 1/4 -inch mag-

netic tape recorder. 
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+_ 
Fig. 3-78F. Nagra III 1/4 -inch magnetic 

trical conditions prevailing at the time 
of the recording; thus, synchronization 
between the sound and picture was 
achieved. 
A second system, developed by 

Ranger for transferring the original 
sound track, compares the sync-pulse 
signal on the tape to the 60-Hz power-
line frequency driving the transfer ma-
chine motor. This comparison is made 
automatically by using a bridge circuit 
in which one arm is a reactance tube 
that controls the frequency of an oscil-
lator, which is normally adjusted for 
60 Hz (Fig. 3-78B). The oscillator drives 
the power amplifier which, in turn, 
drives the synchronous motor in the 
tape recorder now being used as a re-
producer. If the sync-pulse signal at a 
given moment is exactly in step with 
the power frequency, the bridge circuit 

SYNC-PULSE HEAD 

recorder. (Courtesy, Magnetic Sales Corp.) 

is in balance and the reactance tube is 
inactive. If the sync pulse on the tape 
gets ahead of the power frequency, the 
bridge becomes unbalanced and slows 
down the motor in the recorder until 
the sync pulse is again in step with the 
power-line frequency. If the sync pulse 
is slow, it is speeded up by the reverse 
process. Corrections to the speed of the 
tape must be made slowly, so as not to 
produce a noticeable change to the ear. 
Experience indicates that if the correc-
tions are less than 1 cycle in two sec-
onds, the variation in speed is not 
heard. 
A third method of applying sync 

pulses to a tape recorder is termed the 
echelon system, used with Perfectone 
recorder, developed for location work 
by Ryder Sound Services. In the eche-
lon method, the sync pulse is recorded 

Fig. 3-78G. Rangertone transversal recording. 
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PULSE TRACKS 

0.4 -1411MM 

0.45 o - I ADA 
(TRACK WIDTH) 

zetz.5"» 

50/60Hz 

IteeglEt-

>CA 

PULSE HEADS 

Fig. 3-78H. Negro push-pull recording. 

on the two outer edges of the tape at 
an angle of 90 degrees to the direction 
of tape travel. The pole pieces of the 
heads are staggered about one half 
wavelength of 60 Hz, running at a speed 
of 7.5-inches per second, or approxi-
mately M6 inch (Fig. 3-78D). The sync-
pulse signal may be generated by a per-
manent-magnet generator mounted on 
the camera motor, or taken from the 
camera motor-supply voltage as dis-
cussed in Question 3.57. 
A fourth method called the NeoPilot 

system, developed by Stefan Kudelski 
of Lausanne, Switzerland, is used with 
the well-known Nagra recorders. This 
system employs a sync-pulse head that 
records a 50- or 60-Hz push-pull signal 
in the center of the tape, at an angle of 
90 degrees of the direction of tape travel 
(Fig. 3-78E). Although the construction 
of the NeoPilot head appears to be sim-
ilar to the echelon type, it is not, since 
the pole pieces are in-line and stag-
gered. The sync-pulse signal may be 
taken from the camera power source, 
or from a sync-pulse generator 
mounted on the camera motor. All of 
the systems that have been discussed 
employ approximately 1.25 Vac at the 
sync-pulse head. 
A Nagra Ifl recorder-reproducer is 

shown in Fig. 3-78F with the head 
placement indicated. At "A" is the erase 
head, "B" the sync-pulse head, "C" the 
record head, and "D" the playback 
head. The supply reel for the tape is 
shown at "E." This recorder is treated 
in detail in Question 17.177. 

The positioning of the sync-pulse 
head for the Rangertone system is 
shown in Fig. 3-78G. Here, the sync-
pulse head is mounted on the center 

RECORDING HEAD 

line of the tape at a right angle to the 
audio signal after the tape has passed 
over the recording head. Some cross 
talk between the sync pulse and the 
audio signal may be expected using this 
system. 

In Fig. 3-78H is shown the position 
of the sync-pulse head on a Nagra re-
corder using the NeoPilot system. Since 
in this system the sync-pulse head is of 
push-pull design, no cross-talk inter-
ference is observed between the sync 
pulse and the audio signal. All three 
systems are compatible except for the 
different methods used for taking off 
the sync-pulse signal. For the Ryder 
echelon head, it is placed in the same 
position as for the NeoPilot system. 
In the absence of a recorder espe-

cially designed for sync-pulse opera-
tion, a stereophonic two-track recorder 
may be used. In this instance the syn. c-
pulse signal is recorded on one track 
and the audio signal on the other. The 
sync-pulse signal is then reproduced 
and used to drive the transfer recorder, 
or interlock other machines as previ-
ously discussed. (See Question 3.80.) 

3.79 Can frequencies other than 60 
Hz be used for sync-pulse signals?—Yes, 
they may be operated at 50, 60, 100, 120, 
and, in some instances, 14,000 Hz. How-
ever, if the higher frequency is used, 
the recorder must be capable of record-
ing a strong 14,000-Hz signal on the 
tape, and precautions taken to prevent 
leakage of the sync signal into the re-
cording circuits and causing beats. Pic-
tured in Fig. 3-79 is a resolver manu-
factured by Magna-Tech Electronic Co., 
Inc., Model 92B. This device is designed 
to operate at both 60 and 14,000 Hz. The 
sync-pulse head is mounted between 
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--- — 
Fig. 3-79. Magna-Tech Electronic Co., 
Model 928 playback synchronizer oper-
ating in conjunction with an Ampex 1/4- 

inch tape recorder. 

the normal head assembly. The capstan 
and pinch-wheel are at the right. 

3.80 Describe the methods used to 
connect a tape recorder and camera for 
sync-pulse operation.—Five . different 
methods of connecting or operating a 
1/4-inch tape recorder and camera for 
sync-pulse operation are shown in Fig. 
3-80A through E. In Fig. 3-80A the tape 
recorder is operated from its internal 
batteries and is fed a sync-pulse signal 
from a permanent-magnet generator 
(60 Hz) mounted on one end of the 
camera motor shaft. The power supply 

mic 
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TAPE 
RECORDER 

BATTERY 

SYNC- PULSE 
GENERATOR 

I Wm 
CAMERA 

CAMERA 
POWER 
SUPPLY 

BATTERY 
36Vdc 

220V-30 

Fig. 3-80A. Recorder operated from in-
ternal batteries; the sync-pulse signal is 
obtained from pulse-generator on cam-
era; camera powered from battery power 

supply. 
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for the camera consists of a three-phase 
220-Vac 60-Hz generator driven from 
batteries. With the sync-pulse voltage 
taken from the camera motor-driven 
generator, any change in camera speed 
is reflected in the frequency of the sync 

pulse and recorded on the tape, along 
with any small variations in the bat-
tery-driven motor in the recorder. 
The system shown in Fig. 3-80B is 

similar, except that the sync-pulse volt-
age is taken from a step-down trans-
former connected across two' phases of 
the three-phase voltage fed to the cam-
era motor. Any change in the fre-
quency of the camera-supply voltage is 
recorded on the tape. When shooting in 
a studio, the camera is generally sup-
plied from the house mains, which also 
supply the sync pulse through a step-
down transformer (Fig. 3-80C). 

Systems are also available where the 
sync pulse is transmitted by a small 
radio transmitter to the recorder, as in 
Fig. 3-80D. Another system for driving 
the camera employs a transistorized in-
verter operated from batteries, and 
generating 117 Vac, at 60 Hz (Fig. 
3-80E). The frequency of the generator 
is precision-controlled. The sync-pulse 
signal is taken from a small precision 

unit which generates 60 Hz with an ac-
curacy of -±0.0005 percent. The manu-
facturer states the inverter and sync.-
pulse generator have an accuracy of 20 
parts per million, over a temperature 
range of minus 20°C to plus 50°C (mi-
nus 40°F to plus 122°F); or 5 parts per 
million over a temperature range of 
plus 8°C to plus 34°C. Using this syn-
chronization, several cameras can be 
used simultaneously without intercon-
necting cables. While there are other 

mic 
D— TAPE 

RECORDER 
PULSE 

TRANSFORMER 

I, 25Voc 

CAMERA 

CAMERA 
POWER 
SUPPLY 

BATTERY 
36Vdc 

220V 
-30 

Fig. 3-808. Recorder powered from in-
ternal batteries, camera from battery 
power supply; sync-pulse from step-down 

transformer across two-legs of camera 
three-phase power supply. 
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variations of the described systems, 

those shown in Figs. 3-80A through C, 
are the most commonly employed. (See 
Question 3.78.) 

3.81 Describe a system for inter-
locking nonsynchronous recorders and 
reproducers.—The problem of interlock-
ing nonsynchronous sound equipment 
and picture has been one of the chief 
difficulties of the sound industry, be-
cause synchronous motors, although 
rated constant-speed, are only approxi-
mately so. They are subject to slight 
speed changes due to possible variation 
of the coupling angle between the ro-
tating field and the rotor. The angular 
velocity may not be constant, but the 
average speed will be synchronous. 

Nonsynchronous motors never oper-
ate at synchronous speeds, even at no 
load, and the difference between syn-
chronous and actual speed will depend 
upon the design, power input, and 
torque requirements. They are also af-
fected by the line voltage and the load. 
To overcome this difficulty, the Radio 
Corporation of America, has developed 
a system of interlocking synchronous 

RADIO RADIO 
TRANSMITTER RECEIVER 

CAMERA 
POWER 
SUPPLY 

BATTERY 

RECORDER 

BATTERY 

Fig. 3-80D. The camera is operated 
from a battery-operated generator. The 
sync-pulse is sent to the recorder by 

radio. 

Fig. 3-80C. Recorder is battery operated; 
camera operates from 220-volt, three-
phase mains: pulse signal from step-
down transformer across 117 Vac mains. 

and nonsynchronous machines, with a 
trade name of Unilock. 

To explain its operation, in Fig. 
3-81A is shown a tape recorder with a 
sync-pulse recorded on the tape (see 
Question 3.78), interlocked with a stan-
dard 35-min or 16-mm projection ma-
chine. The only piece of equipment 
required at the projector is a rate-gen-
erator mounted in the film path. The 
moving film drives a drum containing 
holes that chop a light beam between a 
small lamp and photodiode, generating 
a 60-Hz signal at a frame rate of 24 
frames per second. The output voltage 
of the rate generator is applied to the 
input of a Schmitt-trigger amplifier in 
channel "B" of the Unilock system. The 
output from the sync-pulse head on the 
tape recorder is applied to a second 
Schmitt-trigger in Channel "A." To op-
erate, the tape and film are threaded at 
their respective start marks, and the 
system thrown to the interlock mode 
and the projector and tape transports 
started. 

During the acceleration period, the 
tape will attain sync speed almost in-

CAMERA 

60Hr 
0.0005% 

CAMERA 

POWER 
 SUPPLY 

BATTERY 

RECORDER 

60Hz 
±0.0005% 

Fig 3-80E. Camera operated from 60-Hz 
generator with a regulation of 0.0005%. 
60-Hz signal with same percent regula-

tion applied to recorder. 
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Fig. 3-81A. Film projector and tape recorder interlocked using a Unilock system. 
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Fig. 3-81B. Tape recorder, 35- or 16-mm magnetic-film machine, and video-tape 
recorder interlocked using a Unilock system. 
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Fig. 3-81C. Basic block diagram for RCA MI-29845 Unilock system for interlocking 
nonsynchronous recording and reproducing equipment. 
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F. 
Fig. 3-81D. Unilock sync or pick-off head mounted on an RCA TP-66 16 mm 

projector. 

stantaneously, while the projector ac-
celerates more slowly. This produces a 
lower pulse rate in channel "B." As the 
pulse-count differential between the 
two channels builds up, the stepping 
motor turns potentiometer Pl so as to 
slow down the tape-transport capstan. 
As the projector attains full speed, the 
pulse rate from the rate generator ap-
proaches 60 Hz. The number of pulses 
in channel "B" will eventually catch 
up with the total pulses of Channel "A." 
In so doing, the stepping motor will 
bring potentiometer Pl back to the 
position where the capstan motor is 
driven at synchronous speed, thus syn-
chronism is attained. The time required 

for the system to stabilize is approxi-
mately 5 seconds. Even if the system is 
stopped, it can be started again with 
both machines in synchronism. 

To use the system with a video-tape 
recorder, a magnetic-Mm reproducer, 
or a projector, the equipment is con-
nected as shown in Fig. 3-81B. The 240-
Hz control-track signal from the video 
machine, after suitable amplification, is 
applied to a converter which reduces 
the 240 Hz to 60 Hz. The inverter output 
drives a 230 Vac three-phase power 
drive amplifier, which supplies the mo-
tive power for the magnetic-film repro-
ducer. Many other combinations of this 
system are possible and any number of 

Fig. 3-81E. Reference signal rate-generator mounted on RCA TP-66 16mm projector. 
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Fig. 3-81F. RCA Unilock control modules. 

machines can be interlocked. Control 
equipment is available for either 50- or 
60-Hz operation. 
A basic block diagram in Fig. 3-81C 

is completely solid-state. The inverter 
unit will supply 30 watts at 117 Vac for 
driving the capstan motor of 1/4 -inch 
tape recorders, or 300 watts at 230 Vac 
for driving the motor of a magnetic-
film recorder/reproducer. To operate a 
1/4 -ineh tape recorder, a sync or pick-off 
head is required, and is shown mounted 
on an RCA RT-21 tape recorder. A ref-
erence signal rate-generator is shown 
installed on an RCA TP-66 projector in 
Fig. 3-81E. Three modules associated 
with the control system are shown in 
Fig. 3-81F, with an inverter, preampli-
fier, pulse resolver, control, and power 
supply shown in Fig. 3-81G. 

3.82 Describe the methods used for 
phasing a selsyn interlock system—As-
suming the system is designed for 
three-phase operation, the phasing is 
started at the synchronous motor driv-
ing the selsyn generator set. The driv-
ing motor is phased for the correct 
direction of rotation by connecting its 
leads to the three-phase power source, 
and noting the direction of the rotation, 
which should be clockwise when facing 
the shaft end driving the selsyn gener-
ator unit. If the rotation is counter-
clockwise, reverse two of the power 
leads. The generator unit will have 6 
leads, numbers 1 to 3 being the stators, 
and 4 to 6 the rotors. These 6 leads are 
run to each machine to be driven, and 
the leads numbered similarly to the 
generator leads. The stators of all mo-

Fig. 3-81G. RCA Unilock control modules. 
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tors are connected to the stator lines 
from the selsyn generator, number for 
number. The selsyn generator is started 
and the rotors of each motor shorted to-
gether, without load, and the direction 
of rotation noted. If the motor rotates 
in the wrong direction, reverse the two 
stator leads. This procedure is followed 
through for the whole system. After 
phasing the motors, two phases of the 
power line (locking position) are 
closed. The rotors should then all pull 
into lock. Rocking the rotors by hand, 
the lock should feel firm. Closing the 
third phase, the motors should all run 
at 1200 rpm in the same direction. 

It is possible in some selsyn systems 
to have what appears to be correct 
phasing, but one motor does not lock 
solid, and has a tendency to run away 
(1800 rpm). This condition must be cor-
rected or the motor will overheat and 
run away frequently. This condition 
can be caused by the leads on the stator 
side not being properly phased, al-
though about 90 percent of the time it 
operates normally. 

Single-phase interlock systems are 
somewhat simpler to phase. The single-
phase line is connected to the rotors, 
and two of the three stator leads are 
reversed for the correct direction of 
rotation. If the selsyn is a dual-purpose 
type (selsyn and synchronous) de-
signed for three-phase operation, it will 
have 9 leads. Leads 7 to 9 are for syn-
chronous operation. These leads are 
connected to a source of 230-volt three-
phase power and reversed for the cor-
rect direction of operation. Care must 
be taken that the synchronous switch 
is never thrown when the system is 
operating as a selsyn motor. 

3.83 What is the purpose of revers-
ing a rerecording system?—Reversible 
rerecording systems serve two impor-
tant purposes; they save rehearsal tizne, 
and they afford the operating personnel 
greater convenience of operation. It is 
the current practice to rerecord a full 
reel of picture and sound track that 
may run from 940 to 980 feet in length. 
Many times a difficult cue or sound ef-
fect is encountered down in a reel 500 
to 600 feet from the start. If the cue is 
such that it may require several re-
hearsals, this can become costly and 
time consuming, as all the sound tracks 
and picture must be rewound for each 
rehearsal. Interlock systems can be de-

signed to hold the machines in sync, 
while reversing and running back to 
a portion to be again rehearsed. After 
reversing, they may be run forward 
again without loosing synchronization. 
This may be done as many times as re-
quired. 

Interlock systems designed for re-
versal operation require special treat-
ment. The picture gate in the projector 
must be suitable for running in reverse, 
or modified to do so. The modification 
will differ with each make of machine. 
Solenoids must be installed to lift the 
pad roller off the impedance drum in 
the sound head when running in re-
verse. Also, the fire shutter must be 
closed when the picture comes to a stop 
at the point of reversal. Most magnetic 
film machines will run reverse as they 
have torque motors on the feed and 
take-up spindles. 

In some installations, the magnetic 
recorder is provided with an erasure 
system for erasing a portion of the 
sound track, while running in reverse, 
to permit recording that portion over 
again. Recorders are available that will 
permit a single word or musical note 
without a trace of the substitution. 

Distributor systems can be reversed 
in several different ways. Two of the 
most common are the reversing of the 
power leads by a system of relays, and 
reversing the power circuits and rotat-
ing the distributor unit in reverse by 
means of a separate motor running at 
120 feet per minute. Reversal systems 
are usually designed to fit a particular 
installation. 

3.84 Describe a resolving system for 
transferring 1/4 -inch tape, using a sync-
pulse to drive a sprocket-driven recorder. 
—A resolver is a device used for trans-
ferring a 1/4 -inch magnetic tape sound 
track employing a sync-pulse signal, to 
a sprocket driven recorder, while main-
taining absolute synchronization. Sev-
eral different methods are available; 
they will be discussed in their proper 
order. The reader is referred to Ques-
tion 3.78, before reading the following 
discussion. 
Assume a motion picture is being 

shot, where the camera is being sup-
plied with a three-phase 220-volt 60-Hz 
voltage from a battery-driven power 
supply, and the 1/4 -inch tape recorder 
is driven from internal batteries. The 
camera motor power supply does not 
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generate a constant frequency, even 
with constant-frequency control, but 
will vary both above and below the 
nominal frequency. If the alternator is 
generating 61.0 Hz, the camera motor 
is turning 1.66 percent faster, and if 
the alternator is generating only 59 Hz; 
the rotor is 1.66 percent slower, with 
reference to 60 Hz. 

In the first method of transfer that 
might be used, the battery-driven re-

ERASE RECORD PULSE 

1/4.TAPE RECORDER-REPRODUCER 
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corder is now used as a reproducer 
(Fig. 3-84A). The sync-pulse signal is 
amplified by a 60- to 100-watt ampli-
fier, which drives the synchronous mo-
tor in the sprocket-driven transfer re-
corder. Since the power for the transfer 
recorder motor is the original pulse 
signal recorded during the shooting of 
the sound track now undergoing trans-
fer, the sprocket-driven machine motor 
will increase and decrease its speed in 

TRANSFER RECORDER 
SPROCKET DRIVEN 

Fig. 3-84A. Direct method of transferring %-inch tape using a sync-pulse signal to a 
sprocket driven machine. 
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Fig. 3-848. Kudelski Negro Ill 1/4 -inch tape recorder connected to a sync-pulse 
resolver. The sync-pulse signal is fed to the resolver from the recorder. After cor-
rection, it is returned to the motor-control circuits in the recorder. The manual con-
trol extends the range normally outside the resolver range. The audio signal is fed 

from the r der to the transfer machine in the usual manner. 

Fig. 3-84C. Kudelski Negro Ill and Model SLO resolver, with Variator manual con-
trol at left. 
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Fig. 3-84D. Block diagram for Kudelski Model SLO resolver for use with Negro 
recorders or similar equipment. The two plugs at the left connect to the motor-con-
trol circuits in the recorder and the switch circuitry. The Variator control plugs into 

the recorder. 

accordance with the record of the sync 
signal on the tape. Thus, the same result 
is obtained as if the original sound 
track had been recorded on the 
sprocket-driven machine. It will be ob-

served that in this system and all others 
to be discussed, corrections are auto-
matically made for variations in the 
speed of the tape recorder, elongation 
of the tape, and any other elements that 
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disturbed the linear speed during the 
recording of the original tape. This 
method can be used with satisfactory 
results, when other methods of transfer 
are not available. 

In the second method, the same re-
sults are obtained by reversing the pro-
cedure. Here, the sprocket-driven ma-
chine is powered from the studio power 
line, and the speed of the motor driving 
the tape recorder is controlled by a re-
solver to synchronize it with the studio 
power-line frequency. The advantage 
of this method over the first is that 
there are always slight discrepancies 
between the sync signal on the tape 
and the power line frequency, and in 
many instances it is next to impossible 
to avoid parastic oscillations, resulting 
in slow drifts and low frequency flutter. 
This second method eliminates these 
difficulties, and is the system used by 
Rangertone. (See Question 3.78.) 
A third resolving system (Fig. 

3-84B), developed by Kudelski of Laus-
sane, Switzerland for the Nagra line of 
recorders, is of different design. The 
principal component of the circuitry is 
a phase-discriminating circuit for com-
paring the frequency of the sync pulse 
on the tape to that of the studio line 
frequency. The phase difference is con-
verted into a pseudodirect current 
which is used to correct the speed of 
the de motor in the Nagra recorder as 
it reproduces the sync-pulse signal. 
Three types of reference signal may be 
employed: the internal line frequency 
(50 or 60 Hz), twice the line frequency 
(100 or 120 Hz) of any voltage up to 50 
volts, or a signal generated from a 
quartz crystal clock for instrument use. 
Kudelski uses the name NeoPilot for 
the sync-pulse voltage. For normal 
transfer work, a cathode-ray tube dis-
plays the reference signal (line fre-
quency) horizontally, and the sync sig-
nal from the tape vertically. When the 
reference and pulse signals are in ab-
solute synchronization, the oscilloscope 
display is a steady oval nonmoving Lis-
sajous pattern. The latitude of the 
speed control on the tape recorder mo-
tor circuit is -±2.5 percent, for a linear 
speed of 7.5 ips. If a greater spread is 
required, a manual control, called a 
Variator, is connected to the recorder 
by means of a cable, which permits the 
speed control operating range to be ex-
tended. There are also internal controls 
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for extending the speed contiol range 
where a Variator is not available. If a 
malfunction occurred during the origi-
nal recording, it may be necessary to 
control manually the motor speed cor-
rection. This is accomplished by slowly 
rotating the Variator. As a rule, most 
transfers will fall within the 1.5-percent 
range. If the power line was used for 
the sync signal during the recording 
of the original tape, the differences in 
speed will fall well within 0.5 percent. 

Included in the resolver is a control 
for selecting either automatic or manual 
control of the tape recorder motor 
speed. If a tape is being transferred au-
tomatically and a dropout occurs, a 
marker trigger circuit becomes opera-
tive when the pulse signal drops to a 
predetermined level. The trigger circuit 
actuates an audible signal from a built-
in loudspeaker, turns off a green sync-
signal indicator light, turns on a yellow 
warning light, and actuates an external 
circuit which may be applied to a pen-
cil-marking device on the transfer re-
corder. This latter device, however is 
not necessary, but is quite handy if the 
transfer operator cannot keep a steady 
watch on the operation, since it indi-
cates dropouts in the original sound 
track and where they appear on the 
transfer track. The resolver may also be 
used to record a sync signal when a %-
inch tape is being rerecorded from a 
sound track on a sprocket-driven ma-
chine for playback purposes. 
A front view of a Kudelski type 

SLO resolver is shown in Fig. 3-MC, 
with a Vartator manual control at the 
left. Above the resolver is a Nagra III 
1/4-inch tape recorder. A simplified 
block diagram for the internal circuitry 
of the resolver appears in Fig. 3-84D. 

3.85 Show a block diagram for play-
ing back 1/4-inch tape on location using 
a resolver.—The Kudelski Type SLO 
resolver can be quite useful on location 
for making immediate playbacks after 
recording, or from tapes previously re-
corded in the studio. A block diagram 
of the connections appears in Fig. 3-85. 
Here is shown a Nagra recorder being 
used as a playback machine, in con-
junction with the resolver, fed from a 
source of 50 or 60 Hz. The audio signal 
is fed to a power amplifier and loud-
speaker. 

If local power is not available, the 
equipment may be fed from the cam-
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Fig. 3-85. Location playback system using a camera power supply unit for a source 
of 60-Hz power. The power supply must be adjusted carefully to hold the frequency 

as near 60 Hz as possible. 

era-motor power supply system. In this 
latter instance, the camera power-sup-
ply frequency must be maintained as 
near to the line frequency of the studio 
as possible. A camera supply system 
with automatic frequency control is 
ideal for this purpose. Generally, for 
playbacks on location the tapes are pre-
recorded (using the studio mains) with 
the sync-pulse signal on the tape. This 
assures absolute synchronization of the 
picture with the playback. 

3.86 Describe a synchronous re-
solver using a stroboscope lantp.—A 
unique method of obtaining synchro-
nous sound transfer is by the use of a 
Strobelite resolver (Fig. 3-86A) devel-
oped and manufactured by Magnetic 
Sales Corp. Using this device, absolute 
synchronization can be obtained be-
tween any type of 1/4 -inch sync-pulse 
tape recorder and a synchronous 
sprocket-driven recorder. Synchroniza-
tion is achieved by manual control of 
either machine, depending on the basic 
setup. 

In Fig. 3-86B is shown a 1/4 -inch 
sync-pulse tape recorder reproducing 
an audio signal which is fed to a syn-

lie TAPE 
RECORDER/ REPRODUCER 
BATTERY OPERATED 

MANUAL 
SPEED 

CONTROL 

Fig. 3-86B. Block diagram for transferring 1/4 -inch sound track to magnetic film 
using a Strobelite resolver manufactured by Magnetic Sales Corp. 

chronous sprocket-driven machine, and 
recorded in the usual manner. The 
sync-pulse signal is fed to the resolver 
unit, amplified, then applied to a stro-
boscopic lamp in the resolver. This lamp 

Fig. 3-86A. Strobelite resolver manufac-
tured by Magnetic Sales Corp. 
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Fig. 3-86C. Basic setup for making synchronous sound transfers from a sync-pulse 
tape recorder to a 16-mm projector with sound recording facilities. 

flashes once for each cycle of the syn-
chronizing signal. The lamp flashes are 
employed to illuminate a stroboscope 
disc, mounted on the recorder (some 

-2V 

recorders come factory equipped with 
these discs). When the image on the 
disc is brought to rest, the tape is run-
ning at the exact speed as when it was 
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Fig. 3-86D. Schematic diagram for Magnetic Sales Corp. Strobelite resolver. 
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originally recorded with the picture. 
The external manual control for the 
tape recorder is adjusted to bring the 
tape recorder to the proper speed for 
stopping the image on the stroboscope 
disc. 
A second method for using the 

Strobelite resolver is shown in block 
diagram in Fig. 3-86C. In this setup, 
the tape recorder is run at a fixed speed 
and the audio signal is applied to a 16-
mm projector equipped with magnetic 
recording facilities. A stroboscope disc 
is mounted on one of the exposed ro-
tating shafts. (See Question 3.87.) 
The sync-pulse signal from the tape 

is applied to the resolver input, and the 
stroboscopic lamp placed in front of the 
stroboscope disc mounted on the pro-
jector. The speed of the projector is 
adjusted manually for a standing image 
on the disc by connecting a variable 
resistor (about 150 ohms, 50 watt) in 
place of the fixed resistor connected 
normally in the speed-governor control 
circuit (see Question 3.74). This will 
permit the speed of the projector/re-
corder to be varied above and below 
24 frames per second. 
To operate the system, the recorder 

is started and the speed of the projec-
tor/recorder adjusted for a steady im-
age on the stroboscope disc, and thus 
maintained throughout the transfer. 
The sound may be recorded on a striped 
picture or on magnetic film. 
The schematic diagram for the 

Strobelite resolver is shown in Fig. 
3-86D. The sync-pulse signal is applied 
to a transistor amplifier, which feeds 
the signal to the gate of a silicon con-
trolled rectifier (SCR). (See Question 
11.150.) When the SCR fires, it applies 
a sharp pulse to a flash tube through a 
pulse transformer stepping up the volt-
age high enough to fire the stroboscopic 
lamp. The power supply provides 200 
Vdc for the SCR tube, and low voltage 
for the transistors. (See Questions 3.81 
and 3.84.) 

3.87 Show a group of stroboscope 
discs suitable for use on a rotating shaft 
to indicate synchronous speed.—Several 
stroboscopic discs that may be dupli-
cated and fastened to the end of a ro-
tating shaft or sprocket, for checking 
synchronous speed, using a neon or 
regular lamp operated from the power 
mains, are shown in Fig. 3-87. For 
speeds other than those given they may 
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Fig. 3-87. Stroboscope discs. (Courtesy, 
Magnetic Sales Corp.) 

be calculated as given in Question 
13.117. 

For shaft speeds of 3600 rpm, only 
one bar is used to make it easier to dis-
tinguish. At speeds where the bars are 
large in number, they may be divided 
into even multiples of the basic number. 

3.88 Describe a portable camera 
motor-drive unit for a constant source of 
3-phase 60-Hz 230 Yac.—In the pro-
duction of motion pictures, the demand 
for a portable synchronous motor-drive 
system has been going on for years, 
with many different systems having 
been proposed and developed. The basic 
requirement of such a system is a 
source of 230 Vac, 60-Hz three-phase 
power, that will interlock the camera 
with the sound equipment and hold the 
frequency to within a very small per-
cent of the basic frequency (in USA it 
is 60 Hz), and yet be operated from 
batteries. 

Since the advent of the battery-
driven 1/4 -inch tape recorder for loca-
tion work, the load of the sound equip-
ment has been eliminated. Thus, the 
power-supply unit is now only required 
to supply power for the cameras and a 
low voltage (1.5 Vac) for the sync-pulse 
signal recorded on the tape recorder. 
(See Question 3.78.) 
The schematic diagram for a camera 

control and generator unit, developed 
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by F. G. Albin and manufactured by 
Magnetic Sales Corp., is shown in Fig. 
3-88A. The system consists of a control 
cabinet and a soundproof case, which 
houses a 250 Vac 3-phase 500-watt (al-
ternator) rotary inverter turning 3600 
rpm driven from a 30-volt battery 
supply. The control cabinet supplies a 
means for manually or automatically 
controlling the frequency of the supply 
voltage. The control circuit consists of 
an elaborate network of transistors and 
diodes, which maintain the de voltage 
constant at the motor terminals driving 
the alternator. In addition, the alterna-
tor is fitted with a centrifugal mechani-
cal governor, which holds the dc voltage 
approximately constant to the driving 
motor, when the field current is ad-
justed for a given value. With the two 
methods of control, it is possible to hold 
the frequency to within less than 
cycle in 60 Hz. (See Question 3.74.) 
Provision is also made for manual con-
trol of the camera speed for special ef-
fects shots, where the camera must run 
faster or slower than 24 frames per 
second. Three meters are installed on 
the control unit for monitoring the de 
driving voltage, generated 3-phase volt-
age, and frequency read in frames per 
second. (See Question 3.72.) The 1.5-
Vac sync pulse for the tape recorder is 
supplied through a step-down trans-
former from one leg of the 230 Vac. In-
dividual controls are provided for ad-
justing the field current for manual and 
automatic control modes. 
When such a system is operated in 

the manual mode, the frequency must 
be continuously monitored to assure a 
constant frequency of 60 Hz. In the 
automatic mode as soon as the start 
switch is thrown (the generator settles 
down, in 1 to 2 seconds), the frequency 
is held constant at 60 Hz and requires 
no further adjustment, provided the 
field current has been adjusted for a 
particular camera load in advance of 
the shooting, since cameras vary in 
their load requirements. Operating in 
the automatic mode saves considerable 
camera film, and is an important factor, 
particularly if the picture is being shot 
in color. To prevent damage to the tran-
sistors, a fan in the control unit auto-
matically starts if the internal temper-
ature of the control cabinet rises above 
100°F. The fan is automatically turned 
off during a take. 
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When more than one camera is used, 
it is generally necessary to add capaci-
tance across each leg of the 3-phase 
alternator to provide power-factor cor-
rection. For convenience, external ca-
pacitor banks consisting of two banks 
of 10 and 20 uF each, are plugged into 
the power supply for switching across 
each leg of the alternator. The same 
value of capacitance is always used 
across each phase. The capacitors 
should be oil-filled. Under no circum-
stances are conventional electrolytic ca-
pacitors permissible, because of their 
internal leakage and the possibility of 
exploding. Nonpolarized electrolytic ca-
pacitors can be used; however, the 
paper or oil-filled type is preferred. In 
most portable alternator sets capacitors 
permanently connected across the three 
phases serve two purposes. First, they 
act as noise suppressors for the slip 
rings; second, they provide power-fac-
tor correction for a single camera. 
When two or more cameras are to be 

driven, the cameras are run in advance 
and the capacitance adjusted for proper 
operation. In Fig. 3-888, is shown a 
typical capacitor bank, consisting of six 
10-uF banks, that may be connected 
for either 10- or 20-uF operation. 

3.89 Describe a printed-circuit mo-
tor.—The printed-circuit motor is a di-
rect-current electrical machine, in 
which the conventional wire windings 
of a cylindrical armature have been re-
placed by printed circuits. Printed-cir-
cuit motors may be operated from one 
revolution per day up to several thou-
sand revolutions per minute, and may 
be designed to deliver torques from a 
few ounce-inches to hundreds of 
pound-feet. Since the motor is basically 
of pancake form, it is well adapted to 
applications where the motor would be 
integral with the driven device. Because 
of its design, there is no magnetic at-
traction between the rotating armature 
and the stationary portion of the 
machine. 
An exploded view of a motor, manu-

factured by Printed Motors, Inc., is 
shown in Fig. 3-89A. At the left is a flux 
plate, a portion of the housing support-
ing the brushes which make contact 
with the 132 segments shown in the 
center. A similar winding is printed on 
the reverse side, and connected to the 
front side by plated through holes. At 
the right is the opposite portion of the 
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housing, with a permanent magnet 
stator. 
An important aspect of the printed 

motor is the fact that the printed arma-
ture is a single-wave winding. As a re-
sult, the operating voltage is low in 
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comparison to conventional motors. For 
an armature diameter of 3.5 to 8.5 
inches, the terminal voltage will range 
from 6 to 150 volts dc. Consequently 
they are suited to còntrol circuits em-
ploying semiconductor devices. 
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The armature consists of a disc 
printed and electroplated with the pat-
tern of conductors rotating in a planar 
air gap permanent-magnet structure. 
Commutation is provided by the use of 
brushes bearing directly on the flat sur-

faces of the armature segments. Since 
the effective number of commutator 
bars is large and the rotating armature 
contains no iron, the motor provides a 
smooth modulation-free output torque 
in response to a constant input current. 
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CAPACITORS-600V. OIL FILLED 

CASE GROUND 

3 

Fig. 3-88B. Camera motor power-supply capacitor bank for correcting power factor. 
Switch open, two cameras. Switch closed, three cameras. In some instances all the 

capacitance may be required for two cameras. 

'tor 

Fig. 3-89A. Exploded view of a printed-circuit motor. At the left is the housing cover 

with the brushes, armature, and permanent-magnet stator. (Courtesy, Printed 
Motors, Inc.) 

eirieep-OE. 

st 

Fig. 3-89B. Printed-circuit motor armature at left and the conventional armature it 
replaces. (Courtesy, Printed Motors, Inc.) 

A printed-circuit armature, com-
pared to a conventional armature it re-
places is shown in Fig. 3-89B. Since the 
magnetic field in a printed motor is 
supplied by a structure which does not 

rotate with the shaft, the rotation of 
the armature does not tend to modulate 
or vary the permeability of the mag-
netic path. Due to the design, cogging 
has been eliminated and there is the-
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(a) View of exterior. 

(b) View of interior. 

Fig. 3-90. Model-700 portable dc generator for motion picture set lighting. Manu-

factured by Mole-Richardson. Generator is capable of developing 650 amperes at 
120 Vdc. 
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oretically no limit on the angular accu-
racy. 

The lack of armature inductance dis-
played by a printed motor is significant 
in applications where fast response is 
desired. If the mechanical time-constant 
is defined as the tizne for the machine 
to complete 63 percent of the velocity 
transition resulting from a step change 
in terminal voltage, printed motors lie 
between 0.010 and 0.050 second. Printed 
motors are best suited to applications 
involving direct drive of loads at speeds 
in the range from zero to several thou-
sand rpm, where a premium is placed 
on the smoothness of generated torque, 
freedom from preferred armature posi-
tion, fast response, and high accuracy. 

3.90 Describe the construction of a 
portable dc generator, for motion picture 
set lighting.—Although portable light-
ing plants are under the jurisdiction of 
the electrical department in a motion-
picture studio, in small organizations, 
very often the sound engineer is re-
sponsible for them; therefore, a basic 
knowledge of their design is useful. 

Generating plants designed for mo-
tion picture use are generally portable 
either as a unit that may be loaded on 
a fiat-bed truck, or built on a truck as 
an integral unit. Generally the plant 
consists of a gasoline motor driving a de 
generator with automatic voltage con-
trol. A portable plant, manufactured by 
Mole-Richardson, is shown in Fig. 3-90. 
This plant is capable of generating 650 
amperes at 120 Vdc. The generator is 
driven by a V-8 Cadillac gasoline en-
gine. Depending on the electrical load 

demands, the output voltage may be 
controlled either manually by means of 
a rheostat, or automatically by a voltage 
regulator which controls the speed of 
the engine. The ripple voltage from the 
commutator is less than 0.5 percent; 
thus, the noise generated by arc lamps 
is at a minimum. Such power plants 
may be used for fighting either incan-
descent or arc lamps. 

The silencing of a generator for mo-
tion picture use is a compromise be-
tween portability and the degree of 
noise reduction required. The housing 
wall of this particular plant consists of 
20-gauge sheet metal outer skin, with 
3M Co. undercoating applied to the in-
ner surfaces. A fibrous asbestos is 
sprayed over the undercoating to form 
an additional sound absorbing layer 
about %-inch thick. This is protected 
by two coats of casein base paint and 
metal hardware cloth. The bottom of 
the plant is closed with covers consist-
ing of %-inch Celotex set between 
18-gauge steel sheets. An acoustical 
partition within the housing, made of 
1,4-inch Celotex faced on both sides by 
3'-inch Transite, prevents the engine 
noise from escaping through the radia-
tor. All access doors are gasketed. A 
blanketed baffle spaced a short distance 
in front of the radiator reduces air and 
fan noises. The engine exhaust is muf-
fled by a series-parallel system of si-
lencers. One 3-pass muflier is connected 
to the exhaust of each 4-cylinder bank 
of engine, with the outputs of the muf-
flers joined at the input to a third 
muflier. 
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Section 4 

Microphones 

Since the invention of the microphone by Dr. Alexander Graham Bell, many 
types and designs of microphones have been developed over the years, each having 
served well until its replacement. 

Microphones may be classified according to their physical design, such as carbon, 
capacitor, ribbon-velocity, moving-coil, semiconductor, crystal, and ceramic. They 
also may be classified according to their polar patterns as omnidirectional, bi-
directional, directional, polydirectional, superdirectional, and cardioid. Nomencla-
ture given to microphones designed for special use, such as wireless, dual-stereo-
phonic, in-line, and high-intensity, might be considered yet another category. All 
of these microphones have been covered in this section, and also their electronics, 
phasing, and such ancillary equipment as cables, wind and rain screens, and 
concentrators are discussed in this section. In some instances, the description of a 
particular microphone is only basic since the design will vary with different manu-
facturers. 

4.1 What is a microphone—A 
transducing device which converts 
acoustical energy into electrical energy. 
Also called an electroacoustic trans-
ducer. 

4.2 What are the basic principles 
of microphone operation?—Microphones 
are divided into two categories of oper-
ation, velocity and pressure. Pressure-
operated microphones employ a dia-
phragm with only one surface exposed 
to the sound source. The displacement 
of the diaphragm is proportional to the 
instantaneous pressure of the sound 
wave. At lower frequencies such micro-
phones are practically nondirectional. 
A velocity microphone is one in 

which the electrical output substanti-
ally corresponds to the instantaneous 
particle velocity in the impressed sound 
wave. A velocity microphone is also re-
ferred to as a gradient microphone. A 
gradient microphone is a microphone in 
which the output corresponds to the 
gradient of the sound pressure. The 
quality of a microphone can be judged 
by the frequency response, sensitivity, 
distortion, internal noise, and field 
pattern. 

4.3 What are the terms and equa-
tions associated with microphones?— 

Average threshold of the human ear 
= 0-dB SPL (sound pressure level) 
= 0.0002/cm2= 0.0002 microbar = 10-m 
watt/cm' (free field in air) = 10-12/fe. 

1 microbar = 1 dyne/cm' = 10' bar 

= 74-dB SPL 

1 atmosphere = 1 bar = 14.5 lb/h12 

= 10« dynes/cm' 

= 194-dB SPL. 

Microphone sensitivity is defined as 
output voltage in dB re: 1 volt for a 
sound pressure of 1 dyne/cm', or 74-dB 
SPI... As an example: the sensitivity 
rating for a given microphone of minus 
85 dB re: 1 volt/dyne/cm' states; the 
output voltage is 85 dB below 1 volt for 
74-dB SPL; for 174-dB SPL, the output 
voltage would be 174 — 74 + (-85) = 
+15 dB re: 1 volt. An output voltage 
15 dB above 1 volt equals 5.6 volts. 

4.4 What types of microphones are 
classed as pressure operated?—The car-
bon, crystal, dynamic, pressure, capaci-
tor, and frequency-modulated. 

4.5 What type of microphone is 
classed as velocity operated?—The rib-
bon. The electrical response corre-
sponds to the particle velocity. 

147 
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(a) Omnidirec-
tional. 

4.6 What is a pressure gradient 
microphone?—A ribbon velocity micro-
phone such as described in Question 
4.50. 

4.7 What is o polar field pattern?— 
It is a plot employing polar coordinates, 
to show the magnitude of a quality in 
some or all directions from a given 
point for three hundred sixty degrees. 
Polar plots are used to present the di-
rectional pattern of microphones, loud-
speakers, and other devices having di-
rectional characteristics. The term field 
pattern is also used to denote direc-
tional qualities; however, either term 
may be used interchangeably. In some 
instances the term directional pattern 
or characteristic is used. The term free-
field denotes the device under measure-
ment is in space, in an area free from 
obstructions and reflections, such as 
would be found in open air or in an 
anechoic chamber. Polar plots are also 
used in the measurement of magnetic 
fields and many electrical devices not 
having acoustical properties. Typical 
polar plots or field patterns are shown 
in Fig. 4-57. 
At (a) is an omnidirectional or cir-

cular or nondirectional field pattern for 
the crystal, dynamic (moving coil), ca-
pacitor (condenser), carbon, electronic, 
frequency modulated, and inductor type 
microphones. 

At (b), a semidirectional pattern ob-
tained with an adjustable field pattern 
microphone is illustrated. The micro-
phone is directional at the higher fre-
quencies but nondirectional at the low 
frequencies. 

The bidirectional pattern obtained 
with a ribbon microphone is shown at 
(c). The microphone is essentially dead 
to pickup at the sides. This pattern is 
generally referred to as a figure-8 field 
pattern. 

The pattern for a unidirectional mi-
crophone, called a cardioid pattern, is 
shown at (d). Microphones are avail-

(b) Semidirec-
Nonal. 

able that will permit the field pattern 
to be varied to fit almost any situation 
and include all of the foregoing patterns 
in some form or other. 

4.8 How is a carbon microphone 
constructed and what is its principle of 
operation?—Several hundred small car-
bon granules are held in close contact 
in a brass cup called a button, which 
is attached to the center of a metallic 
diaphragm. Sound waves striking the 
surface of the diaphragm disturb the 
carbon granules, thus changing the con-
tact resistance between their surfaces. 
The change in contact causes a current 
from a battery connected in series with 
the carbon button and the primary of 
a transformer to vary in amplitude, re-
sulting in a current waveform similar 
to the acoustic waveform striking the 
diaphragm. After leaving the secondary 
of the transformer, the minute changes 
of current through the transformer pri-
mary are amplified and reproduced in 
the conventional manner. The circuit 
diagram and construction of a carbon 
microphone are shown in Fig. 4-8. The 
output voltage from a carbon or pres-
sure microphone is proportional to the 
displacement of the diaphragm. The 
Reid pattern is omnidirectional. This is 
shown in (a) of Fig. 4-7. 
One of the principal disadvantages 

of the carbon microphone is that it has 
continuous high-frequency hiss caused 
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Fig. 4-8. Connection and construction of 
a single-button carbon microphone. 

(c) Bidirectional. (d) Cardioid. 

Fig. 4-7. Basic microphone field patterns. 
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Fig. 4-9B. Early model Western Electric type 600A, double-button, stretched-dia-
phragm, carbon microphone. 

by the changing contact resistance be-
tween the carbon granules. In addition, 
the frequency response is limited and 
the distortion is rather high. 

4.9 What is a double-button carbon 
microphone and how does it function?— 
The double-button microphone employs 
two carbon buttons similar to those 
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Fig. 4-9A. Connections and construction 
of a double-button carbon microphone. 
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Fig. 4-9C. Frequency response of early model single- and double-button 
carbon microphones. 

-- SINGLE 

used in the single-button type. One 
button is mounted on each side of the 
diaphragm. Pressure waves striking the 
surface of the stretched diaphragm 
cause it to move and disturb the con-
tact resistance of the carbon granules 
in the buttons in a manner similar to 
the single-button microphone described 
in Question 4.8. As the diaphragm 
moves, the contact resistance of the 
granules in the button mounted on the 
pressure-wave side is reduced, while 
the resistance of the button on the op-
posite side is increased. When the pres-
sure wave reverses itself, the reverse 
action takes place in the carbon but-
tons. Thus, the current through the but-
tons corresponds to each half of the 
pressure wave at the diaphragm. This 
action is somewhat similar to that of a 
push-pull amplifier stage. The circuit 
connections and construction are shown 
in Fig. 4-9A. The exterior appearance of 
an early model double-button carbon 
microphone, manufactured by Western 
Electric Co., is shown in Fig. 4-9B. 
The disadvantages of the double-

button microphone are about the same 
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as for the single-button type, except 
the waveform distortion is less. The 
frequency responses for single- and 
double-button microphones are given 
in Fig. 4-9C. The solid line is the single 
button and the dotted line the double 
button. It will be noted the resonant 
peaks of the diaphragm have been re-
duced in the double-button type by 
stretching the diaphragm. 

4.10 What precautions should be 
observed when using carbon button-type 
microphones?—The current through the 
buttons should not exceed that recom-
mended by the manufacturer, or the 
carbon granules may be fused. If the 
microphone is of the double-button 
type, the currents through each button 
must be the same when the diaphragm 
is at rest. Carbon microphones should 
not be subjected to heavy jars when the 
current is flowing, unless they are de-
signed for such service. 

4.11 What causes packing of the 
carbon granules in a carbon microphone? 
—Excessive current through the but-
tons and moving the microphone when 
the current is flowing. However, carbon 
microphones used in communications 
work are designed to be moved while 
there is current through them. 

4./2 Describe a crystal microphone. 
—A microphone employing one or more 
Rochelle salt crystals placed in such a 
manner that when their surfaces are 
struck by a pressure wave they are 
bent or twisted out of shape. This action 
results in the generation of an electrical 
current because of the piezoelectric 
effect of such crystals. A typical crystal 
microphone is shown in Fig. 4-12. 

4-12. A typical crystal Fig. 

1 

microphone. 

4.13 What is the piezoelectric ef-
fect?—When a crystal is subjected to 
strain, electrical - polarization takes 
place. The polarization is proportional 
to the mechanical strain and sine with 
it. The inverse effect is produced when 
electrical current is applied to the crys-
tal. The mechanical movement in this 
case is proportional to the applied cur-
rent. Advantage is taken of this char-
acteristic in the design of crystal micro-
phones, pickups, speakeřs, and record-
ing heads. The subject of piezoelectric 
effect is discussed further in Question 
25.191. 

4.14 What type crystals are used 
in crystal microphones?—Rochelle salt 
crystals. They are grown from a super-
saturated solution of sodium potassium 
tartrate tetrahydrate by cooling at a 
temperature of 40°C. Such crystals 
should not be operated or stored in 
temperatures exceeding 140° F. Crystals 
of this nature should not be confused 
with the quartz crystals used in radio 
transmitters. (See Questions 25.102 and 
25.103.) 

4.15 What type crystal microphones 
are in general use?—The direct-actu-
ated, Fig. 4-15, part (a) and the indi-
rectly actuated, Fig. 4-15, part (b). In 
the former type, the sound waves strike 
the surfaces of the crystals creating 
mechanical strain. In the latter, the 
sound waves impinge on a„diaphragm 
attached mechanically to the crystal 
elements. • 

4.16 What is a sound-cell crystal 
microphone?-011e in which a number 
of crystal elements are stacked in a pile, 
as shown in Fig. 4-15, part (c). 

4.17 What is a Elimorph crystal?— 
A type of construction used in crystal 
microphones to increase their sensitiv-
ity. The crystal consists of two slabs cut 
on axes which determine whether they 
are to be benders or twisters. The two 
slabs are separated by a thin piece of 
foil which connects to one side of the 
external circuit. The outer surfaces of 
the crystal slabs are covered with foil 
and connected to the other side of the 
external circuit as shown in Fig. 4-15, 
part (a). The name Bimorph is a trade 
name of the Clevite Corp., Piezoelectric 
Div. 

4.18 What is a bender element?—A 
crystal element cut on an axis which 
results in a piezoelectric effect only as 
a result of bending. 
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(a) Birnotph. 

DIAPHRAGM 

FOIL TAB 

CRYSTAL 
ELEMENT 

CRYSTAL 
ELEMENT 

OUTPUT 

(b) Indirectly actuated. 

CRYSTAL 
ELEMENTS 

(c) Sound cell. 

Fig. 4-15. Direct and indirect actuated 
crystal elements used in microphone 

construction. 

4.19 What is a twister element?—A 
crystal element cut on an axis which 
results in a piezoelectric effect only as 
a result of twisting. 

4.20 What is the field pattern for 
a crystal microphone?—Circular, as for 
all pressure microphones. See Fig. 4-7, 
part (a). 

4.21 What is the output impedance 
of a crystal microphone—Generally on 
the order of 60,000 to 100,000 ohms. 

4.22 Which type crystal microphone 
has the greatest output, the diaphragm 
or the sound cell?—The diaphragm type 
has the greatest output voltage, but the 

frequency response is limited because 
of the construction. The sound cell, 
Fig. 4-15, part (c) has the best frequency 
response but the lowest output level. 

4.23 How is the greatest output 
voltage obtained from a crystal micro-
phone with the lowest output imped-
ance?—By connecting the crystal ele-
ments in series-parallel. 

4.24 What is the maximum length 
of cable that may be used with a crystal 
microphone?—Approximately 50 feet. 
Because of the high impedance, a crys-
tal microphone must not be separated 
too far from the input of the amplifier. 
The capacity of the cable acts as a 
capacitor in parallel with thé crystal 
elements. A long cable attenuates the 
over-all level but has little effect on the 
frequency response. 

4.24 What is the internal capaci-
tance of a crystal microphoneT—Gener-
ally on the order of 0.03 uF, for the 
diaphragm-actuated type. For the 
sound-cell type, 0.0005 to 0.015 uF. 

4.26 What is the frequency response 
of a crystal microphone?—About 80 to 
6500 Hz for the diaphragm type, with 
a peak occurring around 3500 Hz. High-
quality crystal microphones will re-
spond up to 16,000 Hz; however, they 
show a rise in the higher frequencies 
necessitating equalization to obtain a 
uniform frequency response. The fre-
quency response of a typical high-qual-
ity crystal microphone of the sound-
cell type is shown in Fig. 4-26. 

4.27 What type amplifier input cir-
cuit is recommended for crystal micro-
phones?—Resistance-coupled similar to 
that shown in Fig. 4-27. Because a crys-
tal microphone appears as a capaci-
tance, it may be considered to be in 
series with the grid resistance of the 
input stage. The grid resistance (110) 
should be from 3 to 5 megohms for a 
microphone of the sound-cell type and 
from 1 to 5 megohms for the diaphragm 
type. Lowering the resistance in the 
grid circuit attenuates the low fre-
quencies. 

4.28 What types of microphones are 
considered to be high impedance?— 
Crystal, ceramic and the head of a ca-
pacitor microphone (condenser) are in-
cluded in this category. The ceramic 
microphone may be considered from an 
impedance standpoint to be similar to 
the crystal microphone. The head of a 
capacitor microphone is of extremely 
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Fig. 4-26. Frequency response of a high-quality sound-cell type crystal microphone. 
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Fig. 4-27. Method of coupling a crystal 
microphone to the input of an amplier. 

high impedance, running into several 
megoluns; therefore, it must be oper-
ated adjacent to a preamplifier. An out-
put transformer in the amplifier sup-
plies a low output .impedance, ranging 
from 50 to 250 ohms. Dynamic micro-
phones may be obtained, with impe-
dance ranging from 50 to 40,000-ohms. 

4.29 Describe a ceramic micro-
phone?—A microphone similar in char-
acteristics to the crystal, except that it 
employs a barium-titanate slab in the 
form of a ceramic. It has piezoelectric 
characteristics and may be operated in . 
higher temperatures and humidity. 
Generally speaking a ceramic micro-
phone may be used wherever a crystal 
microphone is employed; however, the 
equalization may have to be revised 
slightly. Ceramic microphones, like the 
crystal microphone, must be operated 
into an input impedance from 1 to 5 
megohms. Such microphones are ideal 
for walkie-talkies, hearing aids, dictat-
ing machines, public-address systems, 
and many other services. Typical out-
put levels are minus 59 to 50 dB, where 
zero dB equals 1 volt/microbar, with an 
output impedance of 100,000 ohms. 

4.30 Describe the construction and 
characteristics of a dynamic microphone. 
—A dynamic microphone employs a 
small diaphragm and a voice coil, simi-
lar to a dynamic loudspeaker, moving in 
an intense permanent magnetic field. 
Sound waves striking the surface of the 
diaphragm cause the coil to be moved 
in the magnetic field, thus generating a 
voltage proportional to the sound pres-

sure at the surface of the diaphragm. 
This microphone is also referred to as 
a pressure or moving-coil microphone 
(nicknamed "eight ball" because of its 
appearance). Typical examples of this 
design are the Western Electric 630B, 
shown in Fig. 4-30A, and the Altec-
Lansing Model 633a/c (nicknamed "salt 
shaker"), shown in Fig. 4-30B. Due to 
their similarities, the following expla-
nation will suffice for both types, al-
though the case and frequency response 
of the Atlec-Lansing 633a/c is somewhat 
different than the Western Electric 
630B. 
Shown in Fig. 4-30C is a cross-sec-

tional view of the 630B. The diaphragm 
(A) is of Dural, approximately 0.5-mil 
in thickness, and it weighs 25 milli-
grams. Cemented to the rear of the dia-
phragm is a voice coil (B) constructed 
of edge-wound Dural ribbon 8 mils 
thick X 8 mils wide. The body of the 
microphone (C) consists of a molded 
spherical housing, containing a perma-
nent magnet (D) with a center pole 
piece over which the voice coil is cen-
tered. The edge of the diaphragm is 
hinged and supported at the edges by 
the housing. The outer surface of the 
diaphragm is protected from mechanical 
injury by a perforated grid (E). A two-
layer 16-mesh circular screen baffle (F) 
with layers of silk between the screens 
is placed hi front of the diaphragm. The 
perforated grid and screen act as acous-
tical equalizers to improve the omni-
directional characteristics. At the lower 
left is a small metal tube (G) termed 
an acoustical equalizer. Its function is to 
release air pressure behind the dia-
phragm to prevent distortion of the dia-
phragm during its inward travel. Work-
ing in conjunction with this tube are 
two air-release vents (H) under the 
voice coil, to provide acoustical resist-
ance. External pins (I) provide connec-
tions to the voice-coil leads (J). 
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Fig. 4-30A. Western Electric 630B dy-
namic (moving-coil) microphone. 

Microphones of this type do not em-
ploy an output transformer; the output 
voltage is taken directly from the 
voice-coil winding. The frequency re-
sponse of this microphone is little af-
fected by the angle of incidence up to 
120 degrees as may be seen in Fig. 
4-39D. The output impedance is 20 
ohms, but is operated into a 30- to 50-
ohm preamplifier. The polar pattern is 
omnidirectional, with a frequency re-
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Fig. 4-308. Altec-Lansing Model 633a/c 
dynamic (moving-coil) microphone. The 
81) baffle is used to assist in achieving 

a directional characteristic. 

sponse as shown in Fig. 4-30D. The out-
put level is minus 55 db/10 dynes/cm". 

4.31 What is a pressure micro-
phone?—It is a dynamic microphone 
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Fig. 4-31. American Microphone Co., 
type b-22 pressure (moving-coil) micro-
phone with windscreen and boom hanger. 

similar to that described in Question 
4.30. A typical pressure microphone 
manufactured by American Microphone 
is pictured in Fig. 4-31, with a wind 
screen and hanger for fish-pole opera-
tion. The construction of the wind 
screen is discussed in Question 4.90. 

4.32 What is a moving-coil micro-
phone?—A dynamic or pressure micro-
phone such as the ones described in 
Questions 4.30 and 4.31. 

4.33 What is an acoustical equal-
izer?—A small metal tube located at the 
rear of a dynamic microphone to release 
the pressure behind the diaphragm and 
thus prevent distortion of the dia-
phragm. The acoustic equalizer (see 
Fig. 4-30) also tends to smooth out the 
frequency characteristic of a dynamic 
microphone. 

4.34 What is the field pattern of a 
dynamic microphone?—Omnidirectional. 

G 

Some directional effect may be obtained 
by hanging the microphone overhead 
with the diaphragm downward; how-
ever, this will attenuate the high fre-
quencies to some extent. 

4.35 Show an exploded view of a 
dynamic microphone.— An exploded 
view of an Electro-Voice Model 635A 
dynamic microphone is shown in Fig. 
4-35. Starting at the left, is a protective 
screen (A) which combined with ele-
ments (B) and (C) compromises a 
four-stage pop-filter for close talking. 
Element (B) consists of a special 
Acoustifoam material developed by the 
manufacturer. Element (D) is a fine 
screen of magnetic material for attract-
ing metal dust particles to prevent 
them from falling on the diaphragm and 
its associated magnetic assembly (F) 
and (G). The plate (E), with the dia-
phragm assembly, forms a Helmholtz 
resonator in front of the diaphragm 
(F). The inertance of the holes in the 
plate resonate with the compliance of 
the air between the retainer and the 
diaphragm. The moving elements con-
sist of an Acousticaltoy diaphragm (a 
special material developed by Electro-
Voice) which is quite stable to pressure 
and temperature changes. A voice coil 
mounted at the rear of the diaphragm 
is centered in a strong permanent mag-
netic field (G). 
As this microphone is designed to be 

hand-held if desired, mechanical shock 
must be reduced to an absolute mini-
mum by isolating the voltage-generat-
ing elements from the case. This is 
accomplished by the use of a low-du-
rometer plastisol sleeve (H). If the iso-
lation between the case and the moving 

Q07.1"' 

Fig. 4-35. Exploded view of Electro-Voice Model 635A dynamic microphone. 
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elements is not sufficient, vibrations will 
be transmitted to the moving coil and 
diaphragm assembly, resulting in un-
wanted noise. 

The diaphragm is Vs inch in diameter 
and 0.0015 inch in thickness. No output 
transformer is used, as the moving coil 
is wound using a number 48 copper 
wire for an impedance of 150 ohms. 
Since there is only one opening to the 
diaphragm, the polar pattern is omni-
directional. This system of controlled 
leakage allows for pressure equalization 
on both sides of the diaphragm. The 
high-frequency response is held up by 
the use of the Helmholtz resonator (E). 
The last three elements are the case 

(I), the three-pin male connector (J), 
and the female cable plug (K). The fre-
quency response is 60 to 15,000 Hz, with 
an output level of minus 55 dB re: 
1 mw/10 dynes/cm'. Microphones of 
this type are used for professional and 
public-address work, and in television 
and broadcast studios. 

Since the advent of rock and roll re-
cording where the artist sings or shouts 
directly into the microphone one or two 
inches from the mouth, special blast-
type microphones have been developed. 
This has been necessary because of the 
extremely high sound-pressure levels 
(SPL) distorting the diaphragm. Special 
precautions must also be taken to pre-
vent the overloading of the microphone 
preamplifier input circuit. (See Ques-
tion 9.51.) 

4.36 What precautions must be 
taken when using pressure-type micro-
phones with an omnidirectional polar 
pattern?—A characteristic of pressure 
microphones is their lack of discrimi-
nation to low-frequency sounds arriv-
ing from random directions. Sounds 
which originate at the rear of the mi-
crophone will be bent around the 
microphone housing and actuate the 
diaphragm as if they had arrived from 
the front. This is especially true of 
sounds whose wavelengths approach 
the dimensions of the microphone hous-
ing. At the higher frequencies, for 
sounds originating at its rear, the fre-
quency response will drop off due to 
diffraction. When recording dialogue 
with this type of microphone, it may 
be desirable to increase the directional 
qualities by the use of a small baffle on 
the front of the microphone in place 
of the small screen baffle normally em-

ployed. The center hole of the substitute 
baffle is covered with a single layer of 
thin silk. The use of a baffle with this 
type of microphone not only increases 
its directional qualities, but also in-
creases the response tit the lower fre-
quencies. The increase in low-fre-
quency response may be desirable for 
certain types of pickups but not for 
dialogue. Therefore, the low-frequency 
attenuation normally used for dialogue 
recording may have to be increased. 

4.37 How should a pressure micro-
phone be used suspended from a boom? 
—The diaphragm is tilted downward 
with the diaphragm almost parallel to 
the floor. One reason for this suspension 
is that pressure-type microphones are 
highly efficient at the higher frequen-
cies and any small loss of high fre-
quency response is not detrimental to 
the pickup. A second reason is that for 
large angles of incidence, the directional 
response changes less rapidly than for 
small angles of incidence. Thus, a more 
uniform quality of pickup may be 
maintained. 

4.38 What size baffle is recom-
mended for use with the microphone dis-
cussed in question 4.307—The bailie 
should be 3% inches in diameter with a 
1-inch hole in the center. The material 
may be %-inch Bakelite or Dural. 

4.39 Describe a dynamic micro-
phone with cardioid characteristics and 
a variable-frequency response. — Many 
times it is necessary to intermix micro-
phones, which generally poses a prob-
lem because of the difference in fre-
quency response. The ideal microphone 
would be one that would permit its fre-
quency response to be varied so as to 
match other microphones, while retain-
ing its directional characteristics. The 

Fig. 4-39A. Electro-Voice Model 668 dy-
namic cardioid microphone mounted in 

its wind screen and boom hanger. 
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Fig. 4-39B. Electro-Voice dynamic cardi-
oid microphone Model 668. The basic 
design is of the in-line type. Thirty-six 
different frequency-response curves are 
possible by the connections in the base. 

microphone to be described is of the in-
line family, and has been developed 
especially for this purpose by Electro-
Voice. Complete with wind screen and 
boom hanger (Fig. 4-39A), it is light 
enough to be "fish-poled." The micro-
phone proper is shown in Fig. 4-39B, 

Fig. 4-39C. Cross-sectional view of Elec-
tro-Voice Model 668 dynamic cardioid 

microphone, with its wind screen. 
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with a cross-sectional view of the wind-
screen and hanger construction given in 
Fig. 4-39C. 

Basically the microphone is an in-
line type, with two slotted tubes cou-
pled to the back of the diaphragm. The 
acoustic length of the tube varies inver-
sely with the frequency of the sound 
source, permitting the phasing-out of 
unwanted sound from all portions of 
the spectrum for a maximum front to 
back ratio. The transducer consists of 
a single moving-coil element. Contained 
in the base is a passive equalizer net-
work, which provides a choice of three 
variations in the high-frequency re-
sponse (A) (B) and (C) in Fig. 4-39D, 
and a choice of three variations in low-
frequency response identified as (1) (2) 
and (3). A filter network for reduction 
of the response above 8000 Hz and be-
low 80 Hz, having a 50 dB per octave 
cutoff rate, is also provided. The output 
level is minus 51 dB re: 1 mw/10 

270* 

10 300 Hz 
C) 5000 Hz 
C) 10,000 Hz 

Fig. 4-39E. Polar pattern for Electro-
Voice Model 668 dynamic cardioid 

microphone. 
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Fig. 4-39D. Frequency response for Electro-Voice Model 668 dynamic 
cardioid microphone. 
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Fig. 4-40A. Typical preamplifier circuit for 

+120Vdc 

—120Vdc 
—4Vdc 

+4Vdc 

a capacitor microphone using a single 
vacuum tube. 

dynes/cm'. The polar pattern, Fig. 
4-39E, is unaffected by the frequency 
response changes. 

Referring back to Fig. 4-39C, at (A) 
is the microphone. The in-line port may 
be seen at (B), and the three sections 
of the wind screen at (C) (E) and (F), 
held in place by shock-rings (D). A 
cover (G) encloses a group of terminals 
for setting the desired frequency re-
sponse and output impedance. Plate 
(H) shows graphically the frequency 
response possible by the plugging-in of 
the phone tips seen in Fig. 4-39B. The 
whole assembly is supported by rubber 
cords (J), held in place by steel rings 

OEe 

Fig. 4-409. Altec Model 29B solid-state 
microphone system. 

(K). The hanger is suspended from a 
boom turret-head by a thumbscrew. 

4.40 Describe the basic principles of 
a capacitor (condenser) microphone.— 
The head of a capacitor microphone 
consists of a small two-plate capacitor, 
about 40 to 50 pF in capacitance. One 
of the two plates is a stretched dia-
phragm; the other is a heavy back plate 
or center terminal (Fig. 4-41A). The 
back plate is insulated from the dia-
phragm and spaced approximately 0.001 
inch from, and parallel to, the rear sur-
face of the diaphragm. Mathematically, 
the output from the head may be cal-
culated: 

E.. EA.' 
P = 8 dt 

where, 
p is the pressure in dynes per square 

centimeter, 
t is the diaphragm tension in dynes 
per centimeter, 

a is the radius of active area of the 
diaphragm in centimeters, 

d is the spacing between the back 
plate and diaphragm in centimeters, 

E. is the de polarizing voltage in 
volts. 

If referred to a reference level of 1 volt: 

8 dt 
dB = 20Logio —  = 20Logio 

E.0 

Fig. 4-40A is a schematic diagram of 
a typical preamplifier used with a ca-
pacitor microphone. Here, the back 
plate is connected to the control grid of 
the tube, and the diaphragm polarized 
at 40 Vdc, through a 30k resistor, Rl. 
Thus a fixed charge accumulates on the 
diaphragm. As sound waves enter the 
head cavity through the side openings, 
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the pressure causes minute changes in 
the spacing of the two head members, 
thereby varying the internal capaci-
tance. The resulting signal voltage, 
which is proportional to the pressure 
wave, is applied to the control grid of 
the tube, amplified, and passed on 
through the output transformer. 

It will be observed, the lower end 
of the 150-megohm resistor R2 is re-
turned to a position of plus 2.4Vdc 
above ground. Also, the cathode is con-
nected to the plus 4 Vdc of the heater 
circuit. This makes the control-grid 
minus 1.6 Vdc with respect to the cath-
ode. Negative-feedback elements R3 and 
Cl reduce the distortion, and aid in the 
control of the frequency response. In 
some capacitor-microphone amplifiers, 
the grid resistor R2 is omitted, since the 
microphone head is a capacitor, and to 
obtain a good low-frequency response 
the shunt resistance must be as high as 
possible. The source impedance, as seen 
by the control grid of the tube, consists 
of capacitance and resistance in parallel. 
The thermal noise is least when the re-
sistance is the highest. The effective 
grid resistance is established by the 
tube itself. 
A microphone system, manufactured 

by Altec-Lansing and illustrated in 
Fig. 4-40B, consists of a single dia-
phragm; the directional (cardioid) head 
is of small size and low mass, for good 
high frequency and transient response. 
The cardioid characteristic is obtained 
by controlling the relative phase of the 
sound pressure reaching the back side 
of the diaphragm. This method provides 
the greatest front-to-back discrimina-
tion over a wide frequency range. 

The microphone head is mounted on 
a base containing a field-effect transis-
tor (FET) and the necessary compo-
nents. The FET converts the extremely 
high impedance of the microphone ca-
pacitor head to a low impedance suit-
able for connection to a standard two-
conductor cable. One conductor of the 
cable carries both signal current and 
the direct current for the FET, while 
the second provides a microphone po-
larizing potential of 64 volts. The out-
put from the microphone amplifier is 
unbalanced until it joins the power 
supply unit which also contains an out-
put transformer. 

The power-supply unit is provided 
with both male and female cable plugs, 

to permit it to be inserted at any point 
in the microphone line when long cable 
runs are being used, thus increasing the 
signal-to-noise ratio of the signal in the 
cable. Power is supplied by two 4.2-volt 
and three 21-volt mercury batteries, 
with an expected life of about 2500 
hours. A meter is provided on the rear 
of the power supply case for monitoring 
the batteries. The frequency range of 
this microphone is 20 to 20,000 Hz, with 
output level of minus 53 dB re: 1 
mw/10 dynes/cm'. 

4.41 Describe the construction of a 
capacitor microphone head. —In earlier 
types of this microphone (Fig. 4-40A), 
the internal capacity of the head varied 
from 200 to 400 picofarads, for a dia-
phragm diameter of 1% inches. Present 
day capacitor microphone heads have 
an internal capacity of 40 to 50 pico-
farads with a diaphragm diameter of 
0.5 inch. The impedance of such a head 
is approximately 30 megohms; there-
fore, it must be operated within a few 
inches of the amplifier input. Generally, 
the head and amplifier are assembled 
as a unit. A cross-sectional view of a 
head assembly manufactured by Altec-
Lansing, is shown in Fig. 4-41A. Capac-
itor microphones may be designed to 
have omni, bi, or unidirectional (car-
dioid) polar characteristics. A capacitor 
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Fig. 4-41A. Cross-sectional view of a 
capacitor microphone head used with the 
Altec capacitor microphone pictured in 

Fig. 4-40B. 

Fig. 4-41B. Capacitor head for Neumann 
Model U-64 capacitor microphone. 

(Courtesy, Gotham Audio Corp.) 



MICROPHONES 159 

head for the Neumann Model U-64 ca-
capitor microphone is shown in Fig. 
4-41B. The diaphragm consists of an 
extremely thin mylar base, gold plated, 
less than 3/4  inch in diameter. Although 
the head shown has only a single dia-
phragm and back plate, capacitor mi-
crophone heads designed for directional 
characteristics employ two diaphragms, 
with a common polarized back plate 
centered between the two. (See Ques-
tion 4.115.) 

4.42 What is the output level of a 
capacitor microphone head?—Approxi-
mately minus 90 dBm. 

4.43 What is pressure doubling in 
a capacitor microphone?—It is the re-
sult of pressure waves, which are small 
in comparison to the diaphragm dimen-
sions, coming to a complete stop at the 
face of the diaphragm. Pressure dou-
bling in earlier types of microphones 
often caused a peak of 4 to 6 dB in the 
midrange frequencies. This peak caused 
extreme sibilance and high-frequency 
distortion. This defect has been elimi-
nated in present day designs by reduc-
ing the physical size of the capacitor 
head. (See Question 4.41.) 

4.44 Describe the effects of cavity 
resonance in a capacitor microphone.— 
In the older model capacitor micro-
phones, cavity resonance was quite 
common because of the large diaphragm 
(about 2 inches), the design of the case, 
and the method of stretching the dia-
phragm. Most of these effects have been 
eliminated in modern microphones by 
the reduction in size of the diaphragm 
to diameters of 3/4  inch or less, and by 

CLAMPING RING 

NDIAPHRAGM 

PRESSURE 

AIRGAP 

BODY 

(a) Diffraction effect 
causing frequency dou-

bling or tripling. 

improved methods of stretching the 
diaphragm. Three common causes of 
cavity resonance are given in Fig. 4-44. 
In part (a) are shown the effects of dif-
fraction, which result when the re-
flected component of the sound-wave 
incidence upon the surface of the dia-
phragm causes a standing wave suffi-
cient enough to produce pressure dou-
bling and tripling. Part (b) shows the 
phase-difference effect, which is caused 
when the wavelength of the sound 
wave is comparable to the diameter of 
the diaphragm and occurs when the in-
cident wave front strikes the diaphragm 
at an angle theta (0) to cause pressure 
variations across the surface of the 
diaphragm. Part (c) shows cavity reso-
nance caused when the wavelength of 
the sound wave is comparable to the 
inside dimensions of the diaphragm as-
sembly. This causes an increase in the 
sound pressure in proportion to the 
ratio of the diaphragm dl to the dimen-
sion of the cavity depth d2 (dl/d2). 

4.45 What are the general charac-
teristics of a capacitor microphone?— 
Capacitor microphones have wide fre-
quency response, low distortion, and 
little internal noise. Although the ear-
lier models were omnidirectional, they 
may now be obtained with omni, bi, and 
unidirectional characteristics. A typical 
frequency response for a capacitor mi-
crophone, using an omnidirectional 
polar pattern is shown in Fig. 4-45. 
Capacitor microphones require a pre-
amplifier as an integral part of the 
housing and a source of polarizing volt-
age for the head, plus a source of power 

(b) Phase-differences 
caused by pressure dif-
ferences across the face 

of the diaphragm. 

dl 

d2 

(c) Pressure increases 
because of the resonance 
of the cavity area at cer-

tain wavelengths. 

Fig. 4-44. Cavity effects in front of a capacitor microphone. 
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Fig. 4-45. Typical frequency response for a capacitor microphone using a transistor 
amplifier. Omidirectional pattern. 

for the amplifier section, which may be 
either transistor or vacuum tube. Such 
microphones, if operated in a high hu-
midity, may develop noise due to mois-
ture getting into the head, and cause 
arcing between the diaphragm and back 
plate; however, in present day micro-
phones, this has been almost com-
pletely eliminated. If the device is being 
operated in high humidity, the head 
should be stored in a desicator jar when 
not in use. 

4.46 Describe a completely self-
contained capacitor microphone.—The 
microphone shown in Fig. 4-46A, Model 
S-10, manufactured by Syncron Corp., 
is completely self-contained and em-
ploys a field-effect transistor (FET), 
operated from a 8.4-volt mercury 
battery. Fig. 4-46B shows a cross-sec-
tional view of the internal construction. 

The capacitor head is at (A) with a 
series of portholes (B) to permit the 
sound to enter the rear of the capacitor 
head, thus producing a cardioid pat-
tern. The solid-state amplifier (C) con-, 
sists of an FET, capacitors, resistors, 
and an output transformer (D). A 
solid-electrolyte polarizer (E) supplies 
a permanent polarizing potential of 62 
volts to the capacitor head. This polar-
izing system has a capacity of 15,000 
microampere hours, and because of 
careful control of leakage, the expected 
life is around 20 years. At (F) is a 
Type TS-126 8.4-volt mercury battery 
with an expected life of 1000 hours. The 
output transformer supplies a balanced 
output, with a nominal impedance of 
200 ohms. 

One of the interesting features of 
this microphone is its transient re-

Fig. 4-46A. Synchron Corp. Model S-10 capacitor microphone. 
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Fig. 4-468. Cross-sectional view of Syncron Corp. Model S-10 capacitor microphone. 
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Fig. 4-46C. Rise time oscillograph for 
Syncron S-10 capacitor microphone. 

spouse, as seen in Fig. 4-46C. The os-
cilloscope display shown was made 
with a shock-wave having a rise time 
of 1 microsecond, followed by a small 
amount of ringing and overshoot. The 
frequency response for three angles of 
incidence is shown in Fig. 4-46D, and 
the polar pattern appears in Fig. 4-46E. 
The total harmonic distortion is less 

than 0.5 percent. for an SPL up to 124 
dB. The output leyel is minus 53 dB re: 
1 mv/10 dynes/cm'. The nominal output 
impedance is 200 ohms; however, it is 
unaffected by loading from 30 ohms to 
infinity. 

4.41 What is a unidirectional mi-
crophone?—One having a greater sen-
sitivity to sound pickup in one direction 
than another. The average unidirec-
tional microphone has a back-to-front 
pickup of 20 to 26 dB; that is, it has 
26 dB greater sensitivity to sound waves 
approaching from the front than from 
the rear. Directional characteristics 
may be obtained by using capacitor, 
dynamic, or ribbon-velocity design. 
Unidirectional microphones are used 
extensively for motion picture and tele-
vision work. 

4.48 Describe a dual-type micro-
phone for stereophonic recording.—Mi-
crophones of the dual type are espe-
cially designed for the recording of 
stereophonic sound and may be of the 
capacitor or ribbon-velocity type. The 
first type to be discussed is the Neu-
mann Model SM-2, manufactured in 
West Germany by George Neumann, 
previously known under the name, 
Telefunken (Fig. 4-84A). An interior 
view of its construction is shown in 
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Fig. 4-46E. Polar pattern for microphone 
shown in Fig. 4-46A. 

Fig. 4-48B. The microphone consists of 
two completely independent but similar 
capacitor microphones in a single case, 
one above the other (A) and (B). The 
upper unit may be rotated to achieve 
the MS (midscale) method of stereo-
phonic recording technique, discovered 
by Lauridson, and sometimes termed 
the intensity system. 
Each microphone system is of the 

pressure-gradient type head, employing 
two diaphragms (A and AA) and (B 
and BB), mounted on either side of two 
fixed-polarized electrodes. Each half of 
the system, (A) and (B), can be com-
bined in a different manner, in order to 
obtain three different polar patterns: 
omnidirectional, cardioid, and bidirec-
tional (figure-8). Below the capacitor 
head assembly are two preamplifiers, 
each employing a single AC-701K vac-
uum tube (C and CC). The second am-
plifier, not shown, is opposite (C). The 
polar pattern of each microphone can 
be independently and remotely ad-
justed for the three polar patterns and 
six intermediate patterns by changing 
the value of the polarizing vÖltage. This 
permits great flexibility and the varia-
tion of the polar patterns for optimum 
results. 
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Fig. 4-46D. Frequency response for three ang es of incidence. 
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Fig. 4-48A. Neuman Model SM-2 stereo-
phonic microphone in its case. (Courtesy, 

Gotham Audio Corp.) 

Because of the small diameters of the 
microphone capsule (less than 3/4  inch) 
the directional properties are almost in-
dependent of frequency; thus, the rear 
rejection ratio does not increase at the 
higher frequencies, relative to the mid-
dle or lower frequencies. This permits 
the microphone to be used close up in 
a more reverberant sound field. The 
high frequency rise which is generally 
required to compensate for the nar-
rower pickup angle is unnecessary. 
The frequency response as measured 
in a linear sound field shows only a 
small rise at the high frequencies. 

The frequency response for the three 
polar patterns is shown in Fig. 4-48C. 
Harmonic distortion is less than 0.4 per-
cent over the entire frequency range, 

w 

o 

o 

Fig. 4-48B. Interior view of Neumann 
Model SM-2 stereophonic microphone. 
The two capacitor heads may be seen at 
the top. (Courtesy, Gotham Audio Corp.) 

up to an SPL of 110 dB. The output 
impedance may be set for either 50 or 
200 ohms, with an effective output level 
of minus 43 dBm. An external power 
supply model NSM supplies the operat-
ing voltages for the preamplifiers, and 
polarizing voltage for the capacitor 
heads. The output transformer is wound 
hum-bucking, to eliminate magnetic 
fields. The schematic diagram for a 
single side is shown in Fig. 4-48D. 
A second dual-type microphone to 

be discussed is Model-200 stereophonic 
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Fig. 4-48C. Frequency response for Neumann Model SM-2 stereophonic capacitor 
microphone, for three polar patterns. 
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Fig. 4-48D. Schematic circuit for one side of Neuman SM-2 stereophonic 
capacitor microphone. 

microphone, manufactured by Bang and 
Olufsen of Denmark (Fig. 4-48E). The 
device consists of two individual mono-
phonic pressure-gradient bidirectional 
ribbon-velocity microphones, arranged 
one above the other, with provisions for 
rotating the upper unit 100 degrees. 

The lower section is converted to 
stereophonic by plugging a second mon-
ophonic microphone in the top of the 

111i 

'Try' 

Fig. 4-48E. Bang and Olufsen, Struer 
Denmark Model 200 stereophonic ribbon 
microphone. Left, single monophonic 
unit; center, stereophonic; right, stereo-
phonic with upper and lower units 

separated. (Courtesy, Dynaco Inc.) 

lower element. Such a design reduces 
phasing problems, since for practical 
purposes, both microphones occupy 
nearly the same space with respect to 
the source of sound pickup. The lower 
section includes a three-position switch 
(T) for talking, in which the low fre-
quencies are rolled off at the rate of 3 
dB per octave, whereby 125 Hz is minus 
9 dB with respect to 1000 Hz. This is 
accomplished by muting the upper sec-
tion and connecting a small inductance 
in parallel with a portion of the output 
transformer, making the microphone 
suitable for dialogue recording at dis-
tances of 8 to 20 inches. The polar pat-
tern appears in Fig. 4-48F, and as can 
be observed, is quite constant from 200 
to 10,000 Hz. The frequency response 
in music position is shown in Fig. 
4-48G. The output level is minus 60 dB 
re: 1 volt/microbar. The output imped-
ance is 150 and 250 ohms. 
The moving element of each individ-

ual element consists of a dural ribbon, 
0.0001 inch in thickness and weighing 
1.3 milligrams. The ribbon, because of 
its weight, eliminates resonance in the 
normal operating frequency range. The 
magnetic structure consists of an aniso-
tropic permanent Ticonal-E magnet in 
a magnetic circuit having negligible 
leakage. To obtain a smooth frequency 
response, the microphone must be hung 
on a soft suspension rather than on a 
stand; otherwise, a rise in frequency 
response below 50 Hz may be noted. 
In stereophonic recording it is of ex-

treme importance that the electrical 
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o• 
Fig. 4-48F. Polar pattern for Bang and Olufsen Model 200 stereophonic micro-

phone. (Courtesy, Dynaco Inc.) 

outputs from both microphone systems 
be in phase. 

4.49 What is a bidirectional micro-
phone?--A microphone which picks up 
at the front and back equally well, with 
little or no pickup at the sides. The field 
pattern is a figure-8. (See Fig. 4-7, part 
c.) Ribbon-velocity microphones have 
this characteristic, 

4.50 What is a ribbon-velocity mi-
crophone?--A microphone in which a 
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Fig. 4-48G. Frequency response for Bang and Olufsen Model 200 stereophonic micro-
phone. (Courtesy, Dynaco Inc.) 

very light metallic ribbon is suspended 
in a strong magnetic field. Pressure 
waves cause the ribbon to vibrate in 
the magnetic field generating a voltage 
corresponding to the particle velocity 
of the pressure wave. Velocity micro-
phones may be designed to have a wide 
frequency range, good sensitivity, low 
distortion, and low internal noise. Typ-
ical examples are the RCA 77DX and 
the MI-10001-C ribbon-velocity micro-

5000 10,000 20,000 
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construction of a ribbon-velocity microphone. 

phones discussed in Questions 4.59 and 
4.77 respectively. 

4.51 Describe the construction of a 
ribbon-velocity microphone.—Referring 
to Fig. 4-51, the magnetic structure con-
sists of a horseshoe magnet with ex-
tended tapered pole pieces. A ribbon 
made of aluminum foil approximately 
0.001 inch in thickness and corrugated 
throughout its full length for greater 
flexibility is suspended between the 
pole pieces on insulated supports. 

4.52 Why are the pole pieces of a 
ribbon microphone tapered?—Because of 
the mechanical design, the magnetic 
structure acts similar to a baffle at the 
sides, obstructing the sound waves in 
their travel from the front to the rear 
surfaces of the ribbon. When a pres-
sure wave passes, the ribbon is actu-
ated by the variations in pressure and a 
voltage is generated by the movement 
of the ribbon in the magnetic field. This 
voltage Is applied to the primary of an 
impedance-matching transformer and 
then to the input of a preamplifier. The 
ribbon in a velocity microphone may 
be looked upon as an inductive react-
ance. The higher the frequency, the 
higher the reactance of the ribbon. This 
causes the ribbon velocity to vary with 
frequency; however, the pressure on 
the ribbon surfaces will also increase 
with frequency and will continue to do 
so up to a point where the bailie dimen-
sions equal one quarter the wavelength 
of the pressure wave frequency. 

The greater the baffle dimensions 
(distance from front to rear surfaces 
of the ribbon) the greater will be the 
pressure; hence, a greater output re-
sults at the lower frequencies. At the 

higher fiequencies the baille affects the 
frequency response by reducing the 
output as the wavelengths of the pres-
sure wave approach the baffle dimen-
sions. When this situation occurs, the 
pressure is at a minimum for both sur-
faces of the ribbon. Holes are provided 
in the upper section of the magnetic 
pole pieces to reduce the length of 
travel for the higher frequencies. As a 
result, a greater output is obtained at 
the higher frequencies with a smooth-
ing out of the frequency response. 
When sounds originate at the side 

of the microphone in the same plane 
with the ribbon, a cancellation effect 
will take place, since the pressure on 
both the front and rear surfaces of the 
ribbon is equal. This cancellation action 
causes the field pattern to take the 
form of a figure-8, as shown in Fig. 4-7, 
part (c). 

4.53 What is the impedance of the 
ribbon in a ribbon-velocity microphone? 
—Approximately 0.10 ohm, a value al-
most equivalent to its de resistance. An 
impedance-matching transformer brings 
this low impedance up to the line 
impedance. 

4.54 What is the resonant frequency 
of the ribbon in a ribbon-velocity micro-
phone?—The ribbon is generally tuned 
so that the resonant frequency falls be-
tween 30 and 40 Hz. For microphones 
with a higher cutoff frequency, the 
resonant frequency is generally made 
higher. 

4.55 What is a voice filter used 
with a ribbon-velocity microphone?—A 
small reactor connected in parallel with 
the output of the microphone to reduce 
the low-frequency response for speech. 
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Fig. 4-56A. A typical frequency response for a bidirectional ribbon-
velocity microphone. 

At frequencies above 200 Hz, the reactor 
has little or no effect. Below this fre-
quency, the response is slowly tapered 
off to the point where 40 Hz is attenu-
ated 7.5 dB with respect to 1000 Hz. 
This is shown graphically in Fig. 4-56A. 
When recording music, the reactor is 
not used. Connections for the voice 
filter are shown in Fig. 4-51. 

4.56 Show the frequency response 
and polar pattern for a bidirectional, 
ribbon-velocity microphone.—The fre-
quency response for a typical bidirec-
tional ribbon-velocity microphone is 
shown in Fig. 4-56A, with and without 
a voice filter. The polar pattern is 
shown in Fig. 4-56B. It will be noted 
that the response at 90 degrees is zero. 
This is caused by the pole-piece con-
struction as described in Question 4:52. 

4.57 Show the relationship of fre-
quency to distance of a sound source for 
a bidirectional ribbon-velocity micro-
phone.—As the distance between the 
sound source and ,the microphone is de-

Fig. 4-56B. Polar pattern showing the bi-
directional characteristics, of a typical 

ribbon-velocity microphone. 

INCREASE N FREQUENCY N HZ 

Fig. 4-57. Typical relationship of microphone distance to frequency response for 
ribbon-velocity bidirectional microphone. 
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creased, the low-frequency response 
will rise, as shown in Fig. 4-57. If the 
microphone is being used for dialogue 
pickup, the low-frequency response 
below 200 Hz must be rolled off, other-
wise the reproduction at the low end 
will be excessive and tubby. The rolloff 
may be accomplished by the use of a 
voice filter, generally installed as an in-
tegral part of the microphone, or by the 
use of one of several dialogue equaliz-
ers discussed in Section 6. 

Ribbon-velocity microphones should 
not be used closer than 4 feet from the 
sound source without a low-frequency 
rolloff. With the rolloff they may be 
used to within a few inches of the 
sound source. The increase in low-fre-
quency response is characteristic of this 
type microphone. Ribbon-velocity mi-
crophones employing a directional 
characteristic give considerably less in-
crease at the low frequencies for a 
given distance from the sound source, 
as illustrated in Fig. 4-57. This effect is 
referred to as the proximity effect. 

4.58 What type microphones are 
generally used for motion-picture and 
television recording?—Capacitor or dy-
namic or ribbon-velocity microphones 
may be used if they provide a direc-
tional pattern and are suitable for boom 
operation. Typical types are the Altec-
Lansing M-30 system and the 689BX, 
Electro-Voice 642 and 6681, and RCA 
MI-11010-A. Choice is not limited to 
the above microphones, but they do 
represent typical microphones devel-
oped for these express purposes. 

4.59 Describe the construction of a 
unidirectional ribbon-velocity micro-
phone.—A typical example of a unidi-
rectional cardioid microphone designed 
for motion picture and television pro-
duction recording, and broadcasting, is 
the RCA MI-10001C, shown in Fig. 4-
59A, with its boom-suspension mecha-
nism. The internal magnetic structure is 
similar to that of the bidirectional rib-
bon-velocity type, discussed in Question 
4.51, with the exception of the added 
mechanism for obtaining the directional 
characteristics (Fig. 4-59B). The mov-
ing element is a single extremely light 
corrugated dural ribbon, suspended in 
an air gap, between the poles of a very 
highly charged permanent magnet (A). 
Thus, the ribbon can vibrate freely with 
the motion of the air particles of the 
sound wave. The voltage generated due 

...4••••••••. 

•-e.-

OE 1' 

OE Fig. 4-59A. RCA MI-10001C unidirec-
tional ribbon-velocity microphone for 

motion picture and television use. 

to the movement of the ribbon cutting 
the magnetic field of force is the elec-
trical equivalent of the velocity of the 
air particles. An acoustical labyrinth 
in the cylindrical section below the 
magnetic structure is filled with hair-

Fig. 4-59B. Interior view of RCA MI-
10001C microphone. 
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Fig. 4-59C. Horizontal polar pattern for 
RCA MI-10001C ribbon-velocity unidi-
rectional microphone-200 to 800 Hz. 

120° 

felt and terminates at the rear of the 
magnetic air gap by a tubular connec-
tor (C). The tubular connector is sealed 
to the rear of the air-gap, and contains 
a small silk covered opening, facing to-: 
ward the ribbon (see Fig. 4-65). The 
area of the opening is of suitable di-
mensions to provide a cardioid or uni-
directional polar pattern. 
The ribbon and magnetic assembly 

are enclosed in a circular silk-lined 
grill, to provide protection to the mech-
anism and prevent metallic dust parti-
cles from entering the air gap. The 
hemispherical shell (B) also contains 
an impedance-matching transformer, 
with taps at 30, 150, and 250 ohms. The 
output signal is taken through a stan-
dard 3-pin male connector. Such micro-
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• 
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180* 
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Fig. 4-59E. Vertical polar pattern for 
RCA MI-10001C ribbon-velocity unidi-
rectional microphone-200 to 800 Hz. 
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Fig. 4-59D. Horizontal polar pattern for 
RCA MI-10001C ribbon-velocity unidi-
rectional microphone-1000 to 8000 Hz. 

phones have a quite uniform frequency 
response for sound incidence at the zero 
axis (front of microphone), with output 
decreasing as the angle of the sound 
source with zero axis increases. The 
pickup angle is approximately plus or 
minus 50 degrees from the zero axis, 
with less than 1-dB difference in the 
output level, and approximately plus or 
minus 90 degrees before the output 
level decreases 6 dB over the frequency 
range normally employed. The broad 
angle of relativity equalizes the re-
sponse, thereby reducing and simplify-
ing "panning" the microphone, where 
two or more persons are concerned. The 
polar patterns in Fig. 4-59C and Fig. 
4-59D are based on a plane-wave sound 
incidence. Referring to the plot in Fig. 

180° 
VERTICAL 

Fig. 4-59F. Vertical polar pattern for 
RCA MI-10001C ribbon-velocity unidi-
rectional microphone-1000 to 8000 Hz. 



MICROPHONES 169 

+10 

_ 
ZERO DEGREE INCIDENT RESPONSE. 

45 DEGREE INCIDENT RESPONSE. 

- - 

34 68 2 3 4 68 
20 100 1000 

FREQUENCY IN HERTZ 

Fig. 4-59G. Frequency response of the RCA MI-10001C unidirectional 

4-59C, cancellation for a plane wave at 
the rear is such that the cancellation is 
20 dB or more at 180 degrees incident 
angle over a broad band of frequencies. 
As the distance between the micro-
phone and sound source is decreased 
and the wavefront becomes increasingly 
curved, cancellation at the lower fre-
quencies is reduced. 
A loss of directional characteristic at 

the lower frequencies and short dis-
tances is such that the output level at 
a distance of 1 foot from the sound 
source is very nearly the same at the 
back and the front. As an example, the 
80-Hz output is approximately plus 1.5 
dB at 180-degree incident angle, re to 
zero dB at 1000-Hz for a zero-degree 
incident wavefront at one-foot distance. 
The 80-Hz zero axis output is accen-
tuated approximately plus 3 dB, due to 
the low frequency tip-up characteristic 
of a velocity microphone. 

It can be observed from Fig. 4-59G 
that the frequency response is relatively 
uniform over a range of 50 to 10,000 Hz. 
However, when the microphone is op-
erated close to the sound source, the 
response will exhibit to a certain ex-
tent the low-frequency accentuation of 
a velocity microphone, although to a 
lesser degree than the conventional bi-
directional ribbon microphone discussed 
in Questions 4.51 and 4.56. Under nor-
mal conditions the microphone under 
discussion should not be worked closer 
than 3 feet from the sound source, and 
preferably 4 feet, as shown in the 
curves of Fig. 4-59H. 

As a rule, the RCA MI-10001C micro-
phone is suspended at an angle of 45 de-
grees to the floor, with the microphone 

2 34 68 
10000 

microphone. 

just outside the camera angle. The zero-
degree axis (perpendicular to the front 
of the ribbon) should be directed to-
ward the sound source, with the back 
facing unwanted sound sources, such as 
noises from camera, lights, traffic, and 
reflections from hard walls of a set. Re-
ferring to Fig. 4-59G, again the response 
changes as the angle of incident sound 
varies from zero to 45 degrees, and as 
the distance between the sound source 
and microphone is decreased (ap-
proaching the minimum of 3 feet), the 
lower frequencies are accentuated. Ver-
tical polar patterns are shown in Fig. 
4-59E and Fig. 4-59F for frequencies 
ranging between 200 and 800 Hz. Sensi-
tivity to extraneous magnetic fields is 
quite low. For an exciting field of 0.001 
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Fig. 4-59H. Relationship of microphone 
distance to frequency response for rib-
bon-velocity, unidirectional microphone. 
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gauss, the output level is minus 128 
dBm. The signal output at 1000 Hz for 
a pressure of 10 dynes/cm' at the ribbon 
is minus 49 dB, using the 30-ohm out-
put impedance. 

Since random energy response of a 
unidirectional or cardioid microphone is 
one-third that of a nondirectional mi-
crophone, for the same permissible re-
verberation it may be used 1.7 times the 
distance of a nondirectional micro-
phone, for a given set of conditions. The 
characteristics discussed were obtained 
operating the microphone into a pre-
amplifier, using an unterminated input 
transformer. (See Questions 4.76 and 
12.170.) 

The hanger mechanism is designed 
for boom operation. The housing is 
clamped by two rings, supported by 
heavy rubber bands from a larger ring 
supported by the hanger arms, and 
hung from a boom turret-head by a 
single wing nut. Although the grill with 
the silk covering acts somewhat as a 
wind screen, it is not satisfactory for 
outside work if the wind is blowing 
more than 7 miles per hour. A large ball 
type wind screen that slips over the 
outside is generally employed. 
As the distortion is quite low for this 

type microphone, it may be used for 
either dialogue or music recording. For 
dialogue, the low end is rolled off start-

ing at 800 Hz to where it is down 8 to 
12 dB at 100 Hz. This is the standard 
dialogue characteristic used by most 
motion picture studios. (See Questions 
2.109, 6.80, and 18.81.) 

4.60 Describe an early model uni-
directional microphone.—One of the 
original unidirectional microphones de-
veloped for motion picture sound re-
cording was the Western Electric RA-
1142A. The magnetic structure of this 
microphone was quite similar to the 
639A microphone used for broadcasting 
work. However, certain modifications 
were necessary to meet the require-
ments for sound recording and boom 
operation. The perforated metal case 
was added to improve the high fre-
quency response and a boom hanger 
added with a shock mounting to protect 
the magnetic structure. Although this 
microphone has been obsolete for many 
years, its design is still of interest. The 
frequency response is given in Fig. 
4-60B. (See Question 4.66.) 

4.61 Describe the construction of a 
unidirectional microphone using two dy-
namic units.—The construction of the 
model D-202es unidirectional micro-
phone, manufactured by AKG G.M.B.H. 
of Vienna, Austria, is shown in Fig. 
4-61A. It employs two independent dy-
namic-unit (moving-coil) microphones, 
placed one above the other in a single 

Fig. 4-60A. Interior view of an early (1935) Western Electric RA-1142A unidirec-
tional microphone for motion-picture sound recording. Now obsolete, but it is still of 

historical interest. 
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Fig. 4-6011. Frequency response of Western Electric RA-1142A unidirectional 
microphone. 

housing, and connected electrically by 
a phase-correcting, dividing network. 
The frequency response of each dy-
namic unit is adjusted for optimum re-
sponse at the low and high frequencies, 
crossing over at 500 Hz. 

Referring to the cross-sectional view 
of the interior in Fig. 4-61B, at (A) is 
shown the high-frequency tmit, em-
ploying a domed diaphragm (B) with 
a compensating coil (C) for eliminating 
the effect of extraneous magnetic fields. 
The high-frequency unit is mounted 
above the low-frequency unit by 
mounting plate (G). The domed dia-
phragm and its moving coil may be seen 
at (D), its magnets at (E), supported 
on shock mounts (F) and (H). A mass 
tube (I) projects into the low frequency 
microphone unit and connects with a 
smoothing chamber communicating 
with the outside sound field by means 
of a series of slotted openings (0), cov-
ered with a damping material to the 
lower end of housing (P). Because of 
the long sound-bypass distance (ap-
proximately 5% inches) afforded by the 
mass tube and the subdividing of the 
frequency response between the high-
and low-frequency units, it is possible 
to achieve a reduction on the distance 
effect or change in frequency response 
as a function of distance to the sound 
source. 
The high-frequency diaphragm has 

a diameter of approximately 3/4  inch and 
a sound bypass of % inch. A phase-cor-
recting network, consisting of an RC 
network combined with an LC network, 
corrects the phase and frequency re-
sponse at the higher frequencies. At (J) 
is a central screw for holding the as-
sembly together, at (K) the crossover 
network, (L) an off-on switch, and at 
(M) a low-frequency attenuation 
switch and control that permits the low-

frequency response at 50 Hz to be rolled 
off continuously to minus 20 dB, with 
reference to 1000 Hz. Item (N) is a 
standard 3-pin male connector. The up-
per end of the microphone housing (P) 
is covered with a sintered bronze cap 
(R) attached by a mounting ring (Q). 
The frequency response is 30 to 15,000 

Hz plus or minus 2 dB, with an output 
level of minus 53 dB re 0.2mv/micro-
bar. The output impedance of 200 ohms 
is practically independent of frequency. 
The polar pattern is candioid with a 
front-to-back ratio of 20 dB minimum 
over the entire frequency range. The 
off-axis response (90 degrees) is paral-
lel with the on-axis (zero degrees) 
front curve. The microphone is designed 
for either boom or stand operation. 

4.62 Describe the basic methods 
used for recording stereophonic sound.— 
The so-called classical method of re-
cording stereophonic sound (sometimes 
called the AB or XY method) involves 
the use of two bidirectional micro-
phones with identical characteristics. 

Fig. 4-61A. Unidirectional microphone 
Model D-200es manufactured by AKG 
G.M.B.H, Vienna, Austria. (Courtesy, 

Sonocraft Corp.) 
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Fig. 4-61B. Cut-away view of unidirec-
tional microphone Model D202-es manu-
factured by AKG, G.M.B.H. Vienna, Aus-

tria. (Courtesy, Sonocraft Corp.) 

The microphones are placed side by 
side, spaced 12 to 48 inches apart, the 
exact distance depending on the desired 
working angle, relative to the source of 
sound. The microphones are connected 
as given in Fig. 4-62A. If additional vo-
cal or solo microphones are required, 
they should consist of pairs placed 
fairly close together. An additional con-
trol (P5) is connected across the output 
from the vocal or solo microphones to 
provide a leakage path for reducing the 
effects of movement by the vocalist and 
the possibility of apparent movement 
when reproduced from one loudspeaker 
to the other. 

For the listener to locate the sound 
source from the two loudspeakers, the 
speakers must be in the same position 

as were the microphones, to avoid dif-
ferences in the distance from the sound 
source to the microphones. This may be 
accomplished in two different manners. 
The first method is by placing two mi-
crophones of similar electrical charac-
teristics on a support as shown in Fig. 
4-26B, suggested by Madsen, 12 to 20 
inches apart, separated by a small baffle 
or sphere, thus creating a dummy head 
to enhance the left-to-right impres-
sions. The use of the dummy head or 
baffle causes laterally displaced sound 
sources to be shadowed, resulting in a 
more uniform sound reproduction. The 
baffle has the effect of reducing the 
crowding of the sound source. Diffrac-
tion of the sound around the dummy 
head or baffle causes attenuation of the 
high frequencies on the far side. The 
resulting field pattern is shown in Fig. 
4-62C. 
The second method requires the 

mounting of the two microphones by a 
support, as shown in Fig. 4-62D. Here 
two capacitor-type microphones are 
placed one above the other as suggested 
by Lauridsen. The microphones must 
have similar electrical characteristics 
and their physical size must be small 
enough that they do not distort the 
sound field when they are placed in 
close proximity. They are rotated to a 
position where each microphone picks 
up the sound from half the studio. 

The German (MS) method, also de-
veloped by Lauridsen, eliminates many 
of the drawbacks to the intensity sys-
tem developed above. In the MS method 
(midside stereophony), one cardioid 
microphone supplies a complete pickup, 
similar to a single microphone pickup 
for monophonic recording. The second 
microphone having a bidirectional polar 
pattern is placed either above or below 
the cardioid and rotated to where its 
null point (x) meets the axis in the 
polar pattern of the cardioid micro-
phone (Fig. 4-62E). Referring to Fig. 
4-62F, if the output from the two mi-
crophones (A) and (B) in Fig. 4-62E 
are interconnected by means of differ-
ential transformers (S) and (M) to 
form an (A + B) and an (A — B) sig-
nal, two channels will result. In each 
channel one half the pickup area is 
preferentially received, relying on the 
fact the two principal axes of the pres-
sure gradient microphone correspond 
to voltages of opposite polarity. Again 
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Fig. 4-62A. Classical two-channel method of recording stereophonic sound. 

referring to Fig. 4-62E, and assuming 
the instantaneous value of the sound 
from the left microphone produces an 
instantaneous positive voltage (B) in 
the bidirectional microphone, the sound 
source on the central axis (M) will rise 
to the voltage (A) in only the cardioid 

o. 
ACOUSTIC BARRIER 
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Fig. 4-62B. Stereophonic microphone 
placement using two ribbon-velocity bi-
directional microphones set at an angle 
of 45-degrees each side of zero. (After 

Madsen.) 

microphone, thus creating a central im-
pression. Sound sources making angle 
(Al) with the central axis, give rise to 
a voltage (A + B) at the left loud-
speaker, and (A — B) at the right loud-
speaker. In a condition where (A = B) 
only the left loudspeaker is operative, 
and to the listener, the source is from 
the left. For sound sources at angle 
(A2) the sound appears to be com-
ing from the right loudspeaker. For 
smaller angles in the recording studio, 

they correspond to the apparent direc-
tion. The size of the angle (Al + A2) 
may be varied by changing the relative 
gain of the microphone channels. Ex-
perience indicates that sound sources 
lying outside angle (Al + A2) will be 
more centralized, because the output 
from the bidirectional microphone pre-
dominates, causing the loudspeakers to 
be driven in opposite phase, resulting 
in a loss of direction to persons listen-
ing in a central position. This indicates 
that an individual microphone is neces-
sary for a vocalist. 

The advantages gained by the use of 
the MS method lie in the fact that one 
channel, namely the midchannel, pro-
duces a satisfactory single channel 
transmission; thus, the recording may 
be reproduced stereophonically or mon-
ophonically. To satisfactorily record 
stereophonically using the MS method 
requires dual microphones (see Ques-
tion 4.48) or two individual micro-
phones placed as near as possible to 
the same position (Fig. 4-62D). Dual-
type microphones, when added for vocal 
or solo position, may be connected as 
shown in Fig. 4-62H. 

The British E.M.I. system employs 
two bidirectional ribbon microphones 
(figure-8 pattern) placed at a 45-degree 
angle to the source of sound. The field 
patterns of the two bidirectional micro-
phones create a pattern similar to a 
four-leaf clover (Fig. 4-62G). Since 
both microphones have equal sound 
pickup in the designated areas, Al and 
A2, they may be connected in or out of 
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Fig. 4-62C. Polar pattern for two bidirectional ribbon-velocity microphones using an 
acoustic barrier between the microphones. Each microphone is turned 45 degrees 

from the zero point. (After Madsen.) 
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Fig. 4-62D. Two cardioid capacitor mi-
crophones mounted vertically head-to-

head for stereophonic recording. 

phase to produce a given signal at the 
cutting-head coils. 

Connecting the output of the micro-
phones in phase produces a lateral sig-
nal component equivalent to the (M) 
component in the German MS system 
(Fig. 4-62E). If the outputs are con-
nected out of phase, the resulting field 
pattern is that of the (S) or vertical 
component of the German system. For 

LEFT RIGHT 

Fig. 4-62E. Polar pattern for a micro-
phone combination using cardioid and 

bidirectional microphones. 

signals of random dffferences, the re-
sulting signal at the cutting head is a 
complex one, a combination of both 
lateral and vertical motion. 

In the United States and Europe, 
many variations of the methods of 
sound pickup described above as used 
in combination with the 45/45 degree 
system of disc recording developed by 
Davis and Frayne of the Westrex Corp., 
(USA). Reproducing characteristic in 
the United States is that standardized 
by the Record Industry Association of 
America (RIAA), Fig. 13-95. As a rule, 
each recording activity develops a sys-
tem of microphone placement and 
method of operation which is peculiar 
to itself. 
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Fig. 4-62F. Differential transformers 
connected at the output of two micro-
phones to obtain sum and difference 
voltages for MS stereophonic recording. 

4.63 How does the transient re-
sponse of a dynamic microphone compare 
to a capacitor microphone?—The tran-
sient responses of a dynamic and ca-
pacitor microphone are compared 
graphically in Fig. 4-63. It can be ob-
served that the capacitor microphone 
has a much faster rise time than the 
dynamic microphone. The dynamic mi-
crophone has a longer rise time because 
of the diaphragm and the inductance of 
the moving coil. Although the capacitor 
microphone appears to have better 
transient response, in both instances the 
rise time amounts to microseconds; the 
capacitor rising from 10 percent of its 
rise time to 90 percent in approximately 
15 microseconds, while the rise time for 
the dynamic microphone is on the order 
of 40 microseconds. The measurement of 
rise time is discussed in Question 22.74. 

DUAL 
MICROPHONE 

BIDIRECTIONAL 

CARPOID 

DUAL 
MICROPHONE 

BIDIRECTIONAL 

CARDItDID 

P2 

P3 

LEFT 

te> 

Fig. 4-62G. Microphone placement and 
field pattern for British E.M.I. method 

of recording stereophonic sound. 

RIGHT 

4.64 Show the methods used for 
grounding microphones and microphone 
cables.—The grounding of microphones 
and their interconnecting cables is of 
extreme importance, since any hum 
frequencies or noise picked up by the 
cables will be amplified along with the 
audio signal. Professional systems gen-

 ,...--CAPACITOR 

DYNAMIC 

Fig. 4-63. Transient time of capacitor 
microphone compared to that of o dy-

namic microphone. 

PFtEAMP 

PREAMP 

P4 

CIO BIDIRECTIONAL 

OUTPUT 

  CAR01010 

Fig. 4-62H. Mixing circuit for two dual-type microphones when added for vocal or 
solo positions. 
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Fig. 4-64A. Grounding method for 3-conductor microphone cables. The physical 
ground connection is made at the amplifier or mixer console. 

SHIELD 
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Fig. 4-6413. Grounding method 

 [c 
AMPLFER 

GND 

used for 3-connector microphone cables using pin-
plugs. The physical ground is connected at the amplifier end only. 

erally use the method shown in Fig. 
4-64A. Here the signal is passed through 
a three-conductor cable to the input 
transformer of a preamplifier. It should 
be observed, that the cable shield is 
connected to conductor and pin number 
1, and the audio signal is carried by 
conductors and pins 2 and 3. The actual 
physical ground is connected at the pre-
amplifier chassis, and carried to the mi-
crophone case over conductor number 
1. In no instance is a second ground 
ever connected to the far end of the 
cable, as to do this will cause the flow 
of ground currents between two points 
of grounding. The grounding of elec-
tronic circuits and their associated 
equipment is discussed in Section 24. 

In the making up of microphone ca-
bles, precautions must be taken to es-
tablish a color code and follow it 
through all cables. The pin count shown 
is that used by RCA. The plus or minus 
side of the audio signal (hot side) is 
connected to pin number 2. 

In systems designed for semiprofes-
sional and home use, the method in Fig. 
4-64B is used. It will be noted that one 
side of the audio signal is carried over 
the cable shield to a pin-type connector. 
The bodies of both the male and female 
connector are grounded, the female to 
the amplifier case and the male to the 
cable shield. The microphone end is 
connected in a similar manner; here 

again the physical ground is connected 
. only at the preamplifier chassis. Pin 
counts are also discussed in Questions 
24.42 and 24.100. 
. 4.65 Describe how a cardioid polar 
pattern is obtained with a ribbon-velocity 
microphone.—The basic principles of 
securing a directional pattern with a 
ribbon-velocity microphone are shown 
in Fig. 4-65. The dural ribbon is sus-
pended in a strong magnetic field, as 
described for the ribbon-velocity mi-
crophone in Questions 4.51 and 4.52. The 
ribbon is anchored at its mechanical 
center and grounded to the case. This 
effectively divides the ribbon into two 
separate parts. Directly behind the up-
per ribbon is a metal tube which con-
nects to an acoustical labyrinth located 
in the base of the microphone case. The 
labyrinth is filled with hair felt and dis-
sipates sound waves traveling down the 
pipe in the form of heat. With this type 
construction, the upper portion of the 
microphone becomes a pressure-oper-
ated device, while the lower section 
operates as a normal ribbon-velocity 
microphone. The overall device now 
becomes a combination of a pressure 
and a velocity microphone. The extreme 
ends of the ribbon are connected to a 
transformer. 

Pressure waves striking the front of 
the ribbons cause voltages, which are in 
series and in phase, to be generated 
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Fig. 4-65. Basic principles of operation of a unidirectional ribbon-
velocity microphone. 

simultaneously in both the upper and 
lower ribbon sections. Hence, these 
voltages are additive. However, pres-
sure waves, either reflected or direct, 
which strike the ribbons from the rear 
will have little effect, since they gen-
erate voltages which are in series, but 
out of phase. Furthermore, it is difficult 
for waves approaching from the rear to 
strike the upper ribbon, due by the 
mechanical interference offered by the 
pipe connecting to the acoustical laby-
rinth below. Thus, the effect of waves 
approaching from the rear is minimized, 
since the waves are able to actuate only 
the lower half of the ribbon and have 
little or no effect on the voltages gen-
erated by waves striking the front of 
the ribbons. (See Question 4.59.) 

4.66 Describe the construction of a 
directional microphone employing both a 
ribbon-velocity and pressure unit.—Mi-
crophones of this design (Fig. 4-66A) 
make use of both a pressure and rib-
bon-velocity unit to obtain a cardioid 
omidirectional or bidirectional polar 
patterns. The output voltages from the 
two microphones are used independ-
ently, or combined in various propor-
tions to obtain a variety of polar pat-
terns. Six different patterns are avail-
able by means of a switch at the rear 
of the microphone housing. The pres-
sure unit is a moving-coil dynamic unit 
microphone, similar to the Altec-Lans-
ing 633a/c, described in Question 4.30, 
and when used alone, has an omnidi-
rectional polar pattern. The ribbon-
velocity section has a bidirectional pat-
tern. Combining the output voltages of 
these two units results in the phasing 
of the voltages in such" a manner to pro-

RIBBON 
MOVEMENT 

Et 

E2 

OE•4111.• 

duce a cardioid polar pattern. The out-
put impedance is approximately 35 
ohms and is operated into a 30- to 50-
ohm input. The output level is minus 
52 dB, re: 10 dynes/cm'. 

Fig. 4-66A. Altec-Lansing Model 6398 
microphone. Six different field patterns 
are made available by means of a switch 

at the rear of the housing. 

4.67 Show the frequency response 
and angle of incidence for the micro-
phone discussed in Question 4.66.—Both 
the frequency response and field pat-
terns for this microphone are shown in 
Fig. 4-67. The single letter at the top of 
each characteristic may be interpreted 
as follows: R-ribbon, D-dynamic, C-
cardioid. Numbers 1, 2, and 3 are varia-
tions of C. 

4.68 What is a polydirectional mic-
rophoneP—A microphone in which the 
polar pattern may be changed from 
omnidirectional to a bidirectional, a 
cardioid, or a combination of the three. 
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Fig. 4-6613. A cross-sectional view of Altec-Lansing Model 6398 microphone. 
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Fig. 4-69. The RCA type 5734 mechano-
electronic transducer. This device is a 

vacuum-tube type microphone. 

Such a microphone is discussed in 
Question 4.77. 

4.69 What is an electronic micro-
phone?—A microphone constructed in 
much the same manner as a vacuum 
tube. One of the internal elements is 
connected to an external diaphragm. 
Pressure waves striking the diaphragm 
move the internal element causing it to 
be displaced. This action causes a 
change in plate current proportional to 
the diaphragm displacement. The out-
put voltage is amplified in the usual 
manner. Since the device is pressure 
operated, its field pattern is circular. A 
cross-sectional drawing of its con-
struction is shown in Fig. 4-69. It is 
sometimes referred to as a mechano-
electronic microphone. It was developed 
by RCA but is not used commercially. 

4.70 What is a frequency-modulated 
microphone?—A capacitor microphone 
which is connected to a radio-frequency 
oscillator. Pressure waves striking the 
diaphragm cause variations in the ca-
pacity of the microphone head, which 
frequency-modulates the oscillator. The 
output of the modulated oscillator is 
passed to a discriminator and amplified 
in the usual manner. 

4.71 Describe a capacitor micro-
phone using a radio frequency oscilla-
tor.—Capacitor microphones using a 
radio-frequency oscillator are not en-
tirely new to the recording profession, 
but since the advent of the transistor 
considerable improvement has been 
achieved in design and characteristics. 
An interesting microphone of this de-
sign is the Schoeps Model CMT26U 
(Fig. 4-71A) manufactured in West 
Germany by Schall-Technik, and named 
after Dr. Carl Schoeps, the designer. 

The basic circuitry is shown in Fig. 
.4-71B. By means of a single transistor, 
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two oscillatory circuits are excited and 
tuned to the exact same frequency of 
3.7 MHz. The output voltage from these 
circuits is rectified by a phase-bridge 
detector circuit, which operates over 
a large linear modulation range with 
very small radio-frequency voltages 
from the oscillator. The amplitude and 
polarity of the output voltage from the 
bridge depends on the phase angle be-
tween the two high-frequency voltages. 
The microphone capsule (head) acts 
as a variable capacitance in one of the 
oscillator circuits. When a sound wave 
impinges on the surface of the dia-
phragm of the microphone head, the 
vibrations of the diaphragm are de-
tected by the phase curve of the oscil-
lator circuit, and an audio frequency 
voltage is developed at the output of 
the bridge circuit. The microphone-
head diaphragm is of metal to guarantee 
a large constant capacitance. An auto-
matic frequency control (afc) with a 
large range of operation is provided by 
means of capacitance diodes to preclude 
any influence caused by aging or tem-
perature changes on the frequency-
determining elements, which might 
throw the circuitry out of balance. 

The internal output resistance is 200 
ohms, fed directly from the bridge cir-
cuit through two capacitors and deliv-
ering an output level of minus 51 to 49 

fveROPHONE I 

FLEXIBLE 
HANGER Ft, 

rtr- 44 

BATTERY 
UMT 

OUTPUT e 
e: PLUG 

ÝOE 

lvi 

J 
Fig. 4-71A. Schoeps (West -German.yr 
Model CMT26U radio-frequency capaci-
tor microphone, with BZ02 battery sup-
ply unit. (Courtesy, International Elec-

troacoustics Inc.) 
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dB (depending on the polar pattern 
used), into a 200-ohm load for an SPL 
of 10 dynes/cm'. The signal-to-noise 
ratio and the distortion are independent 
of the load because of the bridge cir-
cuit; therefore, the microphone may be 
operated into load impedances ranging 

Schoeps radio-frequency 
series CMT. 

from 30 to 200 ohms. The manufacturer 
suggests that no output transformer be 
used; however, this will be determined 
by the mixer input circuits employed. 
The audio signal and a de operating 
potential of 8.5 volts are carried over a 
two conductor cable; the battery volt-

 o 4 
-9VDC 

PHASE Î i o 2 

  MODULATION 
OUTPUT 

o 3 

Fig. 4-716. Basic circuit for the capacitor microphones, 

ell 

2 

MODULATION 
OUTPUT 

CANNON XLR-3 

3 

9 VOLTS 

I I 

Fig. 4-71C. Schematic circuit for Schoeps battery supply unit BZ02. 

MODULATION 
OUTPUT 

Fig. 471D. Network for operating a series CMT microphone from an available power 
supply, either 12 or 24 volts de. 
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frequency response and polar pattern for Schoeps Model 
CMT26U capacitor microphone. 

age is fed across the center point of 
the output circuit and the cable shield. 
The center or neutral point is created 
by the two resistors across the output 
of the microphone bridge circuit, and 
the two resistors on the input side of 
the battery unit (Fig. 4-71C). 

The advantage of supplying the op-
erating voltage in this manner is that 

180° 
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since the modulation voltage is not 
superimposed on the supply voltage, 
the crosstalk damping is around 100 
dB, even when operating several micro-
phones from the same supply source. 
The internal noise voltage when termi-
nated in 1000 ohms ranges from 0.30 to 
0.44 microvolt, depending on the polar 
pattern used. Hum pickup is negligible 
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Fig. 4-71F. Bidirectional frequency response and polar pattern for Schoeps Model 
CMT26U capacitor microphone. 
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Fig. 4-71G. Omnidirectional frequency response and polar pattern for Schoeps Model 
CMT26U capacitor microphone. 
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Fig. 4-71H. Microphone head for rf type 
microphone used as a lapel microphone. 

MOECROPHONE 

because interference superimposed on 
the supply voltage does not directly 
reach the modulation. The phase of the 
output voltage may be reversed with-
out modification to the power-supply 
source. A resistive network for supply-
ing the operating voltage from an exist-
ing power supply is shown in Fig. 
4-71D. Frequency response and polar 
patterns for three methods of operation 
are shown in Figs. 4-71E, F, and G. 
A second microphone of the capacitor 

type, developed by Stephens, utilizes 
the advantages of the capacitor micro-
phone in a circuit that does not require 
the use of a preamplifier at the capac-
itor head, as it differs in the manner in 
which the minute changes of capac-

250V 
0C 

Fig. 4-711. Schematic diagram for capacitor microphone oscillator-demodulator unit. 
(After Stephens.) 
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Fig. 4-71K. Basic circuitry for Sennheiser capacitor microphone Model 404 employ-
ing an rf oscillator. 

-11 
OE 

IL 

LU 
Fig. 4-71J, External appearance of Senn-
heiser Models MKH404 and MKH405 ca-
pacitor microphones having cardioid di-

rectional characteristics. 

itance are used. No polarizing voltage is 
required, as in the conventional capac-
itance microphone. The head assembly, 
Fig. 4-71H, contains a resonant circuit 
link-coupled by a coaxial cable to a 
crystal-controlled oscillator. Tuning of 
the circuit to a frequency that is ap-
proximately that of the crystal oscilla-
tor is provided by the capacitance of 
the head (Fig. 4-711). Sound waves at 
the diaphragm cause small changes in 
the head capacitance and shift the fre-
quency of the oscillator either above or 
below the nominal operating frequency. 
A demodulator (detector) converts the 
rf changes into audio frequencies, which 
are amplified in the usual manner. Typ-
ical operating frequencies for the crys-
tal are: 8.6 kHz and 8.725 kHz. The 
cable length between the capacitor head 

Fig. 4-7IL. Basic circuitry for Sennheiser capacitor microphones Model 405 and 805. 
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Fig. 4-71M. Frequency response and manufacturing tolerance for Sennheiser Model 
MKH405 capacitor microphone. 
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Fig. 4-17N. Field pattern for Sennheiser 
Model MKH405 capacitor microphone. 

and the oscillator is quite critical, and 
is cut in lengths of 37.5 inches. The 
oscillator-modulator may be placed up 
to 400 feet from the capacitor head. 
A capacitor microphone of somewhat 

different design, manufactured by Senn-
heiser of West Germany and also em-
ploying a crystal-controlled oscillator, 
is shown in Fig. 4-71J. In the conven-
tional capacitor microphone (without 
oscillator) the input impedance of the 
preamplifier is on the order of 100 
megoluns; therefore, it is necessary to 
place the capacitor head and preampli-
fier in close proximity. In the Senn-
heiser microphone, the capacitive ele-
ment (head) used with the rf circuitry 
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1 180n 
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I IRO fl 

Fig. 4-710. Duplexing the operating 
voltage for a microphone over an audio 

line. 

is of lower impedance, since the effect 
of a small change in capacitance at rf 
frequencies is considerably greater than 
at audio frequencies. Instead of the ca-
pacitor head being subjected to a high 
de polarizing potential, the head in this 
microphone is subjected to an rf volt-
age of only a few volts. 

Since the preamplifier and crystal-
controlled oscillator are of transistor 
design, they are assembled in an in-
tegral unit. An external power supply 
of 12 Vdc is required. The circuitry for 
a Model MKI-1404 microphone is shown 
in Fig. 4-71K, with the circuitry for a 
Model MICH405 shown in Fig. 4-71L. 

Referring to Fig. 4-71K, the output 
voltage of the 10-1VIliz oscillator is pe-
riodically switched by diodes DI and D2 
to capacitor C. The switching phase is 
shifted 90 degrees from that of the 
oscillator by means of loose coupling, 
and aligning the resonance of the mic-
rophone circuit M under a no-sound 
condition. As a result, the voltage across 
capacitor C is zero. When a sound im-
pinges on the diaphragm, the switching 
phase changes proportional to the sound 
pressure, and a corresponding audio 
voltage appears across capacitor C. The 
output of the switching diodes is di-

PACROPHOW 
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lOn /150 

150-OHM 
(OR GREATER) 

WEDANCE -MATCHING 
200n TRANSFORMER 

Fig. 4-71P. Impedance-matching trans-
former connected in the output of a mi-
crophone, with the operating voltage 

duplexed over the audio line. 
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Fig. 4-71Q. Alternating-current power supply for six capacitor microphones. The dc 
operating voltages are duplexed over the audio lines. The schematic diagram shown 

is for the Sennheiser Model MZN-6 power supply. 

rectly connected to the transistor-
amplifier stage, whose gain is limited 
to 12 dB by the use of negative feed-
back. 

To eliminate the effects of rf oscil-
lator noise, the oscillator circuit is crys-
tal controlled. Noise in an oscillatory 
circuit is inversely proportional to the 
"Q" of the circuit, and because of the 
high "Q" of the crystal and of its sta-
bility, compensating circuits are not 
required, resulting in extremely low 
internal noise. In Model MICH404 mi-
crophone, only one stage of amplifica-
tion is employed. For model MKH405 
and 805 two stages are used as shown 
in Fig. 4-71L. 

The output stage is in reality an 
impedance-matching transformer. In 
the Model MKH404, the output is ad-
justed for 100-ohms, and for the MKH 
405 and 805, 10 ohms. With proper pre-
cautions, they may be operated into a 
balanced, symmetrical, or unbalanced 
input circuit. For an output impedance 
of 100 ohms, the load impedance must 
be 2000 ohms or greater; and for the 
10-ohm output, 150 ohms or greater. 
Using an output impedance of 10 ohms 
permits long cable runs without an ap-
preciable loss of the high frequencies. 
Radio-frequency chokes are connected 

in the output circuit to prevent rf inter-
ference and also to prevent external rf 
fields from being induced into the mic-
rophone circuitry. Shown in Fig. 4-71M 
is the frequency response, with manu-
facturing tolerances shown by the 
dashed lines; the polar response is 
shown in Fig. 4-71N. Two types of 
power supplies are available, mercury 
battery and ac operated. The battery 
supply will provide 50 to 60 hours of op-
eration on one set of batteries. The op-
erating voltage (12 Vdc) is duplexed 
over the audio lines. This is accom-
plished by connecting the battery across 
the audio line through two series resis-
tors of 180 ohms each (Fig. 4-710). 
With impedance-matching transform-
ers, the circuit shown in Fig. 4-71P is 
used. Here a capacitor (C) is connected 
in series with the split primary of the 
input transformer to prevent the flow of 
current through the windings. If the 
transformer does not have a split pri-
mary, a capacitor is connected in each 
side of the line. 
The schematic diagram for an ac 

power supply appears in Fig. 4-71Q. 
This supply is capable of operating up 
to six microphones simultaneously. The 
voltages are well stabilized, using zener 
diodes for each microphone supply cir-
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cuit. The output level for the Model 
MKH405 is minus 27.5 dB re: 1 mw/ 
10 dynes/cm'. Frequency response is 
40 to 20,000 Hz; THD distortion 0.5 per-
cent; EIA rating 121.5 dB. Mode of op-
eration is pressure gradient, with a 
cardioid directional characteristic. 

4.72 What is a wireless microphone? 
—It is a miniature microphone attached 
to a frequency-modulated radio trans-
mitter and is worn on the body of the 
user. For motion picture and television 
use, the microphone and transmitter are 
concealed. Two systems are in use. One 
system uses a small transmitter worn 
on a coat lapel or mounted on the hous-
ing of a miniature frequency-modulated 
radio transmitter. The second system 
employs a hand-held or lavalier micro-
phone housing a transistor radio trans-
mitter (Fig. 4-72A); this is the system 
to be discussed. The antenna is wrapped 
around the body of the user and he 
becomes a part of the antenna system. 
Or, in the instance of the hand-held 
microphone, the antenna is attached to 
the microphone-transmitter or it may 
be built into a helmet. The transmitted 
signal is picked up by a remote receiver. 
The maximum transmitting distance is 
about one half mile, depending on the 
frequency used and the antenna system. 
As a rule, the distance between the 
transmitter and the receiver is kept to 
within 200 feet or less. When several 
microphones are required, such as 
might be used with several characters 
in a play, a separate receiver is required 
for each microphone, each receiver 
tuned to a different frequency. The 

transmitter may be tuned from 25 to 45 
MHz, with a signal-to-noise ratio of 60 
dB, or better, for a plus-minus 20-kHz 
modulation swing. 

The receiver consists of 11 tubes, in-
cluding radio-frequency amplifiers, lim-
iters, automatic frequency control (afc), 
intermediate amplifiers, audio stages, 
and an adjustable squelch control for 
reducing background noise. The unit 
also contains a built-in 36-inch collaps-
ible antenna, or it may be used with a 
72-ohm remote transmission line and 
antenna. A tuning eye is provided for 
setting the receiver to the exact fre-
quency of the transmitter. The sensi-
tivity is 1.5 microvolts for 20-dB quiet-
ing. The audio frequency response is 20 
to 20,000 Hz. The output has an imped-
ance of 150 or 600 ohms designed to 
operate directly into a mixer console. 
A loudspeaker is also included for 
monitoring purposes. The schematic 
diagram for the receiver portion is 
shown in Fig. 4-72B. 

The microphone with its transmitter 
is completely transistorized. Its sche-
matic diagram appears in Fig. 4-72C, 
and consists of a dynamic microphone 
element, with a frequency range of 80 
to 14,000 Hz. The transmitter has a 
swing of 20 kHz at normal voice levels, 
with a power output of 40 milliwatts 
to the fmal amplifier, depending on the 
frequency and the antenna system used. 
The battery is a 6.5-volt mercury type, 
with an expected life of 20 hours. The 
whip antenna, shown on the side of 
the microphone in Fig. 4-72A, is used 
for personal interviews or when walk-

Fig. 4-72A. Vega Electronics Corp. wireless microphone system. The microphone and 
and its fm radio transmitter are shown at the right, and the receiver at the left. 
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Fig. 4-72B. Schematic diagram for Vega Electronics Corp. wireless 
microphone receiver. 
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ing around in a crowd, and may be 
extended to 23 inches. Frequencies for 
wireless microphone operation in the 
United States are under the jurisdiction 
of the Federal Communications Com-
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mission, and such devices are operated 
in the general business frequencies, 
33.14, 35.02 and 42.98 megahertz, or 26.25 
for radio and television relay operation. 
Permission must be obtained from the 
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tured by Vega Electronics Corp. 

FCC in advance, before any type of 
wireless microphone can be operated. 

4.73 How far can a low-impedance 
microphone cable be run without a pre-
amplifier?—Microphones with an output 
impedance ranging from 30 to 200 ohms 
can be run to a distance of 200 feet 
without seriously affecting the fre-
quency response. It is a fairly safe rule 
to follow, that the lower the impedance 
of the line, the greater the distance it 
can be run. However, unless the cable 
is well shielded, the signal-to-noise 
ratio may be seriously affected. Also for 
such long runs, the cable must be kept 
clear of all ac lines and equipment. A 
good practice to follow when long runs 
are necessary is to insert a preamplifier 
in the cable run at about 100 feet. This 
preamplifier may be of transistor de-
sign with a gain of 40 to 60 dB adjust-
able in steps of 20 dB. (See Question 
4.76.) 

4.74 If an oscilloscope is connected 
to the output of a microphone, what is 
the relationship between the pressure 
wave and the image?—The vertical de-
flection will be proportional to the am-
plitude of the pressure wave at the dia-
phragm of the microphone. 

4.75 What does the term open-
circuit voltage mean?—lt is the voltage 
measured with a high impedance 
vacuum-tube voltmeter at the output of 
an unterminated microphone. As a rule, 
preamplifiers designed to be used with 
microphones do not use a termination 
across the secondary of the input trans-

manufee-

former. This method of operation in-
creases the voltage at the control grid 
of the first tube in the preamplifier 6 dB 
or a voltage gain of 50 percent, which 
results in a substantial increase in the 
signal-to-noise ratio. Open-circuit op-
eration is discussed in detail in Ques-
tion 12.170. 

4.76 What effect does the terminat-
ing impedance have on microphone char-
acteristics?— Microphone specifications 
relative to their frequency-response 
characteristics and output level are 
based on an open-circuit voltage mea-
surement. Such measurements are made 
using a high-impedance voltmeter, con-
nected directly across the microphone 
output terminals (Fig. 4-76). However, 
in actual practice the microphone is fed 
into a preamplifier with an input trans-
former using an unterminated second-
ary. (See Question 12.170.) 

If the microphone characteristic is 
measured using a load impedance 
approaching the microphone internal 
output impedance, the performance 
characteristics will differ from those 
specified for an unloaded measurement. 
A typical example of a loaded condition 
is operating the microphone into a low-

1 TO 10 MEGOHM 
IMPEDANCE 

30/200 .11. 
VTVM 

Fig. 4-76. Measuring the open-circuit 
voltage of a microphone. 
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level mixing circuit, a transistor pre-
amplifier with a low input impedance, 
or into an input transformer with a 
terminated secondary. (See Question 
9.2.) 

If the microphone is terminated in 
a resistive load equal to its own im-
pedance, only a drop in level will be 
experienced with no appreciable change 
in the characteristics. If the load varies 
with frequency, the overall response 
will be affected. This can easily occur 
if the interconnecting cables have an 
appreciable amount of capacitance such 
as might be encountered with a high-
impedance microphone. The greater the 
cable capacitance per foot, the more 
the high frequencies will be attenuated. 
This is particulary true for microphones 
having an output impedance of 10,000 
to 20,000 ohms. Generally about 18 to 
20 feet is the maximum distance that 
can be run. 

Mass-controlled microphones, such 
as the bidirectional and candioid types, 
generally have an impedance curve that 
decreases sharply as the frequency is 
increased in the range of 100 to 2000 Hz. 
Connection of these microphones to a 
resistive load causes a change in both 
the output level and the frequency re-
sponse, particulary at the low fre-
quencies. For professional usage, mic-
rophones are fed into an open circuit 
preamplifier; thus, the problem of load-
ing is eliminated. They are also oper-
ated at an impedance of 50 ohms, there-
fore cable lengths may be up to 600 feet 
with about a 1-dB loss at 10,000 Hz. 
(See Question 4.73) Operating a 50-ohm 
impedance into a 250-ohm input results 
in a 7-dB loss of output level, but no 
appreciable change in the frequency re-
sponse. (See Question 4.98) 

4.77 Describe a ribbon-velocity mi-
crophone with variable polar patterns.— 
A variable polar pattern microphone 
can sometimes be quite useful and con-
venient as it may be changed from a 
directional to a bidirectional or omni-
directional polar pattern by a simple 
adjustment. The microphone to be dis-
cussed is the RCA 77-DX MI-4045-F 
ribbon-velocity microphone (Fig. 4-
77A) . The general design of this mi-
crophone is similar to the unidirectional 
ribbon-velocity microphone discussed 
in Questions 4.59 and 4.65. As in the 
RCA M1-10001-C, the 77DX ribbon is 
divided into two sections, with the cen-

ter grounded and the upper portion ter-
minated in an acoustic impedance con-
sisting of a small tube sealed at the back 
' of the ribbon and connected with an 
acoustic labyrinth situated in the lower 
portion of the housing. An aperture in 
the back of the tube near the top is 
made variable by a rotating plate con-
trolled from the exterior at the rear of 
the housing. Controlling the size of the 
aperture determines the types of polar 
pattern. When the aperture is com-
pletely open, the ribbon is not termi-
nated by the acoustic labyrinth; there-
fore, both sides of the ribbon are 
exposed to the sound source. Under 
these conditions, the microphone oper-
ates as a ribbon-velocity microphone 
with a bidirectional polar pattern (Fig. 
4-77B). 

Closing the aperture to about half 
size, one half of the ribbon has both 
surfaces exposed to the sound pickup 
and therefore operates as a ribbon-ve-
locity microphone; however, the other 
half of the ribbon is terminated in the 
acoustic labyrinth and operates as a 
pressure unit. Operating under these 
conditions, the voltages generated by 
the upper and lower sections of the rib-
bon, tend to reinforce each other for 
sounds arriving from the front, but tend 
to cancel each other for sounds arriving 
from the rear, resulting in a cardioid 
polar pattern (Fig. 4-77B). By closing 
the aperture completely, the two sec-
tions of the ribbon are terminated in 
the acoustic labyrinth and the polar 

Fig. 4-77A. RCA Model 77DXMI-4045-F 
polydirectional microphone. 
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Fig. 4-778. Polar patterns for RCA 77DXMI-4045-F polydirectional ribbon-velocity 
microphone. 

pattern becomes omnidirectional (Fig. 
4-778). Because the aperture is vari-
able, six polar patterns are possible. In 
the unidirectional position, the attenua-
tion between front and rear is approxi-
mately 20 dB, or a ratio of 10:1. 

The bottom of the housing contains 
an impedance-matching transformer, 
and a switch for selecting two types of 
low-frequency rolloff for voice, and a 
flat position for music. Position V1 is 
used for sound pickups within 1 foot 
of the microphone, and V2 for distances 
greater than 1 foot (see Fig. 4-59H). 
Low-frequency attenuation is accom-
plished by connecting a reactor across 
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the output of the microphone. The 
smaller the value of the reactor, the 
greater the attenuation will be. 
The frequency response is shown in 

Fig. 4-77C. In the flat position the re-
sponse is 30 to 20,000 Hz, within plus-
minus 5 dB at the low and high ends, 
with output impedances of 30, 150 and 
250 ohms. The output level ranges from 
56 dBm (omnidirectional) to minus 50 
dBm for the bidirectional position, for 
sound pressures of 10 dynes/cm'. Hum 
level is minus 128 dB, referred to a field 
of 0.001 gauss. Microphones of this type, 
offering adjustable polar patterns are 
often termed polydirectional. 
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10000 20000 

Fig. 4-77C. Frequency response for RCA 77DXMI-4045-F polydirectional microphone. 
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4.78 What is the impedance of a so-
called high-impedance dynamic micro-
phone?—The term high impedance is 
generally associated with crystal or cer-
amic microphones and will range from 
100,000 ohms to 1 megohm. However, 
dynamic microphones rated high im-
pedance are usually 40,000 ohms output 
impedance, although the moving-coil 
element may be on the order of 1.5 to 50 
ohms. An output transformer of 40,000-
ohms impedance with taps at 250, 150, 
and 50 ohms is included in the micro-
phone housing. 

4.79 What is a uniaxial micro-
phone?—A unidirectional microphone in 
which the maximum response is in the 
principal cylindrical axis. 

4.80 What is a cephloid micro-
phone?—A mannikin head with micro-
phones mounted in the head at the 
normal ear level to create a diffraction 
pattern and simulate human hearing. 
Such microphones are used in acoustical 
laboratories for binaural work. 

4.81 What is a !archer microphone? 
—A small dynamic microphone worn 
around the neck as a lavalier. A typical 
microphone of this type is the RCA 
BK-6B shown in Fig. 4-81A. 

This microphone has been especially 
designed for correct speech balance 

Fig. 4-81A. RCA BK-6B dynamic lavalier 
microphone, designed to be worn around 

the neck. 

when used informally in television 
broadcasting interviews and public ad-
dress applications. The frequency re-
sponse and directional qualities are en-
gineered to complement human speech 
so that a correct frequency balance is 
maintained when the speaker is talking 
off mike. 
An internal resonator placed in front 

of the diaphragm reduces the high fre-
quency emphasis while extending the 
upper frequency limit. 

The output impedance may be set 
for 30, 150, or 250 ohms. The output 
level is minus 67 dB, for a pressure of 
10 dynes/cm'. The polar pattern is 
shown in Fig. 4-81B and the frequency 
response is shown in Fig. 4-81C. 

4.82 What is a throat microphone? 
—One in which the diaphragm is actu-
ated by being directly in contact with 
the external portions of the throat. Such 
microphones are widely used in aircraft 
for radio and internal intercommuni-
cation, or where the ambient noise level 
is high. 
To obtain the maximum intelligibil-

ity, the high frequencies are attenuated. 
The unit may be of the moving coil or 
button design. 

4.83 What is a sound-powered mi-
crophone?—A microphone constructed 
similarly to a dynamic microphone, with 
the exception that it generates consid-
erably more output power and may be 
used without amplification over a con-

I50* X30* alo. 

3e O. 330* 

Fig. 4-81B. Polar pattern for RCA BK-6B 
lavalier microphone. 
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Fig. 4-81C. Frequency response 

siderable distance. It is frequently used 
in intercommunication systems. The 
frequency response is limited to the 
voice frequency range. 

4.84 How important is the phasing 
of microphones when making a multiple 
microphone pickup?—When two or more 
microphones are being used on the 
same channel and they are within ten 
feet of each other, they should be elec-
trically in phase. If they are not, serious 
distortion may take place due to can-
cellation. 

4.85 How are microphones phased? 
—The microphones to be phased are 
placed alongside each other and con-
nected to their respective preamplifiers 
and mixer inputs. While someone 
speaks into the microphones, one mixer 
pot is adjusted for a normal output 
level as indicated on a VU meter. The 
setting is noted and the pot closed. The 
same adjustment is made for the sec-
ond microphone and the setting of that 
pot noted. Now both pots are opened to 
the above settings and, if the micro-
phones are out of phase, the quality of 
reproduction will be distorted and there 
will be a distinct drop in level. Revers-
ing the electrical connections to one 
microphone will bring them into phase. 
A second test is then made similar to 
the first. If the microphones are in 
phase, the output level will be greater 
and undistorted. 

If the microphone is of the bidirec-
tional type (figure-8) it may be re-
versed 180 degrees to bring it into 

10000 20000 

of RCA 13K-68 lovelier microphone. 

phase, and later corrected electrically. 
If the microphones are of the directional 
type, only the output or cable connec-
tions can be reversed. After phasing a 
bidirectional microphone, the rear 
should be marked with a white stripe 
for future reference. 

4.86 Describe the methods used for 
calibrating microphones.—Generally a 
microphone is calibrated using one or 
more of four calibrating instruments— 
the pistonphone, thermophone, electro-
static actuator, or a reciprocity calibra-
tor. 

Pist,onphones are used for calibrating 
below 150 Hz, and consist of a pressure 
chamber, tightly sealed to the front of 
the microphone housing to be calibrated 
(Fig. 4-86A). The voltage developed at 
the output of the microphone for a 
given pressure at the diaphragm is 
noted. The pistonphone is then discon-
nected, and a voltage of the same fre-
quency is connected in series with the 
microphone head and adjusted for the 
same output level as developed by the 
pistonphone. The response E./P is then 
the ratio of the second voltage to the 
applied pressure. 
Two practical applications of the pis-

tonphone are shown in Figs. 4-86G and 
H. Referring to Fig. 4-86G, the piston-
phone consists of a sealed glass jar, with 
a mechanically driven piston in the 
base, which produces known sinusoidal 
fluctuations in air pressure. The actual 
pressure is calculated from the volume 
of the chamber, the dimensions of the 
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Fig. 4-86A. Pistonphone microphone calibrator. 
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Fig. 4-86B. Therrnophone microphone calibrator. 
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Fig. 4-86C. Frequency range of instruments used in the calibration of microphones. 

piston, its stroke, and the constants of 
the air. With devices of this type, fre-
quencies of a fraction of a cycle are 
possible, with sound-pressure levels of 
94 to 115 dB, re: 0.0002 dyne/cm2. 

10kHz 100kHz 1000kHz 

A second design appears in Fig. 
4-8611, and is somewhat similar to a 
dynamic-loudspeaker mechanism. The 
small piston in the chamber at the left 
produces the pressure for the measure-
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Do ACTUAL SPACING 

D EFFECTIVE SPAONG 

ment. A calibrated eyepiece and a 
marker on the piston shaft permit the 
calibration of the piston movement. A 
capacitor microphone is shown under 
measurement, with its electronics and 
case mounted at the right end of the 
pressure chamber. Noise contributed by 
the electronics may be measured by re-
placing the microphone head with a 
low-leakage capacitor of the same value 
capacitance as the head, or the micro-
phone may be placed in an acoustic 

MICROPHONE 
DIAPHRAGM 

chamber constructed of two lead cases, 
one inside the other, separated by 
acoustic absorbent. The noise level is 
then measured at the output, using a 
vacuum-tube voltmeter. 

The thermophone, shown in Fig. 
4-86B, is constructed of one or more 
very thin gold-leaf strips, supported on 
insulated blocks in front of the micro-
phone diaphragm. A measured, steady 
direct current is passed through the 
gold-foil strips with the audio fre-

OPENJNGS 
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Fig. 4-86D. Cross section of an electrostatic actuator used in the calibration of 

capacitor-type microphones. (Courtesy, LTV Research Center Western Division) 
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Fig. 4-86E. Effect of actuator-plate geometry on the effective spacing. (Courtesy, 

LTV Research Center Western Division) 
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Fig. 4-86F. Driving circuit for electrostatic actuator. The amplifier should be capable 

of developing 100 watts of power with low distortion. The dc polarizing voltage is 
approximately 1500 volts. (Courtesy, LTV Research Center Western Division) 
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quency signal superimposed on the de. 
The cavity of the thermophone is filled 
with hydrogen gas to shift standing 
waves in the cavity beyond the range 
of measurement. Thus, the variation of 
pressure in the cavity occurs at the 
applied frequencies. 

Microphones designed for use in 
space require frequency calibrating 
ranges from 0.01 to 1 MHz per second, 
with sound pressures up to 195 dB, re: 
0.0002 dyne/cm2, also at extremely high 
and low temperatures, with low static 
pressures equivalent to those found in 
high altitudes. The various methods 
used for microphone measurements and 
their frequency range is given in the 
tabulations in Fig. 4-86O. Both the reci-
procity and pistonphone techniques 
provide a high degree of accuracy, the 
pistonphone being capable of measure-
ments down to 0.01 Hz, with an upper 
limit of 15,000 Hz, using a closed cou-
pler, and up to 100 kHz in a free field. 
Calibrations at high pressure levels are 
performed in standing and progressive 
wave tubes, the high-intensity piston-
phone, and shock tube. However, the 
above instruments are difficult to apply 
to calibrations at environmental condi-
tions similar to that experienced in the 
field. These difficulties have been over-
come to a great extent by further de-
velopment of the electrostatic actuator 
(Fig. 4-86D) which is used primarily 
for the calibration of capacitor micro-
phones. 

The electrostatic actuator was de-
scribed by Olson in 1931, by Ballantine 
in 1932, and further developed by 
Brown and Dahlke. The actuator con-
sists of a slotted perforated flat metal 
plate, which is insulated and placed 
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Fig. 4-86G. Pistonphone for calibrating 
microphones. A piston in the bottom of 
the glass jar is driven by crank and gear 
reduction, from the motor at the floor 
level. The microphone to be calibrated is 
suspended in the jar over the piston. 

parallel to the .diaphragm of the micro-
phone at a known distance. A direct-
current voltage applied between the 
actuator plate and the diaphragm of the 
microphone to be calibrated generates 
an electrostatic force, simulating a 
sound pressure, at the surface of the 
diaphragm. The sound pressure thus 
generated is the function of the product 
of the applied voltage, the square of the 
effective spacing, the permittivity of the 
vacuum, and the dielectric constant of 
the gas between the plates. Since the 
influence of temperature and static 
pressure on the dielectric constant is 
considerably less than the accuracy in 
determining the pressure, the simulated 
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VOICE-COIL SUPPORT PRESSURE CHAMBER 

MICROPHONE 
UNDER TEST 
INCLUDING 
ELECTRONICS 

MEASURING CIRCUIT 

Fig. 4-86H. Pistonphone built along the lines of a dynamic loudspeaker. The piston 
is actuated by the movement of the voice coil, creating a sinusodial pressure in the 
chamber containing the head of the microphone (after Glover and Baumsweiger ). 



196 THE AUDIO CYCLOPEDIA 

sound pressure is not affected by the 
environmental conditions. In addition, 
the sound pressure is not a function of 
the applied frequency. 

The effect of the actuator plate and 
its geometry is shown in Fig. 4-86E. If 
the effective spacing of the slot DI, 
which is not identical to the actual 
spacing, can be determined, the effec-
tive sound pressure can be expressed: 

P. = - 

where (D) is the effective spacing be-
tween plates, E., permittivity of free-
space and equals 8.85 X 10 farads/m, 
K the dielectric constant of the insula-
tor between the plates, and E the de 
potential between the plates. For a com-
plete mathematical treatment pertaining 
to the actuator, the reader is referred 
to the reference. 

Since the simulated sound pressure 
is produced by an electrostatic force, 
the signal driving the system will de-
termine the low-frequency response of 
the electrostatically driven diaphragm. 
If the driving system cutoff frequency is 
low enough, the output voltage of the 
microphone system will be the response 
of the microphone electronics. To obtain 
the low-frequency response, the front 
to back vent of the microphone must be 
present in the sound field. The electro-
static actuator does not fulfill this re-
quirement. 
The schematic diagram for the actu-

ator driving system is shown in Fig. 
4-86F. The maximum sound pressure 
level (SPL) for 5-mil spacing of the 
actuator and the microphone dia-
phragm, and a 20-percent safety factor 
in breakdown voltage is 127 dB. For 
2-mil spacing, the SPL rises to 134 dB. 
However, for this spacing, some diffi-
culty may be experienced in keeping 
the actuator and diaphragm parallel. 
To reduce harmonic distortion below 
2.5 percent, the ratio of the de polariz-
ing voltage to the ac signal voltage must 
be greater than 10:1; as 150 volts of sig-
nal is a reasonable value, the de voltage 
will be on the order of 1500 volts. Fre-
quency measurements, using this de-
vice, are possible to within plus or 
minus 1 dB. Microphone calibration us-
ing the reciprocity method is discussed 
in Section 23. 

Considerable work has also been 
done in the testing of microphones, 

termed real voice testing. In this test, 
a person speaking in a normal tone of 
voice replaces the usual sound pressure 
generating device. As the speaker talks, 
a frequency analysis is made and the 
average output level established. Thus, 
the average output for a number of 
speakers is the real voice calibration. 
The test equipment consists of the mi-
crophone to be tested, preamplifier, and 
a magnetic tape recorder. Portions of 
the recording are made into a loop, and 
the output fed to an octave-band ana-
lyzer and graphic level recorder. The 
result of this test is the average power 
output from the microphone. It has 
been found for some types of research, 
the real voice test is more satisfactory 
than the usual pressure calibration. 

4.81 Describe how the linearity of 
a capacity microphone is determined at 
high intensities.—It is tested by mea-
suring its linear response to a step 
function generated by the use of a 
shock tube at pressure levels equivalent 
to 5 pounds per square inch. The line-
arity of an Altec-Lansing Model 21-
BR-200 high-intensity microphone is 
shown in Fig. 4-87A, for SPL of 140 to 
180 dB, re: 0.0002 dyne/cm' at a fre-
quency of 400 Hz. To provide a primary 
calibration, the sensitivity of a group 
of eight microphones was measured, 
using a pistonphone at an SPL of 124 
dB at frequencies up to 400 Hz. Sound 
pressures are then generated in a stand-
ing-wave tube to provide nearly undis-
torted sinusoidal pressures at extremely 
high levels. 

FqqPntially, a standing-wave tube 
consists of two cylindrical tubes having 
lengths which are nonharmonically re-
lated. The tube is driven by an electro-
dynamic driver, which produces a some-
what distorted signal at the amplitudes 
necessary to generate sound pressures 
at the desired levels. This distortion is 
suppressed by the design of the stand-
ing wave tube, which acts similar to an 
acoustic bandpass filter. The standing-
wave tube measurements are performed 
at a single frequency associated with 
the tube resonance. To verify the mi-
crophone linearity at the higher fre-
quencies, shock-tube techniques are 
employed. 
A microphone is placed at the end 

of the shock tube. A shock is generated 
by bursting a diaphragm which isolates 
the drive section of the tube. The mi-
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Fig. 4-87A. Standing-wave tube linearity calibration of Altec-Lansing capacitor 
microphone Model 21-BR-200. Sensitivity —86 dB re: 1 volt/dyne/cm2. 
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Fig. 4-87B. Standing-wave tube and its associated equipment used in the linearity 
measurement of microphones. (Courtesy, LTV Research Center Western Division) 

crophone experiences a sudden rise in 
pressure associated with the reflection 
of the shock wave at the end of the 
driven section of the tube. The rise-
time, overshoot, and decay time of this 
response exhibit the linear character-
istics of a simple system transient re-
sponse. The system resonance and 
damping constant are established from 
this transient response to yield the 
steady-state response characteristics. 
The basic test setup for using a stand-
ing-wave tube is shown in Fig. 4-87B. 
A cross-sectional view of a high inten-
sity microphone head is given in Fig. 
4-115A. Details for the use of standing-
wave and shock-tube devices are given 
in the reference. 

4.88 What does the term "gunning 
a microphone" mean?—To point the mi-
crophone at the source of sound. If the 
microphone is suspended from a boom 

on a turret head, it is turned towards 
the actors as they speak, to secure a 
uniform sound quality. As the micro-
phone is generally moved quite rapidly, 
it is referred to as "gunning." 

4.89 What happens when a ribbon-
velocity microphone is moved rapidly 
through the air?—A low-frequency 
flutter is generated due to the passage 
of air between the ribbon and the pole 
pieces. It is not practical to use stan-
dard ribbon microphones on a boom 
and attempt to gun them. Ribbon-ve-
locity type microphones used for motion 
pictures and television are especially 
designed to be used on a boom and may 
be gunned without producing noise. 

4.90 Describe a microphone wind 
screen, its construction, and effective-
ness.—A wind screen is a device placed 
over the exterior of a microphone for 
the purpose of reducing the effects of 
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TWO LAYERS NYLON CREPE 
2/60.25 MESHES PSI. 

SPHERICAL WIRE 
FRAME 120MM 
RADIUS B 8 K-LIA 0082 
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4131 MICROPHONE 
(1"DIA) 

Fig. 4-90A. Typical silk-covered wind 
screen and microphone. (Courtesy, 8 and 

K Technical Review) 

wind noise when recording out of doors, 
or when panning or gunning a micro-
phone. The screen consists of a wire 
frame covered with silk or a special 
type foam-rubber composition. Micro-
phones designed for television and mo-
tion picture recording are generally 
constructed with the wind screen as an 
integral part of the microphone. (Wind 
screens are also referred to as wind 
gags.) 

With a properly designed wind 
screen, a reduction of 20 to 30 dB in 
wind noise can be expected, depending 
on the sound pressure level at the time, 
wind velocity, and the frequency of the 
sound pickup. Wind screens may be 
used with any type microphone and 
they vary in their size and shape. Two 

40-

30-

2o-

types of wind screens employing a spe-
cial type foam-rubber manufactured by 
Electro-Voice, and marketed under the 
trade name Acoustifoam are shown in 
Figs. 4-39A and 4-97E. This material 
has no effect on the high frequency re-
sponse of the microphone because of its 
porous nature. Standard styrofoam is 
not satisfactory for wind screen con-
structicm because of its homogenous 
nature. 
A cross-sectional view of a typical 

wind screen employing a wire frame 
covered with nylon crepe for mounting 
on a one inch diameter microphone is 
shown in Fig. 4-90A. The effectiveness 
of this screen as measured by Dr. V. 
Brüel of Brüel and Kjaer is given in 
Figs 4-90B, C, D, and E. When recording 
dialogue using a wind screen, its effec-
tiviness is increased if dialogue equali-
zation is used as discussed in Questions 
4.114, 6.122, and 18.81. 

4.91 What is a rain screen and how 
is it constructed?—During the filming 
of rain and snow scenes, a protective 
covering called a rain screen is placed 
over the microphone, as shown in Fig. 
4-91, to protect the microphone and re-
duce the sound of the raindrops. The 
screen consists of an inverted shell ap-
proximately 18 inches in diameter. The 
exterior is covered with hair felt and 
metal fly screen, to break the raindrops 
into fine particles. The interior is coy-

10-

25 63 160 400 lOCO 2500 6300 16000 HZ 
40 100 250 630 1600 4000 10000 

Fig. 4-908. Wind noise os a function of frequency, measured in Vs octaves, but with 
the wind direction parallel to the membrane. (Courtesy, 13 and K Technical Review ) 
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Fig. 4-90C. Wind noise measured with different sizes of windscreens. (Courtesy, B 
and K Technical Review ) 
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ered with oilcloth and a layer of fly 
screen. The microphone is suspended 
inside the screen on a flexible support. 

4.92 What type of microphone is 
recommended for dialogue recording?— 
It is the practice in the professional field 
to use either dynamic, capacitor, or rib-
bon-velocity microphones having direc-
tional characteristics. This is an abso-
lute necessity to reduce unwanted noise 
pickup at the sides and rear of the 
pickup area. Bidirectional microphones 

120-

110-

(A) 

90-

80-

(D) 
70-

should not be used, if the microphone 
is to be suspended from a boom. It is 
common practice in the broadcast field 
to mount bidirectional microphones on 
a floor stand, placing one person on 
each side of the microphone. Dialogue 
equalization should always be used for 
voice pickup, or the microphone should 
be connected with the internal voice-
filter in the circuit. Dialogue equaliza-
tion is discussed in Questions 4.114, 
6.122, and 18.81. 

•••• 
.•••• 

(A) 4131 WITH STANDARD PROTECTION GRID. 
WIND PARALLEL TO DIAPHRAGM. 

(B) AS (A) BUT WITH WIND AT RIGHT ANGLE 
TO DIAPHRAGM 

(C) AS (B) WITH WINDSCREEN UA0082 

(D) AS (A) WITH WINDSCREEN UA0082 

2110 60 80 Ido 120 KM/H 

Fig. 4-90D. Wind noise as a function of wind speed in the range 20 Hz to 20kHz. 
(Courtesy, B and K Technical Review ) 
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Fig. 4-90E. Wind noise as a function of frequency, measured in Vs octaves, with the 
wind direction at right angles to the membrane. (Courtesy, B and K Technical 

Review ) 

4.93 What types of microphones are 
recommended for music recording?— 
Capacitor, ribbon-velocity, and dynamic 
types. Similar types of microphones em-
ploying directional characteristics are 
preferred to aid in the separation of 
various sections of the orchestra. For 
stereophonic recording, the dual-type 
microphone similar to those discussed 
in Question 4.48 is used. 

4.94 How close may two micro-
phones be placed when feeding the same 
recording channel?—As close as their 
physical dimensions will permit, pro-
vided they are in phase electrically 
with each other. If they are not in 
phase, the output will be distorted and 
show a decided loss in output level. 
(See Questions 4.84 and 4.85.) 

4.95 What is the standard pin count 
for microphone plugs?—It is standard 
practice to employ a recessed male plug 
on the microphone. Microphone cables 
are then made up using a female plug 

UNI DIRECTIONAL 

MICROPHONE 

on one end and a male plug' on the 
other. The pin count may be either of 
the two that are shown in Fig. 4-95. The 
pin count should be determined before 
attempting to put the microphone in 
service. Under no circumstances is a 
volt-ohmmeter or buzzer ever to be ap-
plied to the output connections of a mi-
crophone. To do so will severely dam-
age the internal structure. (See Ques-
tion 24.100.) 

BOOM TURRET 

FLY SCREEN 

HAIR FELT 

OIL CLOTH 

FLY SCREEN 

Fig. 4-91. A microphone rain screen. 

Fig. 4-95. Pin count used on microphone cables. 
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Fig. 4-97A. Directivity index for: (a) 11-inch line microphone, (b) cardioid micro-
phone, (c) Electro-Voice Model 642 Cardiline dynamic microphone. 

4.96 How may the signal-to-noise 
ratio be increased on a long microphone 
cable run?—See Question 4.73. 

4.97 Describe the basic principles of 
a cardioid in-line directional microphone. 
—Both television and motion picture 
production have suffered greatly from 
the fact that to pick up good sound, the 
microphone must be reasonably close 
to the person speaking. On a motion 
picture set, this causes difficulties for 
both the camera man and the sound 
man. Also, getting in close .restricts the 
movement of the microphone boom and 
is often the cause of poor pickup and 
excessive camera noise. These problems 
have been overcome to a great extent 
by the development and introduction of 

5000 10000 

the cardioid in-line directional micro-
phone, described by Olson in 1938. 
Two of the most important character-

istics of any microphone are its sensi-
tivity and directional qualities. Assum-
ing a constant sound pressure source, 
increasing the distance of the micro-
phone from the source requires an in-
crease in the gain of the amplifying 
system after the microphone. This is 
accompanied with a decrease in signal-
to-noise ratio and an increase in envi-
ronmental noises, such as reverberation 
and background noise, to where the 
indirect sound may equal the direct 
sound. The pickup then deteriorates to 
where it is unusable. Distance limita-
tions can be overcome by increasing 

Fig. 4-97B. Electro-Voice Model 642 Cardiline (in-line) directional microphone, with 
boom hanger. 
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Fig. 4-97C. Basic components 

ouyamonanoonniinuo 11 

of the Electro-Voice Model 642 Cardiline directional 
microphone. 

the sensitivity of the microphone, and 
the effect of reverberation can be less-
ened by increasing the directivity of 
the pattern. The in-line microphone 
has these two desirable qualities. 
Over the years, the most commonly 

used microphone for boom operation 
and the recording of dialogue has been 
a gradient microphone with a cardioid 
directional polar pattern, as shown in 
Fig. 4-7, (c) and (d). In addition to the 
polar plot, the directional characteristics 
of a microphone may be described by 
a ratio termed directivity index. Di-
rectivity index is a ratio of output volt-
age from a microphone in a sound field 
that arrives at the microphone from all 
directions, to the output voltage of an 
omnidirectional microphone (with 
equal axial sensitivity) in the same 
sound field. The directivity index is a 
measure of nonaxial response; the lower 
the directivity index the sharper the 
polar response. 

For microphones of the bidirectional 
and cardioid type, the index is 3:1; be-
cause of baffle effects (see Question 
4.52), the polar response becomes nar-
rower at the higher frequencies. A 
graphical plot of the directivity index 
versus frequency response for an 11-
inch cardioid line microphone, and for 
a 1%-inch dynamic gradient micro-
phone with a cardioid polar pattern are 
shown by the curves (a) and (b) of 
Fig. 4-97A. Curve (c) is for a Model 
642 cardioid in-line directional micro-
phone, manufactured by Electro-Voice 
under the trade name Carditine, pic-
tured in Fig. 4-97B. 

The basic components of the con-
struction of this microphone are shown 
in Fig. 4-97C. Line-tube (A) has a 44-
inch slot milled its entire length and a 
group of ports which act as a linear 
tapering acoustic resistance; they are 

equally sensitive to equal sound pres-
sures, and will cause equal voltages to 
be generated at the output of the dy-
namic transducer unit (C). Since the 
ports are acoustically connected to the 
transducer unit by the common tube, 
acoustic delays are introduced ahead 
of the transducer element. When placed 
in a plane-wave sound field, this 
equally sensitive line with variable de-
lay produces wave interference in the 
common cavity at the front of the trans-
ducer unit. The magnitude of this inter-
ference will depend on the angle be-
tween the plane wave and the axis of 
the tube. The directivity of a line mi-
crophone is a function of frequency; the 
lower the frequency, the broader the 
polar pattern (Fig. 4-97D). Sensitivity 
is achieved by a rather heavy magnetic 
structure consisting of an Indox V and 
Armco magnetic iron, approximately 
2% inches in diameter. Dimensions of 
this size can be used; because of the in-
line tube no baffle effects occur, the 
directivity being controlled by the 

0° 
0 dB 

270* 

1801' 

100 Hz ---- — 

1000 H2  

2500 Hz   

Fig. 4-97D. Polar response pattern for 
Electro-Voice Model 642 Cardiline direc-

tional in-line microphone. 
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Fig. 4-97E. Electro-Voice Model 642 Cardiline microphone mounted in its support 
hanger and Acoustifoam wind screen. 

openings in the tube structure. The dia-
phragm of the dynamic unit is 11/4  
inches in diameter with a 3/4-inch voice 
coil. 

The drawing in Fig. 4-97E shows the 
microphone with its Acoustifoam wind 
screen attached. The microphone is 
supported at (A) by two rubber rings 
and arms (H) in a metal ring (G). A 
second ring (F) seals the front and 
rear wind screens (B) and (D). The 
third wind screen (E) encloses the rear 
of the microphone assembly. Experience 
indicates the rear wind screen must be 
in place to achieve the maximum effect 
of the wind screen assembly. The 
Acoustifoam wind screen has no effect 
on either the frequency response or the 
polar pattern. Since the screen is quite 
porous, air may be blown through quite 
easily. Dirty screens may be washed in 
clear water. 
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The frequency response is shown in 
Fig. 4-97F. Three positions are avail-
able for adjusting the low-end fre-
quency response; flat, minus 5 dB, and 
minus 10 dB at 100 Hz, with reference 
to 1000 Hz. The output level is minus 
48 dB re: 1 milliwatt/10 dynes/cm'. 
Hum level is minus 120 dB re: 0.001 
gauss. The directivity index is 6:1 with 
an included angle of pickup of 80 de-
grees. The output impedance may be 
adjusted for 50, 150 or 250 ohms. Be-
cause of the directional characteristics 
and sensitivity, this microphone may be 
operated from 2 to 4 feet farther from 
the sound source than the conventional 
microphone. 

4.98 What is the effect of a long 
microphone cable on frequencies above 
1000 Hz?—The high frequencies will be 
attenuated. Assume a microphone with 
an output impedance of 20,000 ohms is 

2 

20 3040 30 40 60 too 200 300400 600 1000 2000 
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Fig. 4-97F. Frequency response for Electro-Voice Model 642 Cardiline directional 
in-line microphone. 
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connected to a line 30 feet long. The 
loss at 10,000 Hz compared to 1000 Hz 
is approximately 3 dB. Increasing the 
line to 100 feet will increase the loss 
at 10,000 Hz to 16 dB. Decreasing the 
impedance to 250 ohms or less, the loss 
at 10,000 Hz is negligible. For long runs 
an impedance of 50 to 150 ohms maxi-
mum is recommended. 

4.99 How can microphone cables on 
a stage be prevented from picking up 
ac hum?—The microphone cables should 
be kept as far away as possible from 
ac circuits. If it is necessary to cross 
an ac line, do so at right angles, not 
parallel to it, or support the microphone 
cable a few feet above the cables carry-
ing the alternating current. Microphone 
cables should be kept at least 6 feet 
from arc lights and similar equipment. 
Arc lights will also create mechanical 
noise due to the feed mechanism. 
Therefore, it is desirable that unidirec-
tional microphones be used. The treat-
ment of arc lamp noise and generator 
ripple is discussed in Question 25.117. 

4.100 What is a sound concentra-
torP—A wooden parabolic reflector used 

MOOOEN 
RARABOUC 
REFLECTOR 

Fig. 4-100A. A wooden bowl concentra-
tor for directional microphone pickup. 
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with a microphone to obtain a highly 
directive pickup response. The micro-
phone is mounted in the center of the 
reflector, as shown in Fig. 4-100A, for-
ward of the dish center. The micro-
phone is focused by moving it in or out 
of the reflector for maximum pickup. 
This type concentrator is often used to 
pick up a horse race or a group of 
people in a crowd. 

The greatest gain in sound pressure 
is obtained when the reflector is large 
compared to the wavelength of the inci-
dent sound. With the microphone in 
focus, the gain is the greatest at the 
midfrequency range. The loss of high 
frequencies may be improved somewhat 
by defocusing the microphone a slight 
amount, which also tends to broaden 
the sharp directional characteristics at 
the higher frequencies. A bowl 3 feet in 
diameter is practically nondirectional 
below 200 Hz, but very sharp at 8000 

270' 

MO' 

200 HZ 
600 HZ •• — -.-
1000 HZ — • .. • 
4000 Hz   
8000 Kt 

Fig. 4-100C. Polar pattern for a typical 
parabolic wooden bowl concentrator. 
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Fig. 4-100B. Frequency response of microphone and parabolic wooden concentrator. 
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Fig. 4-101A. Electro-Voice Model 643 long range pickup, highly directional Cordiline 
dynamic microphone, with Acoustifoom wind screen. 

Hz. For a diameter of 3 feet, the gain 
over the microphone without the bowl is 
about 10 dB, and for a 6-foot diameter, 
approximately 16 dB. The frequency 
response for a typical wooden concen-
trator bowl is shown in Fig. 4-100B, and 
its polar pattern in Fig. 4-100C. 

4.101 Describe a highly directional 
microphone suitable for long range 
pickup.—In Question 4.97 the basic 
principles of an in-line type microphone 
and a commercial model with such char-
acteristics were discussed. This question 
will deal with a commercial model of a 
super in-line microphone used for pick-
ing up a group of persons in a crowd 
from the roof of a nearby building, fol-
lowing a horse around a race track, 
picking up a band in a parade, and 
other hard-to-get distant pickups. 
The Electro-Voice Model 642 micro-

phone discussed previously has a direc-
tivity index ratio of 6:1 with an in-
cluded pickup angle of 80 degrees. The 
microphone to be discussed here is the 
Electro-Voice Model 643 (Fig. 4-101A) 
which has an included pickup angle of 
40 degrees, with a 30:1 directivity index 
ratio. The basic design is the same as 
that for the Model 642, except for its 
much sharper angle of pickup, as it has 
a longer in-line tube with a greater 
number of in-line ports. 

Fig. 4-101B. Included angles of omni-
directional microphone. 

Fig. 4-101C. The included angles of an 
in-line microphone. 

For a better understanding of Model 
643, the included angles of pickup for 
both models, 642 and 643, are compared 
with that of an omnidirectional micro-
phone having an included angle of 
pickup of 300 degrees, in Figs. 4-101B, 
4-101C and 4-101D. The cone of pickup 

40° 

Fig. 4-101D. Included angles of super 
in-line microphone. 
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Fig. 4-101E. Included angles in the form of cones showing the range of pickup for an 

omnidirectional, in line, and super in-line microphone. 
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Fig. 4-101F. Polar pattern for Electro-Voice Model 643 Cardiline super-

directional microphone. 
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Fig. 4-101G. Frequency response for Electro-Voice Model 643 Cardiline super-direc-
tional microphone. 

on axis for these microphones is shown 
in Fig. 4-101E. 
The characteristics shown are the 

ideal and will not always be obtained 
under practical operating conditions, 
because of reflections from nearby walls 
or other objects on axis. It might be 
mentioned, at the present time there is 
no known microphone that will exclude 
completely all sounds originating at the 
sides or back. The characteristics for 
the Model 643 provide a cardioid polar 
pattern up to 100 Hz, and then a highly 
directional one, as the polar plot of Fig. 
4-101F indicates. 

The base of the microphone includes 
an integral two-position, low-frequency 

o 
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20 

rolloff, and a high-pass filter (Figs. 
4-101G and 4-101H.) The high-pass fil-
ter suppresses room reverberation, 
while maintaining the presence for dia-
logue. For comparison with the Model 
642 microphone, the overall mechanical 
dimensions for the Model 643 are given 
in Fig. 4-1011. Except for the high-pass 
filter and the slightly different fre-
quency response, the transducer unit, 
wind screen, output impedances, and 
sensitivity are similar to the Model 642. 
This microphone has been used quite 
successfully by both the television and 
motion picture industry. 

Pictured in Fig. 4-101J is another 
in-line type microphone with extremely 

3 4 5 6 7 89 1 
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Fig. 4-101H. Frequency response of internal 100-Hz high-pass filter. 
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Fig. 4-1011. Cross-sectional view of Electro-Voice Model 643 Cardiline super-direc-
tional microphone, which is in reality a 7-foot version of the Model 642. 
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Fig. 4-10U. Sennheiser Electronic, Model MKH-805 capacitor in-line long-range 
pickup microphone. 

narrow pickup characteristics, manu-
factured by Sennheiser Electronic of 
West Germany. This microphone uses a 
radio-frequency oscillator, and a two-
stage transistor amplifier mounted in 
the end of the assembly. The basic 
principles of operation are discussed in 
Question 4.71. Insofar as the in-line 
tube design is concerned, it is quite 
similar to that described in Question 
4.97. 

The internal output impedance is 10 
ohms and is designed to operate into a 
load impedance of 150 ohms. Power for 
the preamplifier is duplexed over the 
audio lines. Power requirements are 10 
volts at 5 milliamperes. Frequency re-
sponse is 50 to 20,000 Hz. The output 
level is minus 21.5 dB re: 1 mw/1 
dyne/cm', with an EIA rating of minus 
115 dB. This microphone like the one 
previously described, is suitable for 
long range pickup. (See Question 4.104.) 

4.102 What precautions should be 
taken when using the microphone dis-
cussed in Question 4.10l?—This partic-
ular microphone has an included angle 
of 40 degrees on axis and appears as a 
cone, as shown in Fig. 4-101E, which is 
the starting point for cancellation, but 
it should not be interpreted that no 

SOUND 

SOURCE 

UNDIRECTIONAL 

3' 

EV-642 

EV-643 

 o 
6' 9' 

sound will be picked outside this cone. 
As the microphone is rotated from an 
on-axis position to a 180-degree off-axis 
position, there will be a progressive 
drop in level. Sounds originating at 
angles of 90 to 180 degrees off-axis will 
cancel by 20 dB or more, as indicated 
by the polar plot of 4-101F. However, 
the amount of cancellation depends on 
the level and distance of the microphone 
from the sound source. As an example, 
if an on-axis sound originated at a dis-
tance of 20 feet, a 90- to 180-degree off-
axis sound occurring at the same dis-
tance and intensity will be reduced by 
20 dB or more, providing none of the 
off-axis sound is reflected into the front 
of the microphone by walls, ceilings, etc. 
On the other hand, should the off-axis 
sound originate at a distance of 2 feet 
at the same level, it will be reproduced 
at the same level as the on-axis sound. 
The reason for this behavior is that the 
microphone is still cancelling the un-
wanted sound as much as 20 dB, but 
due to the difference in the distances of 
the two sounds, the off-axis sound is 20 
dB louder than the axial sound and they 
are reproduced at the same level. For a 
pickup in an area where random noise 
and reverberation is a problem, the mi-

:d+ 

Fig. 4-102. Comparison of standard unidirectional microphone and Electro-Voice 
Models 642 Cardiline, and 643 long-range pickup. 



MICROPHONES 209 

crophone should be located with the 
back end to the source of unwanted 
sound and away from the disturbance 
at the greatest pn.ssible distance. 

If the microphone is being used inside 
a truck and pointing out a rear door, 
poor pickup may be experienced for the 
following reason. All sounds, both 
wanted and unwanted arrive at the mi-
crophone on-axis. Since the only en-
trance is through the truck door, no 
cancellation occurs because the truck 
walls inhibit the sound from entering 
the sides of the microphone. In this in-
stance, the microphone will be operat-
ing as an omnidirectional microphone. 
Due to the reflected sound from the 
walls the same condition will prevail 
in a room where the microphone is 
pointed through a window, or when 
operating in a long hallway. For good 
pickup, the microphone should be op-
erated in the open and not in closely 
confined quarters. 

Because of the narrow included angle 
of the pickup, random noise is reduced 
considerably, and the distance to the 
sound source may be increased without 
a loss of presence. It should be under-
stood that this microphone cannot be 
compared to a zoom lens; the focus 
does not vary nor does it reach out to 
gather in the sound. What the narrow 
polar pattern and high rate of cancel-
lation does is to reduce the random 
sound energy and to permit the raising 
of the amplifier gain following the mi-
crophone, without seriously decreasing 
the signal-to-noise ratio. This permits 
the pickup of voices at a distance that 
cannot be understood to be reproduced 
with intelligibility. 

Difficulties may also be encountered 
using this microphone on stage and 
picking out a speaker in the audience, 
particularly where the voice is 75 to 
100 feet distant and fed back through 
a reinforcement system for the audience 
to hear. Under these circumstances, 
only about 30 to 50 feet is possible with-
out acoustic feedback; even then the 
system must be balanced very carefully. 

If the pickup is being made in a wind 
of 20 miles per hour or more, the 100-
Hz high-pass filter in conjunction with 
the Acoustifoam wind screen will elim-
inate the low-frequency distortion 
caused by the wind. Switching in one 
of the low-frequency rolloffs, as shown 
in Fig. 4-101G, may also be helpful. If 

the pickup is only dialogue, the 100-Hz 
filter may be left in, and the number 1 
rolloff used, as most male voices may be 
attenuated below 120 Hz. (See Ques-
tion 18.81.) The filter and rolloff char-
acteristics are of exceptional help when 
reverberation is a problem in a hard-
walled room. 
A comparison of a standard cardioid 

microphone with the Electro-Voice 642 
and 643 relative to increased distance 
pickup, is shown in Fig. 4-102. Normally 
pickups at a distance of 50 feet or 
greater, using the above precautions, 
are possible; however, quite satisfactory 
pickups have been made at distances of 
150 feet. Only through experience will 
its full capabilities be realized. 

4.103 What is a rifle microphone? 
—The rifle microphone consists of a 
microphone transducer with a series of 
tubes of varied length mounted in front 
of the transducer diaphragm (Fig. 
4-103A). The transducer may be either 
a capacitor or dynamic type. The tubes 
are cut in lengths from 2 to 60 inches, 
and bound together. The bundling of 
the tubes in front of the transducer dia-
phragm creates a distributed sound en-
trance and the omnidirectional trans-
ducer becomes highly directional. 

Sound originating on the axis of the 
tubes first enters the longest tube and 
as the wave front advances, it enters 
successively shorter tubes in normal 
progression until the diaphragm is 
reached. Sounds reaching the dia-
phragm from the source travel the same 
distance, regardless of the tube entered; 
thus, all sounds arriving on-axis are in 
phase when they reach the diaphragm. 
However, sounds originating 90 degrees 
off-axis enter all tubes simultaneously. 
A sound entering a longer tube may 
travel 18 inches to reach the diaphragm, 
while the saine sound traveling through 
the shortest tube will travel only 3 
inches, with other differences for the 
varied length of tubing, thus causing 
an out of phase signal at the diaphragm. 
Under these conditions, a large portion 
of the sound originating at 90 degrees is 
canceled; from 180 degrees an even 
greater phase difference occurs, and 
cancellation is increased considerably. 

The RCA MI-10006A Van-directional 
microphone (Fig. 4-103A) consists of 
nineteen 518-inch plastic tubes, ranging 
from 3 inches to 18 inches in length. 
Each tube is damped to prevent reso-
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Fig. 4-103A. RCA MI-10006A Vad-directional microphone. 
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Fig. 4-1038. Polar plot for RCA MI-

10006A Vad-directional microphone. 

nant effects. The tubes are bundled and 
mounted in front of an omnidirectional 
capacitor-microphone head. An ampli-
fier contained in the transducer housing 
is supplied from a small battery pack, 
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Fig. 4-103C. Frequency response for RCA MI-10006A Vad-directional microphone. 

having a life of several months. The 
polar and frequency response are shown 
in Figs. 4-103B and 4-103C. Two posi-
tions for reducing low-frequency re-
sponse are provided at the transducer 
and are indicated by the dotted lines in 
Fig. 4-103C. 

4.104 How is the effective output 
level of o microphone rota—The EIA 
standard defines the system rating (G.) 
as the ratio in decibels relative to 0.001 
watt per 0.0002 dyne per square centi-
meter of the maximum electrical output 
from the microphone to the square of 
the undisturbed sound field pressure in 
a plane progressive wave at the micro-
phone. Expressed mathematically: 

E. 
= (20Logi. — — 10Log,. Z.) — 50 dB 

where, 
E. is the open circuit voltage of the 
microphone, 

P is the undisturbed sound field pres-
sure, 

and Z. is the microphone rated output 
impedance. 
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For all practical purposes, the output 
level of the microphone can be obtained 
by adding to G. the sound pressure 
level, relative to 0.0002 dyne per square 
centimeter. 

The sound pressure level (SPL) is 
measured with a sound level meter (see 
Question 22.94). The sensitivity to ex-
traneous magnetic fields is referred to 1 
milliwatt and calculated in the same 
manner as for the effective output level, 
using as the output voltage, the voltage 
produced by an arbitrary 60-Hz mag-
netic field of 0.001 gauss. This subject is 
discussed in detail in Question 23.81. 

4.105 Show the relationship be-
tween air-particle amplitude, frequency, 

o 8 

21834-A0N3103113 

Fig. 4-105. Amplitude of vibrating air-
particle versus frequency. 

and sound pressure in microbars.—By 
referring to the graph in Fig. 4-105, the 
air-particle amplitude for frequencies 
ranging from 10 to 10,000 Hz, may be 
read directly in microinches for sound 
pressures between 0.0001 microbar and 
100 microbars. As an example: What is 
the air-particle amplitude for 1000 Hz 
at an SPL of 0.01 microbar? Enter the 
graph at 1000 Hz at the left and follow 
the horizontal line to where it inter-
sects the diagonal line for 0.01 microbar. 
Follow the intersecting vertical line 
downward to the lower margin, and 
read 0.015 microinch. For 10,000 Hz, the 
amplitude is 0.0015 microinch. Drop-
ping down 10 Hz, the amplitude in-
creases to 1.15 microinches. Taking the 
amplitude of 10,000 Hz at 0.01 microbar 
and 100 Hz at 100 microbars (which 
equals 1500 microinches) the ratio is 
1,000,000:1. 

4.106 What is the average output 
level of different type microphones, tak-
ing into consideration the basic design? 
—The majority of microphones manu-
factured in the United States rate their 
microphone level in accordance with 
the EIA formula, discussed in Question 
4.104. However, some European manu-
facturers rate their output level in volts 
for a given impedance. Using the EIA 
standard output rating, the average 
output levels for several different type 
microphones are: 

Carbon-button 
(communication type) —60 to —50 dB, 

—20 to —10 dB 
Crystal —50 to —41 dB 
Ceramic —50 to —40 dB 
Dynamic (moving coil) —53 to —48 dB 
Capacitor 

(internal amplifier) 
Ribbon-velocity 

Lavaliers (dynamic 
moving-coil) 

Transistor 
(communications) 

Sound power 
(moving-coil) 

—51 to —37 dB 
—51 to —48 dB 
(up to 0 dBm) 

—67 to —60 dB 

—60 to —53 dB 

—32 to —20 dB 

Microphones are also rated by stating 
the output impedance and output level 
relative to 1 milliwatt/10 dynes/cm'. 

4.107 Show a nomograph for deter-
mining the output level of a microphone, 
both open-circuit and terminated.—For 
low-impedance type microphones (250 
ohms or less) the output level is given 
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INTERNAL 
IMPEDANCE OF 
MICROPHONE 

Fig. 4-107A. Equivalent circuit for a 
microphone output circuit. 

in dB, with reference to 1 milliwatt/10 
dynes/cm' sound pressure. For carbon 
and high-impedance microphones 
(above 250 ohms) the output level is 
referenced in dB to 1 volt, for 1 dyne/ 
cm' sound pressure. It will be noted 
that both the acoustical pressure at the 
face of the microphone and the electri-
cal output are given. Therefore, the 
microphone may be considered to be an 
acoustical generator, with a voltage or 
power output. 
The specified output level is taken at 

250 Hz for high quality wide-range pro-
fessional microphones, while for com-
munication types which have consider-
ably less bandwidth, it is taken at 1000 
Hz. For low-impedance microphones, 
the power output is specified. Since the 
output impedance of these microphones 
is low, it is customary to transform 
them to a higher impedance for applica-
tion to the input circuit of an amplifier. 
The output is given in power, which 

DECEELS RE 
I MLLIVOLT 

does not change with the transforma-
tion, except for a small insertion loss 
of the transformer, which is generally 
less than 1 dB. As an example: For a 
low-impedance microphone with a sen-
sitivity rating of minus 60 dB, re: 1 mil-
liwatt/10 dynes/cm', what is the input 
voltage at the grid of the amplifier? 
Visualizing the microphone as a gen-
erator (Fig. 4-107A), the sensitivity 
rating of minus 60 dB means that for 
an acoustic pressure of 10 dynes/cm' at 
the diaphragm, the microphone will de-
liver into a resistive load (equal to its 
own impedance) a power of 10' watt. 
Therefore: 

E.' = 10' E. = 3.18 x X RL 

For an impedance at the grid of the first 
stage of 40,000 ohms, the output voltage 
will be: 

E. = 3.18 x 10 x 40,000 ohms 

= 0.0637 volts 
(for 10 dynes/cm' sound pressure). 

If the microphone is operated open-cir-
cuit, the output voltage will be doubled. 
A nomograph for determining the out-
put voltage for various sensitivities is 
given in Fig. 4-107B. (See Question 
12.170.) 

High-impedance microphones are not 
transformed, as they are already 20,000 
to 40,000-ohms impedance (internal 
transformer), and may be directly con-
nected to the input of an amplifier, and 
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Fig. 4-107B. Homograph for determining the output level of a microphone in deci-
bels or voltage, both open-circuit and terminated. 
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the sensitivity is given as an open-cir-
cuit voltage, for a given sound pressure. 
A high-impedance microphone, with a 
sensitivity of minus 55 dB re: 1 volt/1 
dyne/cm' will produce an open-circuit 
voltage of 0.0018 volt, with a sound 
pressure of 1 dyne/cm'. The sensitivity 
rating determines the output voltage at 
only one sound pressure. However, 
since nearly all microphones are linear 
over all pressures encountered, the 
voltage output is a direct function of 
the sound pressure. If the pressure is 
increased by a factor of 10, the electri-
cal output will increase by a factor of 
10. Thus, knowing the sound pressure 
and sensitivity, the output voltage may 
be determined. 

Sound pressure is generally given 
in reference to 0.0002 dyne/cm', and is 
considered to be zero sound pressure, 
and is approximately equal to the 
threshold of hearing. Typical sound 
pressures are: 
Speech, 1/4 -inch from microphone 

front, 107 dB (peaks may add another 
12 dB) 

15-piece orchestra, 72 dB (with an-
other 20 dB on peaks) 
Threshold of pain, 130 dB 
Acoustic noise in very quiet studio, 

10 dB 
Thus it can be seen that the first stage 
of a microphone preamplifier is re-
quired to operate over a wide range of 
input voltage. 
To use the nomograph, two factors 

must be known in advance—the output 
relative to 1 milliwatt/10 dynes/cm?, 
and the impedance. For example, to 
find the open-circuit output level för a 
microphone of 30-ohms impedance, 
rated minus 50 dB (RCA 77-DX, Ques-
tion 4.77), a straight edge is laid from 
the 30-ohm impedance on the upper 
scale to a minus 50 dB on the center 
scale. The output level is read on the 
open-circuit values on the lower scale, 
which for this example is 1.5 dB above 
1 millivolt. Terminating the microphone 
in its own impedance, the output volt-
age level drops to 4.5 dB below a refer-
ence level of 1 millivolt. 

4.108 Give the equation for calcu-
lating the ribbon-deflection amplitude in 
a ribbon-velocity microphone.—Of the 
various types of microphones developed 
through the years, the ribbon-velocity 
microphone has, by far, the greatest de-
flection amplitude, approaching within 

a few percent the amplitude of the vi-
brating air particles. The amplitude of 
the ribbon deflection may be calcu-
lated: 

elOd 
d — LB2irf 

where, 
d is the deflection amplitude, 
e is the open circuit voltage, 
L is the length of the ribbon in centi-
meters, 

B is the flux density in the air-gap in 
gauss, 

and f the frequency in Hz. 

As an example, if the ribbon length is 
5 centimeters, the flux density 10,000 
gauss, the frequency 1000 Hz and the 
open circuit voltage 0.001 volt, for a 
sound pressure of 1 microbar, the rib-
bon-deflection amplitude is 1.2-micro-
inches. As the frequency decreases, the 
ribbon deflection increases. For an in-
crease in frequency, the ribbon deflec-
tion decreases. 

4.109 What does the term dBV 
mean?—This term is used with a micro-
phone when the output level is rated 
with reference to a one-volt reference 
level. (See Question 10.36.) 

4.110 How is the transformer in a 
microphone designed to prevent pickup 
from extraneous fields?—The coils are 
wound hum-bucking and the whole as-
sembly is encased in a triple-shielded 
case as shown in Fig. 8-50. The effi-
ciency of transformer shields may be 
measured as described in Question 
23.162. 

4.111 How are unidirectional rib-
bon-velocity microphones operated from 
a boom? —For an example, the RCA 
MI-10001C microphone (Question 4.59) 
is suspended from a turret head on the 
boom, tilted at an angle of 45 degrees 
relative to the floor, about 4 feet from 
the sound source. For dialogue, the 
voice filter is used or dialogue equali-
zation in the mixing panel (one or the 
other, but not both). For a normal 
pickup at this angle, the response 
changes less than 1.5 dB at any fre-
quency. The ribbon should never be 
placed parallel to the floor, because of 
the directional nature of the human 
voice at the higher frequencies. (See 
Question 4.114.) 

4.112 How should microphones be 
placed on a stage for the best results?— 
Several microphones spaced about 10 
feet apart should be placed in the foot-
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light trough, in an enclosure made of 
wire screen and covered on the outside 
with 2 inches of rock wool and a thin 
layer of felt on the inside surface (Fig. 
4-112). This enclosure is designed to 
reduce or eliminate pickup from the 
orchestra pit. Unidirectional micro-
phones with rather broad polar pat-
terns should be used; they can be ca-
pacitor, dynamic, or ribbon-velocity 
types. Microphones should also be hung 
from overhead when possible, in areas 
where the players are likely to move, 
to assure an even sound pickup. This 
is particularly true if the actors turn 
their backs to the audience. 

For small band combinations with a 
vocalist, it may be necessary to hang a 
loudspeaker 10 to 15 feet above and 
slightly behind the performers, and 
play back the program material at a 
level that cannot be heard by the audi-
ence or fed back to the microphones. 
This gives the musicians and the vocal-
ist a feeling of the reproduction in the 
auditorium, and reduces the dead feel-
ing due to the acoustic damping of the 
stage equipment. 
Each microphone output is brought 

to a separate mixer control at the con-
sole. It is of extreme importance that 
all microphones be in electrical phase 
with each other, or dead spots may oc-
cur between microphones, as the actors 
walk in front of the microphones. Phas-
ing is discussed in Question 4.85. For 
the most satisfactory sound pickup, the 
operator should attempt to follow the 
action, using only the necessary micro-
phones. Separate microphones are used 
for the orchestra pickup. 

If loudspeakers are used in the audi-
torium for sound reinforcement, the re-
produced level should be just loud 
enough to get a good coverage, and of 
such a level that the audience is not 
aware that reinforcement is being used. 

4.713 How is a sound pickup made 
from an outdoor band shell?--Because 
of its design, the shell acts as a huge 
concentrator making it difficult to ob-
tain a pickup with good orchestra bal-
ance. This undesirable effect may be 
overcome by the use of polycylindrical 
diffusers, as explained in Question 2.76. 
The use of polycylindrical diffusers will 
also permit a better balance between 
the instruments and eliminate resonant 
peaks that go with a band shell. 

4.174 What are the general rules 
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Fig. 4-112. Plan view of microphone en-
closure for use in a footlight trough. 
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pertaining to the placement of micro-
phones for recording dialogue, music 
and sound effects, and lecterns?—A sin-
gle microphone pickup should be used 
whenever possible. When two or more 
microphones are used simultaneously 
for recording either dialogue or music, 
they should be placed at least 10 feet 
apart. Also, their levels should not dif-
fer by more than 2 dB, have similar 
frequency characteristics, and be in 
phase electrically if the final result is to 
be uniform. An exception to the fore-
going occurs when solo microphones 
are used. 
When multiple microphones are 

placed relatively close to the source of 
the pickup for either dialogue or music, 
and the sound source is directional, it 
becomes more important than ever to 
observe the distance the microphones 
are separated, their signal levels to one 
another, and the phasing. 

Microphones should not be placed 
near highly reflective surfaces and must 
be suspended by resilient supports from 
eitßer a boom or stand. For television 
and motion picture recording, the dis-
tance the microphone is placed from 
the source of sound will depend on the 
scene being photographed. Obviously, 
long-shot quality with reverberation 
cannot be used with a close-up and 
vice versa, as neither would sound 
natural. 

The boom man should not be con-
fused about the position of the camera 
or its distance from the subject as 
close-ups and medium-long shots are 
often made without moving the camera, 
only the lenses are changed. This is 
particularly true if a zoom lens is em-
ployed. 

For a medium shot, the microphone 
is moved a little farther away from the 
subject than for a close-up. For a long 
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shot the microphone is left at a distance 
comparable with the picture composi-
tion. However, this is not always done 
when making motion pictures for tele-
vision viewing exclusively, as it is im-
portant that the dialogue have a high 
rate of intelligibility. 

It is the practice to employ a fixed 
amount of midrange high-frequency 
equalization and rolloff at the low fre-
quencies in the production mixer panel. 
The midrange high-frequency equaliza-
tion adds presence to the voice, and the 
low-frequency rolloff attenuates the 
tubbiness in male voices and reduces 
low-frequency noise picked up on the 
set. The same type microphone should 
be used throughout a production, if 
possible; if it is not, a noticeable change 
of quality will be apparent and difficult 
to correct later in rerecording. After the 
correct equalization has been selected 
for a given type microphone, it should 
not be changed. If different type micro-
phones are employed, their frequency 
response must be matched to that of the 
original microphone. Any further cor-
rections as to presence and low-fre-
quency attenuation should be left to re-
recording. Twelve dB of low-frequency 
attenuation is maximum, but less than 
6 dB (100 Hz) should not be used. 
A microphone suspended from a 

boom should not be panned with too 
great a rapidity if it can be avoided, 
as noises may be generated by the 
movement of the boom mechanism and 
the swishing of the air as it passes over 
the face of the microphone. 

Recording outdoors is not too differ-
ent from recording indoors. If an out-

TURRET 

etrl• / OE 
zOE' 

door scene is being shot indoors, the 
microphone must be kept close to the 
source of sound to prevent picking up 
an undue amount of reflected sound 
and thus lose the outdoor effect. If the 
indoor scene is being shot outdoors, 
reverberation can be introduced later 
during rerecording to simulate the in-
door scene. 
As most recording systems provide 

headphones for the boom man, it is his 
responsibility as well as that of the 
mixer to maintain a uniform quality of 
pickup by keeping the microphone at 
a fixed position in front of the actors 
although he is required to move the 
microphone over a considerable area of 
the set. If the actors are spaced a con-
siderable distance from each other and 
it is not practicable to pick them up 
with one microphone, two microphones 
are used; however, it is highly impor-
tant that the microphones be phased. 
The phasing of microphones is dis-
cussed in Questions 4.84 and 4.85. 

Unidirectional capacitor-dynamic, or 
ribbon-velocity microphones are used 
for motion picture recording and tele-
vision, because of the high ratio of 
back-to-front pickup. The microphone 
is maintained within a distance of four 
feet forward of and not less than three 
feet above the person speaking. This is 
illustrated in Fig. 4-114A. 

Microphone booms designed for mo-
tion picture recording are equipped 
with a rotatable turret head for gun-
ning the microphone rapidly from one 
source of pickup to another. This keeps 
the pickup quality uniform. In some in-
stances a tilting mechanism is also 
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Fig. 4-114A. Microphone placement showing the camera angle and a microphone 
suspended from a turret head on a boom. 
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Fig. 4-1148. Ratio of reflected sound to 
direct sound. 

mounted on the turret head to permit 
the microphone to be moved in a verti-
cal direction. Rotating a unidirectional 
microphone such as the RCA MI-10001 
(Fig. 4-59A), only varies the sensitivity 
about 1.5 dB when rotated 45 degrees 
either side of the center plane of the 
ribbon. The closer these type micro-
phones are placed to the subject, the 
greater will be the increase of low-fre-
quency response. (See Question 4.127.) 

For dialogue recording, low-fre-
quency attenuation is introduced start-
ing at 800 Hz and slowly tapering off 
to a point where 100 Hz is down 8 to 
12 dB with respect to 1000 Hz. This 
characteristic is discussed in Question 
18.81. Dialogue should never be re-
corded flat because of the increase of 
tubbiness of the human voice due to 
set conditions and also to microphone 
characteristics. If more than one micro-
phone is being used, the voice filters or 
equalizers must be set to achieve as 
near similar frequency-response char-
acteristics as possible. If dialogue 
equalization is used in the mixer, the 
microphone is set for a flat frequency 
response. Dialogue equalization and the 
voice-filter are never used in. combina-
tion. 

If a bidirectional ribbon-velocity mi-
crophone (Fig. 4-50) is used, it must 
be kept from 4 to 5 feet away from the 
subject to prevent a tubby response. If 
the microphone is rotated, it must be 
done in such a manner that the dead 
side of the field pattern (Fig. 4-7C) 
does not face the sound source. Panning 
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Fig. 4-114C. Usual microphone place-
ment on lectern. 

must be smooth without overshooting 
the subject. Although this microphone 
is satisfactory for fixed shots, it is not 
recommended for boom operation. 

Microphones are expected to operate 
under adverse conditions. To facilitate 
their operation and increase their use-
fulness, several devices have been de-
vised. Among these are the wind screen 
and the rain screen. In the early days 
of sound recording, several layers of 
thin silk were wrapped around the out-
side of the microphone to reduce the 
effects of wind. The many layers of silk 
also served to reduce the high-fre-
quency response and affected the qual-
ity of the recording. Later, manufactur-
ers of microphones developed special 
wind screens that could be easily at-
tached to the microphones when re-
quired. The design of these screens is 
such that wind noise is reduced with-
out affecting the sound quality. A typi-
cal wind screen is shown on the micro-
phone in Fig. 4-31. 

Special effects such as creating the 
illusion of a large auditorium may be 
obtained by placing the microphone in 
such a relationship to the sound source 
that a greater part of the pickup is re-
flected rather than direct sound. If this 
is not satisfactory, the sound is rever-
berated by the use of an echo chamber 
or reverberation unit, described in 
Question 2.80. The ratio of direct sound 
to reflected sound for an omnidirec-
tional microphone, compared to a car-
dioid and a bidirectional ribbon-veloc-
ity microphone is given in Fig. 4-114C. 

Microphones used for production re-
cording should have frequent checks 
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of their sensitivity, frequency response, 
phasing, and overall sound quality to 
determine whether any internal noise 
is being generated. These tests may be 
made using the techniques described in 
Question 23.80. 

Microphone placements for large 
orchestra setups are discussed in Ques-
tions 2.118, and 2.120. Although there 
are some basic rules for such pickups, 
each mixer has his own preference as to 
microphone placement, because he must 
consider the characteristics of the stage, 
the number of pieces in the orchestra, 
and the type of music being recorded, 
also if it is monophonic or stereophonic. 
All of these factors affect the placement 
of the microphones and only actual lis-
tening tests will determine the best 
locations. 

In some instances where it is not 
practical to use a microphone on a 
boom, a wireless microphone, as de-
scribed in Question 4.72, may be used. 
Microphones may also be concealed on 
the set; however, they are seldom in 
the correct relationship to the source 
of sound. If the shot is a fixed one and 
the characters do not move out of the 
field of the microphone, it may be hung 
permanently overhead or concealed on 
a table or in some other object near the 
source of the pickup. (See Questions 
6.122 and 18.81.) For long range pick-
ups, such as race tracks, parades, 
groups of people in a crowd, etc., a long 
range microphone or sound concentra-
tor may be employed, as described in 
Questions 4.100 and 4.101. 

Placement of microphones may ap-
pear at first glance to be quite simple; 
however if certain precautions are not 
observed, a radical change in the qual-
ity of the pickup can occur quite easily. 
The usual manner of setting up micro-
phones on a lectern is shown in Fig. 
4-114B. If the speaker stands at posi-
tion 1 and does not move, the pickup 
could be satisfactory. However, speak-
ers do not always stand in one place, 
and it is not uncommon for them to step 
completely out of the area of pickup. 
At position 2, the sound originates off 
axis from microphone 2, but is fairly 
on axis of microphone 1. Any movement 
by the speaker in this area is manifest 
by a considerable change in the quality 
of the sound, because of phase differ-
ences between the two microphones due 
to spatial relationship to the sound 

source. Major dips in the frequency 
range of 800 Hz and higher will be quite 
noticeable, resulting in a lack of pres-
ence. If the placement of the micro-
phones is changed to where the micro-
phones are rotated 15 to 25 degrees 
from center (included angle of 30 to 50 
degrees) with about 12 to 20 inches be-
tween, better results may be expected. 
Greater angles will permit the speaker 
more latitude of movement and the 
smaller distances between the micro-
phones reduces both the acoustic feed-
back and background noise. One of the 
most important points to remember is 
the microphones must be in phase elec-
trically as discussed in Question 4.84. 
Also, the output levels should be within 
plus or minus 2 dB, with similar fre-
quency characteristics. 

Although omnidirectional or bidirec-
tional microphones can be used for a 
single microphone pickup, they are 
generally unsatisfactory because noise 
picked up from the audience side is 
mixed with the speaker's voice and 
when sound reinforcement is in use, 
serious acoustic feedback can occur. 
If an omnidirectional microphone is 
used, the speaker must work as close 
to the microphone as possible, and the 
gain of the system must be continu-
ously monitored to prevent feedback. 
For a single microphone pickup, it is 
much more satisfactory to use a lavalier 
type microphone, as discussed in Ques-
tion 4.81. If a bidirectional microphone 
is used, (figure-8 polar pattern) the 
waist of the polar pattern is turned 
toward the audience at an angle of 
about 30 to 45 degrees, to reduce the 
pickup from that direction. Microphone 
placement for several different type 
pickups is discussed in Questions 2.124 
and 2.127. 

Recording of sound effects is rather 
simple, as only two rules are important. 
The first is to record as much level on 
the sound track as practicable, keeping 
in mind the scene in which it is to be 
used. The second rule is to keep the 
background noise to an absolute mini-
mum. Equalization should be adjusted 
to bring out any special effects at the 
low- and high-frequency end of the 
spectrum. This will result in good solid 
sound tracks that can be again equal-
ized during rerecording to suit the 
scene. Many times a good sound effect 
is unusable because the level is too 
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low, and in trying to bring it up to a 
useable level, the background noise be-
comes excessive. Therefore, the same 
care must be exercised for recording 
sound effects as when recording dia-
logue. 

4.115 Describe the construction of 
a high-intensity capacitor microphone 
head.—High-intensity capacitor micro-
phone heads are especially designed for 
measuring high-level sound pressures 
of jet engines, explosions, acoustic wave 
shocks, and atomic blasts. A typical 
example of such design is the Altec-
Lansing type 21-BR, shown in Fig. 
4-115A. The general theory of its oper-
ation is the same as that explained in 
Question 4.41. Except for the stiffness 
of the diaphragm, and the internal ca-
pacitance being less, the heads follow 
the same general design. 

In the Altec-Lansing capacitor-mi-
crophone preamplifier the conventional 
grid resistance is omitted. Since the 
microphone head is capacitive, ex-
tended low-frequency response dictates 
that the shunt resistance of its load 
must be as high as possible. The source 
impedance viewed from the preampli-

Fig. 4-115A. Cross-sectional view of 
Altec-Lansing 21-BR high-intensity ca-

pacitor microphone head. 
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fier control grid consists of resistance 
and capacitance in parallel. Also, over 
the useful frequency range the thermal 
noise is least when the resistance is the 
highest. For these reasons no physical 
grid resistor is employed, the effective 
resistance between the control grid and 
cathode being that established by the 
input of the tube itself. Thus, the load 
resistance is extremely high and the 
self-established bias is steadily main-
tained at approximately 1 volt negative. 
Consequently, the polarizing voltage 
applied between the electrodes of the 
microphone head is approximately 1 
volt less than the de voltage drop 
across the cathode resistance. The volt-
ages required for operating the ampli-
fier are supplied from an external 
power supply. 

The cross-sectional view in Fig. 
4-115A is of a typical high-intensity mi-
crophone head. Such heads may be ob-
tained for measuring SPL's up to 200 
dB, over a frequency range of 5 to 
15,000 Hz. The selection of the proper 
head depends on the device to be mea-
sured, its frequency range, and the 
maximum SPL expected. The dia-
phragm (A) is 0.5 inch in diameter, 
made of glass ground optically flat to 
the thickness of 0.002 to 0.013 inch, de-
pending on the required sensitivity. 
One surface (B) is gold plated, which 
makes contact with the outer shell. A 
damping plate (C) is placed over the 
diaphragm. The fixed electrode (D) is 
ungrounded and is a machined part ex-
tending through a Mycalex dielectric 
(E). The dielectric is provided with 
annular corrugations between the fixed 
electrode and the outer sleeve to extend 
the length of the surface leakage paths. 
To maintain the highest surface resis-

Fig. 4-115B. Polar diagrams for Altec-Lansing 21-BR high-intensity 
capacitor microphone. 
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tivity and prevent moisture-film glob-
ules, the surface of the dielectric is 
treated with a silicone compound. The 
critical elements are made of either 
glass compounds or stainless steel which 
have nearly identical coefficients of 
thermal expansion, to assure the main-
tenance of the close spacing. 

Holes (F) at the top admit the sound 
pressure to the interior. Threads (G) 
are for screwing on a protective cap 
when the microphone is not in use. 

e 

o 

2 2 2 
13A31 indino 

Fig. 4-115C. Typical free-field calibra-
tion for Altec-Lansing 21-BR-150 high-
intensity microphone, parallel incidence. 
The output level is the open circuit volt-

age in dB re: 1 volt/dyne cm2. 

The axial acceleration of the mass of 
the diaphragm causes it to deflect to 
an extent proportional to its density, 
and inversely proportional to the 
square of the thickness. Since the diam-
eter of the 21-BR microphone head is 
1%6 inch, or 1 wavelength at 17,000 Hz, 
variation with the angle of incidence is 
limited to the highest frequency, as 
may be seen by inspection of the polar 
diagrams in Fig. 4-115B. Microphone 
heads are available for measuring 
sound pressures ranging from 50 dB to 
200 dB re: 0.0002 dyne/cm'. The differ-
ence in construction is the thickness of 
the diaphragm. In the low-intensity 
types, diaphragm resonance is damped 
principally by means of a narrow air 
film between the diaphragm and the 
back-plate. However, in the high-inten-
sity designs the rear diaphragm space 
is connected to the free air by a vent 
of sufficiently high impedance to sup-
port the frequency response to 5 Hz, 
and fast enough to prevent the develop-
ment of static pressure differences 
when used in aircraft If the head is 
exposed to moisture for any length of 
time, it may be dried out by placing 
it in a desiccator, or by heating it to 
300 . degrees Fahrenheit. 
A typical free-field calibration for an 

Altec-Lansing Model 21-BR-150 head 
capable of linear measurement to 158 
dB, made at parallel incidence, is shown 
in Fig. 4-115C. It will be noted the res-
onant frequency occurs at 11,000 Hz, 
with maximum peaks of 4 dB. The polar 
pattern is omnidirectional. The 165-A 
base to which the capacitor head at-
taches contains a preamplifier that uses 
a 5840 vacuum tube connected as a 
pentode cathode follower (Fig. 4-115D). 
The output from the cathode follower 
and the operating voltages are carried 
over a 6-conductor cable to the power 
supply. The polarizing voltage for the 
head is 200 volts. The cathode current 
for the 5840 tube is 5 milliamperes. Al-
though the internal output impedance 
of the cathode follower is 640 ohms, it 
must not be loaded with less than 50,000 
ohms, which is substantially an open 
circuit Lower impedances will affect 
the linearity of the cathode follower. 
A plug-in transformer may be used for 
providing a number of output imped-
ances. 

Linear limit is the SPL that produces 
an open circuit output voltage of 20 
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volts; this is the level that causes the 
cathode follower to depart 1 dB from 
a linear input-output response at 10,000 
Hz when the output is loaded with its 
regular cable. The average noise 
threshold is an SPL that produces a 
signal-to-noise ratio of unity and a 
noise output of 0.2 mV. The total noise 
is primarily the thermal noise of the 
input circuit of the microphone, with 

OE 

IS 

e 

contributions from tube and leakage 
currents across insulating materials. 

4.116 What is a filter microphone? 
— A microphone used to simulate a 
telephone conversation during a radio 
broadcast. A normal microphone is used 
with a telephone equalizer or filter in 
the circuit as described in Question 7.73. 
The actors, when required to carry 

on a conversation over a telephone, step 

OE 

Fig. 4-115D. Schematic diagram for Altec-Lansing 21-BR capacitor microphone, 
165-A base, and 526-B power supply. 
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Fig. 4-117A. Altec-Lansing Model 689BX dynamic cardioid microphone and Model 
181A hanger. 

to the filter microphone and use it, 
rather than having the mixer cut-in a 
telephone equnliTer or filter each time 
it is required. 

4.117 How are microphone hangers 
constructed?—Each type microphone as 
a rule requires an individually designed 
hanger because of the microphone body 
contour. However, all the microphone 
hangers have one thing in common, the 
microphone is supported by a metal 
holder which is in turn supported by 
a rubber mounting of some sort. 

The purpose of the hanger (besides 
holding the microphone) is to isolate 
the microphone from vibrations trans-
mitted by the microphone boom and its 
mechanism. The hanger should also be 
designed that when attached to a boom, 
it can be turned toward the actors for 
the best sound pickup. (See Question 
2.101.) 

The hanger used to support the RCA 
MI-10001C microphone from a boom is 
shown in Fig. 4-59A. It will be noted in 
this hanger two metal rings are 
clamped around the microphone body, 
and are supported by a group of heavy 
rubber bands fastened to a larger ring 
supported by a vertical bracket held by 
the turret head of the microphone 
boom. Wing nuts at the lower end of 
the vertical bracket permit the micro-
phone to be tilted at various angles 
with respect to the sound source. Sev-
eral different type hangers may be seen 
in Figs. 4-31, 4-39, 4-46, 4-59, 4-97, and 
4-117A and 4-117B. A special hanger, 

.. 

i 
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Fig. 4-117B. Altec-Lansing Model M30 
capacitor cardioid microphone and 

Model 169A hanger. 

including a tilting mechanism has been 
developed by the Fisher Boom Co. for 
the microphone boom pictured in Fig. 
2-101A, which will permit the boom 
man to change the angle of incidence 
with respect to the persons speaking, as 
well as, "gunning" or "panning," from 
person to person. 

4.118 Describe the construction of 
an optical microphone.—In an optical 
microphone, the sound waves modulate 
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a light beam reflected from a small 
mirror mounted on a ribbon or a dia-
phragm. This design is one that has 
been under discussion for many years, 
and to date no microphones of this de-
sign have been produced commercially. 
It has been proven mathematically that 
it is not feasible to build such a micro-
phone, although several patents have 
been issued for such a design. 

The first design to be discussed was 
patented in 1938, by Banks, US Patent 
2,259,511, and appears in Fig. 4-118A. 
The assembly is housed in a metal con-
tainer (A) with an opening on one side. 
A, thin metal diaphragm (B) is 
mounted below this opening, and the 
front face is exposed to incident sound, 
while the rear face is highly polished to 
function as an optical mirror. The dia-
phragm is suspended a short distance 
in front of a fixed reflector (C), with 
the two mirror surfaces parallel to each 
other. A suitable light source and slit 
(D) and lens (E) project a beam of 
light through the aperture (F) at one 
end of the second reflector (C) onto the 
rear reflector side of the diaphragm, at 
an angle of 45 degrees which, in turn, 
is rereflected back onto the second dia-
phragm, and so on for a predetermined 
number of reflections, in a zigzag pat-
tern. 

The light is finally brought to focus 
on one edge of a second aperture near 
the other end of the second reflector; 
however, some light passes through to 
the cathode (G) of an electron-multi-
plier tube (H). In the static condition, 
about half of the light passes into the 
multiplier cathode; therefore, if the dia-
phragm is vibrated, the reflections from 
the diaphragm reflector will cause vari-
ations in the amount of incident light 
falling on the cathode of the electron-
multiplier tube. If the diaphragm re-
flector moves through a distance (D), 

OUTPUT 

Fig. 4-118A. Optical microphone in-
vented by Banks. A light beam is modu-
lated by a diaphragm and projected on 

an electron-multiplier tube. 

Fig 4-118B. Optical microphone in-
vented by MacDonell. A light beam is 
focused on a cylindrical mirror mounted 
on o diaphragm. The beam is projected 

through a grating to a photocell. 

the lateral movement of the light image 
at the focus will be (nD), where n is 
the number of reflections of the light 
in its passage. The field electrode (I) 
opposite the cathode must be light per-
meable (mesh form). The generated 
signal is taken from the output elec-
trode of the electron multiplier. 
A second US Patent (2,666,650) is-

sued to MacDonell is for a different de-
sign shown in Fig. 4-118B. This device 
consists of a diaphragm (A) with a 
small mirror (B) mounted at the apex 
of the diaphragm. A beam of light from 
an exciter lamp is focused on the mir-

ror and is reflected to a grid (C) and 
lens (D), onto the cathode of a pho-
totube (E). Sound waves striking the 
diaphragm set it in motion, causing the 
front-surfaced mirror (B) to vibrate. 
The condensed light from the exciter 
lamp focused on the mirror is refracted 
to the grid (C), where modulation oc-
curs, then to the lens (D) and onto the 
cathode of the phototube. As the light 
beam is modulated by the mirror, it is 
reflected to the grid (C) at an angle 
which increases and decreases because 
of the cylindrical shape of the mirror. 
The grating consists of a piece of quartz 
or glass, divided into parallel lines 
equally spaced and equal in width. 
Each alternate space in the grid is 
opaque, and the intervening clear 
spaces are left more or less transmittive 
as dictated by the type phototube em-
ployed. The output signal is taken from 
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Fig. 42119A. Euphonic: Model C-47M 
semiconductor close-talking communica-

tions microphone. 

the phototube and amplified in the 
usual manner. 

4.119 Describe a semiconductor 
close-talking communication «micro-
phone.—The microphone to be dis-
cussed is a Model C-47M, semiconduc-
tor microphone (Fig. 4-119A), devel-
oped by John F. Wood and George 
Grover of the Euphonics Corp., Guay-
nabo, Puerto Rico. The device consists 
of a highly doped silicon semiconductor 
element, manufactured by the Endevco 
Corp., to which a source of de voltage 
is applied. The silicon element is cou-
pled to a diaphragm through a flexible 
yoke. Sound waves impinging on the 
surface of the diaphragm cause the 
coupling yoke to transmit a twisting 
action to the silicon element, changing 

Fig. 4-119C. Semiconductor twister ele-
ment, twister yoke, and supporting pads 
with output leads of the Euphonics Model 
C-47M semiconductor microphone. 

its internal resistance. This modulates 
the de voltage applied to the silicon ele-
ment; thus, an end audio-frequency 
signal that is proportional to the sound 
wave striking the diaphragm is pro-
duced. The output signal is then ampli-
fied in the conventional manner. It 
should be understood that the semi-
conductor does not generate a signal, 
but modulates the applied dc voltage, 
thus producing the audio-frequency 
signaL 

Referring to Fig. 4-119B, here is 
shown a cross-section view of the semi-
conductor element and its components. 
Element (A) is a laminated epoxy 
beam, with the upper surface (B) gold 
plated, and a brass strip (C) on the 

Fig. 4-119B. Cross-sectional view of Euphonics Corp. Model C-47M semiconductor 
communications microphone. 
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Fig. 4-119D. Semiconductor element as-
sembly for Euphonies Model C-47M 
semiconductor close-talking communica-

tions microphone. 

lower surface. A notch (D) is cut 
through the epoxy to the inside surface 
of the lower strip (C), leaving a hinge 
for stress concentration. There is no 
electrical connection between the upper 
surface (B) and the lower surface strip 
(C). Above the notch is soldered a sili-
con semiconductor element (E) shaped 
in the form of a letter H, shown in the 
enlarged drawing at (F). The silicon 
fiber (E) is about 0.005 inch in thick-
ness, and connects to the two larger 
end portions. A flexible yoke (G) is 
slipped over the silicon element, and 
connects to a 2-inch conical diaphragm 
(H) made of Lesan, a metal similar to 
aluminum but more durable. Two re-
silient pads (I) are used to support the 
ends of the epoxy beam, and to isolate 
it from shock and vibration. Contact is 
made to the two ends of the silicon ele-
ment by low-resistance leads (J), held 
in place by the pressure of the pads (I). 
The assembled semiconductor ele-

ment and its modulating yoke is shown 
in Fig. 4-119C, and mounted in its sup-
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Fig. 4-119F. Internal and external con-
nections for Euphonics Corp. Model 
C-47M semiconductor close-talking com-

munications microphone. 

porting structure as seen in Fig. 4-119D. 
The semiconductor element has a fre-
quency range from de to 50,000 Hz; 
however, for this application the fre-
quency range is limited from 100 to 
6000 Hz, with a peak in the midrange 
high 'frequencies (Fig. 4-119E). The 
output impedance is 500 ohms. With 12 
volts de in series with 1000 ohms ap-
plied to the silicon element, the output 
level is minus 52 dB re: 1 mW/10 
dynes/cm'. The open-circuit voltage for 
close speech work is approximately 10 
volts. A higher output level may be 
obtained by increasing the dc voltage. 
However, increasing the de voltage re-
quires that the series resistance also be 
increased to limit the current through 
the silicon element to a maximum cur-
rent of 13 mA or less. With 20 volts de 
and a series resistance of 2000 ohms, the 
output level is increased to minus 46 dB 
re: 1 mW/10 dynes/cm'. A diagram of 
the internal and external connections is 
given in Fig. 4-119F. 

4.120 What h a differential noise-
cancelling microphone?— Differential 
noise-cancelling microphones are es-
sentially designed for use in aut,omo-

HERTZ 

Fig. 4-119E. Frequency response of Euphonics Model C-47M close-talking 
munications semiconductor microphone. 
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biles, aircraft, boats, tanks, public-
address systems, and industrial plants, 
or for any service where the ambient 
noise level is 100 dB or greater, and the 
microphone is hand-held. Two different 
designs of noise-cancelling micro-
phones, manufactured by Electro-Voice, 
are given in Figs. 4-120A and B. The 
microphone in Fig. 4-120A is the Model 
602F, of the dynamic type. Discrimina-
tion is afforded against all sounds origi-
nating more than Y4-inch from the 
front of the microphone. The noise-can-
celling characteristic is achieved 
through the use of a balanced port 
opening, which conducts the unwanted 
sound to the rear of the dynamic unit 
diaphragm, and is out-of-phase with 
the sound arriving at the front of the 
microphone. The noise cancelling is 
most effective for frequencies above 
2000 Hz. Only the speech originating 
within i/4  of the aperture is fully 
reproduced. The average discrimination 
between speech and noise is 20 dB or a 
ratio of 100:1 in intensity. The fre-
quency response is 200 to 5000 Hz, with 
an output level of minus 60 dB. The im-
pedance may be either high or 150 
ohms. The polar pattern is bidirectional, 
pressure gradient. 
A single-button carbon-granule mi-

crophone, Model 205KK is shown in 
Fig. 4-120B. The ambient noise is fed 
into two apertures, one above the other 
in such phase relationship to provide 
almost complete cancellation. Speech 
sounds originating 14 inch from one of 
the two apertures is fully reproduced. 
Articulation is 97 percent under quiet 

conditions and 87 percent in an ambient 
noise level of 115 dB. The frequency re-
sponse is 100 to 4000 Hz, with an output 
level of minus 50 dB re: 1 volt/dyne/ 
cm', or 0.31 volt into 100 ohms. The in-
ternal resistance is 100 ohms and re-
quires 10 to 50 mA of button current. 
The polar pattern is bidirectional, pres-
sure gradient. 

4.121 Describe the construction of 
an electrostatic-velocity microphone.— 
This microphone was developed about 
the same time as the first ribbon-veloc-
ity microphones. The structure is some-
what similar to an electrostatic loud-
speaker. The sensitive elements consist 
of a flat insulated perforated plate, cov-
ered with a group of eight dural rib-
bons, about 1 /4  by 4 inches, and approx-
imately 0.0002 inch in thickness. The 
perforated plate has about 80 holes per 
square inch. A polarizing voltage of 100 
to 350 Vdc is applied between the rib-
bons and the back plate. Displacement 
of the ribbons results in the greater or 
lesser charge across the ribbons and 
back plate, which is applied to the con-
trol grid of an amplifier tube. hi gen-
eral, it may be considered to be a ca-
pacitor microphone. The frequency re-
sponse is surprisingly good, being fairly 
constant from 40 to 5000 Hz; however, 
the harmonic distortion is rather high. 

4./22 Describe the operating prin-
ciples of a controlled-reluctance micro-
phone.—This microphone operates on 
the principle that an electrical current 
is induced in a coil, located in a chang-
ing magnetic field. A magnetic arma-
ture is attached to a diaphragm sus-
pended inside a coil. The diaphragm, 

Fig. 4-120A. Electro-Voice Model 602F 
dynamic microphone. 

Fig. 4-1208. Electro-Voice Model 205KK 
carbon-button microphone. 
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when disturbed by a sound wave, 
moves the armature and induces a cor-
responding varying voltage in the coil. 
High output with fairly good frequency 
response is typical of this type micro-
phone. 

4.123 Describe an inductor micro-
phone.—An inductor microphone is a 
moving-coil type microphone employ-
ing a coil consisting of one turn of wire, 
suspended at the rear of a parchment 
diaphragm. The coil, because of the dia-
phragm movement, is caused to move in 
a strong magnetic field generating min-
ute voltages. An impedance-matching 
transformer matches the low impedance 
of the coil to the transmission line. The 
field pattern is omnidirectional. The 
inductor microphone is now obsolete. 

4.124 What is the standard for 
phasing microphones?— Microphones 
may be phased against a microphone 
known to be in phase, by the method 
discussed in Question 4.85. The standard 
method as recommended by the EIA for 
manufacturers, specifies that the polar-
ity of the microphone or a transducer 
element refers to in-phase or out-of-
phase conditions of voltage developed 
at the microphone terminals, with re-
spect to the sound pressure of a sound 
wave causing the voltage. Exact in-
phase relationship can be taken to mean 
that the phase of the voltage is coinci-
dent with the phase of the sound-pres-
sure wave causing the voltage. In prac-

tice, this relationship may not always be 
obtainable. 

It is important to keep in mind that 
if a preamplifier is connected between 
the transducer element and the output 
terminals, it may cause a phase rever-
sal. For capacitor microphones, the in-
ward motion of the diaphragm, because 
of a positive increment of pressure by 
the sound wave,. produces an increase 
in capacitance. Since the charge (Q = 
CE) remains constant, an increase in 
capacitance will cause a decrease in 
voltage across the electrodes. Therefore, 
in a pressure-operated capacitor trans-
ducer, the in-phase terminal is the ter-
minal to be connected to the negatively 
charged electrode. 

For a piezoelectric microphone, the 
phasing is determined by the orienta-
tion of the molecules in the element, 
which may not be known beforehand. 
This may be ascertained by a slight 
pressure applied to the sensitive ele-
ment, and the polarity of the resulting 
voltage, determined by observing the 
motion of the trace on an oscilloscope, 
connected at the output of the micro-
phone. In this instance, the phasing of 
the oscilloscope must be established be-
forehand, by use of a battery. (See 
Question 23.218.) 

Magnetic, dynamic, and ribbon mi-
crophones may be phased by the appli-
cation of a low-voltage direct current 
of known polarity, applied to the termi-

OSCLLOSCOPE 

Fig. 4-124A. Test setup for checking the phase of a microphone per the 
EIA standards. 
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Fig. 4-124B. Phase-shift network for use with a velocity microphone. 
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nais of the transducer element, which 
will cause a motion of the element. The 
in-phase terminal is the terminal which, 
when the positive polarity is applied to 
the transducer element, moves away 
from the observer facing the front of 
the microphone. Great care must be ex-
ercised when performing the described 
measurements, as the moving element 
can be very easily damaged. 
A microphone-phasing test setup is 

shown in Fig. 4-124A, using a loud-
speaker for the sound source, and an 
oscilloscope for observing the phase 
conditions. To establish the proper 
phase at the loudspeaker, the speaker is 
mounted in an infinite baffle and con-
nected to an oscillator through a 100-
ohm resistor. With the resistor in series 
with the voice coil, the current through 
the voice coil is then in phase with the 
voltage at the terminals of the oscilla-
tor. If the applied frequency of the os-
cillator is above the resonant frequency 
of the speaker, the pressure will be in 
phase with the applied voltage. For an 
8-inch speaker having a resonant fre-
quency of 60 Hz, this condition may be 
attained at frequencies between 100 and 
400 Hz. 

To ascertain the in-phase terminal 
of the speaker, a battery is connected 
across the voice-coil terminals in such 
a manner that the cone moves toward 
the microphone; the terminal connected 
to the positive terminal of the battery 
is the in-phase terminal of the speaker. 
With the oscilloscope connected as in 
Fig. 4-124A, microphones are tested by 
adjusting the oscillator output for a 
suitable acoustic output of the speaker. 
The microphone is positioned at a dis-
tance of about 2 inches from the 
speaker, and the orientation of the os-
cilloscope trace checked. If the trace is 
in the form of a slanted line or ellipse, 
with its major axis orientated from 
lower left to upper right, then the in-
phase terminal of the microphone is the 
terminal connected to the high poten-
tial (±-.) terminal of the amplifier. This 
relationship should remain over a range 
of 100 to 400 Hz. 
When this procedure is applied to a 

gradient microphone (velocity), the 
trace will form a circle, because the 
out-of-phase relationship between the 
pressure and velocity is a spreading 
waveform. This may be corrected by 
the use of a phase-shift network, con-

sisting of a 50K resistor and a 0.1-uF 
capacitor, as shown in Fig. 4-124B. Ex-
cept for this detail the measurement 
procedure is the same. 

The in-phase terminal of a micro-
phone is the number-1 terminal. The 
in-phase terminal of a loudspeaker and 
other equipment is generally marked 
with a plus-minus sign. 

4.125 Describe the basic design of 
an ultrasonic microphone.—Ultrasonic 
microphones are used in television re-
ceiver remote-control systems, open-
ing of garage doors, control of air-con-
ditioning equipment, slide projectors, 
gas-leak detectors, and for equipment 
designed for the assistance in directing 
blind persons. These microphones are 
sensitive to frequencies only in the 
range of 25,000 to 40,000 Hz. For the 
most part, they are manufactured using 
a two-plate element of lead-zirconium 
titanate formed into thin, square plates. 
The size of the plate determines the re-
sponse to frequency. 

The plate is clamped at four nodal 
points of minimum motion, to ensure a 
maximum output voltage. The center 
of the element is masked so that only 
the corners are driven directly by the 
ultrasonic sound waves. The spacing 
between the center mask and the ele-
ment is such that sound reaching the 
center of the plate is changed in phase 
to correspond with the different phase 
relationships of the center and corners 
of the plate. The space behind the plate 
creates a resonate cavity, and the air 
compliance assists in control of the 
plate motion. 

The output level of an ultrasonic mi-
crophone is on the order of minus 65 
dB re: 1 IT/dyne/cm'. The resonant fre-
quency is controlled in manufacture to 
within 500 Hz by adjusting the size of 
each individual ceramic element. This 
is quite necessary since the elements 
must respond to several different fre-
quencies for control purposes. The re-
mote exciter unit generally consists of 
a transistor oscillator with a similar 
transducer generating frequencies be-
tween 25,000 and 40,000 Hz. 

Ultrasonic microphones may also be 
designed to use electrostatic elements 
similar to an electrostatic loudspeaker, 
as they are broadly nonresonant, and 
can be operated over a large number of 
individual frequencies for circuit-con-
trol functions. 
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4.126 Describe an electret capacitor 
microphone.—This is a relatively new 
development in capacitor microphones 
by Sessler and West of the Bell Tele-
phone Laboratories. The device utilizes 
a foil electret (see Question 25.51) and 
therefore requires no polarizing voltage. 
The frequency response is within plus-
minus 3 dB, 50 to 15,000 Hz. Sensitivities 
of 50 µV re: 1 microbar have been 
achieved. Because of its relatively low 
impedance, it can be connected directly 
to a conventional transistor amplifier. 

Like any capacitor microphone, the 
electret capacitor microphone depends 
for its operation on minute variations of 
capacitance produced as sound vibra-
tions impinge on one flexible plate of 
the capacitor head. However, in this in-
stance, the flexible plate is a foil elec-
tret, constructed of a thinly metalized 
sheet of fluorocarbon or polycarbonate. 
The foil contains a permanent static 
charge. Since its spacing is varied from 
the fixed element, the electrostatic field 
is varied, thus producing a varying 
volte at the output terminals. Because 
of the static charge no polarizing volt-
age is required. The thin film has a 
thickness of 0.00012 to 0.001 inch, there-
fore the capacitance of an electret mi-
crophone is about three times that of a 
capacitor microphone of comparable di-
mensions, with lower impedance. 

The foil is polarized by heating it to 
about 200 degrees Centigrade while it is 
held between a pair of charged metal 
plates (spaced 2-mm) which create an 
electrostatic field of between 10 and 
100V/cm. Charges identical in sign to 
the adjacent plates migrate to the elec-
tret, where they remain after cooling. 

The sensitivity of the microphone re-
mains essentially constant over very 
long periods of time. Measurements in-
dicate that the sensitivity will fall 50 
percent in about 100 years. Because of 
its simple, rugged construction and be-
cause it is immune to wide tempera-
ture changes, it will no doubt find a 
wide range of uses in the sound indus-
try, as well as in the recording in-
dustry. 

For sound pressures of 120 to 140 dB 
(re: 0.0002 dyne/cm'), the distortion re-
mains about 1 percent, rising to around 
5 percent at 150 dB. 

4.127 What is the proximity effect 
in a microphone7—It is the increase in 
low-frequency response noted in most 
pressure-gradient microphones, when 
the distance from the sound source is 
decreased, and is most noticeable at 
distances of less than two feet. This ef-
fect is not encountered in omnidirec-
tional microphones. The proximity ef-
fect for a bidirectional microphone is 
shown graphically in Fig. 4-57. 
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Section 5 

Attenuators 

Attenuator networks have been in use since the inception of the telephone, for 
controlling sound levels and the matching of impedances. Many of the present day 
configurations are the work of Otto J. Zobel, W. H. Bode, R. L. Diezold, Sallie Pero 
Mead, and T. E. Shay, all of the Bell Telephone Laboratories. Tables of constants 
developed by P. K. McElroy (also of Bell Telephone Laboratories) for various 
values of expression and substitution in equations that have long been a time-saver 
for the design engineer and have resulted in greater accuracy are included. 

In this section, networks both balanced and unbalanced, fixed and variable, im-
pedance matching, combining, bridging, mixer controls, their design and use are 
discussed. The combining of the various configurations is explained, with tables of 
constants to reduce computation to simple mathematics. 

5.1 What does the term attenuation 
mean?—The reduction of a sound wave 
or electrical energy in an electrical cir-
cuit. 

5.2 What is an attenuatorT—An 
arrangement of noninductive resistors 
in an electrical circuit to reduce the 
strength of an audio or radio frequency 
signal without introducing appreciable 
distortion. Attenuators may be fixed 
in value or they may be variable. If 
they are variable, they are generally 

Fig. 5-2. Fixed attenuators. At the left is a "T" -type network that can be varied in 
steps of 5, 10, and 20 dB, with a total loss of 35 dB. At the right is an "H" net-

work, with a fixed loss of 37.5 dB. 

designed to reduce the signal in a log-
arithmic manner. The configuration 
may take one of several forms. Two 
conunercially manufactured fixed at-
tenuators are shown in Fig. 5-2. Similar 
networks are available in steps of 0.5 
dB up to 40 dB for any impedance up 
to 600 ohms. 

5.3 What is a pad?—It is another 
name for an attenuator. 

5.4 What does the term network 
mean?—A configuration of circuit ele-
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ments such as those used in filters, at-
tenuators, or equalizers. 

5.5 What does the term configura-
tion mean?—A circuit or network of 
circuit elements. 

5.6 Define the term loss.—A de-
crease in the power, 'voltage, or cur-
rent at the output of a device com-
pared to the power, voltage, or current 
at the input of the device. The loss in 
decibels may be calculated by means 
of one of the following equations: 

Pi 
dB loss = 10 Logio —P, or, 

= 20 Log10— or, 

= 20 Logio 

where, 
Pi is the power at the input, 
P, is the power at the output, 
Vi is the voltage at the input, 
V, is the voltage at the output, 
I. is the current at the input, 
I, is the current at the output. 

5.7 What is insertion loss?—The 
loss created by the insertion of a device 
in an electrical circuit. The resulting 
loss is generally expressed in decibels. 

5.8 What is an impedance-matching 
network?—A noninductive, resistive 
network designed for insertion between 
two or more circuits of equal or un-
equal impedance. When properly de-
signed, the network reflects correct im-
pedance to each branch of the circuit. 

5.9 What is an artificial line?—A 
configuration of resistance, capacitance, 
and inductance representing the elec-
trical characteristics of a transmission 
line. Attenuat,ors used for reducing the 
transmission level of a line consist of 
pure resistance and a uniform fre-
quency characteristic over the whole 
transmission band. Unless an artificial 
line is designed as described in Ques-
tion 25.182, it will not have the electri-
cal characteristics of the line. 

5.10 What is an attenuation char-
acteristic?—A graphical presentation of 
the loss in decibels of a device versus 
frequency. Attenuators constructed 
using noninductive resistors offer no 
discrimination in the normal transmis-
sion band. The loss is the same for all 
frequencies. 

5.11 What is the difference be-
tween the impedance and the dc resist-
ance of an attenuator?—None, if the re-

sistors are noninductive and correctly 
terminated. The terms resistance and 
impedance are used interchangeably 
with attenuators. 

5.12 Under what conditions does an 
attenuator show its correct loss?—Only 
when terminated in its characteristic 
impedance at both the input and out-
put. 

5.13 What is a line pad and its 
purpose?—A line pad is a resistive net-
work placed between the output of a 
line and the device fed by the line to 
effect an impedance match. A line pad 
also supplies a definite termination to 
the line and to the equipment con-
nected to the line. Line pads are also 
used to secure a given amount of isola-
tion between the line and the equip-
ment terminating the line. Such a cir-
cuit is shown in Fig. 5-13. 

Fig. 5-13. A line-terminating pad. 

5.14 What does the term "so many 
decibels of isolation" mean?—It is a 
term used to indicate that an attenuator 
has been connected between the line 
and a piece of equipment. Isolation, in 
the form of a pad, is often necessary to 
supply the correct terminating imped-
ance and to isolate equipment from a 
line which has been equalized. Isolation 
pads are also used between filters, 
equalizers, and amplifiers to isolate 
them from each other and prevent in-
teraction between them which might 
upset their frequency characteristics. 
Pads are also used with impedance-sen-
sitive devices. A typical circuit showing 
an isolation pad between a low-pass 
filter and an equalizer is shown in 
Fig. 5-14. 

5.15 Wiled is a fader?—A continu-
ously variable attenuator designed to 
pass a signal from one signal source to 
another without interruption, and to 
provide a smooth transition from one 
to the other. A typical fader-control 
circuit is shown in Fig. 5-15. 

5.16 What is a noninductive resis-
tor?—A resistor having little or no self-
inductance. Such resistors are wound 
using special winding techniques. A 
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LOW-PASS FILTER —÷ ISOLATION PAD ±---EQUALIZER----

I 6/10 dB LOSS I 

,1 

Fig. 5-14. An isolation pad connected between a low-pass filter and an equalizer. 

Fig. 5-15. A two-position continuously 
variable fader. Both signals are at zero 
when the arm is at the center position. 

slotted-form, pi-wound resistor is 
shown in Fig. 5-16A. In Fig. 5-16B is 
shown a parallel (biSlar) wirewound 
resistor. The resistance wire is formed 
into a loop, then wound with the two 
wires parallel to each other and in lay-
ers. Winding them in this manner can-
cels the self-inductance, for all prac-
tical purposes. Fig. 5-16C shows a group 
of noninductive wirewound resistors. 

5.17 May carbon-composition resis-
tors be used for attenuators?—Yes. They 
are noninductive at audio frequencies 
and are convenient to use. (See Ques-
tion 5.87.) However, some resistors 
which appear to be carbon are actually 
wirewound. This may be determined by 
checking the manufacturer's specifica-
tions. 

5.18 What are the different type 
windings used for noninductive resistors 

MOUNTING 
HOLE—. 

cal/ea—Mica-card, Ayrton-Perry, re-
versed-loop, figure-8, hairpin, fishline, 
woven-tape, bifilar, bifilar-series, and 
the slotted-form reversed winding. 
Slotted-form resistors (shown in Fig. 
5-16C) may be used for grid, cathode, 
plate, and screen resistors in amplifiers, 
and many other places where nonin-
ductive resistors are required. 

5./9 What tolerance value resistors 
should be used in attenuators?—For 
precision attenuators, one percent; for 
general test work, five percent. 

5.20 What effect does an attenua-
tor have on the phase relationships-in an 
electrical circuit?—None, il the attenu-
ator is constructed of noninductive re-
sistors and the distributed capacity of 
the circuit is held to a minimum. 

5.21 What does the term minimum 
loss mean when applied to an attenua-
tor?—The minimum loss value for 
which an attenuator may be designed 
using a given configuration for a given 
value of source and load impedance. 
The minimum loss for attenuators of 
unequal impedance may be read from 
the graph of Fig. 5-21. 
The graph is entered at the bottom at 

the desired impedance ratio, then fol-
lowed vertically until it intersects the 
diagonal line. The minimum loss is then 
read at the left margin in decibels. As 
an example: assume an impedance of 
600 ohms is to be matched to an imped-
ance of 150 ohms; this is an impedance 

WINDING DIRECTION 

RIGHT LEFT RIGHT ri LEFT r CERAMIC SPOOL 

Fig. 5-16A. A slotted-form, noninductive, wirewound resistor. 
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TERMINALS 

WIRES 
WOUND 
PARALLEL 
ON 
FLAT 
COIL 

Fig. 5-166. A parallel-wound (bifilar) 
noninductive, wirewound resistor. 

ratio of four. For this ratio, the graph 
indicates a minimum loss of 11.5 - dB. 
This is the lowest value for which the 
attenuator can be designed. In actual 
practice the network would be designed 
for a loss of 12 to 15 dB. 

5.22 What is the "K" factor used 
in attenuator equations?—It is the ratio 
of current, voltage, or power corre-
sponding to a given value of attenuation 
expressed in decibels. To- simplify the 
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Fig. 5-16C. Noninductive, wirewound re-
sistors that are manufactured by Kelvin 

Associates. 

calculation of attenuator networks, the 
values of the most frequently used ex-
pressions as tabulated by P. K. McElroy 
are given in Fig. 5-22. The various 
values of the expressions are substi-
tuted in the equations, thus saving 
much time and resulting in greater 
accuracy. 

5.23 If attenuators are connected 
in tandem (series) how is the loss com-
puted?—The internal connections for an 

dB • 20 LOG i) +47F-7) 

S 2 • 2- S2 '4-7) Z 

2 3 4 5 7 10 20 30 40 50 70 100 200 400 700 
300 500 1000 

R • IMPEDANCE (k) OR (e) 

Fig. 5-21. Minimum-loss graph for networks of unequal impedances. 
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Fig. 5-23A. Three attenuators connected in tandem. 

attenuator of the T-type shown in Fig. 
5-23A are given in Fig. 5-23B. Con-
tained in the metal housing are se in-
dividual pads of 1-, 2-, 3-, 4-, 10-, and 
20-dB loss. The total loss is 40 dB ad-
justable in steps of 1 dB, by connecting 
the appropriate sections in series or 
tandem. Terminals 1 and 14 are common 
to all sections and are connected to the 
low potential side of the circuit in which 
the attenuator is used. Other types of 
attenuators have sections with value of 
0.5-, 1.5-, 3-, 6-, and 12-dB loss per sec-
tion. The resistors are noninductively 

2dB 10dB 

II 

2 

1dB 20dB 

Fig. 5-23B. Internal circuitry for adjust-
able attenuator having 6 fixed steps of 

attenuation. 

wound, in a metal case that is designed 
to be mounted with a single screw at 
the center. They may be obtained for 
any of the standard impedances. 

5.24 What is an unbalanced attenu-
ator?—A configuration with the resist-
ance elements in one side of the line 
only, as shown in Fig. 5-24. 

R1 R2 

ONO 

Fig. 5-24. An unbalanced "T" type 
attenuator. 

Fig. 5-25. An "H" type or balanced 
attenuator. 

5.25 What is a balanced attenua-
torT—A configuration with resistance 
elements in both sides of the line, as 
shown in Fig. 5-25. 

5.26 Is it necessary to ground on 
attenuator?—If the configuration is un-
balanced, the attenuator should. be 
grounded to prevent leakage at the 
higher frequencies. 

5.27 Where is a ground connected 
to an unbalanced pad?—To the side 
having no resistance in the line. (See 
Fig. 5-24.) 

5.28 Where is a ground connected 
to a balanced pad?—To the center of 
the shunt resistor as shown in Fig. 5-25. 

5.29 What is the effect if a bal-
anced attenuator is not grounded?—If 
the circuits terminating the network are 
balanced to ground, no difficulty should 
be encountered. However, if the circuits 
are unbalanced to ground (unsym-
metrical), leakage at the higher fre-
quencies may occur. The amount of 
leakage may be measured by applying 
a frequency of 6000 to 10,000 Hz to the 
input and observing if the output volt-
age increases or decreases when the 
output circuit is reversed. Assuming the 
transmission characteristics of the cir-
cuit are uniform over the above fre-
quency range, no turnover should be 
noted. Any difference noted with refer-
ence to 1000 Hz is caused by leakage. 
A maximum of 0.25 dB may be toler-
ated. If possible, a balanced attenuator 
network should be grounded either by 
feeding it from, or terminating it by, a 
balanced to ground circuit, or by con-
necting a ground directly to the center 
tap of the shunt resistor. 
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ELECTROSTATIC 
SHIELD 

G  

Fig. 5-30A. Connecting balanced and unbalanced networks with a repeat coil. 

41.-- BALANCED 

L-

SHORTED '1-

Fig. 5-308. Two 

UNBALANCED --4.4 

I 

networks connected in tandem. 

5.30 May a balanced network be 
directly connected to an unbalanced net-
work?—Balanced and unbalanced con-
figurations cannot be directly con-
nected; however, they may be con-
nected by the use of an isolation or re-
peat coa, Fig. 5-30A. If the networks 
are not separated electrically, severe 
instability and leakage at the high fre-
quencies can result. How this occurs is 
illustrated in Fig. 5-30B. If the networks 
are connected without the coil, half of 
the balanced circuit will be shorted to 
the ground, as indicated by the broken 
line. The repeat coil will permit the 
transfer of the audio signal inductively, 
while separating the grounds of the 
two networks. Even if the balanced net-
work is not grounded, it should be iso-
lated by a coil. Repeat coils are usually 
designed for a 1:1 impedance ratio. 
However, they generally have taps for 
other impedance ratios. 

5.31 What is a combining or divid-
ing network?—A resistive network de-
signed to combine several devices or 
circuits, each having the same imped-
ance, as shown in Fig. 5-31A. The re-
sistors may be calculated as follows: 

(14— Z 
Uq-1-1) 

where, 
RB is the building-out resistor, 
N is the number of circuits fed by the 
source impedance, - 

Z is the circuit impedance. 

The loss of the network through any 
two branches is: 

dB = 20 Log,. (N — 1) 
where, 
N is the total number of circuits. 

Thus for a three-branch circuit the loss 
is approximately 6.02 dB. 

Unused circuits of a dividing or com-
bining network mist be terminated in 
a resistive load equal to the normal 
load impedance. 

This circuit is often used in the de-
sign of sound mixers. This subject is 
discussed in detail in Section 9. Com-
bining or branching networks may also 
be designed as a series configuration 
(Fig. 5-31B). Here are shown three 
branch circuits combined into one out-
put or input circuit. For equal impe-
dances the equation is: 

R, Z 
— N — 1 • 

where, 
R, is the terminating resistor, 
N is the number of branch circuits. 

The insertion loss may be čalculated: 

dB = 10 Log«, (2N — 1) 
where, 
N is the number of branch circuits, 

A typical four-circuit combining net-
work, mounted in a metal container, is 
shown in Fig. 5-31C. The insertion loss 
of a combining network may be avoided 
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by the use of an active combining net-
work, as described in Question 5.99. 

5.32 What is a "T" type attenua-
torT—An attenuator network consisting 
of three resistors connected in the form 

Fig. 5-31A. A combining or dividing net-
work for matching a single circuit to 

three others. 

Fig. 5-31E1. Series combining network. 

Fig. 5-31C. A four-branch combining 
network. 

of a "T" as shown in Fig. 5-24. The net-
work may be designed to supply an im-
pedance match between circuits of 
equal or unequal impedance. When de-
signed for use between circuits of un-
equal impedance, it is often referred to 
as a taper pad. 

5.33 What is the equation used for 
calculating the element values for a"T" 

THE AUDIO CYCLOPEDIA 

type attenuator, to work between equal 
impedances? 

K — 
R1, Fig = (- 4) Z 

where, 
z is the input and output impedance, 
RI and 11: are the series resistors, 
R3 is the shunt arm. 

Fig. 5-33. Conti sly variable com-
mercial-sound "T" attenuator. 

A "T" type attenuator may be designed 
for any value of loss if designed to 
operate between equal impedances. The 
numerical value of the foregoing ex-
pressions may be obtained from the 
table in Fig. 5-22. A commercial-sound, 
continuously variable attenuator "T" 
configuration is shown in Fig. 5-33. 

5.34 What is a taper pad?—A "T" 
configuration designed for operation 
between impedances of unequal value; 
as shown in Fig. 5-34. 

5.35 What is the equation for cal-
culating taper pads? 

Ri= (K2+1) 2Vïr  K  
le —1 

R.= Z.(1(2'1±1) 2V-i7-f(K2 1 ) 
K —1 2 —  

= 2 VY:—.1 Z2 (A) 
where, 

Zi is the larger of the two impedances. 

The numerical values for these expres-
sions may be taken from the table in 
Fig. 5-22. Thus, for a network to match 
500 ohms to a circuit of 250 ohms with 
a loss of 20 dB, the resistor values are: 
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Ri Rz 

Fig. 5-34. A taper pad used for matching 
two circuits of unequal impedance. 

Ri = 500 (1.0202) — 2 ( Nfl,-Š,TT-00) (0.10101) 
= 510.1 — 2(353.55) (0.10101) 
= 510.1 — 71.42 
= 438.611 

Rg = 250 (1.0202) — 2 ( 3/W5,7(1-00) (0.10101) 
= 255.05 — 2 (353.55) (0.10101) 
= 255.05 — 71.42 
= 183.63(1 

R3 = 2 ( V12— Š,IY-00) (0.10101) 
= 2 (353.55) (0.10101) 
= 71.42(1 

5.36 What is a bridged "T" attenu-
ator?—An attenuator network contain-
ing four resistive elements, as shown in 
Fig. 5-36. The resistors R, are equal in 
value to the line impedance; therefore, 
they require no calculation. This net-
work is designed to work between im-
pedances of equal value only, and is the 
configuration most commonly employed 
in sound-mixer controls because the 
configuration requires only two rows of 
contacts, and two variable resistor 
groups. The contact arms for resistors 
R. and R, are connected mechanically 
by a common shaft and vary inversely 
in value with respect to each other. 

5.37 What is the equation for cal-
culating a bridged-"T" attenuator? 

R1=Z 

R. = (IC — 1)Z 

UC-1.7 
where, 
Z is the line impedance, 
R. is the bridging resistor, 
R. is the shunt resistor. 

Again the factors may be taken from 
the tabulations of Fig. 5-22. 

5.38 What is o balanced bridged. 
"T" attenuator?—A configuration simi-
lar to the unbalanced bridged-"T" at-
tenuator, except the resistor elements 
are divided and placed in each side of 
the line as shown in Fig. 5-38. The prin-
cipal objection to the use of this con-
figuration, if made variable, is that the 
shunt resistor R. must be divided into 
two separate arms to provide a ground 

Fig. 5-36. A bridged-"T" attenuator. For 
variable pads, the arms Ity and 114 are 

made variable. 

connection at the exact electrical cen-
ter. However, if the circuit feeding or 
terminating the attenuator is balanced 
to the ground, the ground connection at 
the attenuator center will not be re-
quired. 

R5 

7 

V 

Fig. 5-38. A balanced bridged-"T" at-
tenuator. For a variable configuration 

four variable arms are required. 

5.39 What is an "H"-type attenuo-
tor?—A balanced "T" pad. The pad is 
first calculated as an unbalanced "T" 
configuration described in Question 
5.33. The series resistance elements are 
then divided and one-half connected in 
each side of the line as shown in Fig. 
5-39. The shunt resistor remains the 

R1 

2 

R i 

i 

Fig. 5-39. An "H"-type attenuator, also 
called a balanced "T." 
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same value as for the unbalanced con-
figuration. A tap is placed at the exact 
electrical center of the shunt resistor 
for connection to ground. 

5.40 What is an "L"-type attenua-
tor?—A configuration consisting of two 
resistive elements connected in the form 
of an "L" shown in (a) to (d) of Fig. 
5-40. This pad does not reflect the same 
impedance in both directions. An im-
pedance match is afforded only in the 
direction of the arrow shown in the 
figures. If an "L"-type network is em-
ployed in a circuit which is sensitive to 
impedance match, the circuit character-
istics may be affected. An "L"-type 
network should not be used, except 
where a minimum loss is required and 
a network of the "T" configuration will 
not serve because of its minimum loss. 

5.41 What are the equations used 
for the design of "L"-type attenuators? 
—An "L"-type network can only be 
designed to supply an actual impedance 
match in a given direction. For un-
equal impedances, the impedance match 
may be in the direction of the larger or 
the smaller impedance but not both. 
When an "L"-type network is con-

nected to circuits of equal impedance, 

(a) Between impedances of unequal 
value. 

(b) Between impedances of equal value. 

(c) Impedances unequal, and impe-
dance match is toward the smaller of 

the two. 

(c1) Between impedances of equal value, 
in the direction of the shunt arm. 

Fig. 5-40. Configurations that are used 
for L-type networks. 

the circuits are matched in one direc-
tion but not in the other. However, the 
network may be designed to match 
either of the terminating impedances. 

The arrows in Fig. 5-40 indicate the 
direction of impedance match. If the 
network is designed to match the im-
pedance in the direction of the series 
arm, the mismatch is toward the shunt 
arm. The mismatch increases with the 
increase of loss, and at high values of 
attenuation the value of the shunt re-
sistor may become a fraction of an ohm, 
which can have a serious effect on the 
circuit to which it is connected. 
The configuration for an "L"-type 

network operating between impedances 
of unequal value, Z, and Z2, is shown 
at (a) in Fig. 5-40. The impedance 
match is toward the larger of the two 
impedances Z,, the values of the re-
sistors are: 

(Zs,) (KS-1  
K ) 

R N 2=  
S K — S 

where, 

S equals 

For a condition where the imped-
ances are equal, and the impedance 
match is in the direction of the arrows, 
as in (b) of Fig. 5-40, the values of the 
resistors may be calculated by the 
formula: 

= Z (K K 1) 

For a condition where the imped-
ances are unequal and the impedance 
match is toward the smaller of the two 
impedances, as in (c) of Fig. 5-40, the 
values of the resistors are determined 
by the formula: 

Z, 
(K — S) 

R._ (ZS) (Ks_ i) 

where, 

S equals 

For the conditions shown in (d) of 
Fig. 5-40, resistors R, and R2 may be 
calculated by the formula: 
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= Z (K — 1) 

R2 Z (KK— 1) 

5.42 What is a pi or delta-type at-
tenuator?—A resistive network resem-
bling the Greek letter pi, or delta, as 
shown in Fig. 5-42. Actually there is no 
difference between the pi or delta con-
figuration, only the manner in which 
they are drawn. Such networks may be 
used between impedances of equal or 
unequal values. 

5.43 What are the equations used 
for designing pi-type attenuators?—For 
networks operating between imped-
ances of equal value: 

Z (K—, + 1) R, , 
/ 

(Z\ (K ' -1 \ 
R2 - 

2j K 
where, 
R2 is the input and output resistor, 
112 is the series resistor, 
Z is the input and output impedance. 

5.44 What are the equations for de-
signing a pi-type attenuator to operate 
between unequal impedances? 

= ( K2 - 
— 21CS -F 1 

(Nri77.4 (K1 — 1  
R2-

2 ) K 

K' — 1  
R2=Z2( K 

IC' — 2 —S + 1 

where, 
R, and R2 are the shunt resistors, 
R2 is the series resistor, 
Zi is the input impedance, 
Z2 is the output impedance, 

S equals — 
Z2* 

(a) Between impedances of equal value. 

(b) Between impedances of unequal 
value. 

Fig. 5-42. Pi- or delta-type attenuator 
networks. 
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To simplify the calculations, the values 
of the factors may be selected from the 
table in Fig. 5-22. 

5.45 What is an "0"-type anemia-
tort—A balanced pi-type attenuator 
configuration! The circuit element val-
ues may be obtained by first calculating 

R2 

R2 

(a) Between impedances of equal value. 

Rz 

R2 

(b) Between impedances of unequal 
value. 

Fig. 5-45. The "0"-type attenuator. 

for a pi-type configuration, described in 
Question 5.43„ then dividing the series 
resistor and 'placing half in each side 
of the line'as shown in Fig. 5-45. The 
shunt resistors remain the same value. 

5.46 -What is a "U"-type attenua-
tor and where is it used?—"U"-type at-
tenuators may be of a symmetrical or 
balanced-type configuration, and are 
quite handy around the laboratory for 

R1 

Fig. 5-46. A "U" pad for matching a 
high impedance circuit to one of very 

low impedance. 

matching a high value of impedance to 
one of low value. A typical require-
ment is that of matching the 600-ohm 
send circuit of a gain set to a micro-
phone preamplifier having a 30-ohm in-
put impedance (Fig. 5-46). 

Here the impedance match is of first 
importance, the loss being secondary. 
For a symmetrical configuration to 
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work between unequal impedances the 
resistors may be calculated as follows: 

(2 (10— 1 k ) 

R2 = s) 

where, 
R, is the series resistor, 
R2 is the shunt resistor, 
Z, is the larger impedance, 
Z2 is the smaller impedance, 

it; 
S equals —z. • 

5.47 What is the equation for 
matching the circuit impedance to the 
shunt arm of a "U"-type attenuator?— 
The value of the resistors for the con-
figuration shown in Fig. 5-47 may be 
calculated as follows: 

Ri = (K —  S) 
2S 

R._ (śi) 
(KS' . 

i) 

S equals A. 
The arrow indicates the direction of the 
impedance match. Any "U" pad may 
be balanced to ground by connecting 
a ground to the electrical center of the 
shunt resistor. 

5.48 What is a lattice-type attenu-
atorP—A balanced configuration as 
shown in Fig. 5-48. Such pads are de-
signed po operate between circuits of 
equal impedance. They are used in the 
telephone industry, but are seldom used 
in normal audio circuits. 

5.49 What is the equation for de-
signing a lattice-type attenuator?—The 
lattice-type attenuntor is a truly bal-
anced configuration. Therefore, individ-
ual treatment is required for solving the 
circuit element values. If used in an 
unbalanced configuration, it degener-
ates into a pi configuration. The differ-
ence between this configuration and the 

"0" network is that shunt resistors Ft: 

Rj 

Fig. 5-47. A "U" pad configuration for 
operation between impedances of un-

equal value. 

1 

2 4 
R1 

+ 3 

4- 4 

(a) Lattice configuration. 

3 4 

(b) Equivalent circuit (bridge). 

Fig. 5-48. A lattice-type attenuator and 
equivalent bridge circuit. 

are crossed-over and connected to both 
the input and output circuits (Fig. 
5-48A). The circuit elements may be 
calculated: 

Ri (K — 1 --) Z 
K 1 

R2= (K + 1) Z UC. - 1 
where, 

Ft, is the series resistor, 
112 is the shunt resistor. 
Z is the line impedance. 

Lattice networks can only be employed 
in ungrounded circuits of equal imped-
ance. If an equivalent circuit is drawn 
for this pad . (Fig. 5-48B), it resembles 
a balanced-bridge circuit. The principal 
difference is that resistors R, are lower 
in value than it2. This difference unbal-
ances the bridge and permits the sig-
nal to pass unattenuated in an amount 
controlled by the ratio of resistors R, 
to R2. 

5.50 Show graphically the loss in 
level because of impedance mismatch.— 
If two resistive networks are mis-
matched, generally the frequency char-
acteristics are not affected; only a loss 
in level occurs. Attenuators, when 
properly constructed, consist of pure 
resistance and are nonreactive; there-
fore, they present a constant impedance 
or resistance. If the impedance mis-
match ratio is known, the loss in level 
may be directly read from the graph in 
Fig. 5-50 (see Question 5.11). 

5.51 What is a ladder-type attenu-
ator?—A configuration used for sound 
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124 LOSS IN LEVEL BECAUSE 
OF IMPEDANCE MISMATCH 
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Z2 Z1 

100 

Fig. 5-50. Loss in level because of impedance mismatch. 

mixer controls as shown in Fig. 5-51A. 
Its name is derived from the fact that 
the configuration is similar to a ladder 
laid on its side. The configuration of a 
ladder pot consists of a group of pi-
pads connected in tandem. One of the 
disadvantages of this configuration is 
the fact that the input and output im-
pedances are not constant throughout 
its complete range of attenuation. Also, 
ladder configurations have a fixed in-
sertion loss of 6 dB which is exclusive 
of the variable setting loss. This loss 
must be taken into consideration when 
designing mixer networks. 

Ladder pots for mixer-control use, 
may be obtained in two types of con-
struction—slide-wire and contact types. 
Ladder pots are designed to operate be-
tween circuits of equal impedance. 

R4 

Fig. 5-5IA. Configuration for a ladder 
attenuator for mixer comtrols. Variable 

in fixed steps of loss. 

For motion picture rerecording mix-
ers, the slide-wire type control is gen-
erally employed, because it permits a 
smooth, even attenuation over a wide 
range. The contact type although not 
quite as smooth in operation as the 
slide-wire has only one row of contacts, 
which reduces the noise and mainte-
nance. 

Ladder networks may be designed 
for balanced operation, also. This is 
accomplished by connecting two tutbal-

Fig. 5-51C. Unbalanced slide-wire ladder 
attenuator used in sound mixers. 

Fig. 5-51B. Balanced ladder network. 
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anced networks side-by-side (Fig. 
5-51B). However, it will be observed, 
the circuit elements are not divided in 
the same manner as for other type bal-
anced networks. If an unbalanced lad-
der network is compared with a bal-
anced ladder network, it will be ob-
served that resistors R, are divided by 
two, resistors Fia are also divided by 
two, and at the output R2 is now twice 
the value for the unbalanced configura-
tion. Resistor RS remains at its original 
value on each side of ground. A typical 
slide-wire unbalanced ladder attenua-
tor is shown in Fig. 5-51C. The imped-
ance characteristic for a single unit is 
given in Fig. 5-83A. 

5.52 What is the equation used for 
calculating a ladder-type attenuator? 

Z 

Z I • = 

where, 
R, is the series resistance, 
R2 is the shunt resistance, 
Ri is the input shunt resistor, 
R, is the series resistance in the con-

tact arm circuit. 

The value of "K" is dependent on the 
loss per step—not the total loss. 

5.53 What is a bridging attenuator? 
—A pad designed for bridging (paral-
leling) one circuit while feeding an-
other without disturbing the impedance 
or frequency characteristics of the cir-
cuit being bridged, and absorbing only 
a small amount of power. 
Two such pads are shown in Fig. 

5-53, one fixed and the other variable. 
At (a) is a fixed-loss bridging pad with 
an input resistance of 30,000 ohms, de-
signed to be terminated in 600 ohms. 
A pad of this design would have an 
approximate loss of 40 dB. The resistor 
Ra may be changed to any value with 
a subsequent change of loss. The con-
figuration may be changed to a bal-
anced one by dividing R, and placing 
half in each side of the line. 

The pad at (b) may be designed for 
any bridging resistance by the proper 
selection of the series resistors RB, each 

resistor being one-half the desired 
bridging resistance. The output resis-
tor Ea is equal to the impedance of the 
device across the output terminals of 
the attenuator. For this illustration, this 
value is 600 ohms. The two pots in 
series should total the value of Ri or, 
in some instances they can be greater 
than R2. 

Balanced pads of this design require 
a ground as shown to prevent leakage 
at the higher frequencies. The ground 
to the attenuator is connected to the 
amplifier ground to prevent the forma-
tion of a ground loop. 

600 a. 
CIRCUIT 
TO BE 

BRIDGED 

(a) 

CIRCUIT  
TO BE 
BRI DGED 

R I 

30,000n..  

Unbalanced (fixed). 

RB 

(b) Balanced (variable). 

Fig. 5-53. Bridging pads. - 

5.54 What are the resistor values 
for the more commonly used bridging 
attenuators?—For the configuration 
shown at (a) of Fig. 5-53, the following 
will apply: 

R, 

30,00011 
25,00011 
20,00011 
15,0000 
10,00012 
7500f1 
5000(1 
300011 

Loss in dB 

40.1 
38.5 
36.6 
342 
30.7 
28.3 
24.9 
20.8 

1/2 

60011 
soon 
60011 
60011 
60011 
60011 
goon, 
60011 

The above networks will have the indi-
cated loss only when bridging a circuit 
of 600 ohms impedance and when term-
inated in 600 ohms. 

The loss for the configuration shown 
at (a) of Fig. 5-53 may be calculated as 
follows: 
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Z, 
dB = 10 Logic —z2 -1-

20 Lei° "--1+ p-i_l 
where, 

Z, is the bridging resistance of the 
pad, 

Z2 is the input impedance of the de-
vice to which the pad is connected. 

5.55 How may a bridging pad be 
constructed without regard to loss?—By 
using the configuration in (a) of Fig. 
5-53. Resistor R, in the series arm 
equals the value of the desired bridging 
input. The shunt resistor R2 is selected 
for a value that will properly terminate 
the input of the device being fed by the 
pad. The loss may be calculated using 

the equation given in Question 5.54. 

5.56 What is the ratio generally 
employed for bridging pads?—The 
bridging impedance should be at least 
10 times that of the circuit to be 
bridged. Standard bridging impedances 
are: 30,000, 25,000, 10,000, and 7500 ohms. 

5.57 What is a minimum-loss pad? 
—A pad designed to match circuits of 
unequal impedance with a minimum 
loss in the matching network. Attenua-
tors designed to work between imped-
ances of unequal value have a minimum 
loss. This minimum loss is dependent 
on the ratio of the terminating imped-
ances. As an example: the minimum 
loss for a pad with an impedance ratio 
of two is 7.8 dB. Therefore, an attenua-
tor designed to work between 500 and 
250 ohms will have a minimum loss of 
7.8 dB. The pad may be designed for 
a greater loss but never less. The mini-
mum loss for various impedance ratios 
. may be determined from the minimum 
loss chart in Fig. 5-21. Pads designed 
to work between equal impedances may 
be designed for any value of loss. 

5.58 What is the equation used for 
designing a minimum loss attenuator for 
matching two impedances of unequal 
value?—Using the "L" configuration 
shown in Fig. 5-58, the resistor values 
are: 

R1 = V Z1 (Z1 '-' Z2) 

ZI Z2 
R2 = 

RI. 

where, 
R., is the series resistor connected in 
the side of the larger impedance, 

R2 is the shunt resistor. 

Fig. 5-58. Configuration for a minimum 
loss attenuator to match two unequal 
impedances. Match is in the direction of 

the arrow. 

5.59 What is the equation used for 
designing a minimum loss attenuator 
when only one impedance is to be 
matched? —If the larger impedance Z, 
is to be matched, only a series resistor 
"R" is used as shown in Fig. 5-59. The 
value of this resistor is: 

R = Z, — Z2 

R 
+0 0 + 

Z1 Z2 

o o 
Fig. 5-59. Configuration for a minimum 
loss attenuator where only the larger 
impedance (Z) is to be matched. Match 

is in the direction of the arrow. 

5.60 What is the equation used for 
designing a minimum loss attenuator 
when only the smaller impedance is to 
be matched?—In this instance only one 
resistor is used, connected in shunt with 
the smaller impedance Z2, as shown in 

Fig. 5-60. Its value is: 

R .._ 
Z, — Z2 

ZI ZI 

5.61 What are the equations for 
calculating the loss of a minimum loss 
attenuator?—For the "L" type de-
scribed in Question 5.58: 

dB = 20 Log» 1 17 4- J -.2. — i  
74 Z2 

For Questions 5.59 and 5.60: 

dB = 20 Logic, 3A 
Z2 

Fig. 5-60. Configuration for a minimum 
loss attenuator where only the small im-
pedance (Z) is to be matched. Match is 

in the direction of the arrow. 
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5.62 What are the resistor element 
values for the more commonly used min-
imum loss attenuatorsP-Values for an 
"L"-type configuration are as follows: 

dB 

Z,/Z' R, R, loss 

600/500 245 1224 3.8 
600/250 458.2 326.8 8.8 
600/150 519.6 173.3 11.4 
600/30 584.8 30.8 18.9 

500/250 253.6 353.6 7.8 
500/30 484.8 30.9 18.1 
250/30 234.4 32 14.8 

This configuration may be converted to 
a balanced configuration by dividing the 
series resistor and placing half the value 
of its resistance in each side of the line. 

5.63 What is a grid potentiometer 
(gain control)?- A potentiometer (pot 

for short) connected in the control-grid 
circuit of a vacuum tube for the pur-

pose of controlling the amplification or 
gain of the stage. The arm of the poten-
tiometer is connected to the control grid 
of the tube, as shown in Fig. 5-63. 

The loss of the pot may be calibrated 
in decibels by the use of the equation: 

R = (Z - 
where, 
z is the total resistance of the pot, 
R, and R2 are the upper and lower 

sections of the resistance, depend-
ing on the position of the contact 

K equals a given value of loss in 
decibels taken from the tables in 
Fig. 5-22. 

The steps may be fixed or continuously 
variable. 

5.64 How may a grid potentiometer 
be calibrated in voltage? 

E2 =  Ri  
RI X R2i 

where, 
E, is the input voltage, 
E2 is the output voltage, 
R, and R. are the upper and lower 

sections of the resistance. (See Fig. 
5-64.) 

Fig. 5-64. Symbols for calculating the 

voltage ratio of a grid pot (gain control). 

5.65 What is a loudness contra/P-
A ladder-type frequency-compensated 
gain control consisting of a group of RC 
circuits. The purpose of this control is 

to compensate for the human ear char-
acteristic when the sound level is in-
creased or described in a sound repro-
ducing system. The frequency compen-
sation of the control is based on the 
well-known Fletcher-Munson equal-
loudness contours as shown in Fig. 1-76. 
The configuration of two such controls 
is shown in Figs. 5-65A and 5-65B. The 
frequency characteristic of the second 
control is shown in Fig. 5-65C. 

.005 

INPUT o  

150K 

„OH05   

.005 )1  

150K 

150K 
••••8 

150K 

0o 

75K -2 o  

62K  

47K -6 o 

-8 

 o 
-a o 
-20 

0 OUTPUT 

-24 o 
-26 

-28 0 

-3° 0 150K 
-32 o 

Á) _0_ 15  150K 

. 0 0 
2 20K 

-34 0 
-36 o 

150K -42 150K 

ONO 

Fig. 5-63A. Configuration for a ladder-
type loudness control. 

0 1-133 M13-137 

INPUT 

1.113- 128 1 

82 OE 
POE / 

,OE 
/ 

10K 

0.03 

OUTPUT 

Fig. 5-658. The IRC loudness control 
Model LC-1. Fig. 5-63. A grid pot. 
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Fig. 5-65C. Frequency characteristics of the IRC loudness control Model LC-1. 

5.66 Is it practical to construct pads 
with losses of 60 dB or greater?—No. 
It is not good practice to build pads of 
over 40 dB loss, unless special precau-
tions are taken to reduce the distrib-
uted capacity and leakage between the 
input and output sections. It is more 
practical to build two or more pads of 
lower loss and connect them in tandem. 
The total loss is the sum of the individ-
ual losses, assuming that all impedence 
matches are satisfied between sections. 

5.67 How may the resistance of an 
attenuator be measured with an ohm-
meter?—Terminate the output with a 
resistance equal to the terminating ůn-
pedance. Measure the input resistance 
with an ohmmeter. The resistance as 
measured by the ohmmeter should 
equal the impedance of the pad. If the 
attenuator is variable, the de resistance 
should be the same for all steps. 

5.68 If the resistance values of an 
attenuator are known, how may they be 
converted to a different impedance? 

R. =KXR 

Z. 
K= Ž 

where, 
Z. is the new impedance, 
Z is the known impedance, 
K is a multiplying factor, 
R is the known value of resistance, 
R. is the new value of resistance. 

(See Questions 6.67 and 7.62.) 

5.69 What is the minimum loss for 
pads designed to work between equal 
impedances?—Pads designed to work 
between equal impedances may be de-
signed for any value of loss. 

5.70 What is a compensated L-type 
attenuator?—An "L" pad with fixed 
steps. Each step has a series building-

Re 

+ 

INPUT 

I-

OUTPUT 

Fig. 5-70. A compensated "L"-type 
attenuator pad. 

out resistor as shown in Fig. 5-70. The 
purpose of the resistors in series with 
the contact arm is to present a constant 
impedance in both directions. If a con-
stant impedance is required a straight 
"T" or bridged "T" is recommended. 

5.71 How may the impedance of an 
unknown attenuator be determined?— 
By first measuring the resistance look-
ing into one end with the far end open, 
and then shorted. The impedance is the 
geometric mean of the two readings: 

Z = Vil>--Č-Z-; 
where, 

Z, is the resistance measured with the 
far end open, 

Z, is the resistance measured with the 
far end shorted. 

This measurement will hold true only 
for pads designed to be operated be-
tween equal terminations. If the dc re-
sistance of the two ends differs, it may 
be assumed that the pad is designed to 
be operated between unequal imped-
ances. 

5.72 What precautions should be 
observed when installing attenuators?— 
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Fig. 5-73B. Characteristics for a three-channel pan-pot. 

The input and output circuits must 
be separated from each other, well 
shielded, and grounded to prevent leak-
age at the higher frequencies. As an 
example: An attenuator of 40 dB loss 
has a signal voltage reduction of 100:1 
between the input and output termi-
nals. Therefore, if coupling between 
the input and output circuits is per-
mitted, serious leakage can occur at 
frequencies above 1000 Hz. 

5.73 Describe a pan-pot (panoramic 
control).—Panoramic controls, or pan-
pots as they are commonly known, are 
used in stereophonic rerecording for 
transferring the apparent position of 
the sound source from one section of a 
sound field to another. The arrival time 
of a sound will influence the apparent 
position of its source, and the intensity 
offsets the effects of the arrival time. A 
change of only 3 dB in intensity is 
enough to displace the apparent source 
across the sound field. Its effect is con-
trolled by the use of a pan-pot. 

o 3dB 

L
O
S
S
 D
E
C
I
B
E
L
S
 

0 - 

3 - 

10 - 

op 

STEPS Č) 
DIAL co 

MARKING 0 

I t 11111 
8 
3   
3 

16 
0 RIGHT 
00 LEFT 

Fig. 5-73A. Characteristics for a two-
channel pan-pot. 

Either a two- or three-channel pan-
pot may be used to pick up a mono-
phonic sound or transfer it to any geo-
metric position desired in the final 
stereophonic rerecording. Pan-pots de-
signed for stereophonic usage differ 
from the conventional mixer control, in 
that for a two-channel system, two op-
positely wound controls are ganged to-

CO 

OUTPUT- I 

OUTPUT-2 

Fig. 5-73C. Two-channel ladder configuration pan-pot for stereophonic recording. 
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3tIB 3:111 

Fig. 5-73D. Three-channel ladder configuration pan-pot for stereophonic recording. 

gether in such a manner that the 3-dB 
down point of each control occurs at 
zero degrees (Fig. 5-73A). For a three-
channel control (Fig. 5-73B), they are 
so designed that the 3-dB down point 
occurs at 45 degrees with reference to 
either side of center. At either of the 
90-degree positions, the extreme oppo-
site channel is at infinite attenuation. 
The usual taper required for such at-
tenuation rate requires at least 16 posi-
tions in each control unit to attain the 
smoothest transition throughout the 
audible range of control. The attenua-
tion ratio at the extremes is rapid, but 
slow in the range of overlap from one 
section to another. The attenuation rate 
must be precise and conform to the 
mathematics governing the angular dis-
placement of the sound field with 
changes of sound level. 

Pan-pots lend themselves easily to 
the ladder configuration, as only two 
rows of contacts are required for either 
two- or three-channel control, con-
trasted to four and six rows for a "T"-
type control. The insertion loss is 
12 dB for either type. The schematic 
diagram for a one channel into two is 
shown at Fig. 5-73C, and a one into 
three channels in Fig. 5-73D. (See 
Question 9.22.) 

5.74 What is a divergence control? 
—A variable network used in stereo-
phonic rerecording for controlling the 
divergence of the sound field projected 
by a panometric control over three or 
more odd-numbered channels. In its 

narrow position (minimum divergence), 
a point source of sound is effected. This 
point lies on the axial position of the 
sound field under control. 

5.75 What is a panometric control? 
—A variable network used in stereo-
phonic rerecording to direct a segment 
of a sound field over a wider field. It is 
used in conjunction with a divergence 
control so that the effect may be shaded 
from a three-speaker width, in a group 
of five to seven speakers, to a single 
point sound source. Its effect is similar 
to a Zoomar optical lens used on mo-
tion picture and television cameras. 

5.76 What is an off-screen fader 
control?—A stereophonic control used 
in rerecording. A single sound source 
can be made to arrive from a distance 
at the left off-screen and ride across 
to the right side of the screen (or vice 
versa) and then fade away into the 
distance. 

5.77 What is a leakage control?— 
A control used in stereophonic projec-
tion with a built-in leakage to permit 
a controlled amount of leakage between 
channels. The leakage is designed for 
about 10 dB below the normal level on 
adjacent channels, and 21 dB on second 
removed channels. This controlled leak-
age permits the audience in the front 
rows and side seats of a theater to 
properly hear the program material. 

5.78 What is the Hawkins effect?— 
J. N. A. Hawkins when exploring the 
field of stereophonics in 1938 during the 
development of Fantasound for the Walt 
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Disney production "Fantasia" observed 
that if two loudspeakers are energized 
with the sanie program material with a 
level difference of 7 dB, the acoustic 
level will drop off only 1 dB when the 
lower-level speaker is cut off. 

5.79 How are mixer controls con-
structedT—Mixer controls used for pro-
duction or rerecording are generally of 
the ladder or bridged-T configuration. 
In the bridged-T type, two rows of 
contacts are required, ranging between 
20 and 45 per row, in steps of 0.5 dB to 
2 dB per step. For ladder configurations 
only one row of contacts is required, 
and they generally range from 1 dB to 
2 dB per step. For the slide-wire ladder 
control no contacts are used, the loss 
being continuously variable by the ac-
tion of the swinger arm on a resistance 
strip. Straight-T attenuators are rarely 
used in mixer circuits because three 
rows of contacts are required to achieve 
the same amount of attenuation per 
step. The resistors are generally wound 
thing a billar type winding, as dis-
cussed in Question 5.16. The important 
things to look for in a mixer control are 
internal noise, contact material, ease of 
operation, and compatibility of the con-
figuration with the design of the mixer 
network. (See Questions 5.51 and 5.52.) 

5.80 What type mixer controls are 
recommended for rerecording consoles?— 
Mixer controls used for rerecording re-
quire a greater number of steps and at-
tenuation to permit a smoother and 
greater range of control. As a rule, a 
slide-wire ladder type control will be 
found the most satisfactory, because of 
its continuous attenuation without steps 

.191. 

(Fig. 5-51C). The next choice is a ladder 
configuration, using 45 contacts of 1-dB 
attenuation per step. A third choice is 
a bridged-T with 45 steps of 0.5-dB at-
tenuation per step. All the above types 
have rapid cutoff in the last three steps 
to infinity. It should be remembered the 
ladder configuration has a fixed inser-
tion loss of 6 dB, while the bridged-T 
has none. If the gain following the 
mixer network is sufficient, the addi-
tional 6-dB loss of the ladder control is 
of no consequence. This is discussed in 
detail in Section 9. 

There has been over the years a con-
tinuing discussion as to the relative 
merits of the rotary and straight-line 
attenuators. The selection of a mixer 
control depends principally on the size 
of the console and the type rerecording 
to be done. For small consoles having 
four to six inputs, the rotary control 
may be quite satisfactory. 

For stereophonic mixer consoles, only 
straight-line (vertical) controls are 
used because of space conservation and 
the necessity of operating several con-
trols simultaneously. It is not uncom-
mon in stereophonic consoles to employ 
28 to 34 straight-line controls, plus vari-
able equalizers, filters, and other de-
vices. 

Insofar as the electrical characteris-
tics are concerned, the configurations 
are the same for both the rotary and 
straight-line controls. Straight-line at-
tenuators lend themselves to simulta-
neous operation better than the rotary 
type, although many mixers have mas-
tered the technique of moving two and 
even three rotary controls with one 

Fig. 5-80. Altec-Lansing straight-line and rotary mixer controls. 
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Fig. 5-81. Attenuation versus percent rotation for a typical mixer control. 

hand. In the straight-line type, three or 
four can be moved with one hand. For 
stereophonic rerecording, one straight-
line control case may contain up to four 
individual controls, operated from a 
single knob at the top. The interior of 
straight-line multicontrol designs are 
also shown in Section 9. (See Question 
5.79.) 

5.81 What is the attenuation char-
acteristic used in a typical mixer con-

o 

z 
4 

100 

tro1P—The attenuation versus the per-
cent rotation for a typical variable 
attenuator is shown in Fig. 5-81. It will 
be noted the attenuation increases quite 
rapidly after 80 percent of the dial 
movement is reached. This permits a 
rapid fade or cutoff. 

5.82 What are the impedance char-
acteristics of a variable bridged-T at-
tenuator?—The impedance variations 
for a typical high quality attenuator 
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Fig. 5-82. Impedance characteristics for a high-quality 500-ohm variable bridged. 
"T" mixer control. 
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Fig. 5-83A. Impedance characteristics of 
a 600 ohm ladder-type mixer control. 

used in a mixer network are shown in 
Fig. 5-82. It will be noted the greatest 
impedance variation occurs as the at-
tenuator arm approaches zero attenua-
tion and amounts to about 80 ohms, re-
ducing the overall impedance to 420 
ohms. However, this impedance varia-
tion is not too serious, as the mixer-
combining network with its building-
out resistors isolates this variation to 
a great extent from associated attenua-
tors. This subject is discussed further in 
Question 9.24. 

5.83 What are the impedance char-
acteristics for a ladder mixer control?— 
This type attenuator will show imped-
ance variations at both the input and 
output and between steps. However, 
when used in a combining network with 
the proper building-out resistors, these 
variations are of little consequence. A 
typical impedance curve is shown in 
Fig. 5-83A. 
A plot of the impedance characteris-

tics of a typical four-position mixer 

10 

TOE 20 

o 

ti 30 

3 
V, 40 

50 

60 

network employing four unbalanced 
ladder attenuators is shown in Fig. 
5-83B. It will be observed that the prin-
cipal mismatch occurs at the last three 
steps, where the attenuation is the least. 
As a rule, the working range for a typi-
cal mixer control is around the 15 to 
20-dB loss point. Thus, very little or 
no mismatch occurs in the operating 
range. 

5.84 What is a building-out net-
work?—A resistive combination or com-
bining network used in sound mixers 
for the purpose of combining the mixer 
controls in such a manner that the cor-
rect impedance match is maintained be-
tween the attenuators. Combining net-
works are also discussed in Question 
9.24. 

5.85 What is the cause of noise in 
a variable attenuator?—The average 
noise level for a "T"-type . mixer con-
trol is on the order of minus 100 dB and 
is constant; therefore, the signal-to-
noise ratio varies with the loss setting. 
The noise level for a ladder-type at-
tenuator is on the order of minus 120 
dB and as the attenuation is increased, 
the signal-to-noise ratio is increased. 
In high-level mixing circuits, where the 
mixer control follows a preamplifier, 
the 6-dB fixed insertion loss of a ladder 
attenuator increases the signal-to-noise 
ratio by 6 dB. Also, if the preamplifier 
employs negative feedback, its internal 
output impedance will generally be less 
than the impedance of the attenuator. 
It is not uncommon for a 600-ohm pre-
amplifier to have an internal output 
impedance of 90 ohms; in this instance 
budding-out resistors should be em-
ployed to secure proper impedance 

III I I 1 
IMPEDANCE VARIATION OF 1.2 AND 4 

LADDER-TYPE MIXER CONTROLS CONNECTED 

INA CONVENTIONAL MIXER NETWORK. 

TENI5NII0$ 

/OE 

2 

2 4 6 R 10 12 14 16 1 

CONTACTS 

20 22 24 26 28 30 32 

100 

200 

600 

TOO 

Fig. 5-83B. Impedance variations of 1, 2, and 4 ladder-type mixer controls con-
nected in a conventional mixer network. 
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match. This subject is discussed in 
Section 9. 

In the case of a slide-wire type at-
tenuator, such as the ladder, the con-
tact noise will be at a minimum if the 
material of the contact arm is of the 
same alloy as the wire. However, noise 
may be generated when a signal is 
present if the contact is dirty or cor-
roded because of rectification taking 
place between the two surfaces. Cor-
rosion will cause a minute current to 
be generated and this current will be 
heard every time the arm moves from 
one wire to the next. As a rule, this 
type of noise can only be heard when 
a signal is present. If the contact arm 
and the wire are of different alloys, 
minute currents will be generated be-
cause of the dissimilar metals and, 
when amplified, the resulting noise will 
become quite annoying. 
To eliminate the effects of contact 

noise, manufacturers are now produc-
ing variable attenuators with the con-
tacts and arm sealed in silicone grease. 
This design increases the life of the 
contacts and eliminates noise. 

5.86 What is an electronic attenu-
atorP—An amplifier designed to present 
a loss rather than a gain. Such devices 
have been constructed- with a foss of 
75 dB or more. 

Fig. 5-87. Two variable vitreous resistors 
and a composition resistor. 

5.87 What type resistors are used 
for terminating electronic equipment?— 
The type of resistor will depend on the 
amount of power dissipated in the cir-
cuit. For terminating amplifiers and 
equipment developing a considerable 
amount of power, wirewound vitreous 
resistors are used as their self-induct-
ance is quite small. Typical resistors of 
this type are shown in Fig. 5-87. 

For circuits up to one half watt, 
small composition resistors (shown at 

the lower right of Fig. 5-87) may be 
used. 

It is the usual practice to allow a 
100 percent safety factor insofar as the 
wattage rating of the resistor is con-
cerned; that is, if the power dissipated 
is, say, 5 watts, a 10-watt resistor should 
be used. (See Question 23.56.) 

5.88 How are carbon composition 
resistors constructed?—By depositing a 
layer of carbon on a glass or ceramic 
rod to which wire pigtails are attached. 
The body of the resistor is completely 
sealed against moisture. Such resistors 
are used for all types of circuit ele-
ments and, except for certain types of • 
equipment, are quite satisfactory for al-
most any application. 

5.89 Describe the type resistance 
taper curves used in composition control 
potentiometers.—Three basic resistance 
taper curves are shown in Fig. 5-89 for 
gain controls and other control func-
tions in electronic equipment. Curve 1 
is the taper most commonly employed 
in the manufacture of gain controls 
(volume controls) for use in amplifiers. 
The taper is a left-hand logarithmic 
curve, which provides a small amount 
of resistance at the beginning of the 
shaft rotation and a fast increase to-
ward the end. All three curves are 
plotted for a clockwise rotation of the , 
shaft. 

The taper of curve 2 is an opposite of 
curve 1, and is right-hand logarithmic 
taper. The change in resistance is large 
for the first half of the shaft rotation 
and small in the second half. This taper 
is used for contrast controls in oscillo-
scopes and bias voltage controls. 

The linear taper of curve 3 provides 
a rate of resistance change that is pro-
portional to the shaft rotation. Such 
tapers are employed for tone control or 
where a straight-line voltage division is 
required. 

The taper of any control may be 
measured easily by means of an ohm-
meter. First measure the total resist-
ance, then rotate the shaft exactly 50 
percent. If the resistance measures 50 
percent of its total, it is a curve 3 linear 
taper; if the measurement is 10 to 20 
percent of the total the taper is loga-
rithmic and corresponds to curve 1. 
But, if the measurement is around 80 
percent of the total it is a reverse loga-
rithmic taper and corresponds to curve 
2. 
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for potentiometers. (Courtesy, Mallory Distributor 
Products, 

5.90 What is a dual potentiometer 
or attenuator?—Two continuously vari-
able, or step attenuators connected me-
chanically together by a common shaft. 
It is used in equipment where the gain 
must be varied in two circuits simulta-
neously. Such a control is shown con-
nected at the input of a push-pull 
amplifier in Fig. 5-90. 

5.91 What is a compromise net-
work?—A network used with a hybrid 
coil for terminating a subscriber's loop 
(telephone term). The network is not 
precise but one that will result in the 
desired isolation between two direc-
tions of a hybrid coil. Hybrid coils are 
discussed in Questions 8.66 and 9.23. 

2.92 Can a bridged-T attenuator 
and an L-type attenuator be connected 
in tandem?—Yes. Any balanced or un-
balanced attenuator may be directly 
connected to another, provided the im-

Fig. 5-90. Dual input attenuators that 
are used for controlling the output of a 

push-pull amplifier. 

Co.) 

pedance match is satisfied and the con-
figurations are of such nature they will 
not cause an unbalanced condition. At 
(a) of Fig. 5-92 it is shown how an "L," 
a bridged-T, and a plain-T pad may be 
connected in tandem. At (b) is shown 
the method of connecting balanced at-
tenuator configurations in tandem. 

5.93 Describe a low- or high-fre-
quency attenuator.—A low- or high-
frequency attenuator is in reality a 
low- or high-frequency equalizer for 
attenuating a given range of frequen-
cies. An attenuator is a configuration of 
nonindv,ctive elements which in a 
given design have no effect on the fre-
quency characteristics of the circuit in 
which it is operating. But, in a low-
and high-frequency attenuator, reac-
tive elements have been added to make 
it frequency sensitive for achieving a 
given frequency characteristic. Equaliz-
ers of this type are also termed shelf-
equalizers and are used in sound mixer 
consoles. Such devices are discussed in 
Section 6 and Section 9. 

5.94 Describe the construction of a 
precision potentiometer.—Precision po-
tentiometers and rheostats have been 
developed, both mechanically and elec-
trically, to a high degree of accuracy, 
whereby linear accuracies of 0.015 per-
cent are possible. Although such poten-
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(a) Unbalanced. 

LATTICE 'o" 

(b) Balanced. 

Fig. 5-92. Attenuators connected in tandem. 

tiometers are not designed specifically 
for audio work, they find many uses for 
control circuits in a sound-recording 
activity. The interior construction of 
three different precision controls, man-
ufactured by the Amphenol Controls 
Division, are illustrated in Figs. 5-94A, 
B, and C. 

Referring to Fig. 5-94A, in this con-
trol the resistance strip consists of a 
single flat winding, with dual wipers 
for both the resistance strip and the 
rotor arm. The shaft is supported on a 
double shielded ball bearing, and can 
be rotated 354 degrees. At the rear is a 
clamp to permit the resistance element 
to be rotated through a few degrees for 
phasing with other controls. Up to six 
units may be ganged together. The re-
sistance strip (depending on the total 
resistance) may contain 290 to 1457 
turns, with linear accuracy of 0.5 per-
cent for a resistance strip length of 2.3 
inches. The housing diameter is 1340 
inches. 
A spiral-type potentiometer that may 

be rotated 10 turns is illustrated in Fig. 
5-94B. In this control, the resistance 
winding is wound around a large sup-
porting wire (about 14 to 16 gauge 
enamel), then wound in a spiral which 
permits the wiper-arm to be rotated 
3600 degrees or 10 turns. The rotor is 
of the double-wiper type with zero 
backlash. The number of turns in the 
winding around the large wire will 
vary from 1820 to 11,300, again depend-
ing on the total resistance of the wind-
ing. The winding covers a total length 
of 17.64 inches, with linear accuracy of 
0.25 percent and a dissipation of 3 watts. 

A second type spiral-wound control 
of 10 turns is shown in Fig. 5-94C, with 
a winding length of 43.5 inches. The 
resistance element will range from 2500 
to 27,000 turns, depending on the total 
resistance, with linear accuracy of 0.10 
percent, capable of dissipating 5 watts. 
In the latter two types, the bearings are 
of the sleeve type. Dials may be at-
tached to the shaft to indicate the num-
ber of turns within the accuracy of the 
potentiometer, in both digital and in-
dexing types. The latter type has an 
accuracy of 1000:1. 

5.95 Describe how the linearity of a 
straight-line potentiometer may be al-
tered.—Very often in the design of elec-
tronic equipment, the need for a poten-
tiometer with a special taper or charac-
teristic is required. If a straight-line 
potentiometer is at hand, its linear 
characteristics may be altered by the 
shunting of a fixed resistance from one 
end of the resistance to the swinger-
arm. Three methods of shunting a 
straight-line potentiometer are shown 
in Fig. 5-95. In the first method, the 
shunt resistor is connected from the 
swinger-arm to ground. With the cor-
rect value shunt resistance, the potenti-
ometer will have a taper relative to the 
angular rotation, as shown below the 
schematic diagram. The second method 
makes use of a second potentiometer 
ganged with the straight-line potenti-
ometer. In the third method, two shunt 
resistors connected at each side of the 
swinger results in a taper resembling a 
sine wave. A fourth method, not shown, 
use a shunt resistance connected from 
the swinger to the top of the potentiom-
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eter. For a detailed analysis of the 
above procedures, the reader is referred 
to the reference. 

5.96 Describe the construction of a 
photocell attenuator.—The photocell at-
tenuator is a radical departure from 
the conventional mixer control, inas-
much as there is no actual connection 
to the audio circuits in the mixing con-
sole. In the photocell-type attenuator 

the components consist of a source of 
de connected to a rheostat in the form 
of a mixer control, a lamp, and a photo-
cell. 

The audio signal is amplified in the 
usual manner; however the gain of the 
amplifier is controlled by the brillance 
of the lamp placed in front of the pho-
tocell, which is caused to go from a dark 
condition to full brillance by the posi-

- 

Fig. 5-94A. Amphenol Controls Division, Model 2150 precision potentiometer. 

Accuracy 0.25 percent. 

Fig. 5-9413. Amphenol Controls Division, Model 2450 precision potentiometer. 

Accuracy 0.5 percent. 

Fig. 5-94C. Amphenol Controls Division, Model 205 precision potentiometer. 
Accuracy 0.10 percent. 
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Fig. 5-95. Three methods of applying a shunt resistor to a potentiometer for altering 
its linear characteristics. 

tion of the mixer control (rheostat). In 
this manner it is claimed that mixer-
control contact noise is eliminated. 
However, there are some drawbacks to 
this system of mixing. 

5.97 Describe the construction and 
operation of an electroluminescence at-
tenuator control.—Electro-optical atten-
uators are used in a number of different 
devices. The one to be discussed is that 
used in the Teletronix leveling ampli-
fier, described in Question 12.84. Elec-
troluminescence is a method of produc-
ing a light source by the passage of cur-
rent through a thin layer of phosphor. 
The element, Fig. 5-97, is constructed 
somewhat similar to a capacitor. The 
light-producing element consists of a 
plate of glass or plastic coated with a 

clear conducting material on one side 
and a thin layer of phosphor on the 

METAL BACKING 

PHOSPHOR 

CLEAR GLASS 

PHOTOCONDUCTIVE BI OUTPUT 
CELLS il TERMINALS 

Fig. 5-97. Electroluminescent element 
used as a means of controlling the gain 
of electronic devices by causing the 

phosphor to fluoresce. 
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Fig. 5-98A. USASI (ASA) 51.4-1961 Curve"A" weighting network. 
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Fig. 5-98B. USASI (ASA) S1.4-1961 
curve "A" weighting network for noise 
measurements, having a frequency char-

acteristic similar to the human ear. 

other. The metallic backing contacts the 
phosphor coating. By applying an alter-
nating current to the conducting plate, 
the phosphors are excited by the volt-
age across the dielectric and light is 
produced. The amount of light emitted 
depends on the voltage and frequency. 
The light is picked up by a photocon-
ductive cell whose resistance decreases 

with the impinging light, is amplified, 
and applied to the control circuitry. 

5.98 Describe an RC network for 
weighted noise measurements.—It is 
now standard practice for manufactur-
ers of sound equipment to state the sig-
nal-to-noise ratio in terms of a 
weighted curve in accordance with the 
USAS! (ASA) S1-4-1961 Standard 
Weighted Curve (Fig. 5-98A). This 
method of measuring signal-to-noise 
ratios results in a more realistic mea-
surement, as the characteristic of the 
weighting network is similar to the 
characteristic of the human ear. The 
network shown in Fig. 5-98B is de-
signed to operate from a 600-ohm cir-
cuit, terminated at its output by a 
vacuum-tube voltmeter or similar de-
vice with at least a 1-megohm input 
impedance, with ballistics and fre-
quency characteristics of a standard 
volume indicator in accordance with 
USAS! (ASA) Standard C16.5-1961. 
(See Questions 3.93 and 17.159.) 

5.99 Describe an active network and 
its use.—Active networks are solid-state 
devices, with or without gain, designed 
to replace the conventional resistive 
network used in mixing networks. Fig. 
5-99A shows such a network manufac-
tured by Electrodyne having a total of 

Fig. 5-99A. Electrodyne Model ACN-1 
active combining network. 

Fig. 5-99B. Block diagram for Electra-
dyne ACN-1 active combining network. 

21 input circuits. Contained within the 
network is a solid-state integrated cir-
cuit (IC) amplifier which may be 
strapped for a no-gain operating condi-
tion, or for a gain of 10 or 20 dB, or 
varied in steps of 3 dB. Isolation be-
tween the input circuits is greater than 
70 dB. The use of this device eliminates 
the need for a booster amplifier to com-
pensate for the insertion loss induced 
by a resistive type combining network. 
A block diagram of its internal connec-
tions is given in Fig 5-99B. 
The frequency response is plus-mi-

nus 0.5 dB, , 20 to 20,000 Hz, with less 
than 0.3 total harmonic distortion 
(THD) for any level up to plus 18 dBm. 
The input impedance for each input is 
10,000 ohms, with an output impedance 
of 600 ohms. Ppwer requirements are; 
24 Vdc at 20 mA. The internal circuitry 
is protected against accidental reversal. 
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Section 6 

Equalizers 

All sound recording and reproducing equipment have one thing in common—the 
loss of high-frequency response. A greater part of the basic research work was 
accomplished in the early stages of development of the telephone by Zobel, Shay, 
Bode and Sallie Pero Mead and others of the Bell Telephone Laboratories. Many 
of their designs are in current use. In this section, different types of equalization 
are discussed, using simplified equations and graphs for their design. Numerous 
practical circuits are given for both recording and reproducing equipment, both 
solid state and vacuum tube. Of interest to the audio engineer will be the graphs 
for designing different types of bridged-T equalizers. 

6.1 What is an equalizer?—A de-
vice consisting of reactive elements 
which may be connected into an elec-
trical circuit for the purpose of alter-
ing the frequency characteristics of that 
circuit. 

6.2 What is a compensator?—It is 
another name for an equalizer. 

6.3 What is a duller?—A form of 
equalizer used to reduce the high-fre-
quency response of an electrical circuit. 
It is so named because the high-fre-
quency response appears to be dull and 
lacking in presence. 

6.4 What does the term pre-empha-
sis mean?—It is the same as pre-equali-
zation. (See Question 6.7.) 

6.5 What does the term post-em-
phasis mean?—It is the same as post-
equalization. (See Question 6.8.) 

6.6 What does the term de-empha-
sis mean?—It is the same as post-
emphasis. 

6.7 Define pre-equalization.—Equal-
ization which is inserted in the record-
ing circuits. (See Question 6.11.) 

6.8 Define post-equalization.— 
Equalization inserted in the reproduc-
ing circuits. (See Question 6.11.) 

6.9 What is the take-off point of an 
equalizer?—The frequency where the 
equalization starts to become effective. 

6.10 What is a low- or high-fre-
quency attenuator?—A circuit used in a 
mixer network to reduce the low- or 
high-frequency response. It generally 
consists of a shunt capacitor or reactor 

in parallel with an input circuit to re-
duce the high frequencies, or a series 
capacitor for reducing the low fre-
quencies. This subject is further dis-
cussed in Questions 6.80 and 6.81. 

6.11 What is the purpose of pie. 
and post-equalization?—Pre-equaliza-
tion is connected in the recording cir-
cuits and is used to increase the ampli-
tude of frequencies above 1000 Hz, and 
to obtain a greater signal-to-noise ratio 
during reproduction. Post-equalization 
is connected in the reproducing circuit 
and has an inverse frequency charac-
teristic to that of the pre-equalization. 

The characteristics of both type 
equali7ers is shown in Fig. 6-11. It will 
be observed that during recording 
10,000 Hz is pre-equalized 15 dB with 
reference to 1000 Hz. When reproduced, 
10,000 Hz is post-equalized (attenuated) 
15 dB, thereby reducing the surface 
noise at these frequencies by the same 
amount. (This curve does not represent 
present-day pre- and post-equalization; 
the values shown are for illustration 
only.) 

Pre- and post-equalization may be 
applied to any type recording system. 
This subject is further discussed in 
Section 13 and Section 18. 

6./2 Describe a variable equalizer. 
—It is an equalizer network in which 
the amount of equalization may be in-
creased or decreased at will. Equalizers 
of this type are used for rerecording 
(and other purposes) and are provided 

263 
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Fig. 6-11. Typical pre- and post-equalization curves. 

Fig. 6-12A. Program equalizer Model 
EQ-251A manufactured by Langevin. 
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with switches for changing the values 
of the network components. Their de-
sign is such they may be changed dur-
ing actual program operation without 
affecting the gain or impedance, or in-
troducing noise. 
A variable program equalizer manu-

factured by Langevin is shown in Fig. 
6-12A, with its many frequency-re-
sponse characteristics shown in Fig. 
6-12B. Over 1500 different combinations 
of equalization and attenuation are pos-
sible, at frequencies of 40, 100, 3000, 
5000, 10,000, and 15,000 Hz. The configu-
ration is a passive constant-B network, 
employing inductance and capacitance. 
Two vertical slide-type switches pro-

vide control for a maximum of 12-dB 
equalization, and a maximum attenua-
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Fig. 6-12B. Frequency-response characteristics of Langevin Model EQ-251A 
program equalizer. 



EQUALIZERS 265 

VOLTAGE 
AMPLIFIER 

PI DOWN 
soe 

® Cs 
500/500 I50041- 3500 

Fig. 6-1 3 B. Frequency characteristics of 
the variable equalizer circuit given in 

Fig. 6-1 3A. 

tion of 16 dB. Two rotary switches per-
mit the selection of the peak frequen-
cies. The device presents a constant 
impedance of 600 ohms, with constant 
insertion loss of 14 dB. Because of its 
physical size, it may be installed above 
a mixer control The internal wiring 
consists of printed-circuit boards. 

6.13 Show a simple variable equal-
izer for use in a low-impedance circuit. 
—A simple variable equalizer consisting 
of two resistors, an inductance, and a 
capacitor is shown in Fig. 6-13A. Near 
the center setting of the variable pots 
Pl and P2, the frequency response is 
flat. Moving Pl upward increases the 
low-frequency response and moving it 
downward decreases the low-frequency 
response. When P2 is moved upward 
the high-frequency response is in-
creased and the reverse takes place 
when it is moved downward. The total 
equalization is 28 dB, or 14 dB plus or 
minus the reference frequency. This 
equalizer has two disadvantages: (1) 
the insertion loss is not constant and 
varies with the amount of equalization 
and (2) the impedance is not constant. 
Therefore, the device must be operated 
from and into circuits presenting a solid 
termination. The approximate equaliza-
tion obtained for different settings of 
Pl and P2 is shown in Fig. 6-13B. 

6.14 What effect does an equalizer 
have on the gain of a circuit?—It pre-
sents a loss at a given reference fre-

Fig. 6-13A. A simple variable equalizer circuit. 

12 VP 

quency. The amount of loss will depend 
on the circuit design. If the insertion 
loss is appreciable, additional amplifica-
tion will be required to compensate for 
the insertion loss. 

6.15 What is a constant-loss equal-
izer?—An equalizer having a constant 
insertion loss regardless of the amount 
of equalization. Variable equalizers, un-
less specially designed, have a variable 
amount of equalization. To overcome 
this difficulty, equalizers have been de-
signed that will present a constant loss 
for any setting of their equalization. 
Such equalizers employ two attenuat,or 
pots connected mechanically in such a 
manner that, as the loss of one pot is 
increased, the other is reduced in a like 
amount. Thus, the loss in the circuit 
remains constant—only the amount of 
equalization is changed. This equalizer 
is often erroneously referred to as a 
constant-gain equalizer. A diagram of 
a constant-loss equalizer is shown in 
Fig. 6-15. It will be noted that the loss 
of the two pots Pl and P2 always re-
mains the same—for this example, 12 
dB. Therefore, the insertion loss is 12 
dB. (See Question 6.107.) 

6.16 What effect does an equalizer 
have on the impedance relations of a 
circuit?-11 the equalizer is not of con-
stant resistance or impedance, the im-
pedance of the circuit will be disturbed 
and the expected equalization may not 
be obtained. Whenever possible, con-
stant-resistance equalizers should be 
used. 

6.17 What is a constant-resistance 
equalizerP—A configuration using a 
constant resistance or impedance pad 
in conjunction with reactive elements. 
The reactive elements in the shunt and 
series arms have an inverse relation-
ship; therefore, the impedance at either 
the input or output is essentially con-
stant. 
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Fig. 6-15. A bridged-T constant-loss 

6.18 What is the configuration for 
a constant-resistance equalizer?—Gen-
erally, a plain-T pad, as shown in Fig. 
6-18. If the equalizer is to be variable, a 
T pad, variable in steps of 1 dB, is sub-
stituted for the fixed pad. As a rule, 
variable T-type equalizers employ 
bridged-T attenuators as described in 
Question 6.48. 

6.19 What is the maximum equal-
ization that can be obtained with a con-
stant-resistance equalizert— About 20 
dB is the practical limit. If a greater 
amount of equalization is required, two 
or more equalizers may be connected in 
tandem. The amount of equalization at 
the lower frequencies is limited by the 
reactive elements, particularly the in-
ductances. Only coils of the highest Q 
should be employed in conjunction with 
high-grade paper or mica capacitors. 
The coils should have their maximum 
Q at the resonant frequency. 

6.20 What is an L-type equalizer?— 
One employing a single coil and capaci-
tor as shown in Fig. 6-20. The chief dis-
advantage of this equalizer is that it 
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Fig. 6-20. L-type equalizers connected in 
tandem. Values shown are suitable for 
the reproduction of 16" transcriptions 

using the NAB characteristic. 

does not present a constant resistance 
to the operating circuits. (See Question 
6.95.) 

6.21 What does the term "shelv-
ing" mean when applied to an equalizer? 
—It means that the frequency response 
has a shelflike characteristic at the up-
per and lower ends of the spectrum as 
shown in Fig. 6-21. 

6.22 What is the phase shift for a 
bridged-T equalizer?—About 40 degrees. 

6.23 What is an attenuator equal-
izer?—An equalizer using an attenuator 

Fig. 6-18. Constant-resistance or impedance equalizers. 
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Fig. 6-21. Shelving characteristic of an 
equalizer. 

network for controlling the amount of 
equalization. They are also known as 
constant-resistance or constant-imped-
ance equalizers. The equalizers de-
scribed in Question 6.48 are attenuator 
equalizers. 

6.24 Describe an equalizer ampli-
fier.—Equalizer amplifiers were used in 
the early days of radio for reproducing 
16-inch electrical transcriptions. The 
required equalization consisted of RC 
equalizer sections interposed between 
the first and second stages. The advan-
tage of this design was that the equal-
izer and preamplifier were one unit. 
Equalizer amplifiers are now obsolete. 

6.25 What is a degenerative am-
plifier equalizer?—An equalizer em-
ploying reactive components in the 
cathode and plate circuits of a vacuum 
tube (Fig. 6-25). The amount of equali-
zation is controlled by the two poten-
tiometers, which control the degenera-
tion in the cathode circuit. Many differ-
ent combinations of both the low and 
high frequencies are possible. 

12AU7 

NI 

Fig. 6-25. Configuration of a cathode 
equalization circuit. 

This amplifier is often used in public 
address systems. Because the amount of 
equalization affects the gain of the am-
plifier stage, the main gain control of 
the amplifier system must be changed 
to compensate for every change in the 
amount of equalization. The potentiom-
eters are especially designed for this 
equalizer circuit. 

6.26 What are the characteristics 
of a resonant circuit containing mood-

tance and inductance?—Referring to the 
graph in Fig. 6-26, it will be seen that as 
the frequency is increased from the 
lowest value to a high value, the ca-
pacitive reactance (X0) decreases, while 
the inductive reactance (XL) increases. 
At the resonant frequency, the circuit 
behaves as a resistance. Below the 
resonant frequency it behaves as a ca-
pacitor, while above the resonant fre-
quency, the circuit behaves as an in-
ductance. Below the resonant fre-
quency, the current leads the voltage, 
while above the resonant frequency, it 
lags the voltage. 
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Fig. 6-26. Characteristics of a resonant 
circuit consisting of inductance and 

capacitance. 

6.27 What is a diameter equalizer? 
—In disc recording, as the smaller di-
ameters are approached, the groove ve-
locity is lowered, with an accompanying 
loss in high frequencies, particularly 
above 3000 Hz. (See Question 13.49.) To 
overcome this deficiency, diameter 
equalization is automatically introduced 
in the recording circuits at diameters 
previously determined by a family of 
frequency-response measurements, at a 
rate of 1 dB per step. The resonant fre-
quency of the equalizer is about 10,000 
to 12,000 Hz. Diameter equalization 
should not be confused with pre-equal-
ization, for it is a form of equalization 
used in addition to regular pre-equali-
zation. 
The principal objections to the use 

of diameter equalization are that it in-
creases the interrnodulation distortion 
at the smaller diameters and adds to 
the difficulty of tracking the pickup 
during reproduction. Also, the power 
handling capabilities of the recording 
amplifier must be increased to over-
come the additional insertion loss of the 
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diameter equalizer. As a rule, for in-
stallations using the standard RIAA 
pre-equalization and 6 dB of diameter 
equalization, a recording amplifier of 
100 to 120 watts output is required. 
Since the adoption of the hot-stylus 
technique for recording disc records, 
diameter equalization is not used to any 
great extent. Hot stylus recording tech-
niques are discussed in Questions 15.58 
to 15.71. 

6.28 What type equalizer is used 
for diameter equalization?—A bridged-
T, constant-loss type. (See Question 
13.111.) 

+20 

+15 

+10 

+5 

o 
I kHz 10 kHz 

Fig. 6-29A. Transmission characteristics 
of a high-frequency equalizer. 

6.29 How are equalizer characteris-
tics plotted?—Equalizer characteristics 
may be plotted in two ways, using 
either the transmission loss or the in-
sertion loss versus frequency. As a rule 
equalizer plots are made showing their 
transmission characteristics as it is 
easier to picture their operation in a 
recording circuit. An insertion-loss plot 
is used when designing such devices. 

20 

15 

-10 

5 

o 1 kHz 10 kHz 

Fig. 6-29B. Insertion-loss characteristics 
of the equalizer in Fig. 6-29A. 

Figs. 6-29A and B show the trans-
mission and insertion-loss characteris-
tics for a typical equalizer. It will be 
noted the characteristic is the same for 
both plots, except the insertion-loss 
curve indicates the equalizer's loss with 
respect to frequency and the transmis-
sion curve the gain of the circuit with 
respect to frequency. 

6.30 Can equalization be obtained 
with simple circuits containing only ca-

pacitance and inductance?—Yes, except 
that such circuits are not constant-
impedance and a given frequency re-
sponse is difficult to obtain. 

6.31 If a capacitor is connected in 
series with a circuit, how is the fre-
quency response affected?-11 the ca-
pacitor is small, the low frequencies 
will be attenuated as shown in Fig. 
6.31. The smaller the capacity, the 
greater will be the attenuation. 

Fig. 6-31. A simple equalizer using one 
capacitor in series with a circuit. 

Although this circuit could be used 
to increase the high-frequency response 
or decrease the low-frequency re-
sponse, it is not entirely satisfactory 
because the rate of cutoff, frequency 
response, and impedance match cannot 
be controlled to any great extent. The 
circuit functions by virtue of the ca-
pacitive reactance. At the low frequen-
cies the reactance is quite high and at 
the high frequencies it is quite low, 
permitting the higher frequencies to 
pass with little attenuation. The capaci-
tor might be looked upon as a variable 
resistance in series with the circuit con-
trolled by the applied frequencies. 
Therefore, the impedance varies with 
frequency. 

6.32 If a capacitor is connected in 
parallel with a circuit, how is the fre-
quency response affected?—The higher 
frequencies are attenuated. The larger 
the capacity the greater will be the at-
tenuation, and the reverse of Fig. 6-31. 
As the higher frequencies are ap-
proached, the capacitive reactance de-
creases, shunting the high frequencies 
to the low potential side of the circuit. 
It might be said that the capacitor acts 
like a variable short circuit, controlled 
by the applied frequencies. The reac-
tance of the capacitor for any frequency 
may be computed: 
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10 
= 2rfC 

where, 
Xe is the capacitive reactance in 
ohms, 

f is the frequency in Hz, 
C is the capacitance in microfarads. 

At a frequency where the capacitive 
reactance equals the circuit impedance, 
the response is down 3 dB. 

Fig. 6-32. A simple equalizer using one 
capacitor in parallel with a circuit. 

When the capacitive reactance is 
one-tenth of its original value, and the 
impedance of the circuit is ten-times 
the reactance of the capacitor, the 
change with frequency becomes neg-
ligible. To evaluate the change with fre-
quency, it is necessary to refer to a ref-
erence frequency, generally 1000 Hz. 

Fig. 6-33. A simple equalizer using one 
inductor in parallel with a circuit. 

6.33 If an inductance is connected 
in parallel with a circuit, how is the fre-
quency response affected?—If a constant 
voltage is applied to the input and the 
frequency varied, the voltage at the 
output will increase with frequency, 
because of the increase in the inductive 
reactance of the coil. This is similar to 
the series capacitor in Fig. 6-31. The 

Fig. 6-34. A simple equalizer using one 
inductor in series with o circuit. 

circuit impedance will vary with fre-
quency. 

6.34 If an inductance is connected 
in series with a circuit, how is the fre-
quency response affectedt—As the fre-
quency is increased the inductive reac-
tance increases, attenuating the higher 
frequencies, and the response becomes 
similar to that in Fig. 6-32. The induc-
tive reactance for any frequency may 
be computed: 

2rrfL 
where, 

Xi. is the inductive reactance in ohms, 
f is the frequency in Hz, 
L is the inductance in henries. 

The inductive reactance of the coil may 
be looked upon as a series resistance 
which varies with frequency; thus the 
circuit impedance changes with fre-
quency. 

6.35 What is a parallel-resonant 
equalizer?—A configuration with the 
circuit elements connected in parallel. 
The completed network is then con-
nected either in series or parallel with 
the circuit to be equalired. (See Fig. 
6-35.) 

6.36 What is a series-resonant 
equalizer?—A configuration with the 
circuit elements connected in series. 
The completed network is then con-
nected either in series or parallel with 
the circuit to be equalized. (See Fig. 
6-36.) 

6.37 Why is it necessary to equalize 
a telephone line?—For ordinary tele-
phone lines, it is not necessary unless 
they are to be used over long distances. 
Telephone lines used for radio trans-
mission are equalized to secure a uni-
form frequency response within limits, 
depending on the classification of the 
line. A telephone line may be consid-
ered as a low-pass filter, the circuit 
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(a) Connected in series with a line. 

Z C L Z 

(b) Connected in parallel with a line. 

Fig. 6-35. Parallel-resonant equalizer 
circuits. 

elements being series inductance, shunt 
capacitance, and the de resistance of the 
conductors. 
To correct for these deficiencies, 

equalizers, phase-correction networks, 
and amplifiers are connected in the line 
at given intervals called repeater sta-
tions. The amplifiers compensate for 
line losses and the insertion loss of the 
corrective networks. The phase-correc-
tion network reduces distortion due to 
phase shift. (See Questions 7.23 and 
7.24.) 

6.38 Show a simple telephone-line 
equalizer.—Fig. 6-38 shows a parallel-
resonant equalizer connected in parallel 
with a line through a variable resistor. 
The capacitor and coil in parallel reso-

C 1: 

(a) Connected in series with a line. 

(b) Connected in parallel with a line. 

Fig. 6-36. Series-resonant equalizer 
circuits. 

nate at the desired frequency. The re-
sistor R controls the amount of equali-
zation. 

The resonant frequency of the equal-
izer is made slightly higher than the 
highest frequency to be transmitted by 
the line. High quality lines are equal-
ized to within plus or minus 1 dB from 
a reference frequency of 1000 Hz. A 
typical line-equalizer characteristic is 
shown in Fig. 6-39. 

Fig. 6-38. A simple telephone-line equal-
izer network. 

6.39 Show the frequency character-
istics of o line before and after equali-
zation.—The plot of a typical telephone 
line consisting of a No. 19 nonloaded 
cable pair, 10.8 miles in length is shown 
in Fig. 6-39. Curve A shows the fre-
quency response of the line before 
equalization, and C after equalization. 
Curve B is the equalizer characteristic 
alone. Although the line characteristic 
at C is plotted to 10,000 Hz, it is the 
practice to equalize lines for broadcast 
use to within 1 dB at 8000 Hz only. For 
fm use, the frequency response is ex-
tended beyond 15,000 Hz. 

It will be noted the equalizer re-
duced the line level from a minus 14 
dBm to a minus 30 dBm, after equaliza-
tion. This loss is caused by the insertion 
loss of the equalizer. 

The Western Electric 23A equalizer 
which is similar to that shown in Fig. 
6-38 may be used on longer lines with 
the following results: 

Line Length Cable Pair Equal. at 
(Miles) Size 10 kHz 

10.0 19 1 dB 
11.5 19 2 dB 
21.5 16 1 dB 
25.0 16 2 dB 

This is for a nonloaded pair. Cable 
loading is discussed in Question 25.186. 
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6-39. Frequency characteristics of No. 19 nonleaded cable before and after 
equalization using Western Electric 23A equalizer. 

6.40 How is the amount of equali-
zation estimated for a given line?—The 
amount of equalization may be calcu-
lated from the known characteristics of 
the line. Open pairs require less equal-
ization than cable pairs, because of the 
greater distributed capacity and series 
inductance of the cable pairs. The loss 
in dB per mile for standard telephone 
cable may be obtained from the cable 
manufacturer, and the equalizer de-
signed accordingly. 

6.41 Explain how the equalizer in 
Fig. 6-38 functions.—An equalizer may 
be looked upon as a variable-loss de-
vice, controlled by the applied frequen-
cies, which varies the gain of the cir-
cuit (at a given frequency) in which 
it is connected. Frequencies attenuated 
by a line or device cannot be replaced; 
however, the predominating frequencies 
can be reduced to the level of the at-
tenuated frequencies. Thus, a uniform 
level or response is obtained. 

Referring to the equalizer in Fig. 
6-38, below the resonant frequency, a 
parallel-resonant circuit functions as an 
inductance and offers a low reactance 
at the low frequencies and a high re-
actance at the high frequencies. As the 
frequency is increased, the reactance 
increases and builds up the voltage 
across the line, with the greatest voltage 
occurring at the resonant frequency. 
This action is opposite to that of the 
transmission-line characteristic which 
attenuated the high frequencies. 

An equalizer of the type shown in 
Fig. 6-38 may, therefore, be viewed as 
a variable short circuit in parallel with 
the line and controlled by the applied 
frequencies. At the lower frequencies 
the reactance is low and at the high 
frequencies it is high. Thus, at the high 
frequencies, the shunt effect of the 
equalizer is reduced to a small amount. 
The value of the series resistance R is 

determined by the length of the trans-
mission line. As the distributed capacity 
of the line increases, the high-fre-
quency loss increases. Hence, less series 
resistance is required for a long line 
than for a short one. 

6.42 Where should a telephone 
equalizer be connected?—At the receiv-
ing end of the line. This will result in 
a maximuni signal-to-noise ratio. 

6.43 Describe the procedure for de-
signing a telephone-line equalizer.—The 
first step in the design is to measure the 
frequency characteristics of the line to 
be equalized, as described in Question 
23.96. After the response has been 
plotted, the resonant frequency of the 
equalizer may be determined. 
Assume an equalizer is to be de-

signed for a transmission line having a 
frequency characteristic of that shown 
in Fig. 6-39. It will be observed that at 
the reference frequency of 800 az., the 
line has a loss of 15 dB, compared to 
8000 Hz. A rising frequency character-
istic is required; therefore, a parallel-
resonant circuit is employed and con-
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nected in shunt with the line (Fig. 
6-44). Since the highest frequency to 
be equalized is 8000 Hz, a resonant fre-
quency of 9000 Hz will be used. The 
line will be terminated in 600 ohms. To 
obtain an equalization of 15 dB, a toroi-
dal-wound coil is required, with a "Q" 
of at least 50 or 60 at 9000 Hz. The value 
of the inductance may be found with 
the assistance of the reactance chart in 
Fig. 25-201. As this is to be a high-
frequency equalizer, a ratio of capaci-
tance to inductance is selected that will 
result in a low inductive reactance at 
100 Hz. 

Selecting a value of 100 ohms at 100 
Hz, the reactance chart is entered at 
100 Hz at the bottom of the chart and 
followed upward to where an inductive 
reactance of 100 ohms is encountered on 
the left-hand margin. At this point, a 
diagonal line representing a value of 
160 millihenries crosses the 100-Hz 
line. The 160-millihenry line is followed 
to where it intersects the 9000-Hz line. 
At this juncture, another diagonal line 
is encountered. Following this down-
ward to the right-hand margin, the 
value of capacitance is found to be 
0.00195 pP. This value of capacitance 
in parallel with a 160-millihenry coil 
will resonate at 9000 Hz. The reactance 
of the network may now be read at the 
left-hand margin, where it crosses the 
9000-Hz line; for this example this is 
9000 ohms. 

In a parallel-resonant circuit, the 
voltage falls off on either side of the 
resonant peak, attenuating the frequen-
cies on both sides. Below the resonant 
frequency, the circuit functions as an 
inductance; hence, it offers a low reac-
tance to the low frequencies and a high 
reactance to the high frequencies. As 
the frequency increases, the inductive 
reactance increases and the voltage 
across the line is built-up, the greatest 
voltage occurring at the resonant fre-

SEND 

6-de PAD 

quency. This action is diametrical/l, op-
posite to that of the transmission line, 
whose attenuation increases with fre-
quency. 

Thus, the equalizer may be viewed 
as a variable short circuit in parallel 
with the line, with the amount of short-
circuiting a function of frequency. At 
100 Hz the network used for this illus-
tration presents an impedance of 100 
ohms in parallel with the line imped-
ance, thereby attenuating the low fre-
quencies. At 9000 Hz the network im-
pedance rises to 9000 ohms; thus, the 
voltage across the line at 9000 Hz is 
increased. 

6.44 How is a line equalizer ad-
justed?—By sending a series of con-
stant-amplitude frequencies from the 
sending end of the line to the receiving 
end where the equalizer is connected. 
(See Fig. 6-44.) The resistive networks 
at the send and receive ends supply a 
solid resistive termination, while isolat-
ing the line from the measuring in-
struments. The series resistance R is 
adjusted for a uniform frequency re-
sponse within a given set of limits. This 
subject is further discussed in Question 
23.96. 

6.45 If more equalization is re-
quired than can be obtained with one 
equalizer, how is the equalization in-
creased?—By connecting two equalizers 
in tandem. The total equalization is the 
sum of the two, if they have the same 
frequency characteristics. If the char-
acteristics are not the same, it will be 
the algebraic sum of the two. 

6.46 What is a series-resonant 
equalizer and how is it designed?— 
Series-resonant equalizers are designed 
in a manner similar to the parallel-
resonant equalizer, using the reactance 
chart in Section 25. Series-resonant 
equalizers are connected in parallel, 
with a line to remove peaks as shown 
in Fig. 6-46A. The action of this con-

-• RECEIVE 

EQUALIZER 6-OEM PAD 

Fig. 6-44. Test setup for measuring the frequency characteristic of o telephone line 
with equalization. 
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Fig. 6-46A. A simple series-resonant 
equalizer network. 

f 

Fig. 6-466. The effect of  ting a 
series -r t equalizer in parallel with 
a transmission line and the resulting 

frequency response. 

figuration is the reverse of the parallel-
resonant type. In Fig. 6-46B is shown a 
peak removed from a circuit by the 
use of a series-resonant equalizer con-
nected as shown in Fig. 6-46A. The re-
sistance shown in dotted lines may be 
connected in parallel with the coil to 
lower the Q of the circuit, thus, flatten-
ing out the response. However, the use 
of this resistance will also reduce the 
amount of equalization normally ob-
tained without it. 

6.47 How are the exact values of 
capacitance obtained for equalizer con-
structionT—By connecting' capacitors in 
parallel, in series, or in series-parallel. 

6.48 Describe the four basic 
bridged-T equalizers most commonly 
used in audio work.—The four basic 
bridged-T equalizers are shown in Figs. 
6-49A and B and 6-50A and B, with 
their frequency characteristics depicted 
with their configurations. The config-
uration in Fig. 6-49A is a low-frequency 
shelf-type suppressor equalizer employ-
ing only two reactive elements, a capac-
itor and an inductance. The positions of 
the reactive elements have been re-
versed in Fig. 6-49B. A high-frequency 

shelf-type suppressor equalizer is the 
result, with an inverse characteristic of 
that in Fig. 6-49A. The configurations 
shown in Figs. 6-50A and B are similar 
in nature but employ series and parallel 
resonant circuits to achieve their char-
acteristics. Although the configurations 
shown are designed for bridged-T pads, 
straight-T pads may be substituted, if 
desired. For variable equalization, a 20-
dB bridged-T pad, variable in steps of 
1 dB, is used. As these equalizers are of 
constant impedance or resistance, they 
must be operated from, and in to, a 
solid termination. The pads may be de-
signed from the data given in Questions 
5.33 and 5.37. 

6.49 How do the reactive elements 
in a bridged-T equalizer function?— 
They control the pad loss as a function 
of frequency. In the design of a bridged-
T pad, as described in Question 5.37, 
the two resistors R1 are equal in value 
to the circuit impedance. Resistors R. 
and R. are varied in their values, in-
versely to each other, to obtain differ-
ent values of loss. For a condition of 
zero loss, R. has zero resistance and R« 
infinite resistance. Now, if reactive ele-
ments are connected in parallel and in 

PAD 
LOSS 

MAX. PAD LOSS 

Fig. 6-49A. High-frequency shelf-type 
suppressor equalizer. 

e 

MIN. PAD LOSS 

MAX. PAD LOSS 

L2 

Fig. 6-49B. Low-frequency shelf-type 
suppressor equalizer. 
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series with resistors R. and R., and rta 
and R. are selected for a given pad loss, 
the reactive elements may be employed 
to control the pad loss as a function of 
the applied frequencies. 

The configuration shown in Fig. 
6-49A is a high-frequency equalizer 
similar to that used in recording cir-
cuits for pre-equalization. Capacitor C. 
is connected in parallel with R. and the 
inductance L. in series with Re. At the 
lower frequencies C. has a high reac-
tance and the inductance Li, a low re-
actance. Under these conditions, the pad 
loss is approximately normal. 
As the frequency is increased, the 

reactance of C. starts to decrease and 
the reactance of L. starts to increase. 
When the maximum frequency is 
reached, C. shunts out R. and L. has, 
for all intents and purposes, opened up 
R. (because of the high reactance of 
L.). Thus, the pad loss is theoretically 
zero. 

Removing the pad loss from the cir-
cuit increases the gain at the higher 
frequencies. When complex waveforms 
are applied to the equalizer, the pad 
loss will appear to be different for each 
frequency component in the waveform. 
Therefore, the pad loss is controlled by 
the applied frequencies. The frequency 
response shown with the configura-
tion is the transmission characteristic 
plotted for frequencies of constant am-
plitude applied to the input of the net-
work. Equalizers of this type may be 
used to increase the frequency response 
of a circuit at either end of the spec-
trum. It will be noted that the response 
at the extreme upper and lower ends 
is shelved. 

Twenty dB of equalization is about 
all that can be obtained with a single 
equalizer of this configuration. If a 
greater amount of equalization is re-
quired than can be obtained with a 
single unit, two or more equalizers may 
be connected in tandem. The total 
equalization will be the algebraic sum 
of the two equalizers. The coils should 
be of toroidal design with a Q at the 
lower frequencies of at least 25. 

6.50 What is the purpose of using 
resonant circuits with bridged-T equal-
izers?—To resonate the equalizer at a 
predetermined frequency. Equalizers 
using this type configuration may be 
designed to attenuate or accentuate cer-
tain frequency bands. These designs 

L3 C3 

Fig. 6-50A. A resonant circuit peak-type 
equalizer. 

L5 

T
R
A
N
S
M
I
S
S
I
O
N
 

tr 

Fig. 6-500. A resonant circuit dip-type 
equalizer. 

may also be used to equalize the ex-
treme ends of the spectrum, by select-
ing the proper circuit elements and 
using the left or right side of the reso-
nant response curve shown above the 
configurations in Figs. 6-50A and B. 
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When using the configuration in Fig. 
6-50A to increase the high-frequency 
response, the left side of the response 
curve is used to provide the lift. For 
low-frequency equalization, the right 
side of the curve provides the lift. 

The configuration in Fig. 6-50B may 
be used to attenuate either the high or 
low frequencies. The right side of the 
response curve is used for attenuating 
the lower frequencies and the left side 
the high frequencies. 

The action of the reactive circuits is 
similar to that described for the con-
figurations in Figs. 6-49A and B. As the 
frequency of resonance is approached, 
the impedance of L. and Cs in Fig. 
6-50A decreases, shunting out R.. While 
this is happening, the reverse is taking 
place at L. and C.. Thus, the pad 
loss is removed from the circuit. It will 
be noted the positions of the resonant 
circuits are reversed in Fig. 6-50B. 
Therefore, the actions of the resonant 
circuits are also reversed and, thus, an 
inverse frequency characteristic to that 
in Fig. 6-50A is obtained. 

It should be remembered that in a 
parallel-resonant circuit the impedance 
increases with an increase in frequency. 
The reverse is true for a series-resonant 
circuit. The configurations shown may 
be designed to induce a peak or dip 
anywhere in the frequency spectrum, 
by the selection of the proper config-
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uration and circuit-element values. 
These equalizers may also be made 
variable in steps of 1 dB by the use of 
a 20-dB variable attenuator. The maxi-
mum equalization is about 15 dB, al-
though more may be obtained if toroi-
dal coils with the maximum Q occur-
ring at the resonant frequency are used. 

6.51 How is the equalizer shown in 
Fig. 6-49A designed?—For this design, 
the configuration in Fig. 6-49A will be 
used. The transmission characteristics 
for the configurations of Fig. 6-49A and 
B are given in Fig. 6-51A. The curves 
are plotted for a 10-dB loss pad. The 
figure 1.0, at a point where the curves 
cross is termed the crossover frequency 
and represents the frequency where 
one half the pad loss occurs. For this 
example, curve 1 will be used, with 
point 1.0 representing 1500 Hz. The 
frequency response may now be plotted 
as in Fig. 6-51B, by first indicating a 
loss of 5 dB at 1500 Hz. Again referring 
to Fig. 6-51A, at 3000 Hz (2.0) the loss 
is 125 dB; and at 4500 Hz (3.0), the loss 
is negligible; at a frequency of 750 Hz 
(0.5), the loss is 8.75 dB; and at 500 Hz 
(0.3), it is 10 dB. 
To make the curve fit a particular 

requirement, the frequency at the 
crossover point (1.0) is shifted up or 
down on the curve, as required. Three 
different plots, using one-half pad loss 
frequencies of 100, 1000, and 3000 Hz 
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Fig. 6-51A. Equalizer design chart for the shelf-type equalizers given in Fig. 6-49A 
and Fig. 6-4913. 
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400Hz 

Fig. 6-51B. Frequency response for 1500-Hz, low-frequency, bridged-T, suppressor-
type equalizer. 
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Fig. 6-51C. Frequency response for high-frequency suppressor-type bridged-T equal-
izer, using three different crossover frequencies. 

Frequency of 1/2 
Pad Loss (Hz) 30 40 50 60 80 100 120 150 200 

Li 2.64 1.98 1.58 1.32 0.990 0.792 0.658 0.531 0.396 

Ci 7.33 5.50 4.42 3.66 2.750 2.210 1.84 1.470 1.100 

Frequency of 1/2 
Pad Loss (Hz) 300 500 lk 1.5k 2k 2.5k 3k 4k 5k 

Li 0.264 0.158 0.079 0.053 0.039 0.0316 0.0264 0.0198 0.0158 

Ci 0.650 0.441 0.221 0.147 0.110 0.0884 0.0733 0.0550 0.0441 

Frequency of % 
Pad Loss (Hz) 6k 7k 8k 9k 10k 12k 15k 20k 

Li 0.0132 0.0114 0.0098 0.0086 0.0079 0.0066 0.0052 0.0039 

Ci 0.0366 0.0316 0.0275 0.0242 0.0221 0.0183 0.0147 0.0110 

Fig. 6-51 D. Component values for 600-ohm, 

are shown in Fig. 6-51C. It may be ob-
served that all the curves have the same 

shape, and only the frequency of the 
one half pad loss has been shifted. The 
affected portion of the frequency spec-
trum extends from about one third of 
the half-loss point to three times the 
half-loss point. 

After the frequency response has 
been plotted and if it is satisfactory, the 
values of Ci and Li are selected from 
the table in Fig. 6-51D. Under the 1.5 
kHz column, Li equals 0.053 henry, and 
Ci is 0.147 F. After having determined 

shelf-suppressor equalizer of Fig. 6-49A. 

the circuit element values and the fre-
quency characteristics, the configura-
tion may be converted to an impedance 
other than 600 ohms and for a pad loss 
greater than 10 dB by the use of the 
simple conversion factors given in 
Questions 6.56 and 6.57. 

6.52 How is the equalizer configura-
tion shown in Fig. 6-498 designed?-It 
is designed in a manner similar to the 
example given in Question 6.51, except 
that curve-2 of Fig. 6-51A is used. As-
sume that a low-frequency, shelf-type 
equalizer with a half-pad loss occurring 
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at 5000 Hz is to be designed. Refer to 
curve 2, read the insertion loss at the 
left and plot the frequency characteris-
tics as curve (B) in Fig. 6-52A. At 
15,000 Hz (3.0), a loss of 10 dB is indi-
cated; at 10.000 Hz (2.0). the loss is 8.75 

dB; at 2500 Hz (0.5), it is 1.25 dB; and 
for 1500 Hz (0.30), the loss is zero. Sim-
ilar to the high-frequency configura-
tion, the frequency of one half the pad 
loss may be shifted to fit a particular 
requirement. The values for the reac-
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tive elements are found under the 5000 

Hz column in Fig. 6-52B. For purpose 

of illustration, a second curve half-pad 

loss occurring at 500 Hz has been 

plotted in Fig. 6-52A. 

6.53 How is the equalizer configu-

279 

ration shown in Fig. 6-50A designed?— 
By the use of the chart given in Fig. 
6-53A. This chart is designed for a pad 

loss of 1 dB with a circuit impedance 

of 500 ohms. The left halves of the 

curves are for equalizers designed to 
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for 500-ohm equalizer shown in Fig. 6-50A. 
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increase the high-frequency response. 
The right side is used for increasing 
the low-frequency response. The com-
plete curve is used when designing a 
resonant or peaked equalizer. To illus-
trate how the chart functions, assume 
an equalizer is required for increasing 
the high-frequency response at 10,000 
Hz 10 dB, for a circuit impedance of 
500 ohms. 

Referring to the chart in Fig. 6-53A, 
three sets of transmission curves are 
given. Because this is to be a high-
frequency equalizer, a curve is selected 
from the left-hand group that will ap-
proximate the desired response, with 
the point (1.0) representing the reso-
nant frequency of 10,000 Hz. The ratio 
of other frequencies to the resonant 
frequency may now be plotted. 

Assuming the desired frequency re-
sponse approximates curve 2 at the left, 
1000 Hz (0.1) will be up 0.4 dB; 2000 
Hz (0.20), up 1 dB; 5000 Hz (0.5); 5 dB, 
7000 Hz (0.07), 8 dB; and 10,000 Hz, 
10 dB. 
While it is true the curves in Fig. 

6-53A will not satisfy all requirements, 
they will be sufficiently close for all 
practical purposes. 

After plotting the frequency re-
sponse, the circuit element values are 
selected from the table in Fig. 6-53B 

tet <X el — 

o 

2 

6 

7 

8 

9 

-10 
0.1 02 03 04 06 08 10 2.0 30 40 60 80 10. 

Fig. 6-55A. Equalizer design chart for equalizer shown in Fig. 6-508. 

under the resonant frequency of 10,000 
Hz. For the above example, these values 
are: La 5.9 rnH, I. 10.7 mil, C3 0.043 ILF, 
and C. 0.024 F. The pad loss is 10 dB. 

After the unit had been completed 
and transmission measurements made, 
the values of the capacitors may be 
shifted to bring the curve closer to 
requirements. However, unless extreme 
accuracy is desired, the indicated values 
will be close enough. 

6.54 How is a low-frequency equal-
izer similar to the one shown in Fig. 
6-50A designee—By using the sanie 
procedure as described for the high-
frequency equalizer, with one excep-
tion. The right-hand group of curves 
in Fig. 6-53A is used. The circuit ele-
ments are selected from the table in 
Fig. 6-53B. 

6.55 How is the equalizer shown in 
Fig. 6-508 designed?—By the use of 
the chart in Fig. 6-55A and using the 
procedure described in Question 6.53. 
However, as this equalizer has char-
acteristics reversed from those in Fig. 
6-50, the frequency response is plotted 
as a loss, as the curves approach reso-
nance. The circuit elements are selected 
from the table in Fig. 6-55B. The 
left-hand group of curves is used for 
high-frequency attenuation, and the 
right-hand group for low-frequency 

ru c» ă (A cr) -40:700-

CHARACTERISTIC 
TRANSM1SSON 

\ 2 I I 2 7 i 
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attenuation. For a dip-type equalizer, 
the complete curve is used. 

6.56 How are the foregoing equal-
izers converted to impedances other than 
500 or 600 ohms?—All of the foregoing 
design data have been based on either a 

281 

500- or 600-ohm circuit impedance. If 
the equalizer is to be used in a circuit 
impedance other than that given, new 
circuit component values are required. 
In this situation the equalizer network 
is designed for the impedance given, 
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then converted to the required imped-
ance by means of the conversion factors 
given in Fig. 6-56. It will be noted in 
some instances the component values 
are multiplied, and in others they are 
divided. 

The maximum attenuation (15 to 20 
dB) depends largely on the "Q" of the 
coil used. When the networks shown 
are used with a variable attenuator, the 
component values are selected for a 
pad-loss of the maximum value to be 
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Fig. 6-558 (continued). Component values for 500-ohm resonant equalizer shown in 
Fig. 6-508. 
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500 ohms 600 ohms 

K = K K = Z K 
500 600 

600 500 
500 1.20 600 0.833 

500 600 
500 1.00 600 1.000 

250 . 250 
500  0.50 600 0.416 

200 200 
500 0.40 600 0.333 

150 150 
Siki 0.30 600 0.250 

Multiply: C., Cr., L. 1,, L., and L. 

Divide: C., C2, C., C., L., and L.3. 

= New Impedance. 

Fig. 6-56. "K" factors for converting equalizer networks to impedances other than 
their original design impedances. 

used. For situations less than maximum, 
the curves will approximate the same 
general shape. Higher values of attenu-
ation will cause the curve to become 
steeper, with the break at the no-loss 
point remaining around the same point. 
This will move the design point of the 
half-pad loss closer to the break from 
the no-loss portion at the higher values 
of attenuation, and vice versa. (See 
Questions 6.61, 6.67, and 6.124.) 

6.57 How are the foregoing equal-
izers converted to other pad losses?— 
When pad losses other than 10 dB are 
required, a change in the circuit ele-
ment values is necessary. The new 
values are obtained by multiplying or 
dividing the values given for the 10 dB, 
500-ohm equalizer by the factors given 
in Fig. 6-57. 

6.58 What is a balanced equalizer? 
—One in which the circuit elements are 
connected in each side of the line in a 

dB Loss K dB Loss K dB Loss K 
3 0.30 9 0.89 15 1.62 
4 0.38 10 1.00 16 1.75 
5 0.48 11 1.12 17 1.87 
6 0.57 12 1.25 18 ?.00 
7 0.67 13 1.38 19 2.12 
8 0.78 14 1.50 20 2.25 

Multiply L2, L3, L3, C3, C., and CO• 
Divide LI, L., LO, CI, C3, and Cs. 

Fig. 6-57. "K" factors for pad losses 
other than 10 dB. 

manner similar to a balanced attenua-
tor. Four such configurations are shown 
in Figs. 6-58A, B, C, and D. The con-
figurations of Figs. 6-58A and B are 
derived from those shown in Figs. 
6-49A and B, while those in Figs. 6-58C 
and D are derived from the configura-
tions of Figs. 6-50A and B. The termi-
nating circuits must be balanced or be 
symmetrical to ground. 

6.59 Is it permissible to connect a 
balanced and an unbalanced equalizer 

2C1 

2C1 

Fig. 6-58A. Balanced configuration, de-
rived from Fig. 6-49A, showing the divi-

sion of circuit elements. 
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L2 

Lz 

Fig. 6-58B. Balanced configuration, de-
rived from Fig. 6-49B, showing the divi-

sion of circuit elements. 

in tandem?—No. They cannot be di-
rectly connected, but must be isolated 
from each other by a repeat coil as de-
scribed for attenuators in Question 5.30. 
Otherwise, serious leakage will occur at 
frequencies above 2000 Hz. 

6.60 What is the designed procedure 
for a balanced equalizer?—Balanced 
equalizers are first designed as an un-
balanced configuration and then con-
verted to a balanced configuration, as 
shown in Figs. 6-58A, B, C, and D. 

6.61 How is the attenuator loss 
selected for a variable equalizer?—The 

C4 

Ro 

(20 

L3 

R1 

2C3 

R1 

L4 

Rz 
RI 

Ro 

(21) 

L3 

Fig. 6-58C. Balanced configuration, de-
rived from Fig. 6-50A, showing the divi-

sion of circuit elements. 

attenuator loss is selected for the de-
sired maximum value. The transmission 
curves of the equalizer will remain 
essentially the same for all loss settings 
of the attenuator up to 10 dB. For 
greater values of loss, the curves will 
become steeper. 

Fig. 6-58D. Balanced configuration de-
rived from Fig. 6-50B, showing the divi-

sion of circuit elements. 

Variable attenuators for use with 
constant-resistance type equalizers as 
a rule employ the bridged-T attenuator. 
However, the plain-T may also be used, 
except that more noise may be en-
countered when changing the attenua-
tion because of the additional contacts 
and also because of its configuration. 
The bridged-T attenuator is less noisy 
when moved, because of the loading 
effect of the fixed resistors R, in the 
upper side of the configuration. Gen-
erally, the attenuator is so designed that 
it will increase the loss in steps of 1 dB. 

6.62 Is a ground connection re-
quired with an unbalanced equalizer?— 
Yes. If the equalizer is not grounded, 
leakage will occur at the higher fre-
quencies. 

6.63 Where is the ground connected 
to an unbalanced equalizer?—To the 
side which has no circuit elements, sim-
ilar to an unbalanced attenuator. 

6.64 Is it necessary to ground a 
balanced equalizer?—No. If the source 
and terminating impedances are bal-
anced with respect to ground no equal-
izer ground is necessary. 
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SOURCE LOAD 

II 

 _i L  
Fig. 6-65. A balanced equalizer con-
nected in a balanced-to-ground source 
or load circuit. The circuit may be 
grounded at both the input and output 

or at one end only. 

6.65 Where is a ground connected 
to a balanced equalizer?—If the circuit 
is not balanced to ground, the ground 
is connected to the exact electrical cen-
ter of the configuration. Because this 
may be impractical in some configura-
tions, the source and/or terminating 
circuits are balanced to ground as 
shown in Fig. 6-65. 

6.66 If two equalizers are con-
nected in tandem, what is the overall 
frequency characteristic?—lt is the alge-
braic sum of the two characteristics as 
shown in Fig. 6-66. Curves 1 and 2 are 
the characteristics of the individual 
equalizers. Curve 3 is the overall char-
acteristic. 

6.67 If the frequency characteristics 
and component values of an equalizer 
are known, can it be converted to a dif-
ferent frequency?—Yes, by changing the 
reactive component values inversely 

with respect to frequency. As an ex-
ample, an equalizer with a resonant 
frequency of 1000 Hz may be changed 
to a resonant frequency of 100 Hz by 
multiplying the reactive elements by a 
factor of 10. If this same equalizer were 
to be converted to 5000 Hz, the circuit 
elements would be divided by a factor 
of five. The impedance would remain 
the same as it was for the original de-
sign. 

6.68 What type coils are recom-
mended for equalizer construction?— 
Coils of high Q, such as toroidal-wound 
coils. The efficiency of a toroidal coil is 
extremely high compared to other de-
signs. Also, they are not affected by 
external magnetic fields and may be 
mounted alongside each other without 
fear of coupling. 
6.69 At what frequency is the maxi-
mum Q specified for equalizer coils?--
At the resonant frequency. (See Ques-
tion 8.72.) 

6.70 How are toroidal coils con-
structed?—They are wound on a circu-
lar core composed of molybdenum 
permalloy dust mixed with a plastic 
binder. The core is compressed into the 
shape of a doughnut under a pressure 
of 200 tons per square inch. A typical 
toroidal coil is shown in Fig. 6-70. By 
the use of this type winding, coils with 
a Q of several hundred are possible. 

6.71 What is the turnover frequency 
of a toroid coil?--It is the frequency at 
which the Q stops rising with frequency 
and starts downward, as shown by the 
curves in Fg. 6-71. 
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Fig. 6-66. Frequency characteristic of two equalizers connected in tandem. 
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Fig. 6-70. A toroidal-wound coil without 
the insulating cover. 

6.72 What is a honeycomb-wound 
«OEM—An air-core coil wound in such a 
manner the turns cross over each other 
and appear as a honeycomb. This design 
results in low distributed capacity but 
a low Q. 

6.73 What is a negative-feedback 
loop egualizerP—An equalizer network 
composed of reactive elements con-
nected in the feedback loop of a nega-
tive-feedback amplifier. The equaliza-
tion may be fixed or variable. However, 
variable equalization in a feedback loop 
is not desirable because each time the 
equalization is changed, the feedback 
benefits are changed, as is the gain of 
the amplifier. Typical negative-feed-
back loop-equalizer circuits are shown 
in Fig. 6-73. The subject of negative 
feedback is discussed in Questions 
12.136 through 12.168. 

250 
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oc̀  
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50 

C 0.05 

FB C1 R1 L1 1_2 C3 

-"2-1E4OESA'- '-(ÖZRZZZDA H -o 

f-—w----
C2 R2 R2 R3 

Fig. 6-73. Negative-feedback loop equal-
izers. 

6.74 What is a plate-circuit equal-
izer?—Reactive elements connected in 
the plate circuit of an amplifier to pro-
duce a given frequency characteristic. 
A typical circuit is shown in Fig. 6-74. 
This circuit may be used for securing a 
low-frequency boost by the change of 

1000 

FREQUENCY 

10 kHz 20 kHz 

Fig. 6-71. Toroidal coil "Q" versus frequency curves. 
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-I-
Fig. 6-74. Low frequency plate-circuit 

equalizer. 

reactance of the capacitor C connected 
across the load resistor R. The capacitor 
is selected for a value that will atten-
uate the high frequencies, beginning at 
a predetermined frequency. As the fre-
quency is decreased, the reactance of 
the capacitor increases permitting re-
sistor R to become effective in the cir-
cuit. In this way, the gain of the stage 
is increased at the lower frequencies. 

6.75 When is a circuit said to be at 
resonance?—When the inductive reac-
tance equals the capacitive reactance. 

6.76 What is a resonant plate-cir-
cuit equalizer?--A vacuum-tube ampli-
fier, with resonant circuits in the plate 
and cathode, used for equalizing in 
fixed-frequency bands. A typical circuit 
is shown in Fig. 6-76. The circuits are 
designed for a high Q at the resonant 
frequency. Variable resistors (R) are 
shunted across the coils to control the 
amount of equalization. The plate load 
resistor RL will vary depending on the 
type tube used. When the shunt re-
sistors in parallel with the resonant 
circuits are varied, it will be necessary 
to change the load resistance Fti. to 

2-POSITION 
LOW-FREQUENCY 
ATTENUATOR 
SECTION \, 

C1-4.22pF 

@ 1001.2 

C 

(--. OUT 

f • 7000 Hz 

f.e0Hz 

B+ 

Fig. 6-76. Cathode- and plate-circuit 
equalizers. 

compensate for the loss induced by the 
networks. As a rule, this type of equal-
ization is only used with triode vacuum 
tubes. 

6.77 What tolerance should be 
specified for equalizer coils?—Plus or 
minus two percent. 

6.78 What tolerance values should 
be specified for capacitors used in equal-
izer design?—Plus or minus three per-
cent. However, if greater accuracy is 
required, they may be adjusted to the 
exact value by paralleling. In practice, 
the equalizer is first completed and 
measured. The capacitors are then tail-
ored to obtain the desired response. 

6.79 What tolerance should be 
specified for resistors used in equalizer 
design?—Plus or minus five percent. 
However, if wirewound resistors are 
used, they are generally specified plus 
or minus one percent. 

6.80 How is low-frequency attenu-
ation achieved in a mixer circuit?—By 
connecting a capacitor in series with 
the hot side of the mixer-input circuit 
as shown in Fig. 6-80A. This method of 
obtaining low-frequency attenuation is 
simple and effective and is often used 

MIXER CONTROL 

OUT 

-lada 0-1 

0 100Hz C2.2.65PF 

INPUT 

15041--' 

± 

OUTPUT TO 
COMBINING 
NETWORK 

ONE INPUT CIRCUIT OF A 

PARALLEL CONNECTED 

MIXER NETWORK. 

Fig. 6-80A. Low-frequency attenuation in a mixer network achieved by means of series 
capacitors. 
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in dialogue recording mixers. Genera-
ally, two positions of low-frequency 
attenuation are provided, either one of 
which may be cut in or out of the cir-
cuit by means of a key switch. 

The value of the capacitor for a 
given frequency characteristic is de-
pendent on two factors—the frequency 
of F. (the frequency of 3-dB attenua-
tion), and the impedance of the mixer-

input circuit. The value of the capacitor 
may be calculated: 

10°  
C — 

27rF.R., 

where, 
F. is the frequency of 3-dB attenua-

tion, 
R. is the circuit impedance. 
C is the capacitance in microfarads. 

To illustrate the design procedure, Fig. 
6-80B shows typical low-frequency at-

tenuation curves used in the motion 
picture industry. Assume a frequency 
response similar to that of curve 1 is 
desired. For this characteristic, 100 Hz 
is to be down 8 dB with respect to 
1000 Hz; therefore, a frequency of 250 
Hz is selected for F.. The circuit im-
pedance is 150 ohms. The capacitor is 
equal to: 

10°  10°  
— 4.24 OELF 

6.2,8 x 250 x 150 — 235,500 

After calculating the value of C, its in-
sertion loss is plotted with respect to 
frequency, with the aid of the right-
hand curve (A) in Fig. 6-80C. Assum-
ing F. is 250 Hz and is represented by 
1.0 on the graph, 250 Hz will have a 
loss of 3 dB. The response at other fre-
quencies is calculated by dividing F. 
by F for each frequency and tabulated 
as shown in Fig. 6-80D as F./F. The 
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F. 
dB loss 

1000 Hz 
500 Hz 
400 Hz 
300 Hz 
250 Hz 
150 Hz 
100 Hz 
80 Hz 
60 Hz 
50 Hz 

0.10 
0.50 
0.62 
0.83 
1.00 
1.66 
2.50 
3.13 
4.16 
5.00 

- 0.10 
- 0.90 
- 1.40 
- 2.20 
- 3.00 
- 5.70 
- 8.24 
- 10.00 
- 12.40 
- 14.00 

Fig. 6-80D. Insertion-loss plot of curve 
1, Fig. 6-808. 

loss for each frequency is obtained by 
entering the graph along the bottom for 
different values of F./F and then read-
ing the loss where F./F intersects the 
right-hand curve (A). The overall 
frequency response is plotted as shown 
in Fig. 6-80B. 

If the frequency response does not 
fit a particular response curve, the fre-
quency F. is shifted to bring the re-
sponse to the desired shape. It should 
be kept in mind that such circuits are 
used only for a slow roll-off type at-
tenuation. If a faster and steeper re-
sponse is desired, a more elaborate type 
circuit will be necessary. 

Equalizers employing series capaci-
tors in the input circuit are shown in 
Fig. 6-80A. Although not of constant 
impedance design they are a simple and 
economical method of reducing the low 
frequency response for dialogue record-
ing. However, they should only be em-
ployed when the preamplifier offers a 
solid termination, such as one using 
building-out resistors, or negative feed-
back, or a combination of both. Because 
of the solid termination of the pream-
plifier and the resistive network of the 

HIGH FREQUENCY 
ATTENuATOR 

SECTION 

INPUT 
150A. 

MIXER CONTROL 

ONE INPUT OF A 

PARALLEL CONNECTED 

MIXER NETWORK 

OUTPUT TO 
COMBINING 
NETWORK 

Fig. 6-81. A high-frequency attenuator 
circuit for a mixer network. Either an 
inductance or capacitor may be used. 

mixer, this method of equalization will 
operate quite satisfactorily in circuit im-
pedances of 150, 250 and 600 ohms. (See 
Questions 6.131 and 9.24.) 

6.81 How is high-frequency atten-
uation achieved in a mixer circuit?-By 
connecting either a capacitor or induct-
ance in parallel with the mixer input 
circuit, as shown in Fig. 6-81. 

In Fig. 6-80B, two high-frequency 
rolloffs are shown. If a capacitor is to 
be used, its value is calculated as de-
scribed in Question 6.80. The frequency 
response is plotted using the left-hand 
curve (B) of Fig. 6-80C. If an induct-
ance is used, its value may be calcu-
lated: 

R. 
L = 217.F. 

where, 
F. is the frequency of 3-dB loss, 
R. is the circuit impedance. 

The procedure for plotting the inser-
tion loss is the same as described for a 
capacitor. 

6.82 Can low-frequency attenuation 
be obtained using an inductance?-Yes. 
After calculating the inductance, the 
insertion loss is plotted as for a capaci-
tor. Assume a frequency response is 
desired similar to curve 2 of Fig. 6-80B. 
The value of the inductance may be 
calculated: 

150  150 
6.28 X 400 - 2512 = 0.0597 henry 

where, 
F. equals 400 Hz, 
R, equals 150 ohms. 

6.83 How is a high-frequency atten-
uator designed using an inductance?-
The inductance is calculated as de-
scribed in Question 6.82. The insertion 
loss is plotted using the left-hand curve 
(B) of Fig. 6-80C. 

6.84 How may the frequency re-
sponse be shifted to meet a given re-
quirement?-By changing the frequency 
of F., the frequency of 3-dB attenuation. 

6.85 What is a compensated volume 
control (loudness control)?-A volume 
control used in amplifiers to compen-
sate for the human ear characteristic 
when the volume level is increased or 
decreased. The characteristic of the 
control is based on the well-known 
Fletcher-Munson or equal-loudness 
contours. This subject is further dis-
cussed in Question 5.65. 
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Fig. 6-86A. Baxandall tone-control circuit modified to operate with field effect tran-
sistors. (Courtesy, Wireless World) 

6.86 Describe the Baxandall equal-
izer circuit (tone contron—The circuit 
shown in Fig. 6-86A was first described 
by P. J. Baxandall in 1952 in Wireless 
World (English publication), and is the 
basis for many tone controls used in 
high fidelity sound reproducing equip-
ment. The basic circuit consists of two 
linear potentiometers, three resistors, 
and three capacitors. The circuit is gen-
erally connected between the plate and 
grid in vacuum-tube amplifiers, and 
in transistor circuits, between the emit-
ter and base of the following transistor. 

In Fig. 6-86A the circuit is connected 
between the source and gate elements 
of two field-effect transistors (FET's). 

BAXANDALL CIRCUIT 

1 BOOST-OE-CUT 

With potentiometers Pi and P2 set to 
their center positions, the circuit has a 
flat frequency response. Moving the 
upper control to the left increases the 
low-frequency response, while moving 
it to the right decreases the low-fre-
quency response. 

It will be observed, the potentiome-
ters of Fig. 6-86B are of higher value 
than ordinarily used in transistor cir-
cuits (suitable for vacuum tubes also). 
The equalization at 20 Hz is about plus 
or minus 18 dB, and for the high fre-
quency control plus and minus 16 dB 
with reference to 1000 Hz. When the 
low-frequency control is set for a 10 dB 
boost or cut, 125 Hz is plus or minus 

21 

+21 

Fig. 6-868. Baxandall tone-control circuit modified to operate with conventional 

transistors. (Courtesy, Wireless World) 
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Tc  
Fig. 6-88. A simple low-pass filter RC 

equalizer. 

3 dB. With the high-frequency control 
set to a maximum, the boost or cut at 
3500 Hz is also 3 dB. 

6.87 What does the term resonant 
frequency mean?—It is the frequency at 
which the inductive and capacitive re-
actances in a tuned circuit are equal. 

6.88 How is a simple low-pass filter 
characteristic obtained with an RC 
equalizer?—As shown in Fig. 6-88. The 
frequency response is rather broad for 
a single network; however, the response 
may be made steeper by cascading two 
or more sections. When a frequency is 
reached where the capacitive reactance 
is one-tenth its original value, little 
change with frequency is noted. The 
insertion loss of an RC circuit is rather 
high; therefore, it must be used with 
an amplifier. The resistor must be non-
inductive. 

6.89 Show an RC circuit for boost-
ing the low-frequency response.—Such 

Fig. 6-89. An RC low-frequency boost 
circuit. 

+8 

+6 

+4 

+2 

o 

4 

-6 

a circuit is shown in Fig. 6-89. The in-
put signal is applied to terminals 1 and 
2, and the output is taken across termi-
nals 3 and 4. With the proper selection 
of resistance and capacity, the imped-
ance of the capacitor will increase with 
a decrease of frequency. Thus, the ca-
pacitor has less shunting effect across 
the resistance R2 and, thereby, the gain 
at the lower frequencies is increased. 

6.90 How is a simple high-pass 
filter characteristic obtained with an RC 
equalizer?—As shown in Fig. 6-90. 

Fig. 6-90. A simple high-pass filter RC 
equalizer. 

6.91 Show a simple grid-circuit 
equalizer, similar to that used in pre-
amplifiers.—The circuit shown in Fig. 
6-91A is rather common in phototube 
amplifiers. It will be noted the equalizer 
circuit, Cl and R1, is connected in the 
grid circuit after the regular grid cou-
pling capacitor C. Generally, the capac-
itor Cl is of the order of 25 to 150 pico-
farads. The resistor R1 will range be-

NORMAL 
COUPLING 
CAPACITOR 

RI GRID 
/CIRCUIT 

EQUALIZER 

Fig. 6-91A. An RC grid-circuit equalizer. 
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Fig. 6-91 B. Frequency response of the grid-circuit equalizer in Fig. 6-91A. 
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tween 250,000 ohms and 1 megohm in 
value. The take-off point will depend 
on the value of Cl. The amount of 
equalization and shape of the curve are 
controlled by the value of Rl. 

Because of the insertion loss of the 
equalizer, the overall gain of the am-
plifier is reduced at the reference fre-
quency; therefore, the amplifier should 
be designed with sufficient gain to com-
pensate for the equalizer loss and suffi-
cient output level to prevent overload-
ing at the maximum frequency of 
equalization, 15,000 Hz. The frequency 
response for a grid-circuit equalizer 
using a 65-pF capacitor and 1.25-meg-
ohm resistor is shown in Fig. 6-91B. 

6.92 What frequency is used for the 
reference in equalizer design?—General-
ly, 1000 Hz; however, 400 Hz is also 
used. 

Fig. 6-93. An RC high- and low-fre-
quency equalizer. 

6.93 Show an RC configuration that 
may be used for both high- and low-
frequency correction.—Such a circuit is 
shown in Fig. 6-93, with its frequency 
characteristic given at the right. The 
amount of frequency correction is ob-
tained by the position of the two 
variable pots, P1 and P2. In the mid-
frequency range, the circuit is prac-
tically resistive, consisting principally 
of the two variable pots, and resistor 
Rl. The capacitor Cl is practically an 
open circuit because of its high reac-
tance, while the low reactance of C2 at 
these frequencies causes it to act as a 
short circuit across P2. Thus, only Pl 
and R1 are effectively in the circuit. 

As the frequency increases, the reac-
tance of Cl decreases until, finally, at 
some frequency, its reactance becomes 
so small as to effectively short circuit 
Pl. Conversely, as the frequency be-
comes lower, the reactance of Cl in-
creases until only the resistance which 
is constant for all frequencies remains 
in the circuit. However, the shunt reac-
tance of C2 increases with the decrease 
in frequency, leaving only resistance, 
which results in a higher voltage across 
the output terminals 3 and 4. Therefore, 
the equalization depends on the setting 
of Pl and P2. 

6.94 Show an amplifier with RC 
equalizers for increasing or decreasing 
the high- and low-frequency response.— 
Fig. 6-94 shows a two-stage RC coupled 
amplifier, with variable RC equalizers 
for increasing or decreasing the high-
and low-frequency response. To com-
pensate for the insertion loss of the RC 
circuits, two pentode amplifier stages 
are necessary. The variable controls P1 
and P2 are standard, center-tapped, 
audio-taper controls. This amplifier is 
designed to be inserted between the 
output and input of two triode amplifier 
stages. The frequency response is uni-
form when the pots P1 and P2 are in 
their midpositions. The overall gain 
of the amplifier will change with 
changes of equalization; therefore, the 
gain control P3 will require resetting to 
maintain the same gain through the 
amplifier. About 14 dB of equalization 
is available at either end of the spec-
trum. This, together with 14 dB of at-
tenuation at either end, makes a total 
of approximately 28 dB of equalization 
or attenuation available. 

6.95 What is the procedure for de-
signing an L-type equalizer?—L-type 
equalizers consist, basically, of two con-
figurations as shown in Figs. 6-95A and 
B. Although the L-type equalizer pre-
sents a constant impedance only in one 
direction (terminals 1 and 2), it is used 
in many applications where the circuit 
is not impedance sensitive. The impe-
dance at terminals 3 and 4 is subject to 
wide variation, similar to the L-type 
attenuators described in Questions 5.40 
and 5.41. 

The design of an L-type equalizer is 
started by first selecting a design point 
called F. which is the frequency of 
3 dB insertion loss. F. is the frequency 
where both the reactive elements L and 



EQUALIZERS 293 

INPUT LE EQUALIZER .001 

.05 

COE 
6SJ7 

470 K H.F. EQUALIZER 

300V 
Fig. 6-94. An amplifier with high- and low-frequency variable equalization. 

C have the same reactance and equal 
the line impedance R.. Knowing the 
3 dB insertion-loss frequency, the fre-
quency response for a given value of 
F. may be plotted by the aid of the 
graphs in Fig. 6-80C. 

Assume, for a given frequency re-
sponse, that F. is equal to 2000 Hz. 
Referring to curve A of Fig. 6-80C, fre-
quency F. is represented by the figure 
1.0 at the bottom of the graph. This 
point represents the 3 dB insertion loss 
point. Therefore, 2000 Hz will be down 
3 dB. The figure 2.0 on the chart will 

L1 

1 
Ro 

20  
Fig. 6-95A. A low-frequency boost, high-
frequency attenuated inverted L-type 

equalizer. 

then represent 4000 Hz and 4.0, 8000 Hz. 
Figure 0.5 represents 1000 Hz and 0.25, 
500 Hz. The response at any other fre-
quency may be calculated by dividing 
F. by F, F being any frequency. The 
loss for each frequency of interest is 
obtained by entering the graph at the 
bottom and following the frequency 
line to where it intersects the curved 
line, then reading the loss from the 
right- or left-hand side of the graph. 
Several plots appear in Figs. 6-95C and 
D, illustrating how the insertion loss is 
plotted for a given value of F.. After 

C 2 

2 

3 

4 
Fig. 6-95B. A high-frequency boost, low-
frequency attenuator, inverted L-type 

equalizer. 
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Fig. 6-95C. Typical response curves for different values of F. for inverted L-type 
equalizer shown in Fig. 6-95A. 

the response has been plotted, the 
values of inductance and capacity are 
calculated: 

Li or L.= 
22rF. 

1  
C2 or C2 = 27TF.R. 

R. 

where, 
R. is the circuit impedance, 
F. is the frequency of 3 dB insertion 

loss. 

The insertion loss for any frequency 
may be calculated: 

10 Logo [1 -I- (1' )2] 
F. 

or 

10 Log,. [1 -F (.12') 2] 

where, 
F. is the frequency of 3 dB insertion 

loss, 
F is the frequency. 

The first equation is used with curve A 
of Fig. 6-80C and the second equation 
is used with curve B. Curve A is used 
when designing an equalizer for in-
creasing the low-frequency response or 
attenuating the high frequencies. Curve 
B is used when designing an equalizer 
for increasing the high-frequency re-

 .103‘4 e•A°°° 
e o 

20Hz 100Hz IkHz 10 kHz 

z 
o 

20 O 
z 

15 

10 

5 

o 

Fig. 6-95D. Typical response curves for different values of F. for inverted L-type 
equalizers shown in Fig. 6-95B. 
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sponse and attenuating the low fre-
quencies. 

6.96 Show a typical amplifier cir-
cuit with the points in the circuit where 
the frequency characteristics may be 
changed.—A schematic of a two-stage 
amplifier with various points where 
equalization may be inserted to alter 
the frequency characteristics is given 
in Fig. 6-96. Neither the circuit nor the 
values of the components in Fig. 6-96 

et, 

490.9090 
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are intended to represent any particular 
amplifier or produce a given response. 
It presents only a composite picture of 
the methods used to secure frequency 
compensation. 

Beginning at point 1, Fig. 6-96, Ti is 
the conventional input transformer with 
a terminating resistor RI across the 
primary to present a solid termination 
to the source impedance. 

At point 2 is a capacitor Cl and re-

gge: 

I 

FV  go 
0 ® 
'000 \---vo,-• 
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sistor R2 which may be used to secure 
a slow rolloff at the higher frequencies. 
The capacitor value selected determines 
the frequency at which the rolloff 
begins, while the series resistor controls 
the amount of attenuation. 
At point 3, tube V1, varying the size 

of the cathode-byraffl capacitor C2 will 
control the high-frequency boost. The 
smaller the value of this capacitor the 
greater will be the high-frequency re-
sponse, because of degeneration in the 
cathode circuit. For high-frequency 
boost, the capacitor will vary from 0.10 
to 0.02 µF. If the cathode circuit is not 
used for frequency correction, it is by-
passed with a 40 µF or greater capaci-
tor. 

Low-frequency attenuation may be 
obtained by reducing the size of the 
screen-grid bypass capacitor C3, at 
point 4. Normally, the capacitor would 
be 10 µF. By reducing the size to 1 µF or 
less, the low-frequency response may be 
reduced accordingly. 

Low-frequency boost may be ob-
tained at point 5 by the use of capacitor 
C4 in the plate circuit of V1 which 
bypasses a portion of the plate-load 
resistor R5. Capacitor C4 is selected for 
a value that will attenuate the high fre-
quencies, beginning at a predeter-
mined frequency; thus, a low-fre-
quency boost is obtained. Capacitor C5 
and resistor R6 comprise the usual de-
coupling circuits common to high-gain 
amplifiers. 
Decreasing the size of the grid-cou-

pling capacitor C6 at point 6, results in 
a decrease of the low-frequency re-
sponse. However, it is better to secure 
low-frequency attenuation in some 
other part of the circuit and not reduce 
the coupling capacitor below 0.05 F. 

Should a low-pass filter be required, 
it may be inserted in the plate circuit 
of V1 at point 7. The resistor R7 and 
capacitor C9 shown at point 8 are used 
for high-frequency equalization and 
form the familiar grid-circuit equalizer 
so frequently found in many general-
purpose amplifiers. The value of C9 is, 
as a rule, on the order of 25 to 150 pF. 
The value of R7 will vary from a few 
hundred ohms to several megohms. 
A dip filter consisting of inductance 

12, capacitor C10, and resistor R9 is 
included in the cathode circuit of V2 at 
point 9. This circuit is used to remove 
specific bands of frequencies between 

150 and 350 Hz. It is this range of fre-
quencies which causes tubby reproduc-
tion in large auditoriums. The induc-
tance L2 is resonated by C10. Resistor 
R9 is used to broaden the resonance 
curve. Capacitor C11 across the cathode 
of V2 at point 10 may also be used for 
high-frequency boost and is similar in 
action to that of C2 at point 3. 
The series resistor R15 and capacitor 

C17 at point 11 may be connected from 
the plate of V2 to ground for the re-
duction of the higher frequencies. Its 
action is similar to that of the familiar 
tone control. Band rejection may also 
be secured by means of capacitor C13 
and coil 13 connected in series with 
the primary winding of the push-pull 
interstage transformer T2. 

At point 13 the primary of the push-
pull transformer is parallel-coupled 
through capacitor C14 to the plate of 
V2. If a value of C14 is selected to reso-
nate the primary of T2 at some fre-
quency, a low-frequency boost is ob-
tained. However, it is not good practice 
to use this method, as distortion may 
be induced. 

High-frequency attenuation may also 
be secured by shunting capacitors C15 
and C16 across the secondary of the 
interstage transformer T2, indicated at 
point 14. Resistive terminations R13 and 
R14 across the secondary may also be 
used. Resistor R12 and capacitor C12 
are connected in the plate circuit of V2 
for decoupling purposes. 

In the upper portion of the diagram 
at point 15 is shown a low-frequency 
booster circuit which may be used in 
place of C4 and R5 (point 5) in the 
plate circuit of Vl. The circuit consists 
of a large inductance, IA, of approxi-
mately 325 henries resonated by ca-
pacitor C18 in series with R16. The 
parallel resistor, R17, controls the am-
plitude, and resistor R16 controls the 
width of the resonance curve. 
Numerous other methods will sug-

gest themselves for securing frequency 
correction; however, it should be re-
membered that circuits such as those 
illustrated, while effective, must be very 
carefully applied to prevent overload 
and distortion, since these latter condi-
tions rise rapidly when circuits as 
described are employed. It is good engi-
neering practice to divide the equaliza-
tion between stages whenever possible. 
Many of the circuits shown in Fig. 6-96 
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are used in projection amplifiers in mo-
tion picture theaters to obtain charac-
teristics to suit individual installations. 

6.97 Show a three-channel equal-
izer amplifier.—Fig. 6-97A depicts a 
three-channel equalizer amplifier which 
will permit control of high, low, and 
intermediate frequencies independently 
of each other. This device consists of 
three separate amplifier stages, each 
designed to cover a limited frequency 
range. The three interstage amplifiers 
are fed from a single input stage, while 
the outputs are čombined and fed into 
one output amplifier stage. At the input 

.18 
OEŘ 
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of each amplifier is an RC network for 
limiting the amplifier response. The 
network consists of elements Cl, C2, R1, 
and Pl. The gain of each stage may be 
controlled by means of the individual 
gain controls Pl, P2, and P3. The fre-
quency response of a single stage is 
given in Fig. 6-97B. 

6.98 How can the frequency re-
sponse of an amplifier using negative 
feedback be altered?—Frequency cor-
rection may be connected in any stage 
outside of the feedback loop. Frequency 
correction may also be obtained by 
changing the values of the elements in 

11. 

Fig. 6-97A. A three-channel equalizer amplifier. 
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Fig. 6-9713. Frequency response of a sin-
gle stage of the amplifier shown in 

Fig. 6-97A. 

the feedback loop. Negative-feedback 
amplifiers are discussed in Questions 
12.136 through 12.168. 

6.99 What is a tone contro1P—A 
simple, high-frequency attenuating net-
work used in radio sets to reduce the 
high-frequency response. A typical cir-
cuit is shown in Fig. 6-99. 

9+ 

L J 

Fig. 6-99. A typical tone-control circuit 
used in radio receivers. 

6.100 Describe a microphone equal-
izer.—Microphone equalizers are used 
ahead of the mixer control and are in-
stalled in the mixer panel as a part of 
the mixer network. They permit the 
recording engineer to select a given 
microphone which provides an optimum 
response and polar pattern, and match 
the response of the other microphones 

12 

8 

4 

o 

8 

12 

16 

Fig. 6-100A. Altec-Lansing microphone 
equalizer Model 9060A. 

to the master microphone. Such equal-
izers are designed for correcting the 
variations in response, changes in the 
apparent response caused by variation 
in the microphone to source distance, 
and the acoustical characteristics of the 
recording stage. They may also be used 
to a good advantage for matching in-
door and outdoor scenes or live and 
dead rooms, as well as for dialogue 
equalization as discussed in Question 
6.80. 
An equalizer of this design is shown 

in Fig. 6-100A. The device consists of 
a passive network employing induc-
tance, capacitance, and resistance in a 
bridged-T configuration. Two slide-
type switches provide a maximum 
equalization of plus 12 dB at 100 Hz and 
7000 Hz, and a minimum attenuation of 
minus 16 dB at 100 Hz and 10,000 Hz. 
The insertion loss is 14 dB, and has a 

NNN 
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100Hz AND lOkHz MAXIMUM EQUALIZATION AND ATTENUATION 

12 
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Fig. 6-100B. Frequency characteristics of Altec-Lansing microphone equalizer Model 
9060A. 
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constant input and output impedance 
of 600 ohms. The maximum and mini-
mum limits of equalization and attenua-
tion are shown in Fig. 6-100B. The basic 
design is the constant-B equalizer dis-
cussed in Question 6.124. The internal 
wiring consists of printed-circuit 
boards. 

6.101 Give the component values 
for an RC equalizer suitable for repro-
ducing the RIAA disc record character-
istic.—A circuit, with its component 
values, designed to be connected be-
tween the plate and grid circuits of two 
vacuum tubes is shown in Fig. 6-101. 

OUTPUT 

8+ 

Fig. 6-101. RC equalizer network suit-
able for reproducing using the RIAA 
standard reproducing characteristic. 

6.102 What are the component 
values for a 600-ohm high-frequency 
bridged-T equalizer suitable for repro-
ducing the RIAA characteristic?—Such 
a circuit appears in Fig. 6-102. 

6.103 What are the component 
values for a 600-ohm low-frequency 
bridged-T equalizer suitable for repro-
ducing the RIAA characteristic?—Such 
a circuit is shown in Fig. 6-103. 

6.104 What are the component 
values for a 600-ohm high-frequency 
bridged-T recording equalizer suitable 

16mH 

.0064 
o 

Fig. 6-102. A high-frequency, bridged-T, 
post-equalizer for reproducing recordings 

using the RIAA characteristic. 
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for recording the RIAA characteristic?— 
The circuit and component values are 
given in Fig. 6-104. 

Equalizers of this design and charac-
teristic were used in disc recording cir-

2.172 H 

600.n. 600.n. 

600.n. 67.6.n. 

T. 6.0. 

0  

Fig. 6-103. A low-frequency, bridged-T, 
post-equalizer for reproducing the RIAA 

characteristic. 

cuits before the adoption of the RIAA 
Standard Reproducing Characteristic. 
(See Question 13.95.) 

6 17rnii .0183 

600.n. 600-n_ 

600.n. 600.n. 

Fig. 6-104. A high-frequency, bridge-T, 
pre-equalizer for recording using the 

RIAA recording characteristic. 

6.105 What are the RIAA record-
ing and reproducing characteristics?— 
The recording and playback character-
istics as standardized by the RIAA are 
plotted in Fig. 13-95. These standards 
are employed by the majority of the re-
cording companies in the United States 
and also by some foreign recording 
companies. It will be noted the repro-
ducing characteristic is an inverse 
curve to the recording characteristic. 
The curves shown are used for record-
ing 16-inch transcriptions, 78 rpm, and 
microgroove records. A different re-
cording and reproducing characteristic 
is used for vertical recording and re-
production. This characteristic is shown 
in Fig. 13-94. 

6.106 What are the component val-
ues for a bridged-T variable equalizer 
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Fig. 6-106A. A constant-loss variable 
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equalizer suitable for motion picture 
rerecording. 

suitable for rerecording purposes?—Fig. 
6-106A depicts a constant-loss bridged-
T equalizer with three high-frequency 
characteristics (Fig. 6-106B). In addi-
tion to the above, three low-frequency 
attenuation positions are provided. Re-
sistors R1 and R2 are connected in 
series and in shunt with the induc-
tances to permit broadening the reso-
nance curves, if desired. Resistors R3 
are connected in shunt with the capaci-
tors in the low-frequency attenuation 
circuits to provide a shelving charac-
teristic at the extreme low-frequency 
end. Circuit element values may be cal-
culated from the information contained 
in Question 6.53. 

6.107 Show a schematic diagram 
for a variable dialogue equalizer suit-
able for motion picture rerecording.— 
Fig. 6-107A is the schematic diagram of 
a six-position, variable dialogue equal-
izer with suitable characteristics for use 
during rerecording operations. Basi-
cally, the device consists of three high-

frequency equalizers, Sections 1, 3, and 
5, resonated at 1.5, 3, and 6 kHz; and 
three dip equalizers resonated at the 
same frequencies. Each of the six 
equalizer circuits may be varied indi-
vidually in steps of 1 dB, for a total of 
12 dB. The six networks are connected 
in tandem and may be varied during 
recording, if necessary. 

Sections 1, 3, and 5 are of constant-
loss design as described in Question 
6.51. Sections 2, 4, and 6, the dip equal-
izers, require only one atfenuator be-
cause the network is designed to induce 
a loss at the resonant frequency. If 
these sections were to be made con-
stant-loss, no effect would be noted 
when the attenuator was rotated. 
Two amplifiers are used, one ahead 

of the networks and the other following. 
Their purpose is to compensate for the 
insertion loss of the attenuator net-
works and permit the device to be 
operated in a recording channel as a 
no-loss, no-gain device. The required 

Fig. 6-106B. Frequency characteristics of the variable equalizer shown in 
Fig. 6-106A. 
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gain is divided between the two ampli-
fiers. The gain is so set that, when a 
given signal level is applied to the in-
put (zero equalization), the same signal 
level is obtained at the output. Operat-
ing in this manner permits the complete 
equalizer to be keyed into and out of 
the circuit without disturbing the gain 
of the recording channel. 

The coils for the equalizer and dip 
sections are toroidal wound and en-

93. 
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capsulated in plastic. (See Fig. 8-94.) 
Because these coils are toroidal wound, 
they may be mounted one above an-
other without fear of intercoupling. The 
Q of the coils ranges from 60 to 125 at 
the resonant frequency, which is neces-
sary if they are to meet the frequency 
response shown in Fig. 6-107B. Al-
though the attenuators are shown hav-
ing a 12-dB loss, the circuit elements 
have been computed using a maximum 

Fig. 6-107A. Schematic diagram for three-frequency variable dialogue and sound 
effects equalizer. 
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Fig. 6-107B. Frequency response of 

loss of 7 dB. This was done to obtain a 
broader response curve for the first 7 
steps of the attenuator. After the 7th 
step, the curves become somewhat 
steeper. 

6.108 Describe a graphic equalizer? 
—It is a variable equalizer used for the 
rerecording of motion pictures and is 
similar to that shown in Fig. 6-108A. 
The equalizer consists of two units: an 
amplifier and a group of resonant cir-
cuits; and a control panel containing a 
group of attenuat,or controls, with 
straightline characteristics, operating in 
conjunction with a panel designed to 
show the equalization graphically by 
the position of the equalizer controls. 
Each control permits a portion of the 
audio frequency spectrum to be in-
creased or decreased 8 dB in steps of 
1 dB. Frequencies of 63, 160, 400, 1000, 
2500, and 6300 Hz have been selected 
to provide a balanced energy response 
in the intermediate frequencies. Be-
cause of the control panel design the 
mixer sees the amount of equalization 

'kHz 

equalizer shown in Fig. e-107A. 
2 kHz 4kHz 6 kHz OkHz 

+ 5 

O 

5 

10 

—15 
20 kHz 

graphically at all times; hence its name. 
As a rule, the device is operated as a 
no-gain, no-loss device as explained in 
Question 6.107. 

80Hz 
RESONANT 
CIRCUIT 

REMOTE 
CONTROL _ 

A 

INPUT 

8+ 

eso Hi 
RESONANT 
CIRCUIT 

OUTPUT 

Fig. 6-108B. Simplified diagram of 
graphic equalizer showing the circuitry 

of the first amplifier stage. 

A simplified diagram of one of the 
three first amplifier stages is shown in 
Fig. 6-108B. The same principle of op-
eration and design is employed in the 
second and third stages. 

Fig. 6-108A. Cinema Engineering Co., type 7080, graphic equalizer amplifier. 
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Fig. 6-108C. Frequency characteristics of a typical graphic equalizer using 80, 200, 
500, 1300, 3000, and 8000 Hz. 

The control potentiometers between 
the top and the midpoint (which con-
nects to ground) connect the tuned 
circuits across the cathode resistor, pro-
viding a rise of 8 dB in 1 dB steps, at 
two different frequencies. 

The lower portion of the control pots 
connect the tuned circuits in series with 
a network in the plate circuit, thus 
providing attenuation of the frequency 
bands covered by the tuned circuits. 

The "Q" of the tuned circuits is such 
that when the controls are set in line 
mechanically the circuit is electrically 
flat with respect to frequency. 

In Fig. 6-108C are shown the fre-
quency characteristics of the device 
with all the controls set to zero (curve 
A), the individual frequency response 
of each control at plus 8 dB equalize 
(curve B), and the frequency response 
with all controls set to plus 8 dB equal-
ize (curve C). 

In the attenuate positions the fre-
quency characteristics of the individual 
controls are inverse to that of when the 
controls are set to the equalize (rise) 
positions. For certain types of recording 
it might be desirable to use frequen-
cies of 82, 205, 500, 1250, 3200, and 8000 
Hz. 

The schematic diagram of a typical 
graphic equalizer is shown in Fig. 
6-108D with only two of the controls 
and their tuned circuits shown to sim-
plify the diagram. The total resistance 
of the control is approximately 10,000 

1000 2000 10 000 20 000 

ohms, and is calibrated in steps of 1 dB, 
8 dB, plus, and 8 dB minus from center. 

Graphic equalizers may also be de-
signed using passive networks requiring 
no amplifiers. The gain of the system is 
adjusted to compensate for the fixed 
insertion loss of the equalizer network 
(about 14 to 16 dB). Such devices are 
discussed in Question 6.126. 

6.109 Show the configuration for a 
high-frequency post-equalizer for repro-
ducing vertical cut records.—A high fre-
quency post-equalizer suitable for re-
producing vertical cut records is shown 
in Fig. 6-109. The low-frequency post-
equalizer shown in Fig. 6-103 is con-
nected in tandem with the high fre-

quency equalizer to compensate for the 
constant-amplitude characteristics of 
the recording system. 

6.710 Give a schematic diagram for 
an equalizer suitable for transferring 
35-mm photographic sound track to 
I6-mm photographic sound track.—A 
bridged-T equalizer and low-pass filter, 
suitable for transferring 35-mm optical 
sound tracks to 16-mm optical film is 
shown in Fig. 6-110A. 
The equalizer consists of three sec-

tions: a low-frequency attenuator, a 
low-pass filter to provide a sharp cut-
off at the higher frequencies, and a 
high-frequency adjustable equalizer to 
compensate for film losses. The 
bridged-T equalizer employs a 10-dB 
pot adjustable in steps of 1 dB. In addi-
tion to the equalizer shown, an 80-Hz 
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high-pass filter should be patched into 
the channel to limit the low-frequency 
response. The frequency characteristic 
of the equalizer and low-pass filter are 
shown in Fig. 6-110B. 

This equalizer combination will be 

found useful also when transferring 
35-mm magnetic sound track to 16-mm 
photographic sound-track negative; in 
fact, it is quite useful in many opera--
tions involving 16-mm photographic 
sound track. 

e 

0V314 lOOINO3 HdOEMO OZ 

1/  

Fig. 6-108D. Schematic diagram for graphic equalizer. 
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Fig. 6-109. A high-frequency post-equalizer for reproducing 16-inch 
transcriptions. 
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Fig. 6-110A. Variable equalizer suitable for transferring 35-mm photographic sound 
track to 16-mm photographic sound track. 
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Fig. 6-1106. Frequency characteristics of 16-mm film recording equalizer shown in 
Fig. 6-110A. 

6.111 What are the pre-emphasis 
and post-emphasis characteristics used 
in fm radio transmitters and receivers? 
—Because most of the energy of human 
speech is in the low and middle fre-
quencies, it is necessary to increase the 
signal-to-noise ratio of radio-crans-
mitted speech by pre-emphasizing the 
higher frequencies as illustrated in Fig. 
6-111A. The FCC specifies that pre--

emphasis shall be employed in accord-
ance with the impedance-frequency 
characteristic of a series inductance-
resistance circuit having a time con-
stant of 75 microseconds. 
To return the frequency response to 

one of uniform characteristics in the 
radio receiver, a post-emphasis or de-
emphasis circuit must be connected at 
the output of the discriminator in the 
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Fig. 6-111A. Pre-emphasis frequency characteristics used in fm and television 
transmitters and de-emphasis characteristic used in fm and television receivers. 

radio receiver. The above circuit may 
consist of a simple RC network as 
shown in Fig. 6-111B. The time con-
stant may be calculated: 

T=R XC 
where, 
R is the resistance in ohms, 
C is the capacitance in microfarads. 

Although the circuit values shown in 
Fig. 6-111B are 100,000 ohms with a 
capacitance of 0.00075 ILF, any values 
of resistance and capacitance may be 
used if the time constant is 75 micro-
seconds. 

If the high-frequency response is 
lacking because of the sharpness of the 
intermediate amplifier in the rf section 
of the receiver, the high-frequency 
response may be increased by reducing 
the time constant to 40 or 50 micro-
seconds. This is often done in the less 
expensive fm receivers to increase the 
high-frequency response. 

6.112 How is pre-emphasis obtained 
in an fm radio transmitter?—By con-
necting an inductance in the plate cir-
cuit of a pentode amplifier stage in the 
speech amplifier, as shown in Fig. 

100 K 

FROM 'OE—W s' 
DISCRIMINATOR 

 P.. AUDIO 

0.00075 

Fig. 6-1116. De-emphasis circuit for (ni 
receiver. This network is connected be-
tween the output of the discriminator 

and the input of the audio stages. 

6-112A. At the lower frequencies the 
reactance of the inductance is negligi-
ble; therefore, a plate-load resistor RL 
must be connected in the plate circuit. 
As the frequency rises, the reactance of 
the coil will also rise, increasing the 
amplitude of the high frequencies and 
resulting in a frequency characteristic 
as shown in Fig. 6-111A. 
To obtain a 75-microsecond rise, the 

ratio of the inductance to the plate re-
sistance of the tube must be in the 
order of 13.3 ohms of resistance to one 
millihenry of inductance. A 75-micro-
second rise time may also be obtained 

8+ 

Fig. 6-112A. A 75-microsecond pre-em-
phasis circuit, connected in the plate 
circuit of a pentode, in the speech am-

plifier of an fm radio transmitter. 

Fig. 6-112B. A 75-microsecond, RC pre-
emphasis circuit connected in a low-level 
stage of the speech amplifier in an fm 

transmitter. 
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by the use of an RC circuit as shown 
in Fig. 6-112B. This circuit is also in-
stalled in one of the low-level stages of 
the speech amplifier. The attenuation 

characteristics of a de-emphasis circuit 

expressed in microseconds may be cal-
culated: 

dB -= 10 Logie (1 -I- we') 

where, 
w equals 2/rf, 
T is the time constant in seconds 
(R X C). 

For a 75-microsecond de-emphasis cir-
cuit, this may be written: 

dB = 10 Log'. (1 + 0.222f2) 
where, 
f is the frequency in hertz, 
0.222 is a constant. 

6.113 What is split-termination 
equalization?—Equalization obtained by 
altering the frequency characteristics of 
an input transformer by the use of 
terminating resistors across the primary 
and secondary as shown in Fig. 6-113. 

Assume an input transformer of uni-
form frequency characteristics with an 
impedance ratio of 500 to 100,000 ohms 
is to be used in a microphone pre-
amplifier and that a rising character-
istic at the higher frequencies is de-
sired. Further, assume the transformer 

is normally designed to operate with 
a 100,000-ohm resistive termination 
across the secondary. Now, if the sec-
ondary is terminated with a 200,000-
ohm resistor and the primary termi-
nated with a 1000-ohm resistor, the 
high-frequency response above 1000 Hz 

will be increased. By increasing the 
secondary termination to double that 
normally used, the reflected primary 
impedance is also doubled and becomes 
1000 ohms, rather than 500 ohms. Con-
necting a 1000-ohm resistor across the 
primary returns the impedance, looking 
into the primary, to 500 ohms again, by 

NORMAL ZR 

600/100,000 A 

Fig. 6-113. A transformer with split ter-
mination to obtain a rising frequency 

response at the high frequencies. 
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virtue of the primary impedance being 
in parallel with the terminating resis-
tor. This combination causes the sec-
ondary impedance to look like 66,000 
ohms when the primary winding is 
operating from a 500-ohm source. 

The rise in the high-frequency re-
sponse may be attributed to the mutual 
capacity existing between the windings 
of the primary and secondary. The rise 
at the high frequencies will continue to 
increase (within limits) as the second-
ary termination is increased. Double-
terminating a transformer increases its 
insertion loss; however, as a rule, this 

is not important in an input transformer 
and may be disregarded. 

Split terminations are often used in 
preamplifiers designed for use with 
both microphones and photocells. How-
ever, they are not recommended for 
microphone preamplifiers because of 
the loss of voltage at the secondary. 
This subject is also discussed in Ques-
tions 8.43 to 8.48. 

6.114 What is the approximate 
length of transmission line that may be 
used without equalization?—The maxi-
mum lengths are given: 

No. 16 wire   5 miles 
No. 19 wire   2.5 miles 
No. 22 wire   1.5 miles 

6.115 What does the term LC ratio 
mean?—It is the ratio of inductance to 
capacitance in a resonant circuit. The 
frequency of resonance may be calcu-
lated for either a series or parallel cir-
cuit by the formula: 

F 159 , 
ViTe 

where, 
F, is the frequency of resonance, 
L is the inductance in henries, 
C is the capacitance in microfarads, 
159 is a constant. 

As it will be seen, only one value of 
L times C will resonate to a given fre-
quency. The intended use of the circuit 
will determine the LC ratio. For a series 
resonant circuit, the LC ratio is made 
high. Reducing the LC ratio reduces the 
steepness of the resonant curve, and 
the selectivity. 

The LC ratio affects a parallel reso-
nant circuit in a manner opposite to 
the series resonant circuit. As the LC 
ratio is increased, the selectivity of a 
parallel resonant circuit is decreased. 
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6.116 What is the impedance char-
acteristic of a parallel resonant circuit? 
—In a parallel resonant circuit, the im-
pedance reaches a maximum at the 
resonant frequency. The impedance of 
a parallel resonant circuit is determined 
by the formula: 

Z=QxL 
where, 
Z is the impedance, 
Q equals XL/R, 
L is the inductance, 
R is the de resistance of the coil. 
(See Question 8.72.) 

6.117 What is the impedance char-
acteristic of a series resonant circuit?--
The impedance is at a minimum at the 
resonant frequency. 

Z=R 
where, 
Z is the impedance, 
R is the ac resistance of the coil. 

6.118 Does the Q of a coil affect 
the bandwidth?—Yes. The bandwidth 
may be expressed as: 

F, 
F2 • = — 

C2 
where, 

Fi and F2 are the frequencies at the 
edge of the bandwidth, at 0.707 
times the current at resonance, 

F, is the frequency of resonance, 
Q equals XLR. 

6.1/9 Where is the bandwidth 
taken for a series resonant circuit?—It 
is designated as a point on the reso-
nance curve that is 0.707 times the cur-
rent at resonance. Bandwidth is ex-
pressed as F. — Fi. These frequencies 

are the highest and lowest frequencies 
at the edges of the bandwidth. 

6.120 What are the essential dif-
ferences between a series and a parallel 
resonant circuit?—The series resonant 
circuit passes a given band of frequen-
cies and excludes all others. A parallel 
resonant circuit excludes a given band 
of frequencies and passes all others. 

6.121 How may the Q of a circuit 
be lowered?—By connecting a resistor 
in series or parallel with the resonant 
circuit. 

6.122 What factors influence the 
equalization characteristics of a dia-
logue recording channel?—Several char-
acteristics must be considered. Among 
them are: 

(a) Probable accentuation of the di-
alogue low frequencies due to 
the reverberation of the set and 
recording stage. 

(b) The accentuation of the low fre-
quencies because the reproduc-
ing level in a theater is generally 
6 dB higher than the recording 
level. 
Low-frequency accentuation due 
to the lowering of the voice ap-
proximately 5 dB while record-
ing. 

The foregoing factors are plotted as 
shown in Fig. 6-122 and evaluated as 
follows: Curve A is the reverberation 
characteristics of a typical recording 
stage and set; Curve B is the accentu-
ation of low frequencies, because the 
recording level is approximately 6 dB 
lower than the reproduction level in an 
average theater; Curve C is the accent-
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Fig. 6-122. Factors affecting the choice of equalization for dialogue recording. 
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uation of the low frequencies when the 
voice is lowered 5 dB during recording. 
Curve D is the algebraic sum of Curves 
A, B, and C. Curve E is the inverse of 
Curve D minus the low-frequency dia-
logue equalization required for natural-
ness and intelligibility when reproduc-
ing the human voice. 
The resulting characteristic is that 

shown by Curve E, indicating the dia-
logue should be rolled-off at the lower 
frequencies, starting at 800 Hz and con-
tinuing downward until 100 Hz is at-
tenuated approximately 14 dB with 
respect to 1000 Hz, when using a micro-
phone of uniform frequency character-
istics below 1000 Hz. 

In actual practice, 100 Hz is attenu-
ated either 8 or 12 dB with reference 
to 1000 Hz. This subject is further dis-
cussed in Question 18.81 and in Ques-
tions 4.114, and 4.27. 

6.123 What is a delay equalizer?--
A network which adds a time delay in a 
given frequency band to correct phase-
shift distortion. It is used in long line 
transmissions. The configuration is gen-
erally balanced and of the lattice type. 

6.124 What is a constant-B type 
equalizete—A special type bridged-T 
equalizer which incorporates two ad-
ditional resistance arms, R5A and R6A 
(Fig. 6-124A). It will be noted that one 
arm is in series with the series-reactive 
element Xi and the other is in shunt 
with the shunt-reactive element X2. 

The conventional bridged-T equal-
izer requires that the values of the re-
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Fig. 6-124A. Constant-B equalizer con-
figuration. The four arms of the attenu-

ator must be varied simultaneously. 

active elements be changed to maintain 
a constant slope for different values of 
attenuation. 

The constant-B equalizer controls the 
slope of equalization without changing 
the values of the reactive elements. The 
values of the reactive elements are 
changed only when changing the reso-
nant frequency. The name constant-B 
is acquired from the fact that the de-
sign frequency for this type equalizer 
is at one-half the equalizer loss and is 
designated Fe,. 

The mechanical construction of a 
constant-B. attenuator is more compli-
cated than the conventional bridged-T 
attenuator, inasmuch as it requires four 
variable arms that must be operated 
simultaneously. In the conventional 
bridged-T equalizer, the shape of the 
equalization envelope changes with 
each change of attenuation or equaliza-
tion, and if plotted for several steps, 
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Fig. 6-124B. Conventional bridged-T equalizer characteristics (after Miller and 
Kimball). 
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Fig. 6-124C. Constant-13 equalizer characteristics (after Miller and Kimball). 

6 

7 

8 

will appear as shown in Fig. 6-124B. It 
will be observed that for an attenuator 
loss of 2 dB, the half-loss (1 dB) fre-
quency equals 850 Hz, and for 4-dB loss 
it is 700 Hz and for an 8-dB loss it is 
500 Hz. To maintain the half-power fre-
quency at its original point would re-
quire that the values of the reactive 
components be altered each time the 
attenuation was changed. This can be 
confirmed by referring to the tables in 
Questions 6.51 to 6.55. To overcome the 
characteristics of the bridged-T equal-
izer, the constant-B equalizer was de-
vised. While it should be understood 
that the conventional bridged-T equal-

EQUALIZER ATTENUATION 

2,000 20,000 

izer is quite satisfactory for the ma-
jority of work (as evidenced by its ex-
tensive use in the industry), for equal-
izers such as described in Questions 
6.12, 6.100 and 6.126, constant-B design 
is a necessity to obtain the proper op-
erating characteristics. 

Referring to Fig. 6-124C, the fre-
quency characteristics for a constant-B 
equalizer, it will be noted as the equal-
ization is increased the half-loss fre-
quency remains the same for any set-
ting between 1-dB and 8-dB attenua-
tion. The frequency of the half-power 
point is held constant by the additional 
arms, RSA and R6A. The addition of 
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Fig. 6-124D. Constant-B equalizer designed for equalization or attenuation. 
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these arms modifies the characteristic 
curve by controlling the amount of 
maximum and minimum insertion loss 
while maintaining the difference be-
tween the two constants. At a frequency 
where the reactance Xi is infinite and X2 
is zero, the configuration becomes the 
well-known bridged-T pad. When the 
conditions are reversed and Xi is zero 
and X. infinite, the circuit becomes an 
attenuator in which R5 and R5A are in 
parallel, and R6 and R6A are in series, 
and is a condition of minimum loss. 
To design a constant-B equalizer, the 

first step is to select the curve of maxi-
mum equalization, which means RSA is 
infinite and R6A is zero, reducing the 
circuit to a conventional bridged-T 
equalizer. The circuit is designed as dis-
cussed in Question 6.51, and the values 
of Xi. and X2 determined. The condition 
where FI, will remain constant for all 
steps of equalization may be approxi-
mated: 

[Maximum dB loss]a 
any step = 
r Equalization on] X [Equalization on 
L same step top step 

where, equalization is defined as the dif-
ference between the maximum and 
minimum values of insertion loss, or 
equalization is equal to the maximum 
loss minus the minimum loss. The top 
loss is zero but this is not true for the 
other steps. 

Since the values on the right of the 
equation are known, only the left side 
of the equation is to be calculated. A 
bridged-T attenuator with this loss is 
now designed to obtain the values of R5 
and R6, using the design data given in 
Question 5.37. To calculate the values 
for R5A and R6A: 

Equalization = 
Maximum loss — Minimum loss 

A bridged-T pad is now designed 
having the loss as determined by the 
above equation. Resistors R5 and R5A 
now in parallel form the bridging arm, 
and as the value of R5 is known, R5A 
may be calculated. Resistors R6 and RBA 
form the shunt-arm, and in series must 
equal the shunt-arm value; RSA may be 
calculated since R6 is known. In this 
manner, each step of the network con-
figuration is determined. 

Another advantage of the constant-B 
equalizer network is that it may be 

(a) Low frequency. 

(b) High frequency. 
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used to attenuate or equalize the same 
band of frequencies by rev ersiwg the 
reactive elements (Fig. 6-1240). Sym-
metrical equalizer and attenuate char-
acteristics will be attained when the 
maximum loss of the constant-B at-
tenuator is 8.36 dB. 

6.125 Describe a constant-S type 
equalizer.—It has been stated for the 
bridged-T equalizer that the insertion 
loss for the unequalized frequencies is 
changed from step-to-step, and the 
maximum equalization held constant. 
In the constant-B equalizer, the slope 

+ 

.1 

-1 

+ 

+ 

(c) Mid frequency. 

Fig. 6-125. Basic configurations for con-
stant-S type equalizer networks (after 

Solomon and Broneer). 
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Fig. 6-126A. Graph equalizer Model 9062A manufactured by Altec-Lansing. 

of the equalization envelope is con-
trolled without having to change the 
values of the reactive elements. In the 
constant-S type equaliwe, the insertion 
loss for the unequalized frequencies is 
held constant and the point of maxi-
mum equalization is changed from step 
to step. The term "S" is the symbol for 
the insertion loss. 

The constant-S configuration is used 
in small compact equalizer networks, 
since the number of contact arms may 
be reduced to three. Also, the insertion 
loss is less than for other configurations 
for a given value of equalization. Three 
possible configurations are given in Fig. 
6-125. The reader is referred to the 
reference. 

6./26 Describe a graphic equalizer 
of the passive network type.—Graphic 
equalizers may be designed in two dif-
ferent manners, the active type, using 
a degenerative amplifier as discussed in 
Question 6.108, or one using a passive 
network requiring no amplification. The 
statement that a passive network re-
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64 Hz 160 Hz 400 Rz 

quires no amplification means that it 
has no internal amplifiers and requires 
no source of power for its operation. 
However, because it is a resistive net-
work, it does have an insertion loss; 
therefore, the system gain following the 
equalizer must be increased to compen-
sate for the network insertion loss. 

The basic design for the equalizer to 
be described is the constant-B attenua-
tor network, discussed in Question 
6.124. Because of its design, the inser-
tion loss is constant for any given fre-
quency, with the equalization variable 
over its complete operating range, with-
out changing the shape of the equaliza-
tion characteristic. The constant-B net-
work for this particular equalizer is 
designed around the half-loss point, for 
a total loss of 16 dB, resulting in a capa-
bility of plus 8-dB equalization and 
minus 8-dB attenuation, resulting in a 
total operating range of 16 dB. A front 
panel view of such an equalizer is 
shown in Fig. 6-126A. 
Two groups of operating frequencies 

'kHz 2.5kHz 6 .3kHz 

 Ý\ 
20 100 moo io 000 20,000 

FREQUENCY IN Hz 

Fig. 6-126B. Frequency response curve for Altec-Lansing Model 9073A motion pic-
ture rerecording and dialogue. 
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Fig. 6-126C. Frequency-response curve of graphic equalizer for music recording. 

are available. The one is for motion pic-
ture rerecording, using 64, 160, 400, 1000, 
2500, and 6300 Hz. The second group is 
for wide-range music recording, using 
frequencies of 50, 128, 320, 800, 2000, 
5000, and 12,000 Hz. In . the center or 
zero position the frequency is flat, 

within plus or minus 0.5 dB. The fre-
quency response for the two type 
equalizers is given in Figs. 6-126B and 
6-126C. The internal circuitry consists 
of printed-circuit boards. The physical 
dimensions are 31/4 -inches high, 10-
inches wide and 51/4 -inches deep. The 
usual method of connection is to insert 
the equalizer between the output of a 
microphone preamplifier, or reproduc-
ing machine, and the input to the mixer 
console, as in Fig. 6-126D. 

6.127 Describe a film-loss equalizer 
and its purpose.—Film-loss equalizers 
are used to compensate for the inherent 
high-frequency losses of photographic 
film, recorder optics, laboratory proc-
essing, and the linear speed of the film. 
Film loss is measured as set forth in 
Question 18.170. 

After the loss has been plotted, the 
equalizer is connected in the recording 
circuit and adjusted for a flat response 
from the film, within plus or minus 1 dB, 

PREAMP SYSTEM 
AMPLIFICATION 

EQUALIZER 

MIXER 
CONTROL 

Fig. 6-126D. Connections for a graphic 
equalizer and mixer network. 

by making further measurements. In 
some instances, the equalization is in-
creased 1 or 2 dB over that required 
to compensate for high-frequency losses 
due to variation in recording stock and 
processing. These are determined from 
day to day, when the cross-modulation 
or intermodulation tests are read. Once 
adjusted the equalizer will require no 
further attention, unless a radical 
change is made in the recording stock 
or laboratory processing. 

The schematic diagram for a film-loss 
equalizer is shown in Fig. 6-127A, with 
a family of response curves in Fig. 
6-127B. The equalizer shown is suitable 
for either 6000 Hz used for 16-mm film 
recording, or 9000 Hz used with 35-mm 
film. The equalization is obtained by 
means of capacitors and resistors in 
parallel, with capacitors and building-
out resistors in series with the coil taps. 
The purpose of the resistors in parallel 
with the capacitors is to shape the 
curve. If a different slope is required, 
they may be altered to suit the situa-
tion. However, the resistors must be 
matched in pairs. Since the configura-
tion is unbalanced, the low potential 
side must be grounded to prevent leak-
age at the high frequencies. The posi-
tion of the equalizer in a recording 
channel is discussed in Questions 18.330 
and 18.331. 

6.128 What is a loudspeaker low-
frequency boost equalizer?—It is a shelf-
type equalizer, which is shown in Fig. 
6-49B, for increasing the low-frequency 
response of small loudspeaker systems. 
It is installed between the output of the 
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driving amplifier and the input to the 
loudspeaker. Basically the device is de-
signed for 16 ohms, but it may be used 
with either 8-ohm or 16-ohm systems. 
However, if used in an 8-ohm circuit 
the increase in the low-frequency re-
sponse is less, as indicated by the fre-
quency-response curve of Fig. 6-128. 

4 I-+Jo 8 

Because the equalizer induces a 4 to 
6-dB loss at 100 Hz, the amplifier must 
be capable of developing sufficient 
power to compensate for the insertion 
loss. At least 40 watts of power should 
be available; if not, severe overloads 
may be noticed on the heavy low-fre-
quency passages. 
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Fig. 6-127A. Schematic diagram for film-loss equalizer. 
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Fig. 6-127B. Film loss equalizer frequency response. 

It should be remembered, inducing 
only a 3-dB loss at 100 Hz lowers the 
power output from the amplifier to the 
loudspeaker by 50 percent. Therefore, 
for a given loudness from the loud-
speaker, the amplifier must be driven 
harder, which in some instances may 
drive the amplifier into overload. The 
circuit elements may be designed as 
discussed in Question 6.49. 

6./29 Describe a stereophonic pickup 
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equalizer suitable for low-impedance 
lines.—A dual equalizer developed by 
Shure Bros. Inc., for use with stereo-
phonic pickup cartridges is shown in 
Fig. 6-129A. Although the circuitry 
(Fig. 6-129B) was developed for use 
with the manufacturer's pickup, it may 
be used equally well with pickups of 
other manufacture. Three different fre-
quency-response characteristics are 
available: flat response for the repro-

1611 
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Fig. 6-128. Frequency response of a loudspeaker low-frequency equalizer. 
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duction of recordings without high-fre-
quency pre-emphasis, standard RIAA 
response, and a high frequency rolloff 
for reducing surface noise (Fig. 

k _ 1 
Fig. 6-129A. Shure Bros. Inc. Model 
M66 broadcast stereophonic equalizer. 

6-129C). For use with high-impedance 
cartridges having an inductance of 365 
to 500 millihenries, the response is plus 
or minus 1 dB from 30 to 20,000 Hz. For 
low-impedance cartridges having an 
inductance of 175 millihenries, the re-
sponse is within plus or minus 2 dB 
from 50 to 20,000 Hz. For monophonic 
reproduction, the inputs of the two sides 
are connected in parallel. The channel 
separation is better than 30 dB over the 
complete spectrum, and may be used 
with line impedances of 150 to 600 ohms. 

6.130 What is a universal equal-
izer?—It is an equalizer having multi-
ple frequency characteristics. The uni-
versal equalizer to be discussed has in-
corporated in its design many features 
that make it ideal for both large and 
small studios, where many different 
types of equalization or filtering are a 
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Fig. 6-129B. Schematic diagram for Shure Bros. Inc. Model M66 broadcast stereo-
phonic equalizer. 
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Fig. 6-130. Gotham Audio Corp. 

part of the daily routine. A front view 
of a universal equalizer, Model EQ 1000, 
Gotham Audio Corp., and manufactured 
by Klein-Hummel of West Germany, 
is pictured in Fig. 6-130. 

At the left are several push-buttons 
for selecting low-frequency equaliza-
tion or attenuation at a rate of 6, 12, or 
24 dB per octave. In the center is a 
second group of push-buttons for selec-
tion of high-pass, low-pass or band-
rejection filters. At the right are several 
push-button controls for high-fre-
quency equalization or attenuation, at 
rates of 6, 12, and 24 dB per octave. 

The circuitry of this instrument con-
sists of only resistance and capacitance; 
no inductance is used in any of the 
equalizer or filter circuits to achieve its 
characteristics. The elimination of in-
ductance helps to reduce harmonics and 
intermodulation distortion, eliminate 
pickup from stray magnetic fields, and 
permit a good square-wave response, 
with smooth transition from one set of 
conditions to another. Each set of push-
buttons has in modular form its own 
set of amplifiers, resistors, and capaci-
tors, divided into seven subassemblies. 
The device is designed to be connected 
directly into a microphone line, or used 
as a bridging input. It can also be used 
to reproduce a given frequency re-
sponse, compensate for unwanted re-
sponse, or be adjusted by listening for 
the desired characteristic. In stereo-
phonic reproduction its design permits 
operation in either one or both channels 
simultaneously, without a phase shift. 
Due to its design, previous settings may 
be duplicated accurately. 

The frequency response in its linear 
condition is plus or minus 0.25 dB, from 
20 to 20,000 Hz. The input impedance is 

Model EQ 1000 universal equalizer. 

5000 ohms balanced; output is 600 
ohms. The total mis distortion from 50 
to 10,000 Hz is less than 0.4 percent. 

Maximum output is plus 22 dBm. Inter-
modulation distortion is less than 1 per-
cent, using 50 and 7000 Hz, mixed in a 
ratio of 4:1, at plus 18 dBm out. Noise 
level unweighted is minus 78 dBm, or 
using the CCIR weighted curve, minus 
93 dBm. It may be operated as a zero-
gain device, or with a gain of 5 dB. It 
requires 14 vacuum tubes for its opera-
tion. 

6.131 Describe a constant-imped-
ance low-frequency attenuator equalizer. 
—As was pointed out in Question 6.80, 
capacitor equalizers used to achieve 
low-frequency attenuation for dialogue 
recording are not constant impedance. 
In mixer networks, where a constant 
impedance is essential, the equalizer 
circuit in Figs 6-131A and B is em-
ployed. This particular design uses a 
600-ohm T-type attenuator network; 
however, the usual shunt-resistor con-
nected in series with the inductance is 
omitted to achieve the proper frequency 
characteristic. A key switch is employed 
to change the value of inductance and 
capacitance for 6-dB or 8-dB rolloff. 
The actual configuration for the two 
key positions is shown in Fig. 6-131B. 
It will be noted the greatest amount of 
low-frequency attenuation is attained 
with the smallest value of capacitance. 
This may appear to be confusing; how-
ever, it should be remembered that the 
smaller the value of a capacitance, the 
greater its reactance at a given fre-
quency. Therefore, the greatest rolloll 
is attained with the smallest value of 
capacitance and vice versa. The coil has 
a total inductance of 0.412 henry, with 
a tap at 0.25 henry. To prevent pickup 



318 THE AUDIO CYCLOPEDIA 

6000 
• 0  

UNE IN 
o 

Goon 
 o ± 

LINE OUT 
o 

LF DIALOGUE 
EQUALIZER 

600 0 6000 

=0.7 
mfd [

2)  0.25H (-8dB) 
C> 
cOE 0412 14 (-6dB) 

NC>N0 CONNECTION. 

• • 0 

NC 

i  

.-6dB NC 

o  

NC0--

NC 

NC 

0 

-8dB NC 

1 0  

 • 

NC —1.15 
yF 

Fig. 6-131A. Low frequency attenuator-type equalizer and its switching circuit. 

from stray magnetic fields, a toroidal 
coil housed in a Mumetal case is neces-
sary. 

6./32 Describe an integrated circuit 
equalizer-amplifier module.—It has be-
come common practice in the design-
ing of mixing consoles to provide plug-
in units whenever possible to facilitate 
construction and maintenance. This in-
cludes amplifiers, mixer controls, trans-
formers, equalizers, and other devices. 
An integrated circuit equalizer-ampli-
fier unit Model 709-L manufactured by 
Electrodyne, is pictured in Fig. 6-132. 
In this unit a microphone and line am-
plifier is provided, with both low- and 
high-frequency equalization. Each 
equalizer has six positions of equaliza-
tion and six positions of attenuation, 
thus providing a total range of 24 dB 
for each equalizer. Frequencies of 
equalization are 40 and 100 Hz, 1.5, 3, 5, 
and 10 kHz, in steps of 2 dB each. In 
addition, a cuing, echo send, and a level 
input key to adjust the gain for differ-
ent type microphones are provided. 

1 15uF 

Fig. 6-132. Electrodyne Model 709-L in-
tegrated circuit equalizer-amplifier mod-

ule for mixing consoles. 

0 7uF 

(a) —6 dB attenuation. (b) —8 dB attenuation. 

Fig. 6-1318. Configurations for the two switch positions in Fig. 6-131A. 
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The microphone and line amplifier 
are of the differential type. Both inputs 
of the microphone amplifier are utilized 
and are driven by a special push-pull 
input transformer. One input of the line 
amplifier is used for the signal input 
and the second is used for equalization. 
The input impedance is designed for 
operation with a 50-, 200-, or 600-ohm 
source impedance. The frequency re-
sponse is plus or minus 1 dB from 20 to 
20,000 Hz, with a THD of 0.5 percent at 
plus 18-dBm output. The unweighted 

noise level is equivalent to minus 127 
dBm, 20 to 20,000 Hz. Isolation between 
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the cue and program output is greater 
than Ti dB. The mixer control may be 
either straight-line or rotary design.. 

6.133 What type equalizers are 
used for auditorium tuning?—In reality, 
these equalizers are tuned filters, con-
sisting of a coil and capacitor connected 
in parallel, then inserted in a trans-
former-coupled line, between the volt-
age and power amplifier of a sound sys-
tem. The coils must be of fairly high 
"Q" to permit connection of a resistance 
in parallel with the coil to broaden the 
response curve. This subject is dis-
cussed in Question 2.117. 
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Section 7 

Wave Filters 

A wave filter is an electrical network of reactive elements designed to transmit 
or suppress a given band of frequencies. Wave filters are used extensively for re-
cording and reproducing sound. Much of the present day knowledge of these de-
vices came from the research of W. H. Bode, T. E. Shay, and Otto J. Zobel, all of the 
Bell Telephone Laboratories. 

This Section will deal with the design of constant-k, m-, mm'-, mm"- derived 
high-pass, low-pass, bandpass, band-elimination, and composite filters. Also in-
cluded are loudspeaker crossover networks, recording and reproducing filters, 
pink-noise filters, phase-shift filters, parallel-T filters, Wien-bridge filters, noise-
measurement filters, and dip filters. The combining of various types of wave filter 
sections is explained using ladder configurations. Simplified equations, graphs, and 
tables of constants with many practical circuits are given. 

7.1 What is a wave filter?—An 
electrical network composed of reactive 
elements used for attenuating or re-
moving a given band of either audio or 
radio frequencies. 

7.2 What is an ideal filter?—A per-
fect filter designed without regard to 
losses, physical size, cost, and other 
factors. 

7.3 What is a practical filter?—A 
physical filter designed from the ideal 
filter, in which the losses, physical size, 
cost, and shielding efficiency have been 
taken into consideration. 

7.4 What is a passive network?— 
One not acting itself, but being acted 
upon by an external source. 

7.5 What is an active network?— 
One which supplies power. It may be 
composed of batteries, a generator, or 
an amplifier. 

7.6 What is a high-pass filter?—A 
network of reactive elements which at-
tenuate all frequencies below a pre-
determined frequency selected by the 
designer. Frequencies above cutoff are 
passed without discrimination, as shown 
in Fig. 7-6. 

7.7 What is a low-pass filter?—A 
network of reactive elements which 
attenuate all frequencies above a pre-
determined frequency selected by the 
designer. Frequencies below cutoff are 

passed without discrimination. (See 
Fig. 7-7.) 

7.8 What is a bandpass filter?—One 
in which only a predetermined band of 
frequencies is passed. (See Fig. 7-46.) 

7.9 What is a band-rejection filter? 
—One which rejects or removes a pre-
determined band of frequencies. (See 
Fig. 7-47.) 

7.10 What is a band-elimination 
filter?—Another name for a band-re-
jection filter. 

+ 

(a) Configuration. 

t 
(b) Transmission characteristics. 

Fig. 7-6. A high-pass filter. 
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(a) Configuration. 

(b) Transmission characteristics. 

Fig. 7-7. A low-pass filter. 

7.11 What is an all-pass filter?.A 
filter which will pass all frequencies 
without attenuation from zero hertz 
to infinity. Such devices are used for 
phase-shifting and time-delay networks. 
(See Questions 7.23 and 7.24.) 

7.12 Describe a notch or dip filter. 
—It is a filter for removing a given fre-
quency or a very narrow band of fre-
quencies. The device generally consists 
of an RC network using a parallel-T 
configuration. (See Question 7.72.) 
Notch filters are also called dip filters 
and may use LC or LCR configurations. 
A dual notch filter manufactured by 
Altec-Lansing is shown in Fig. 7-12A, 
with notch frequencies at 150 and 820 
Hz. The configuration and frequency 
response for a similar filter, using 150 
and 520 Hz, is shown in Fig. 7-12B. 

o 

2 

o 

12 

14 

Fig. 7-12A. Model 64A double-notch or 
dip filter using 150 and 820-Hz, manu-

factured by Altet-Lansing. 

Such filters can be used for tuning an 
enclosure, using the Boner system as 
described in Question 2.117. 

7.13 What is a brute-force filter?— 
One in which the reactive elements are 
so large that the filtering is forced to 
take place. This term is generally ap-
plied to low-pass filters used in power 
supplies. 

7./4 What is a composite filtert— 
One which employs two or more filter 
sections. They may be of constant-k or 
m-derived design. 

7.15 What is the transmission bond 
of a filter?—The portion of its fre-
quency characteristic which passes a 
band of frequencies without attenua-
tion. (See Fig. 7-15.) 

00 1000 

FREQUENCY 81 Hz 
NOTCHES AT 150 Hz AND 560 Hz 

20 10,000 20,000 

Fig. 7-128. Frequency response of double-notch filter using 150 and 520-Hz. 
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f 

(a) High-pass. 

f 

(b) Low-pass. 

Fig. 7-15. Transmission characteristics 
of a high- and low-pass filter. 

7.16 What is the passband of a 
filter?—It is another name for the 
transmission band. (See Question 715.) 

7./7 What is the bandwidth of a 
filter?—The number of hertz expressing 
the difference between the lower and 
upper limiting frequencies. It is also 
called the passband. "(See Fig. 1-15.) 

7.18 What is a stop band?--The 
frequency of a band-rejection or band-
elimination filter. 

7.19 What is the cutoff frequency 
of a filter?—The frequency above or 
below which a filter fails to respond. 
The terminology used for expressing 
the characteristics of filters is discussed 
in Question 7.102. 

7.20 What is a two-terminal net-
workP—A configuration such as shown 
in Fig. 7-20. 

7.21 What is a three-terminal net-
work?—An unbalanced configuration 
with one terminal common to both the 
input and output. (See Fig. 7-21.) 

7.22 What is a four-terminal net-
work?—A balanced configuration as 
shown in Fig. 7-22. 

7.23 What is a phase-shift or phase.. 
correction network?—An electrical net-

Fig. 7-21. A three-terminal network. 

(a) Without ground terminal. 

(b) With ground termina/. 

Fig. 7-22. Four-terminal networks. 

work composed of reactive elements as 
shown in Fig. 7-23. The purpose of such 
networks is to induce a time delay in 
a given frequency band to correct for 
phase distortion in long-line telephone 
transmission. They are also used in re-
cording circuits to compensate for 
phase shift of certain type equalizers. 

C1 

(a) Resonant lattice network. 

(b) Single nonresonant lattice network. 

Fig. 7-23. Configurations of balanced 
phase-correction networks. Fig. 7-20. A two-terminal network. 
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A lattice (balanced) configuration 
phase-correction network employing 
both series and parallel resonant cir-
cuits is shown at (a) of Fig. 7-23. Each 
complementary pair is resonated to a 
selected frequency band to induce a 
given time-delay. The circuit shown at 
(b) of Fig. 7-23 is a similar type net-
work using nonresonant circuits for 
high-frequency phase correction. (See 
Question 7.112.) 

7.24 How are wave filters classi-
fied?—Wave filters are classified ac-
cording to their function and the pro-
cedure used for determining their cir-
cuit element values. The four design 
procedures are: the constant-k (proto-
type); the m-derived; the mm' (dou-
ble-m, prime derived); and the mm" 
(double-m, double-prime derived). The 
latter two are used only in advanced 
filter design where the characteristics 
must be closely controlled. For audio 
work, usually a constant-k or an m-
derived type is used, or a combination 
of both types. Such a filter is termed a 
composite filter. 

7.25 What is the characteristic im-
pedance of a wave filter?—Its design 
impedance, as designated by the symbol 
R.. A typical impedance curve for a 
constant-k type filter is shown in Fig. 
7-25. The actual impedance, Z1, pre-
sented by the filter to the line is equal 
to the line impedance R. only at one 
frequency and is one of the character-
istics of a constant-k filter. 

zz 

fc 

Fig. 7-25. Impedance characteristic of a 
constant-k filter. 

7.26 What is surge impedance?— 
The terminating impedance required at 
the end of a transmission line to pre-
vent reflection losses. 

7.27 What is the terminal imped-
ance of a filter?—The impedance seen 
when looking into the input or output 
terminals when measured with an im-
pedance bridge. 

7.28 What does the term constant 
impedance mean?—Any device which 
maintains a fixed terminal impedance 
under normal operating conditions. 

7.29 What is a pi-type filter?—A 
filter which has a configuration resem-
bling the Greek letter pi. (See Fig. 
7-39.) 

7.30 What is a constant-k filter? 
—A wave filter in which a constant 
termed k is used. This term is some-
times misconstrued as meaning that 
the impedance of the filter is constant; 
however, this is not the case. The im-
pedance of a constant-k filter is equal 
to the line impedance at only one fre-
quency and presents a mismatch at all 
other frequencies, as described in Ques-
tion 7.25. 

7.31 What is an m-derived filter?— 
A wave filter in which the impedance 
and attenuation characteristics may be 
controlled by the designer. The term 
m is a constant lying between zero and 
one. An m-derived filter can be de-
signed to match approximately 85 per-
cent of the frequency band covered by 
the filter. For audio frequencies, the 
constant m is generally made to equal 
0.60. An m-derived filter may also be 
combined with a constant-k section to 
secure a given frequency characteristic. 
When a constant-k and an m-derived 
filter section are combined, the filter is 
called a composite filter. 

7.32 What is the insertion loss of a 
filter?—It is the loss in level measured 
at a given frequency in the passband, 
with the filter in and out of the circuit. 
The insertion loss of a filter (in deci-
bels) may be found by determining the 
amount of the current reduction at the 
load side of the network. As a general 
practice, the insertion loss of any net-
work is measured at a frequency within 
the fiat portion of the passband; the ex-
act frequency depends on the individual 
characteristics of the network. The ex-
pression for calculating the insertion 
loss is: 

IL =20Logiu (1 ) 
E2 

20Log.   

where, 
E. and E. are the voltages at the input 
and output terminals, 

RI. and R.., are the impedances of 
the network at its terminals. 

This formula takes into consideration 
the mismatch of impedances at either 
end of the network and the effect of 
series and shunt reactances in the net-
work. 
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7.33 What causes insertion loss?— 
The dc resistance of the coils and the 
series and shunt reactance of the circuit 
elements. 

7.34 How can the impedance of an 
unknown filter be measured?—By mea-
suring the geometric mean of the filter 
impedance in the passband at a given 
frequency. The impedance is first mea-
sured with the far end shorted, then 
open. The characteristic impedance R. 
is then equal to: 

R.= V L X Zs 
where, 

Z. is the first measurement, 
Z. is the second measurement. 

7.35 What is the transmission char-
acteristic of a wove filter?—It is the 
frequency characteristic of the filter 
plotted as frequency versus attenuation 
and is the characteristic seen by the 
circuit in which it operates (Fig. 7-15). 

7.36 What are the attenuation 
characteristics of a wave filtert—The 
loss of a filter plotted as frequency 
versus insertion loss in decibels. 

7.37 Define the term, "image im-
pedance."—The image impedance of a 
wave filter is presented by a group of 
curves, each curve having a different 
impedance characteristic, depending on 
the character of the configuration. (See 
Fig. 7-48A.) The image impedance con-
sists of two impedances, not necessarily 
alike, that will simultaneously termi-
nate the network at its two ends, 
thereby avoiding internal reflection 
losses. This occurs when the image ůn-
pedance is equal to the impedance look-
ing into the filter network. When the 
image impedances are equal in value 
(input and output), the filter is sym-
metrical and is equal to 2,, the charac-
teristic impedance of the network. 

The term impedance can best be ex-
plained by means of Fig. 7-37A. The 
image impedances are equal to Z, and 
Z2 if the termination impedances are of 
such value that, with Z, disconnected, 
the impedance looking into the input 
of the filter equals Z.; with Z, connected 
and Z. disconnected, the impedance 

Z1 INPUT FILTER NE1WORK OUTPUT Z2 
 04 

Fig. 7-37A. Filter network terminated in 
its image impedances. 

Fig. 7-37B. Elementary filter network 
terminated in its image impedances. 

looking into the output terminals equals 
Z,. Thus, the term image impedance 
may be explained as follows; looking 
into the input terminals Z, sees its 
image, and looking back into the net-
work Z. sees its image. This is the con-
dition when a filter network is said to 
be terminated in its image impedance. 
Mathematically the image impedance, 
with Z, disconnected and L connected 
is: 

(ZsZ.)  
Z,.=ZA (Z., 2,2) 

Disconnecting Z. and connecting Z,, the 
image impedance is: 

(Z. -F Z1) 74,  
(ZA -F Z. -F Zs) 

Therefore, 

= V (ZA ± ZA) ZA 

ZA 
z =  Z.— ./w.---F-7ZY 

where, 
Z,, Z, ZA and ZB are as shown in Fig. 
7-37B. 

Mathematically, the foregoing gives the 
image impedance for any given set of 
circuit constants. However, in design of 
practical filters, the image impedance is 
known in advance, and the circuit con-
stants are then computed to result in 
the desired image impedance. The 
image or characteristic impedance of an 
existing filter may be measured as 
given in Question 7.34. 

7.38 What is meant when it is said 
two impedances are conjugates of each 
other?—When their resistive compo-
nents and their reactive components are 
equal in magnitude but opposite in sign. 

7.39 What are the basic configura-
tions and equations for constant-k low 
pass filterst—The basic designs for con-
stant-k low-pass filter sections are 
shown in Fig. 7-39. It will be noted that 
a T-type network has an inductance 
(L,) in series with the line and a ca-
pacitance (C.) in shunt with the line. 
Operation of the network may be visu-
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Fig. 7-39. Configuration and frequency characteristics of a constant-k low-pass filter. 

alized by consideration of the properties 
of inductive and capacitive reactance. 

Inductive reactance varies directly 
with frequency. Since an inductive re-
actance is connected in series with the 
line, it offers an increasing opposition 
to transmission as the frequency is in-
creased. The capacity in shunt with 
the line presents a capacitive reactance 
which decreases with frequency. As the 
frequency is increased, this capacitive 
reactance becomes more effective in 
shunting the audio currents, thereby 
reducing the transmission through the 
filter. The combination of the induc-
tive and capacitive reactance produces 
a net attenuation characteristic begin-
ning at the cutoff frequency and con-
tinuing beyond the cutoff frequency. 
The impedance presented by a T net-
work to the transmission line is desig-
nated Z1. This impedance is equal to the 
line impedance at zero frequency only 
and decreases progressively through the 
passband. This may be seen by refer-
ring to the impedance curve for a T 
section (Fig. 7-39). 
An L-type network may be thought 

of as one-half of a T section or one-
half of a pi section. An L section is 
also called a half-section and has an 
attenuation characteristic which is half 

as much as the attenuation of a full 
section (T or pi) at the same fre-
quency. The impedance of an L filter is 
designated Z and U. These two desig-
nations are used because the impedance 
of the filter at one set of terminals dif-
fers from the impedance at the other. It 
will be seen that at one end the imped-
ance is the same as for the T network 
and, at the other, the impedance char-
acteristic is the same as that of the pi 
network. 

The attenuation characteristics of a 
pi section can be made identical to 
those of a T section, as indicated by the 
attenuation curves. The attenuation of 
either a pi or a T section is twice as 
much as for the L or half-section net-
work. The impedance of the pi section 
is designated Z1' for both ends. A con-
stant-k pi section presents an imped-
ance to the line which equals the line 
impedance at zero frequency and in-
creases as the frequency increases 
within the passband. 

7.40 How are the different filter 
sections selected?—By their attenuation 
and impedance characteristics. The at-
tenuation of a constant-k full section is 
approximately 23 dB, one octave re-
moved from the cutoff frequency. This 
is not considered to be a sharp rate of 
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cutoff. If the attenuation is not suffi-
cient, combinations of filter sections 
may be connected in tandem. 

7.41 How are different type filter 
sections combined?—To better under-
stand how filter sections are combined, 
in Fig. 7-41A is shown the familiar lad-
der-type network with its series reac-
tive element Zi and shunt reactive ele-
ment Z2. These reactive elements (im-
pedance) may be either capacitive or 
inductive. If two lines, A and B (Fig. 
7-41B) are drawn through the midpoint 
of the two series elements, the familiar 
T-section is developed. In this configu-
ration the series arms are denoted Z2/2, 
since they are a half of Z, in Fig. 7-41A, 
and they are referred to as midshunt 
terminals. Referring again to Fig. 7-41B, 
drawing a line at C, the structure be-
tween B and C becomes an L-type con-
figuration. In this instance the series 
arm is also Z2/2, while the shunt arm is 
2Z2, and the terminals are termed mid-
shunt. Cutting the network with a line 

Z2 

D, the configuration between C and D 
becomes a pi-type configuration. The 
series element is Z2, while the shunt 
element is 2Z2. For the element (Z2) to 
equal Z2 in Fig. 7-41A, its value must 
be doubled. In practice, when two ele-
ments appear in series or parallel, they 
are combined into one element. 
The input terminals of the L-type 

configuration, Fig. 7-41B are termed 
midseries, while the output terminals 
are called midshunt. An L section is 
also referred to as a half-section, since 
two L sections connected in tandem 
form a T type or pi section, depending 
on whether they are joined at their 
midshunt or midseries terminals. The 
method used for combining the ele-
ments of two T-type configurations is 
shown in Fig. 7-41C. Combining two 
pi sections is shown in Fig. 7-41D. 
Any number of filter sections may be 

combined in tandem to secure the de-
sired attenuation. A filter of this design 
is referred to as a composite filter. For 

Fig. 7-41A. Ladder network used in basic design. 

Z1 
2 

A 
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Fig. 7-41B. Ladder network broken down into filter configurations. 

T   
g Z1 Zi h T— 
ľ! 2 ; 2 2; 

Fig. 7-41C. Combining two T filters. 

lf b t 4 

Fig. 7-41D. Combining two pi filters. 
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audio frequency work, generally, two 
sections are sufficient. In assembling a 
composite filter, sections with similar 
impedance characteristics are connected 
in tandem. This is important in order 
that one section may properly terminate 
the other. It is apparent that none of the 
sections present a constant impedance; 
however, if two sections whose imped-
ances vary in exactly the same manner 
are connected in tandem, then each 
will properly match the other at all 
frequencies. Thus, within a composite 
filter there are no mismatches of im-
pedance and, therefore, no reflection 
losses. This is accomplished by observ-
ing the terminology 21 to Z1, 21' to Zit', 
etc. 
From the characteristics given in 

Fig. 7-39 it is evident that a T section 
cannot be connected to a pi section. 
However, an L section may be con-
nected between them to match the im-
pedances in both directions. Although 
an internal impedance match can be 
obtained in a composite filter, none of 
the configurations matches the line im-
pedance through the passband. This is 
the disadvantage of the constant-k 
filter. 

7.42 How are the circuit elements 
combined in a composite filter?—A T 
section and an L section, connected in 
tandem, are shown in Fig. 7-42. In the 
actual physical filter, the right-hand in-
ductance of the T section and the in-
ductance of the L section are combined 
into one inductance. Whenever two ca-
pacitors appear in parallel adjacent to 
one another, they are also lumped into 
one unit. 

7.43 What are the basic considera-
tions when designing a filter?—To de-
sign a constant-k filter, the following 
information is required: 

Line impedance, 
Filter type (low-pass, high-pass, 

etc.), 
Tolerable mismatch for R.. 

LUMP INTO oe COIL 

«T«SECTION «L" SECTION 
L 

Fig. 7-42. Method of combining two fil-
ter sections. 

The line impedance (12.) is the imped-
ance of the circuit in which the filter is 
to operate. It will be noted that, if the 
value of the inductance has been cal-
culated for a pi section, the value is 
divided by two when used in the L or 
T sections. However, in the pi section, 
the value of the inductance remains 
unchanged. It will also be noted that 
the calculated value of the capacity for 
a T section is divided by two for the 
L and pi sections. 

7.44 Show the design procedure for 
a 500-ohm constant-k 10,000 Hz low-
pass filter which is required to have at 
least 40 dB of attenuation at 20,000 Hz. 
—Two full sections will have approxi-
mately 46 dB of attenuation, at twice 
the cutoff frequency; therefore, two 
such sections using the T configuration 
will be used. The first step is to calcu-
late the values of L and C: 

, R. 
= —  

500  
- 3.141 x 10,000 

= 0.0159 henries 

c_ 1 

- 3.141 x 10,000 X 500 

= 0.0636 AF 
where, 

R,, is the line impedance, 
f. is the cutoff frequency. 

The two sections of the filter are shown 
at (a) in Fig. 7-44. At (b) in Fig. 7-44 
the circuit element values have been 
combined and one coil is used in place 
of the two used at the output and the 
input of the separate filters shown at 
(a). 

7.45 What are the basic configura-
tions and equations for constant-k high-
pass filters?—The basic designs for 
constant-k high-pass filter sections are 
shown in Fig. 7-45. It will be noted the 
positions of the inductance and capacity 
are inverse to those of the low-pass 
filter. The design equations appear at 
the bottom of the configurations. A full 
section will provide approximately 23 
dB of attenuation one octave removed 
from the cutoff frequency. A half 
section or L configuration will provide 
one half the attenuation of a full sec-
tion at any frequency. The various sec-
tions may be connected in tandem to 
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7.95mH 795 m il 

0.0636 

0 T  

(b) Combined values. 

OE (LI %T  sTOE 
7.95 mH 7.95mH 

o—fejp-i-fiRR5N—o -± 

CT 0.0636 Zi 

o o 

(a) Design values. 

() (5.2) (5) 
7.95 mH 15.9 mH 7.95 mli 

i0—reWrOtro± 

ZI C 0.0636 C ZI 

 cOE 

Fig. 7-44. Method of combining filter element values. 

form a composite filter. As for the low-
pass filter, the impedance match must 
be made so that each section is properly 
terminated. This is accomplished by 
observing the impedance characteristics 
for each type section. The procedure for 
designing and combining high-pass, 
constant-k filters is the same as that 
described for the low-pass filter in 
Questions 7.39 and 7.40. 

7.46 What are the configuration 
and equations for designing a constant-k 
bandpass filter?—The configuration for 
a bandpass filter and its equations are 

shown in Fig. 7-46. It will be observed 
that these filters utilize resonant cir-
cuit arms, both in series and in shunt 
with the line. The frequencies fi and fi 
in the equations are frequencies at the 
edges of the passband. The frequency 
f. is the frequency in the center of the 
passband. The frequencies of fi co and 
fico are the frequencies at the edge of 
the widest part of the passband. 

7.47 What ore the configuration 
and equations for designing o constant-k 
band-rejection filter?--The configura-
tion for a band-rejection or band-dim-

CONSTANT— K HIGH PASS FILTERS 
CONFIGURATION ATTENUATION IMPEDANCE 

2C1 2C1 

-± + 

fc 

Ro 

/4"...... 

IF-
L Z/ —.1.• Z/ 

-T• (FULL SECTION ) f e 

+ 

Ro 

Z / • 

Z / 

2C1 

zr ..--i. 2L2 ....— Z 1. 

" I.."( HALF SECTION) OE, f , 

CI 

±0 

Ro 

Zr 

9 0± 

Zi 2L2 2L 2 -0—Zr 

"pi" 
f, re 

L2.--1-'g1- 
47ľf c 

c,. I 
WHERE: 

Ro • LINE IMPEDANCE •1 41TfeRo 

Fig. 7-45 Configurations and frequency characteristics of a constant-k high-pass 
filter. 
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Zx •••••11.• 

1-1/2 2Ci 

(a) Configuration. 

REJECT ssâ REJECT 

fico 

L1,2  2cpoon—,± 

(b) Transmission characteristics. 

Fig. 7-46. Constant-k bandpass 

ination filter is shown in Fig. 7-47. It 
will be noted that the configuration is 
reversed from that of the bandpass 
filter. For this filter, the frequencies Lao 
and f2o0 are frequencies at the edge of 
the reject band. Frequencies fi and f, 
are at the edge of the widest part of 
the reject band, and f. is the center 
frequency of the reject band. 

7.48 What are the basic principles 
of an m-derived filter?—An m-derived 
filter is so designed that either the im-
pedance or the attenuation character-
istic, but not both, may be controlled 
by the designer. This overcomes some 

1.1/2 

(a) Configuration. 

fit I if2 

to CO 
fro 

L1 
1T(f 2-f i) 

L2 (f2-f OR° 
41Tfifz 

Cl  (f2-fl)  
4Tif f2R0 

Cz   
It(f2-111)R0 

(C) Equations. 

Z 

Ro 

filter. 

of the objection to the constant-k type 
filter. An m-derived filter is designed 
by first calculating the values of ca-
pacitance and inductance for the con-
stant-k type filter and then modifying 
these values by an algebraic expression 
containing the term m. The term m is a 
positive number lying between one and 
zero. The value of m governs the char-
acteristic of the m-derived filter. 

In certain type sections ni governs 
the impedance. By the proper selection 
of m it is possible to match the line 
impedance over approximately 85 per-
cent of the transmission band, which is 

L 1 /2 

firz 1110 
LI. 

f1f2 

411•(f2-fi)Ro 

to• 

1.2. 

C2 

R0.1-17.r 

C2 

Ro 

41ľ(f2-f1 

(f2-f 

lTfif211 0 

11.-7 

(b) Transmission characteristics. (c) Equations. 

Fig. 7-47. Constant-k band-rejection filter. 
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Fig. 7-48A. Impedance characteristics of m-derived filters, for different values of m. 

considerably better than the constant-k 
type filter. An m-derived filter employs 
resonant circuits in the series and shunt 
arms. Theoretically, the filter presents 
an infinite attenuation termed f co 
(infinity). 

In the design of an m-derived filter 
two frequencies are involved, the cut-
off frequency and the frequency of in-
finite attenuation. The term m may be 

A
T
T
E
N
U
A
T
I
O
N
 
L
O
S
S
-
0
8
 

40 

36 

28 

24 

20 

16 

12 

9 
E 

-O. 

used to control the spacing between the 
frequency of cutoff and that of attenua-
tion. Fig. 7-48A shows the effect on the 
impedance for different values of m be-
tween zero and one. It will be noted 
that the best impedance match is ob-
tained when m equals 0.60. This is the 
value generally used for audio-fre-
quency filters. It should be understood 
these data are for an ideal filter and 

m•O .9 

0 .0.6 

m 0.5 

m.0.4 

#1•08 
0.3 
04 
0.5 
0.6 
0.7 
08 
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1.667 
%.29 

fJ  to I) 3  
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Fig. 7-488. Attenuation characteristics of m- derived filter sections. 
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will vary in the practical filter due to 
the components, particularly the induc-
tances. Attenuation characteristics for 
different values of m are shown in Fig. 
7-48B. It will be noted from this family 
of curves that the attenuation rises to 
a maximum and then decreases. This is 
due to the resonant circuit incorporated 
in the m-derived filter. The graph in 
Fig. 7-48B is plotted to show the at-
tenuation losses. This ratio may be in-
verted, if necessary, to make the num-
ber greater than one. The graph may 
be used for either low- or high-pass 
filters. 

7.49 What are the advantages of 
combining a constant-k filter with an 
m-derived filter?—The attenuation of a 
constant-k network rises progressively 
as the frequency departs from cutoff. 
The attenuation of an m-derived type 
rises to a maximum and then falls off. 
In a composite filter, the m-derived 
section governs the initial rate of at-
tenuation and the constant-k section 
maintains attenuation at frequencies 
where the m-derived section becomes 
less effective. 

It may be desirable to incorporate a 
full or half section at each end of the 
filter having an impedance character-
istic controlled by m and for which m 
is 0.60. This will provide a match to the 
line at either end of the filter. The 
block diagram of a composite filter of 
this type is shown in Fig. 7-49. This 
filter has four sections. The attenuation 
characteristic for each section is shown 
below the block. The total attenuation 
is the sum of the individual attenuation 
of each section. Because the end sec-
tions have been designed using a value 
of 0.60 for m, they present to the line 
a very nearly constant impedance, R., 
over most of the passband. Configura-

fc 

IN 

Z Z 

tions which match each other have 
been chosen so that at every junction 
of the sections an impedance match 
exists. 

7.50 What is the effect of on m-
derived filter if m equals one?—The 
filter degenerates into a constant-k 
type. Therefore, it may be said that a 
constant-k filter is a special case of the 
m-derived filter with m equal to one. 

7.51 What sections of an m-derived 
filter have the same impedance charac-
teristics as a constant-k section?—The 
T section, series m-derived. The series 
m-derived family consists of the T, L, 
and the pi sections. 

7.52 Show the configurations and 
equations for a series m-derived low-
pass filter.—The configurations and 
equations appear in Fig. 7-52A. It will 
be noted the configurations are similar 
to those of the constant-k type filter, 
except series resonant circuits are used 
in the shunt arms. The terms I..nno and 
Ciao in the equations below the config-
urations are the values obtained for a 
constant-k filter. These values are then 
used with the m-derived equations given 
for Li, 1..», and C. to calculate their val-
ues. A table of the most commonly used 
factors employed in the design of m-de-
rived filters is given in Fig. 7-52B. 

7.53 How is the constant "m" de-
terminedP—As previously stated, m is a 
number between zero and one and con-
trols the point of maximum attenuation 
with reference to the cutoff frequency 
of a filter. By the proper selection of 
in, the rate of attenuation for a given 
section can be determined; that is, it 
can be designed to attenuate gradually 
beyond the cutoff point or it can be 
designed to cut off sharply. To deter-
mine the value of in, the cutoff fre-
quency and frequency of infinite at-

z 

m-DERIVED m-DERIVED CONSTANT-K m -DERIVED 

FULL OR HALF SECTION TO SECTION TO FULL OR HALF 

SECTION TO GOVERN INITIAL MAINTAIN SECTION TO 

MATCH THE RATE OF ATTENUATION MATCH THE 

LINE ATTENUATION AFTER m -DERIVED LINE 
IMPEDANCE 

m IS SELECTED 
SECTION DROPS OFF IMPEDANCE 

in • 0 .6 BY THE DESIGNER m • 0.6 

OUT 

fc re te fc 

Fig. 7-49. A composite filter consisting of constant-k and m-derived sections. 
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Fig. 7-52A. Configurations and design equations for series m-derived low-pass filters. 

tenuation (maximum) must be known. 

The values may then be substituted in 
the equation: 

where, 
t is the cutoff frequency in hertz, 
fco is the frequency of maximum at-

tenuation. 

The first equation is for low-pass filters 
and the second is for high-pass filters. 
The constant m is always less than one. 

7.54 What are the configurations 
and equations for series m-derived high-
pass filters?-The configurations with 
their equations are given in Fig. 7-54. 

7.55 What are the configurations 
and equations for shunt m-derived low-
pass filters?-The configurations with 
their equations are given in Fig. 7-55. 

7.56 What are the configurations 
and equations for shunt m-derived high-
pass filters?-The configurations with 
their equations are given in Fig. 7-56. 

7.57 What are the advantages of 
the shunt-type m-derived filter over 

2C1 2C1 

 11-0 

c2 

Ro L2(K).4.1-rf-i 

clog ci-

Fig. 7-54. Configurations 
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0.45 
0.50 
0.55 
0.60 
0.65 
0.70 
0.75 
0.80 
0.85 
0.90 

0.990 
0.987 
0.960 
0.938 
0.910 
0.878 
0.840 
0.798 
0.750 
0.698 
0.640 
0.578 
0.510 
0.438 
0.360 
0.278 
0.190 

0.404 
0.613 
0.833 
1.066 
1.318 
1.593 
1.904 
2.255 
2.666 
3.151 
3.758 
4.498 
5.490 
6.849 
8.888 

12.230 
18.940 

2.475 
1.630 
1.200 
0.938 
0.758 
0.627 
0.525 
0.443 
0.375 
0.317 
0.266 
0.222 
0.184 
0.146 
0.112 
0.081 
0.052 

1.256 
1.884 
2.512 
3.140 
3.768 
4.396 
5.024 
5.652 
6.280 
6.908 
7.536 
8.164 
8.792 
9.420 

10.048 
10.676 
11.304 

Fig. 7-52B. Commonly used factors for 
• the design of m-derived filters. 

the series m-derived type?-Electrically 
there are none. However, the two types 
of design permit a wide selection of 
circuits. In building a filter, it is more 

economical to use the series-derived 

o  

COE(K) 
' Atelfc Re 

L2 L2(K) 

C2 

2 2 

"Pr 

and design equations for series m-derived high-pass filters. 
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type because of the cost of an induc-
tance compared to a capacitor. In cer-
tain phases of telephone work, it is 
desirable that the filter have a capacitor 
input rather than an inductive input. 
The two designs will permit either type 
input to be used, with the same fre-
quency characteristics. 

7.58 Show a typical design problem 
for a 600-ohm, 1400 Hz shunt m-derived 
low-pass filter.—Basically, the filter will 
consist of a constant-k pi section with 
two shunt m-derived end sections as 
shown in Fig. 7-58A. The calculations 
have been tabulated to demonstrate the 
design procedure in Fig. 7-58B. The 
derived values are given in Fig. 7-58C 

o  

•T• 
11 

2 2 

2CÌ 2C1 

o 

Z 

(K) • It 
LI • mLI (K) c, .(e)„„ C. rr,c200 

equations for shunt m-derived low-pass filters. Fig. 7-55. Configurations and design 

•T• 

Zim 

LI(K).;7Tc 

1-1.(ebTL2(K) 

and the final values used are given in 
Fig. 7-58D. 

7.59 What is a balanced filter?---
Filters, like attenuators and equalizers, 
may be designed for balanced and un-
balanced operation. In Fig. 7-59 the 
filter of Fig. 7-44 (b) is shown converted 
to a balanced configuration. It will be 
noted the values of the inductances 
have been divided by two, and one half 
placed in each side of the line. The 
capacitor values remain unchanged. 

7.60 How is an unbalanced high-
pass filter converted to a balanced con-
figuration?—To illustrate the procedure, 
Fig. 7-60 shows a 45-Hz high-pass filter 
both as an unbalanced and a balanced 

"L• 

L2(10 
Lz • OE=.,- 

'PI • 

-PO 

Z'. 

Fig. 7-56. Configurations and design equations for shunt m-derived high-pass filters. 
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Fig. 7-58A. Basic design of composite shunt m-derived low-pass f Her. 
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Fig. 7-58B. Design data for 600-ohm, 1400 Hz, shunt m-derived low-pass filters. 
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Fig. 7-58C. Design values for the low-pass filter shown in Fig. 7-58A. 
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Fig. 7-58D. Composite filter or final values for the filter shown in Fig. 7-58A. 
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Fig. 7-59. The low-pass filter shown in Fig. 7-44(6) converted to a balanced 
configuration. 
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configuration. In the balanced config-
uration it will be noted that the induc-
tances remain unchanged in value but 
the capacitor values have been doubled. 
The reason for this is that the capaci-
tors of the balanced configuration may 
be considered to be in series in each 
side of the line. Therefore, to maintain 
the same impedance, the capacitance 
must be doubled because capacitors in 
series divide themselves. 

Filters, like equalizers, are designed 
to present a given impedance to certain 
frequency bands and to accomplish this 
a definite value of capacity and induc-
tance is required. If the circuit element 
values are maintained regardless of the 
type configuration employed, the im-
pedance presented to the circuit is the 
same; therefore, the frequency charac-
teristic will be the same. 

7.61 How are the frequency char-
acteristics of a filter measured?—This 
subject is discussed in detail in Ques-
tion 23.61. 

7.62 How may a filter of known 
characteristics be converted to an im-
pedance other than the one for which it 
was originally designed?—By the use of 
the following equations, if the circuit 
constants are known. 

where, 
L. is the new value of inductance, 
L is the original value of inductance, 
R. is the characteristic impedance, 
Za is the new impedance, 
C. is the new value of capacitance, 
C is the original value of capacitance.• 

7.63 How may a filter of known fre-
quency characteristics and components 
be converted to another frequency?—By 
changing the values of the inductance 
and capacitance inversely with fre-
quency. For example, if a 1000-Hz low-
pass filter is to be converted to 100 Hz, 
the new values may be calculated: 

C=C x 10 

L.=Lx 10 

where, 
C. is the new value of capacity, 
C is the original value of capacity, 
L. is the new value of inductance, 
L is the original value of inductance. 

7.08 3.54 7.08 
IF IF PF 

+ i----0± 

500 A. 

_ 

500A 

(a) Unbalanced. 

14.16 7.08 

± I ( 1) 14.16 7.08 

(b) Balanced. 

Fig. 7-60. A 45-Hz unbalanced high-pass 
filter converted to o balanced configu-

ration. 

0.884H 500 A. 

14.16 

- 

0.884H 500A 

(—cat 
14.16 

Although the frequency is changed, the 
impedance remains the same. 

7.64 What type coils are recom-
mended for filter construction?—Toroi-
dal coils because of their high Q and 
the fact that they are not affected by 
extraneous magnetic fields. However, 
conventional coils may be used, if 
properly shielded. (See Questions 6.68 
to 6.71 and Questions 8.72 and 8.73.) 

7.65 What tolerance should be 
specified for coils and capacitors used in 
filters?—For coils, plus or minus two 
percent; for capacitors, plus or minus 
three percent. 

7.66 How are the coils for filters 
specified for manufacture?—By the 
value of the inductance, the signal level 
at which the coil is to operate, the fre-
quency of maximum Q, the filter con-
figuration, the impedance of the circuit, 
and the effective shielding of the coils 
in decibels. 

7.67 If a low-pass and a high-pass 
filter are connected in tandem, what is 
the  li frequency characteristict— 
A bandpass characteristic. 

7.68 What is the overall frequency 
response of two low-pass filters con-
nected in tandem?—The frequency re-
sponse is the algebraic sum of the indi-
vidual frequency characteristics. This 
is explained in more detail in Question 
6.66. 

7.69 What is the center frequency 
of the passband and how is it deter-
mined?—The center frequency of the 
passband of any type filter, or combina-
tion of filters, is the geometric mean of 
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Fig. 7-71A. An electronic low-pass filter. 

the lowest and highest frequency of the 
passband. A typical example would be 
a recording channel employing a 40-Hz 
high-pass filter and a 10,000-Hz low-
pass filter. The geometric mean, or cen-
ter frequency, is: 

f. = VI-5-02 

= V40 >< 10,000 

= 632.4 Hz 
where, 

fi is the cutoff frequency of the high-
pass filter, 

f2 is the cutoff frequency of the low-
pass filter. 

The cutoff frequency of a filter is 
taken at the frequency of 10 dB at-
tenuation. Filter nomenclature is dis-
cussed in Question 7.102. 

z 
B+ 

7.70 What is a crystal filterP—A 
filter composed of quartz crystals. They 
are used in wave analyzers to obtain 
an extremely sharp passband character-
istic. (See Question 22.65.) Crystal fil-
ters are also used in communication-
type radio receivers for reducing noise 
in the reception. Such filters are also 
referred to as mechanical filters. 

7.77 What is an electronic filter?— 
An amplifier especially designed to have 
a selective transmission characteristic. 
Such filters make use of a negative-
feedback amplifier with a frequency-
selective network such as the parallel 
T which may be controlled from the 
panel of the instrument. 

Electronic filters are also used for. 
removing unwanted noises in . sound 

Fig. 7-71B. An electronic bandpass filter. 
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tracks during the rerecording of motion 
pictures. Typical low-pass and band-
pass filters of the electronic type are 
shown in Figs. 7-71A and B. 

7.72 Show a schematic diagram for 
a variable dip-filter for rerecording use. 

—Variable dip filters are used in rere-
cording to remove unwanted frequen-
cies such as radar, beacon signals, ac 
hum, arc-light whistles, and many other 
sounds picked up acoustically or elec-
trically. Fig. 7-72A shows the schematic 
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Fig. 7-72A. Schematic diagram for a parallel-T dip filter. 

fr 

(a) Without feedback loop. 

f 

(b) With feedback loop. 

250v. 

Fig. 7-72B. Frequency response of a parallel-T network. 
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Fig. 7-72C. Rear view of variable parallel-T dip filter. 

diagram for a dip filter which has a fre-
quency range of 30 to 9000 Hz, with a 
band rejection, at the peak frequency, 
of 50 dB or better. Basically the device 
is a variable parallel-T network, con-
sisting of capacitors Cl, C2, and C3, and 
three wirewound potentiometers RIA, 

' 

RIB, and 111C, ganged together. Two 
additional potentiometers R2 and R3 are 
used as trimmers to obtain a sharp null 
point. By the use of a large amount of 
negative feedback (26 dB) around the 
parallel-T network, the rejection char-
acteristic is considerably sharpened, as 

/1111ININ1 

YoMILt11.1...ATWIRZIOOM 

et) 

CL>". 

J 
F g. 7-72D. Model 7052 variable-dip filter manufactured by Cinema Engineering Co. 
The dip-frequency may be varied between 30 and 9000 Hz with a rejection of 50 dB 

or better. 
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shown in Fig. 7-72B. A rear view of 
such an instrument built by the author 
is shown in Fig. 7-72C. For convenience 
of operation a switch is provided to cut 
the instrument in and out of the circuit. 
Therefore, the gain is generally ad-
justed for a no-gain condition. 

After the frequency of an unwanted 
frequency has been determined, the 
filter is switched in and adjusted for a 
null at the unwanted frequency, and a 
test recording made and played back. If 
the original sound track contained sev-
eral harmonics besides the fundamental 
frequency, the rerecorded sound track 
is played back and the remaining fre-
quencies are dipped out. This procedure 
may be followed to a third generation 
provided the signal-to-noise ratio is not 
too seriously affected. After the final 
transfer is made it can then be re-
equalized. If carefully done, the dip 
filter may be used in dialogue without 
it affecting the final result, because of 
the narrow bandwidth. A dip filter 
having similar characteristics to that 
discussed is shown in Fig. 7-72D. 

7.73 Show the configuration for a 
500-ohm telephone sound-effects filter. 
-The configuration and component 
values for such a filter are shown at 
(a) in Fig. 7-73 and the frequency 
characteristic is shown at (b). 

(a) Configuration. 

200 400 I600 10kHz 

Hz 

(b) Frequency response. 

Fig. 7-73. A telephone sound-effects fil-
ter for a 500-ohm circuit. 

7.74 What are the circuit constants 
for the more commonly used 500-ohm, 
constant-k, low- and high-pass filters?-
Using the constant-k configurations of 
Figs. 7-39 and 7-45, filters may be con-
structed using the following values for 
a circuit impedance of 500 ohms. If an 

impedance other than 500 ohms is re-
quired, the filter may be converted to 
any other impedance by the use of the 
equations given in Question 7-62. For 
frequencies not appearing in the tabu-
lation, the values may be converted to 

Freq. L, C, 
Hz Henry I.LF 

30 5.31 21.20 
100 1.59 6.37 
250 0.637 2.55 
400 0.398 1.59 

500 0.318 1.27 
600 0.265 1.06 
800 0.199 0.796 
1000 0.159 0.637 
3000 0.053 0.212 

10,000 0.016 0.063 

Low-Pass (See Fig. 7-39) 

other frequencies by the equations in 
Question 7-63 or by multiplying or di-
viding the component values by the 
ratio of the new frequency to the 
known frequency. 

Freq. 
Hz 

30 
100 
250 
400 
500 
600 
800 
1000 

L, 
Henry 

1.33 
0.398 
0.159 
0.0995 
0.0796 
0.0663 
0.0497 
0.0398 

C, 
ILF 

5.31 
1.59 
0.637 
0.398 
0.318 
0.265 
0.199 
0.159 

3000 0.0133 0.0531 
10,000 0.00398 0.0159 

High-Pass (See Fig. 7-45) 

7.75 What are the circuit values for 
the more commonly used series m-de-
rived low-pass filters with a characteris-
tic impedance of 500 ohms?-The values 
given in Fig. 7-75 are to be used with 
the configurations shown in Fig. 7-52. 
The value of m is equal to 0.6. 

7.76 What are the circuit values for 
the more commonly used series m-de-
rived high-pass filters with a character-
istic impedance of 500 ohms?-The 
values given in Fig. 7-76 are to be used 
with the configurations shown in Fig. 
7-54. The value of m is equal to 0.6. 

7.77 What are the circuit values for 
the more commonly used shunt m-de-
rived low-pass filters?-The values given 
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Freq. L, L» Co, 

Hz Henry Henry POEF 

30 3.186 1.412 12.720 
100 0.954 0.4229 3.822 
250 0.3822 0.1694 1.530 
400 0.2388 0.1058 0.954 
500 0.1908 0.0846 0.762 
600 0.1590 0.0705 0.636 
800 0.1194 0.0529 0.477 
1000 0.0954 0.0423 0.382 
3000 0.0318 0.0141 0.127 

10,000 0.0096 0.00425 0.038 

Fig. 7-75. Values for Question 7.75. 

in Fig. 7-77 are to be used with the con-
figurations shown in Fig. 7-55. The 
value of m is equal to 0.6. 

Freq. 
Hz 

30 
100 
250 
400 
500 
600 
800 
1000 
3000 

10,000 

L, 
Henry 

2.216 
0.663 
0.265 
0.165 
0.132 
0.110 
0.082 
0.063 
0.022 
0.0066 

C, 
pY 

8.85 
2.65 
1.06 
0.663 
0.530 
0.441 
0.331 
0.265 
0.088 
0.0265 

liF 
19.912 
5.962 
2.388 
1.492 
1.192 
0.993 
0.746 
0.596 
0.199 
0.059 

Fig. 7-76. Values for Question 7.76. 

7.78 What are the circuit values for 
the more commonly used shunt m-de-
rived high-pass filterst-The values 
given in Fig. 7-78 are to be used with 
the configurations shown in Fig. 7-56. 
The value of m is equal to 0.6. 

7.79 What are the configuration 
and circuit constants for a variable high-
pass filter suitable for rerecording pur-
poses?-The configuration and circuit 
constants for a 600-ohm unbalanced 

Freq. 1,, C, C, 

Hz Henry PS 11F 

30 3.186 5.639 12.720 
100 0.954 1.694 3.822 
250 0.382 0.678 1.530 
400 0.238 0.422 0.954 
500 0.191 0.337 0.762 
600 0.159 0.281 0.636 
800 0.119 0211 0.477 
1000 0.095 0.169 0.382 
3000 0.032 0.056 0.127 

10,000 0.0095 0.017 0.038 

Fig. 7-77. Values for Question 7.77. 

variable high-pass filter designed for the 
express purpose of removing the low 
frequency end of dialogue are shown in 
Fig. 7-79A. The frequency range cov-
ered is from 80 to 150 Hz. For dialogue 
recording, it is generally set for 80 Hz 
cutoff, which is standard in the motion-
picture industry. At times it may be 
desirable to use a higher cutoff fre-
quency to remove low-frequency noise 
falling between 150 and 80 Hz. How-
ever, male dialogue becomes thin if the 
cutoff is raised above 100 Hz. 

Freq. 
Hz 

30 
100 
250 
250 
400 
500 
600 
800 
1000 
3000 

10,000 

Henry 

4.897 
1.492 
0.596 
0.596 
0.373 
0.298 
0.248 
0.186 
0.1498 
0.0498 
0.01498 

Henry 

2216 
0.663 
0.265 
0.265 
0.1658 
0.1326 
0.1105 
0.0825 
0.0633 
0.0223 
0.0066 

8.850 
2.650 
1.060 
1.060 
0.663 
0.530 
0.441 
0.331 
0.265 
0.0885 
0.0265 

Fig. 7-78. Values for Question 7.78. 

The coils should be of toroidal de-
sign with the maximum Q at the cutoff 
frequency. Because this filter operates 
in a frequency band near frequencies 
which can produce hum and noise, the 
wiring should be well shielded and the 
whole unit enclosed in a metal case. 
The use of toroidal coils will reduce 
hum pickup to a minimum. The con-
figuration should be grounded to pre-
vent leakage. The frequency character-
istic of this filter is shown in Fig. 7-79B. 

7.80 What is a crossover network? 
-In modern high-fidelity sound repro-
ducing systems, the loudspeaker is de-
signed to cover a wide range of fre-
quencies, generally 30 to 15,000 Hz or 
more. To obtain satisfactory operation 
over this wide range requires the use 
of two or more loudspeakers, each op-
erating in a given frequency range, as 
it is not practical to attempt to obtain 
this wide range with a single loud-
speaker. 
When two or more loudspeakers are 

used in combination, the frequency 
spectrum is divided into bands and con-
trolled by a crossover or frequency-
dividing network composed of two or 
more filters. As a rule, they are a high-
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Fig. 7-79A. A variable high-pass filter for rerecording. 

pass and a low-pass filter. The low-
pass filter limits the high-frequency 
response of the low-frequency speakers 
and the high-pass filter limits the low-
frequency response of the high-fre-
quency speakers. 
A three-way network consists of a 

low-pass, bandpass, and high-pass filter 
section. The low- and high-frequency 
sections function as for a two-way sys-
tem. The bandpass section limits the 
frequency response for the midrange 
speaker unit, permitting it to extend 
only into a portion of the low- and 

o 

high-frequency ranges. The result is a 
smooth transition over the complete 
range of the three speaker units. 
The sole purpose of a crossover net-

work is to limit the operating range of 
a given speaker unit. The network can-
not be used to correct for deficiencies 
in the amplifier system, speaker units, 
or enclosure. One of the most impor-
tant conditions imposed on the network 
is that it must not induce an apprecia-
ble amount of loss (insertion loss) be-
tween the amplifier and the speaker 
units; this could result in a considerable 

+15 
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0 

5 
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15 

20 

25 

30 

X% 

( 
1 - 80Hz 
2 - 100Hz 
3- 120Hz 
4 - 135 Hz 

h i 

5 - 150Hz  

' 
I 2 3 4 5 

- 

40Hz 60Hz 100Hz 200Hz 400Hz600Hz I kHz 

HERTZ 

2 kHz 4 kHz 6 kHz 10kHz 

Fig. 7-79B. Frequency characteristics of the variable high-pass filter shown in 
Fig. 7-79A. 
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Fig. 7-80. A 400-Hz speaker-crossover network. 

loss of power particularly with ampli-
fiers of 50-watts power or more. (See 
Question 7.84.) 

7.81 What is the frequency response 
of a typical crossover network?—A typi-
cal frequency response for a crossover 
network comprised of a low-pass and 
a high-pass filter is shown in Fig. 7-81. 
The curves are ideal curves for three 
different rates of cutoff. The point 
where the curves cross over is called 
the crossover frequency. 

The characteristics above and below 
the crossover frequency drop off ap-
proximately 6, 12, or 18 dB per octave, 
depending on the design of the net-
work. In practice, because of the dis-
sipative losses in the circuit elements, 
the first octave for the 12 dB per octave 
filter falls off about 10 dB and 12 dB 

25 

30 

3 4 5 6 7 69 I 

thereafter. The 6 and 18 dB per octave 
filters fall off correspondingly. 

7.82 What ore the advantages of a 
parallel crossover network over a series 
type?—The selection of the configura-
tion for a crossover network is not 
critical; either the series or parallel 
network may be used. However, the 
parallel configuration does offer slightly 
better characteristics in the transmis-
sion and attenuation bands. Series con-
figurations are used only with two-way 
speaker systems. Most commercial units 
employ the parallel configurations be-
cause the component values are the 
same for each filter; thus, manufactur-
ing costs are reduced. Theoretically the 
constant-k, constant-resistance network 
reflects a constant resistance back to 
the amplifier output. Since a speaker 

3 45 6 7 8 9 I 

CROSSOVER 
FREQUENCY 

LOW-PASS 
SECTION 

LOW-FRÉO. 
SPKRS. 

HIGH-PASS 
SECTION 

HIGH-FREQ. 
SPKRS. 

• 

6 
DEAL 

CURVES 
EOE6b Ýr3 

12 

6b Q. e 
„ e 
6. .0._ gOE 

j.b. OEŠ. tOE 
..0 
-0-

0 0.25 05 10 20 40 IO 

P/O— Per Octave f/fc 

Fig. 7-81. Typical frequency characteristic for ideal 6, 12, and 18 dB per octave 
crossover networks. 
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unit does not reflect a constant resis-
tive load, the amplifier does not see a 
constant resistance. This disadvantage 
is somewhat compensated for by the use 
of negative feedback in the amplifier 
circuitry. The only time an amplifier 
sees a purely resistive load is when the 
network is terminated, on the speaker 
side, in the pure resistance. In a two-
section constant-resistance network, the 
frequency response is complementary, 
and the sum of the power delivered to 
the output section is constant for a con-
stant input voltage at the input of the 
network. When the output sections are 
terminated in a resistive load, the input 
impedance presented to the amplifier is 
constant throughout the entire fre-
quency range. The frequency response 
of the filter sections in the passband is 
uniform, with constant phase-difference 
at the output of the high and low-fre-
quency sections. (See Fig. 7-82.) 

7.83 Are equalisers ever included in 
a crossover network?—Yes, some manu-
facturem include a simple high-fre-
quency equalizer in the network to in-
crease the response of the midrange 
and high-frequency units. This equal-
izer, though included with the network, 
is an added feature and is not a part of 
the network proper. The equalizer gen-
erally consists of a resistor in series 

+0  

LL z 0 

C, 

0+ 

LOW 
FREQUENCY Ro 
SPEAKER 

HIGH 
L1 FREQUENCY Ro 

SPEAKER 

C 

(a) Series type, 6 dB per 

LI LOW 
Ro FREQUENCY Ro 

0.z SPEAKER 

octave. 

  ± 
CrHIGH 
FREQUENCY Ro 
SPEAKER 

(c) Parallel type, 6 dB per octave. 

Ci= c4c Ro 

C2 c, 

FARAD 

FARAD 

FARAD 

CAP-0 ± 

L2 LOW 
2 FREQUENCY Ro 

SPEAKER 

with the midrange or high-frequency 
speaker unit, and a group of capacitors 
which may be cut in or out of the cir-
cuit by a switch. The capacitors are 
connected in parallel with the resistor. 
The switch permits the user to select a 
capacitor that will increase the high-
frequency response to suit his local 
acoustic conditions. 

7.84 What causes insertion loss and 
what is the average loss for a crossover 
network?—The insertion loss of any 
network is caused by the de resistance 
of the coils, and the shunt and series 
reactance of the circuit elements. As a 
rule, the insertion loss of a crossover 
network due to circuit elements is ap-
proximately 0.5 dB and is exclusive of 
the crossover-frequency loss which is 
3 dB. 

Insertion losses up to 1 dB are not 
too important if the amplifier power 
output is not greater than 20 watts. 
However, if the amplifier system is 
greater than 20 watts, the insertion loss 
becomes important, especially in com-
mercial installations where 100 watts 
or more may be used. As an example, 
for an insertion loss of 0.5 dB at 50 
watts, the power dissipated by the net-
work is approximately 6 watts, and for 
a 100-watt system the loss is more. than 
10 watts (measured by using a steady 

e-
D R c o. o 
z HIGH 

2 FREQUENCY Rn 
c SPEAKER - 

(--0± 

(b) Series type, 12 dB per octave. 

LOW 
FREQUENCY Ro 
SPEAKER 

HIGH 
FREQUENCY Ro 
SPEAKER 

(d) Parallel type, 12 dB per octave. 

R. 
Li = HENRY W c 2lTfc 

c 

Li 
L2= — HENRY Ro SPEAKER IMPEDANCE 

L3. e Li HENRY fc = CROSSOVER FREQ. 

Fig. 7-82. Constant-k constant-resistance, crossover networks and design equations. 
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input voltage in the passband). To ob-
tain a low insertion loss, the coils must 
have a low de resistance, and the capac-
itors must have a low power factor. 
Special nonpolarized electrolytic and 
paper capacitors are available for cross-
over network construction. Conven-
tional nonpolarized electrolytic capaci-
tors should not be used because of their 
power factor and leakage. The char-
acteristics for capacitors manufactured 
especially for crossover-network use 
are given in Figs. 7-84A and B with 
standard ratings given in Fig. 7-84C. 
Capacity tolerances are plus or minus 
20 percent of the rated value. The peak 
signal voltage must never exceed the dc 
working voltage ratings. 

7.85 What factors dictate the cross-
over frequency of a network?—The 

600 

400 

200 

boo 
so 
60 

40 

20 

1.0 

0.8 

0.6 

0.4 

0.2 

0.1 

0.08 

0.06 

0.04 

0.02 

0.01 

choice of crossover frequency is dic-
tated by the frequency response of the 
speaker units. Typical crossover fre-
quencies for low-frequency sections are 
400, 450, and 600 Hz, with 3000 and 5000 
Hz for the high-frequency sections. 
Ideal crossover characteristics are 
shown in Fig. 7-85 for both two-way 
and three-way systems. The crossover 
frequency must become effective before 
the response of a given speaker unit 
falls off, and the movement of the dia-
phragm becomes nonlinear. Low-fre-
quency speakers designed for multiple 
speaker systems seldom have much re-
sponse above 1500 to 2000 Hz. The fre-
quency response of the midfrequency 
speakers must be restricted to those 
frequencies where the wavelengths are 
such that the excursion of the dia-

.%\  

20Hz 

001 0.05 0.1 05 

FREQUENCY IN kHz 

10 50 100 

Fig. 7-84A. Impedance versus frequency characteristics of capacitors made for cross-
over networks. (Courtesy, Sprague Electric Co.) 



346 THE AUDIO CYCLOPEDIA 

30 

40 

50 

cr 
o 
o 
z 

w 60 

o 

n* 70 

80 

+65Hz 
-90  
0.06 0.1 

-40Hz 

-Z0Hz 

02 04 06 08 

FREQUENCY IN Hz 

z 4 6 8 10 

Fig. 7-848. Phase angle as a function of frequency of crossover-network capacitors. 
(Courtesy, Sprague Electric Co.) 
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Fig. 7-84C. Standard ratings of capacitors designed for loudspeaker crossover net-
works. (Courtesy, Sprague Electric Co.) 

phlegm will not exceed the diaphragm 
displacement recommended by the 
manufacturer. 

Networks employing a 6 dB per oc-
tave cutoff do not as a rule provide a 
rapid enough cutoff. The network roll-
off should be at a frequency high or low 
enough to protect the midrange and 
high-frequency units from damage. The 
low-frequency unit must be capable of 
handling at least one octave above the 
crossover frequency, and the high-f re-

quency unit one octave below the 
crossover frequency, at the full power 
of the driving amplifier. The use of a 
12 dB per octave cutoff rate will greatly 
assist in overcoming this difficulty, and 
offers greater protection to the mid-
range and high-frequency units. For a 
two-way system, a crossover frequency 
above 600 Hz should be avoided, as most 
of the peak power is concentrated be-
low 500 Hz. The use of a 350- to 400-Hz 
crossover results in equal division of 
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Fig. 7-85. Frequency response for two-way and three-way crossover filter networks. 

the total peak power between the low-
and high-frequency speaker units. For 
a three-way system 400 to 500 Hz for 
the low-frequency crossover and 5000 
Hz for the high-frequency end seems a 
good compromise. 

7.86 What is the power loss at the 
crossover frequency?—In a well-de-
signed network, 3 dB, exclusive of the 
insertion loss. At the crossover fre-
quency the power applied to the high-
and low-frequency speakers is divided 
equally. Limiting the low-frequency re-
sponse of the high-frequency speakers 
prevents damage to the diaphragm. 
Above the frequency of the crossover 

point, the movement of the high-fre-
quency speaker diaphragm is only a 
few thousandths of an inch, while the 
low-frequency speaker diaphragm may 
be moving up to % of an inch. 

Although a 3-dB loss occurs at the 
crossover frequency, this is not par-
ticularly noticeable to the ear and is 
generally within the overall frequency 
limits of the speaker system. 

7.78 What is a constant-resistance 
network?—A network that will reflect 
a constant resistance to the output cir-
cuit of the driving amplifier when 
terminated in a resistive load. Loud-
speakers do not reflect a constant 
impedance; therefore, the amplifier does 
not see a constant resistance. This dis-
advantage may be somewhat compen-
sated for by the use of negative feed-
back in the amplifier. 

In a constant-resistance type net-
work, the frequency response of the 
two filter sections is complementary. 
The sum of the power delivered to the 
output circuits of the filters is constant 
for a constant input voltage. When 
terminated in a pure resistive load, the 

input impedance of the filter is con-
stant throughout the whole frequency 
range. The frequency response of the 
filters in the passband is uniform, with 
a constant phase difference at the out-
puts. Constant-resistance filters may be 
designed for either series or parallel 
operation. 

7.88 Is there any advantage in in-
creasing the cutoff-frequency rate be-
yond 18 dB per octave?—No, 18 dB is 
the maximum rate used in practice, as 
the improvement does not offset the 
additional power losses. Most crossover 
networks employ a 12 dB per octave 
cutoff rate. 

7.89 What is the advantage of an 
m-derived crossover network compared 
to a constant-k type?—Constant-k net-
works are limited to a maximum cutoff 
rate of 12 dB per octave, while the m-
derived network can provide a 12 dB 
greater rate of cutoff. An additional 
advantage of the m-derived filter is 
that the impedance or attenuation char-
acteristics can be closely controlled by 
the designer. For most audio filter 
work, m equals 0.6; the same holds true 
for crossover networks. Configurations 
for both 12 and 18 dB per octave, series 
and parallel types are given in Fig. 7-89. 

7.90 What type coil is used in 
crossover networks?—Air-core coils are 
used. Because the coils used in cross-
over networks are of only a few milli-
henries inductance, they may be wound 
with number 10 and number 18 gauge 
wire on an air core. The winding may 
be on a wooden core and scrambled-
wound. 

7.91 What type capacitor is used 
in crossover networks?—Paper dielectric 
or special nonpolarized electrolytic ca-
pacitors, as discussed in Question 7.84. 
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Fig. 7-89. Conventional m-derived crossover networks and design equations. 

7.92 Are iron-core coils used in 
crossover networks?--No. Iron-core in-
ductances induce distortion because of 
saturation. Also, their cost is consider-
ably higher than air-core types. 

7.93 Can a crossover network be de-
signed to operate with speakers of un-
equal impedance?--Yes, by the use of 
the circuit in Fig. 7-93 and by using the 
design data given in the following 
equations: 

wo 

1  ci — 
V 2 FtLwo 

C2— ,--1 
v 2R Rim. 

where, 
RL is the impedance of the low-fre-
quency speaker, 

rtm is the impedance of the high-fre-
quency speaker, 

wo is 27r times the frequency of cutoff. 

former having an 8-ohm and a 16-ohm 
winding. If the output transformer in 
a particular amplifier has only one 
winding, a matching transformer may 
be used to supply the desired imped-
ances. 

7.94 Show the different methods of 
connecting loudspeakers to the output of 
crossover networks.—In Fig. 7-94 part 
(a), an 8-ohm network is shown con-
nected to two 16-ohni low-frequency 
speakers in parallel. The two 16-ohm 
speakers reflect an 8-ohm load imped-
ance to the network. The high-fre-
quency speaker unit has an impedance 

FB 

The circuit elements are connected in 
the output of a normal output trans-

Fig. 7-93. Crossover network for loud-
speakers of unequal impedance. 
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en. 

K 32.n 
LOW-FREQ 
SPEAKERS 

8n 
HIGH-FRE0 
SPEAKER 

(b) Two 32-ohm low-frequency speakers matched to 16-ohm network and one 8-
ohm high-frequency speaker matched to 16-ohm network. 

16/4 n 

I64 

84 

LOW•FREGI 
SPEAKERS 

8 n 
HIGH -FREQ 
SPEAKER 

16/8 n 

(c) Two 8-ohm low-frequency speakers matched to 16-ohm network and one 8-
ohm high-frequency speaker matched to 16-ohm network. 

Fig. 7-94. Various methods that are used for matching the speaker impedance to the 
network impedance. 

of 16 ohms and is connected to the out-
put of the network by means of an 
autotransformer to match the 8-ohm 
output to the 16-ohm speaker. 
Two 32-ohm low-frequency speakers 

connected in parallel to the output of 
a 16-ohm network, appear in Fig. 7-49 
part (b). The high-frequency unit has 
an impedance of 8 ohms, therefore an 
8-ohm resistor is connected in series 
with the speaker unit to increase the 
load impedance to 16 ohms. It should 
be pointed out that the use of a resistor 
is not recommended unless the high-
frequency unit has high sensitivity, 
since half of the power is dissipated in 
the resistor. Because of the loss in-
curred with a resistor and the higher 
power required to drive low-frequency 
speaker units, resistors should not be 
used with low-frequency units. 
A third method of impedance match-

ing is shown in Fig. 7-94 part (c). Here, 
two 8-ohm low-frequency units are 
matched to a 16-ohm network by means 
of a transformer having an impedance 
ratio of 4:16. The 8-ohm high-fre-
quency unit is matched to the network 
with an 8:16-ohm transformer. When-

ever possible, the network should be 
designed for a given impedance, and the 
speaker units selected for that imped-
ance. Transformers are quite expensive 
and induce a power loss, particularly 
for good frequency response below 
50 Hz. 

7.95 Why is an autotronsformer 
recommended for matching the voice-
coil impedance to a crossover network? 
—Because it has less insertion loss and 
is less expensive. 

7.96 What are the circuit-constants 
for crossover networks?—The circuit 
constants for constant-k and m-derived 
crossover networks, both series and 
parallel configuration, are given in Figs. 
7-96A and B. The constants for the de-
sired network and frequency are se-
lected from the tables, and then con-
verted from an impedance of 10 ohms 
to the required impedance. No further 
calculations are required. (See Question 
7.62.) 

7.97 How are the network constants 
shown in Fig. 7-96A and 8 converted to 
other impedances and frequencies?—The 
impedance may be changed by use of 
the equations given in Question 7.62, 
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while the frequency may be changed by 
use of those given in Question 7.63. 

7.98 Show the configurations for 
three- and five-way crossover networks. 
—The three-way crossover network 
differs from the two-way network, only 
in the addition of the midrange (band-
pass filter) circuit elements. The config-
uration for the design of a three-way 
constant-k network, using 6 dB per 
octave rolloff is given in Fig. 7-98A, and 
is basically the same as Fig. 7-82C, ex-
cept for the addition of CIA and Lis. The 
circuit element values are calculated by 
using the equations below the diagram. 
Analyzing the frequency-response curve 
above the filter sections reveals that 

350Hz 

-T31172;:t1/41---- 

INPUT 

C 

LI 
LF SPKR 

350.Hz 5111: 

-3d8 'e  "%IV- --.3(18 
(--J  ,,± 

CIA LIA MIDRANGE 
SPRR 

350/5kHz 

C 

5kHz 

-303 

CI 

C 

HF SPKR 
5/I5kHz 

C 
Ro• NETWORK IMPEDANCE 

tc =CROSSOVER FREQUENCY 

LIA 

ci,c.. 
Fig. 7-98A. A constant-k, three-way 6 

dB per octave crossover network. 

450Hz 

INPUT 

1611 

C 

two crossover frequencies are estab-
lished at a point 3 dB down from the 
flat portion of the characteristic. A 
three-way constant-k, 16-ohm, 12 dB 
per octave network is shown in Fig. 
7-98B, with its frequency response 
shown in Fig. 7-98C. Components Ca. 
and Las constitute a low-pass filter with 
a cutoff frequency of 450 Hz. 

The midrange section is a bandpass 
filter, consisting of a simple 450 Hz 
high-pass section, and a 5000-Hz low-
pass filter. Circuit element Cm and LIA 
form a high-pass filter, and La. and C3B 
form a low-pass filter. These two sec-
tions together form a bandpass section. 
Comparing the low-pass section and the 
high-pn.es section of the bandpass filter, 
it will be observed that both curves are 
down 3 dB from the flat portion of their 
response curve, and the crossover fre-
quency is 450 Hz. The output portion 
of the midrange filter Lao and Cac at the 
lower portion of the configuration form 
a 5000-Hz high-pass filter. Comparing 
the frequency response of the two sec-
tions, a crossover frequency of 5000 Hz 
has been established. 

The design procedure is to first cal-
culate the value of the low-m  section 
L3 and C3. Circuit elements LIA and CIA 
must also cross over at 450 Hz, but in an 
inverse manner; therefore, their values 
are equal to L. and C3. The output por-
tion of the midrange forms a low-pass 
filter with a cutoff of 5000 Hz; these 
values are calculated for that fre-
quency. Circuit elements Caz and L3C 
form a high-pass. filter (5000 Hz) with 
the same values as Ca. and Ls% but in-
versely connected. When the frequency 

L3 e3 LF 
SPEAKER 
160 450Hz 

450Hz; 

3dB-OE'r-

C3A 
L34 C 39 

5 kHz 

C3C L3c 

C 5 kHz 

-3dB 

c3A.13.6pF 
MIDRANGE L3A. 8.0mH 
SPEAKER Leo:0.72mM 
Infl 450/5 kHz c3Bk I A I »F 
-o 
C 

t. 

L3 = 8.0mH 

C3 :15.61.1F 

t3C 3 IMPF 
Lie 0.72 mil 

HIGH-FREQUENCY 
• SPEAKER 
16II 5/I5 kHz 

C 

Fig. 7-98B. Three-way, 12 dB per octave, 16-ohm crossover network. 
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Fig. 7-98C. Frequency response for network of Fig. 7-988. 
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Fig. 7-98D. Five-way, constant-k crossover network. 
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Fig. 7-98E. Frequency response for network of Fig. 7-98D. 
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response of the two are compared, a 
crossover of 5000 Hz is created. The cir-
cuit element values of Fig. 7-98B may 
be converted to an m-derived network 
by the use of the equations: 

1.4,3 = (1 + M) ( lit) henry 

L.84 = ( 1 ) henry 
cu. 

(1 11_ in) Co—it -ot 0) farad 

Can = cu .farad m 
where, 
m equals 0.6, 
co equals 27r fc; 
R. is the circuit impedance. 

Actually there is little difference in the 
design of four- or five-way networks, 
except for the crossover frequencies. A 
typical five-way network is given in 
Fig. 7-98D, with its frequency response 
shown in Fig. 7-98E. The circuit ele-
ment values are calculated as for the 
three-way network (Fig. 7-98B) with 
additional high-pass sections. It will be 
observed the fifth section (10,000 Hz) 
consists of a single capacitor connected 
in series with the second high speaker 
unit. As this latter unit is confined to 
frequencies of slightly less than 10,000 
Hz and above, a more elaborate net-
work is not required. The frequency re-
sponse for each section of the network 
is plotted above each configuration. The 
values of the series capacitor may be 
calculated: 

79' 600  
C —  

f x R. 
where, 

79,600 is a constant, 
f is the cutoff frequency, 
R. is the speaker impedance. 

25011 
INPUT — 

L3 

C3 

7.99 Can a crossover network be de-
signed for 250- or 600-ohms impedance? 
—Yes, many theater installations use 
250- or 600-ohm crossover networks 
because of the long transmission line 
between the amplifier system and the 
stage speakers. Autotransformers are 
used at the speaker end to convert the 
high impedance down to the voice-coil 
impedance. 
By using a high-impedance trans-

mission line, the voltage is high and 
the current low; thus, the power losses 
that would be encountered using a low 
impedance line are avoided. The con-
figuration for a 250-ohm crossover net-
work used in motion picture theater in-
stallations is given in Fig. 7-99. 

7.100 What is a rumble filter?—A 
filter used in a record-reproducing 
sound system for removing nimble 
created by the turntable mechanism. 
Generally, these filters, because of their 
very low frequency characteristics, are 
composed of only capacitance and re-
sistance, and are connected in the pre-
amplifier stages of the amplifier system. 

7.101 What is a line-noise suppres-
sion filter?—A filter used in the power 
line at the primary of a power trans-
former to prevent radio and line noises 
from entering the power supply circuits 
and causing noise in amplifier systems. 
A typical circuit for such a filter is 
shown in Fig. 7-101. 

Filters of this nature may be used in 
either ac or de lines. The coils are air 
core and wound with quite large wire 
capable of carrying the full current load 
of the equipment. The capacitors are 
either paper or oil insulated. (See 
Question 24.71.) 

7.102 What method is used by the 
motion picture industry to identify the 

t, 

L3 ä l25mH 

4—OE o 

AUTOTRANSFORAAER 

Fig. 7-99. Configuration for 12 dB per octave crossover network used in motion 
picture theater sound installations. Autotransformers are used at the speaker end to 
match the low impedance of the speaker voice coils. The network is mounted at the 

speakers on the stage. 
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Fig. 7-101. Configuration for a line-noise 
suppression filter. 

frequency characteristics of wave filters? 
—The method reconunended by the 
Motion Picture Research Council for 
marking the nameplate of filters is as 
follows: Two frequencies which are 
down 3 and 10 dB with reference to 
1000 Hz are stated. As an example: 
A high-pass filter designated 50-HI-42 
would indicate that the frequency re-
sponse at 50 Hz is down 3 dB and at 
42 Hz 10 dB. A second example: An 
80 Hz, high-pass filter is designated 
90-HI-78. This would indicate that 90 
Hz is down 3 dB and 78 dB is down 10 
dB. The configuration and impedance 
are also stated. 

O 

3 

6 

10 

42 45 50 

Fig. 7-102. The frequency characteristics 
of a 45-Hz high-pass filter designated 

50-HI-42. 

7.103 What are the impedance and 
phase-shift characteristics for constant-k 
and m-derived crossover network:P—In 
general, the impedance characteristics 
of a corresponding series or parallel 
networks are inverse to each other, and 
vary from one to the other. If a net-
work is terminated at the output in R. 
ohms, the impedance at the input is the 
same. However, since the voice coil 
does not present a constant load im-
pedance, this does not hold true. This 
effect is somewhat offset by the isolat-
ing effect of the intervening filter sec-
tions, particularly for the networks in 
Figs. 7-89A and C. For the m-derived 
networks in Figs. 7-89B and D, a slight 

improvement of the input impedance 
characteristic can be obtained by using 
the value of 0.45 for m. The improve-
ment being small, little is gained by 
making this change. 

As a rule, the designer of a crossover 
network finds little interest in the 
phase-shift characteristics; however, 
the following information is approxi-
mately correct. For the m-derived net-
works of Figs. 7-89A and C, the phase 
shift at the crossover is approximately 
321°. For the networks of Figs. 7-89B 
and C approximately 221°. The phase 
shift at crossover for constant-k net-
works in Figs. 7-82A and C is approxi-
mately 90°, and for Figs. 7-82B and D 
it is approximately 180°. 

7.104 What are the circuit element 
constants for a 6-kHz, 8-kHz, and 10-
kHz, 600-ohm low-pass filter having 
sharp cutoff characteristics?— Three 
low-pass filters that may be used for 
recording purposes are given in Fig. 

7-104. 

28.1mH 18.5111H 

.0466 

600A T .035 

0 I 

600A T 

o 1 

T.057 
(a) 6000 Hz. 

600A 

T .0238 

1 o 

21.1 mH 24.4 mH 

.0102 

.0258 

.0416 

(b) 8000 Hz. 

16.2 mH 10.2 mH 

.0084 

600.n. .0208 

o 

600.A. 

Ť1 .0183 

o 

600A 

.0313 T .0146 
(c) 10,000 Hz. 

Fig. 7-104. Three 600-ohm low-pass fil-
ters suitable for recording purposes. 

7.105 What are the circuit element 
constants for a 45 Hz and 80 Hz, 600-
ohm high-pass filter?—Three high-pass 
filters suitable for recording purposes 
are shown in Fig. 7-105. The configura-
tion shown at (c) has the sharpest cut-
off characteristics. 
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166 1.66 
pF 

(a) 80 Hz-600 ohm. 

5.85 
pF 

± 0-1 

600A 
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2.95 
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5.85 
pF 

(b) 45 Hz-600 ohm. 

10.61 
HEN. 

.980 H  

600A. 

(c) 80 Hz-250 ohm. 

Fig. 7-105. High-pass filters that are 
suitable for recording. 

7.106 What is a wratten filter?— 
An optical filter used for filtering a 
given band of light. They are used in 
film recorder optical systems when re-
cording directly on color film (direct 
positive) and are also extensively used 
in photography. 
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Fig. 7-107B. Frequency response of 20-kHz low-pass filter shown in Fig. 7-107A. 

An optical filter may be likened to 
an electrical filter. A red optical filter 
appears red to the eye because it ab-
sorbs green and blue light rays, but 
passes red light freely. Such filters are 
made of glass and gelatin. 

7.107 Give a schematic diagram for a 
20,000-Hz low-pass filter for eliminating 
the high-frequency bias current in the 
output when making frequency-response 
measurements on a magnetic recorder.— 
When making frequency-response mea-
surements on a magnetic recorder using 
the playback circuit, the bias current 
will often affect the frequency-response 
measurement. To eliminate this effect, 
a 20,000 Hz low-pass filter is connected 
in the 'output of the playback circuit 
which eliminates the effect of the bias 
current. Such a filter is shown in Fig. 
7-107A, with its frequency-response 
curve shown in Fig. 7-107B. The filter 
configuration is designed for 550 ohms 
which will permit it to be operated in 
either a 500- or 600-ohm circuit. If a 
vacuum-tube voltmeter is used at the 

0.90 0.500 0. 100 

2.6mH 8.75mH 2. le mH 

0—•—r0i5P— •—re5P— •—(195P-1-0± 

0.0217 

550A 
— 0.0159 

0  
0.0231 0.0217 

550A 

o 

Fig. 7-107A. A 20-kHz low-pass filter 
for removing the high-frequency bias 
current in the output of a magnetic tape 
recorder when making frequency-re-

sponse measurements. 

f 

IkHz 100 kHz 
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.7-500pF 

o o  

Fig. 7-107C. Low-pass filter for elimi-
nating the effects of bias current when 
making measurements on magnetic re-

corders. 

output of the filter, the filter must be 
terminated in either 500 or 600 ohms. 
If not, the filter frequency characteris-
tics may be altered and the frequency 
response of the recorder under test may 
be affected. A second filter configura-
tion, having similar characteristics to 
that in Fig. 7-107A, is shown in Fig. 
7-107C. 

7.108 What is an electronic cross-
over network?—An amplifier with vari-
able RC circuits which are used to con-
trol the frequency of crossover, in a 
multiple loudspeaker system. Electronic 
crossover networks are connected after 
the preamplifier stage and feed two 
power amplifiers, one for the high-
frequency speakers and one for the 
low-frequency speakers. 

Electronic crossover networks are 
discussed in Section 20. 

7.109 Describe the construction of 
a variable filter panel.—Variable filter 
panels are quite handy in making mea-
surements on almost any type of elec-
tronic equipment, and they are used 

extensively in the laboratory and in 
sound recording systems. A variable fil-
ter panel, incorporating a high-pass and 
low-pass section, is shown in Fig. 
7-109A. The two filter sections are 
completely isolated from each other, but 
may be connected in tandem by strap-
ping the binding posts on the front of 
the panel. An octave bandswitch asso-
ciated with each filter section, permits 
the cutoff frequency to be changed in 
octave steps, in conjunction with a mul-
tiplier dial for tuning the cutoff fre-
quency over a range of one octave. The 
multiplication factor read on the dial 
multiplied by the octave band setting 
indicates the frequency, and when used 
with the tables at the upper portion of 
the front panel requires no calculations. 
As an example, setting of the octave 
bandswitch to 300 Hz and the multiplier 
to 1.8, results in a cutoff frequency of 
540 Hz. The cutoff frequency is defined 
as the frequency attenuated 3 dB down 
from the maximum insertion loss. 
By connecting the high-pass and 

low-pass sections in tandem, the device 
becomes a bandpass filter, without in-
creasing the insertion loss which is so 
common to most bandpass filters with a 
bandwidth of Y3 octave. Setting the 
high- and low-frequency sections to the 
same frequencies narrows the band-
width to V4 octave. Using an external 
10-dB pad connected to the binding 
posts between the high- and low-fre-
quency cutoffs will reduce the passband 
to approximately octave. 

• 

Fig. 7-109A. Model 2AR variable LC filter panel manufactured by the Allison Lab-
oratories, Inc. 
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Fig. 7-109B. Frequency response for Allison Laboratories Model 2AR variable 
filter panel. 

The normal rate of cutoff for both 
sections is 30 dB per octave, when 
properly terminated with an input and 
output impedance of 600 ohms. Mea-
surements down to minus 120 dB below 
1 volt are possible, without interfer-
ence. The frequency response for band-
pass operation below 1000 Hz is shown 
in Fig. 7-109B. 

Variable filters are used extensively 
in rerecording sound tracks for the re-
moval of unwanted sounds above and 
below the dialogue range. They are also 
used for creating narrow band response 
to simulate a telephone, dictating ma-
chine, radio, or an intercommunicating 
system. A variable sound-effects filter 
panel of this type is shown in Fig. 
7-109C, with its many frequency char-
acteristics shown in Fig. 7-109D. Two 
switches are provided for cutting the 
filter panel in and out of the circuit and 
for operating as a high-pass, low-pass 
or bandpass filter. The insertion loss is 
less than 0.25 dB. The coils are toroidal 
wound to eliminate stray magnetic 
fields. The filter configurations are of 
the constant-k type. For sound effects, 
the cutoff rate is generally not less than 
12 dB per octave, and not more than 
18 dB per octave. 

7.110 Describe the basic configura-
tions for double-m and double-m prime 
filter sections.—Although an m-derived 
filter section can be designed to pro-
vide an impedance match over about 85 
percent of the passband, such a match 
may not be sufficient for certain filter 
applications. With further modification 
of the m-derived equations, it is possi-
ble to develop other m-derived sections 
from existing m-derived sections, or 
from their prototype, the constant-k 
section. Such sections are termed mm' 
and nun" filters, and can be designed to 
have a more constant impedance in the 
passband than that which can be ob-
tained with the conventional m-derived 
section. Double m-derived sections pro-
vide an impedance match within 2 per-
cent over 96 percent of the passband. 
However, their attenuation characteris-
tics remain the saine as for the m-
derived section of a similar design. 

Typical examples of the double-m or 
mm' filters are shown in Fig. 7-110. The 
design procedure is somewhat similar to 
that of the m-derived. First the filter 
is designed as a constant-k section, then 
the circuit elements are modified, using 
the factors given in the diagram. The 
filter sections shown are termed termi-

Fig. 7-109C. Model 6517-E variable sound-effects filter panel manufactured by 
Cinema Engineering Co. Frequency range, 70 Hz to 10,000 Hz. 
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Fig. 7-109D. Frequency-response characteristics for Cinema Engineering Co., Model 
65I7-E sound-effects filter panel. 
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o 

20 

nal sections and are used as end sec-
tions. These sections may be used with 
other m-derived and constant-k sec-
tions, provided the image impedance 
match is satisfied between the sections. 
The mm'-derived filters have been in-
cluded to show only the basic concep-
tion of design. The reader is referred 
to the references. 

7.111 What are the design charac-
teristics for filters to be operated in par-
allel or series?—Wave filters to be op-
erated in either series or parallel re-
quire special treatment, because the 
impedances are joined to a common 
source impedance. Since filter imped-
ances vary with frequency in the stop 
band, both the parallel impedance and 
the insertion loss are affected. The 
loudspeaker crossover networks of Fig. 
7-111 are typical examples of parallel 
and series filter combinations. 

40 
10 kHz 20 kHz 

For parallel operation, the low- and 
high-pass sections must employ T-type 
intermediate sections with an L-type 
input half-section, designed for m equal 
to 0.6. With equal load impedances at 
the output terminals of each filter, a 
normal impedance match is achieved by 
omitting the shunt impedance (Z, and 
Z.) at the input of each filter section. 
For series operation the filter sections 
are designed using pi intermediate sec-
tions, with pi input half-sections. Again 
using a value of m equals 0.6, and using 
equal termination impedances at the 
output, a normal impedance match is 
obtained by omitting the series imped-
ance at the input of each filter section. 
When low- and high-pass sections 

are connected in parallel, the circuit 
elements of the high-pass filter replace 
the shunt inductance and capacitance 
of the low-pass filter of the passband. 
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Fig. 7-110. Double m- or mm'-derived 
filter sections. 

HIGH-PASS SECTION 

(a) Parallel-connected. 

LOW-PASS SECTION r 

HIGH-PASS SECTION 

(b) Series-connected. 

Fig. 7-111. Filters connected in parallel 
and series. 

The circuit elements of the low-pass 
filter replace the inductance and capac-
itance of the high-pass filter of the 
passband. When connected in parallel, 
the two filters will exhibit about the 
same amount of attenuation and imped-
ance characteristics as if the input ele-
ments Z1 and Z, had not been removed. 
When connected in parallel, about 12 
dB attenuation per octave may be 
expected. 

In the series circuit, the procedure 
used in the parallel network is not nec-
essary, as filters connected in series are 
inverse to each other. The foregoing 
design procedures are applicable in all 
instances where filters are comple-
mentary: that is, where frequencies that 
lie in the stop band of one filter are in 
the passband of the other. 

7.112 Describe the basic principles 
of a phase-shift or phase-correction net-
work.—An ideal transmission line would 
be one in which the received signal 
currents represent a faithful copy of 
the transmitted signal—in other words, 
a distortionless transmission system. 
For relatively short distances, the effect 
of phase distortion is not appreciable; 
however, this is not true for long-dis-
tance transmissions. Here the phase dis-
tortion can become serious enough to 
impair the commercial efficiency of the 
line. The correction of frequency dis-



360 THE AUDIO CYCLOPEDIA 

2700 

2600 

co 
2500 

w 2400 
Q) o 
5230Q 

2200 

2100 

2000 

:1913"g=grilEMCZIMMBMEZM: 

w•NIM• äreenerl 

MINIIMMIMIMMIke 
.91MIn MUM 
ME@BISIMMMIEEEIn"E 

ZEILIME,,t xj.wr,rommumn. EQUALIZATION == ...2-1reourorrnMelliir 3... ..... 
ffl 

arilm^r2=',11OEI: 

IIMIIIIMMMIMMIMMIYM 

BEFORE 

RC .  ie 11=12.4C35rdEagn''mi'''="“'«a=lege.""" rp...3.49.74.1191 rdp  .. " OEMI.MMINZM4111111 m•••••••11.11111«d= IIMIrwemmemaMBMIMM••••"4.2.••••••••11m1•21  M   

11"11118 MICA reirlarN  

--

o"ung 411311:1Wrie : "OE12: :TAM   .... 
mmuzeze, REFERENCE ireiraii: 1,21 ...... mOE. 

......... FREQUENCY 

31721:121113111331""En»«n".t.:73rje“"""lk72ä .r11112"7.3137Lb...=.1Wr9:11111 ... 
..... ....... - 2„..1  

.. 11811 

20Hz 100Hz 1000Hz 10kHz 20kHz 

Fig. 7-112A. Time-delay characteristics of a transmission line equalized ±- 1 dB, 
10 to 20,000 Hz. 

o 

o 5 

z 
0 10 

z -15 

41w--2 irateildb*". 

....... 

Magi •ffl-.==-A-ractmo.:::::::r UMMIIIM IIMM1011. NM . Mameduumpommusionowmer »paw.. 

=ICZtr." MMIMIMIll 
:::=1MC11111 

inrardratrainini. manummnixemamarm.• 

2 

-30 
400Hz 1000Hz 10kHz 20kHz 

Fig. 7-112B. Frequency characteristics of the transmission line in Fig. 7-112A. 

tortion by the use of equalizers is not 
enough because as the equalization is 
increased, the phase distortion is like-
wise increased. For high-quality trans-
missions, the phase distortion must be 
reduced to a negligible amount. 

Distortion due to frequency varia-
tions and phase differences between the 
signal at the sending and receiving ends 
of the line gives rise to what is termed 
transient effects. The signal after ar-
riving at the far end of the line re-
quires an appreciable tizne, which var-
ies with frequency, to build up, and 
may at times never build up to any-

LF EQUALIZER 

6.112 

HF EQUALIZER 

thing resembling the transmitted signal. 
To correct for these deficiencies, filter 
networks, termed phase-correction or 
all-pass filters, are used. Such networks 
have zero attenuation for all frequen-
cies within their design range. They 
are used as phase-correction equalizers 
to induce a time delay for a given 
group of frequencies. 
By applying a complex waveform 

consisting of many frequencies to a long 
transmission line, each frequency will 
be delayed in its transmission a differ-
ent length of time, the delay time in-
creasing with the length of the line and 

HF PHASE-CORRECTION 
NETWORK 
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Fig. 7-112D. Converting T and pi networks to lattice networks. 

the frequency. The actual time delay is 
not important, but the relative time de-
lay between the frequencies is impor-
tant. The difference in phase between 
the signal at the sending and at the re-
ceiving end of line can be expressed 
in terms of time through the line: 

Phase-shift = yai -1- no- radians 
where, 
y is the time delay of the network, 
co is equal to 2/rf, 
and n is an integer. 

2C2 

(a) Simple net- (b) 
work. 

Fig. 7-112E. Phase-shift 
for two different types 

2c2 

Complex net-
work. 

characteristics 
of networks. 

For a network to have zero phase shift 
y must remain constant for all fre-
quencies, or the curve of the phase 
shift, as a function of frequency, must 
be a straight line. When a complex 
waveform is applied to a system which 
has a linear phase shift, the transmitted 
signal is received at the far end of the 
line after a definite time delay, but all 
frequencies in the waveform will be re-
ceived at the same instant in the same 
relationship as they were at the sending 
end of the line. A time delay at the high 
frequencies is more noticeable than at 
the low frequencies because the human 
ear depends on the higher frequencies 
for definition. In the range between 5000 
and 8000 Hz, it has been determined 
that the time-delay should not exceed 
the 1000-Hz delay time by more than 
10 milliseconds. The delay at 50 Hz may 
be up to 75 milliseconds more than that 
at 1000 Hz, without noticeable effects. 
The low frequencies are delayed by the 
presence of series capacitance and 
shunt inductance, the delay increasing 
with the value of the circuit constants. 
High frequencies are delayed by the 
presence of series inductance and shunt 
capacitance, the delay increasing with 
the increase of these values. 

The effect of phase distortion for a 
transmission line 285 miles in length 
and terminated in 600 ohms at each end, 
is shown in Fig. 7-112A. This line, an 
experimental one, was designed to have 
a frequency response of plus or minus 1 
dB, from 10 to 20,000 Hz. This required 
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all-pass network and its design equations. 

that 20,000 Hz be equalized 28 dB, with 
reference to 500 Hz. After the line was 
equalized (Fig. 7-112B) it was discov-
ered the high-frequency equalizer in-
duced phase distortion, more than twice 
as great as that of the line itself. To 
correct for this deficiency, a phase-
correction network of the design of Fig. 
7-112C was connected in tandem with 
the equalizer networks. Time-delay 
networks can not be developed using 
the conventional ladder-type networks; 
instead, symmetrical m-derived net-
works of the T- or pi-type are used. 
Conversion of a T section and a pi sec-
tion to a lattice network is shown in 
Fig. 7-112D. All-pass networks are de-
veloped by the use of lattice networks, 
in which the reactances Ze and Zit are 
reciprocal with respect to image imped-

ances Et.. This results in a passband in 
which the attenuation is zero, and the 
image impedance is a constant resist-
ance (R.) for all frequencies. 

The phase-shift characteristics for 
two different types of networks are 
given in Fig. 7-112E. Fig. 7-112E part (a) 
indicates the phase-shift characteristic 

when the L/C ratio is large, and part 
(b) indicates when the L/C ratio is 
small. Phase-correction networks have 

been used with success in disc record-
ing systems employing diameter equali-

zation, and pre- and post-equalization. 
Fig. 7-112F gives the equations used in 
the design of all-pass networks. 

7.113 Describe o low-frequency, 
high-pass filter for use with micro-
phones.—A rather simple 100-Hz filter 
for use with a microphone to reduce the 
effects of wind noise is shown in Fig. 
7-113, part (a). The device consists of a 

pi section, high-pass filter connected be-
tween two impedance-matching trans-
formers. This filter is generally made 
and packaged in a metal box with stan-
dard microphone connectors at each end, 
for connecting directly into the micro-
phone cable. The taps on the trans-
formers permit the filter to be used with 
different impedances. The coils are to-
roidal wound, high-Q, and are encased 
in a mu-metal box to eliminate the ef-
fect of stray magnetic fields. The fre-
quency response is shown in Fig. 7-113 

part (b). 
7.114 Describe the characteristics 

and use of a pink-noise filter.—A pink-
noise filter (Fig. 7-114A) converts the 
output signal of a random-noise gener-
ator to a constant energy per octave 
generator which facilitates measure-
ments to constant-percentage band-
width analyzers. The circuit in Fig. 
7-114B is an RC low-pass network with 
a slope of 3 dB per octave from 20 to 
20,000 Hz, and a slope of 16 dB per oc-
tave at the higher frequencies shown in 
Fig. 1-114C. 

If the output of the random-noise 
generator is connected to a constant-
percentage bandwidth analyzer, the 
output-voltage characteristic appears as 
white noise (Fig. 7-114D). Connecting 
the pink-noise filter in the output pro-
duces an output signal as shown in Fig. 

7-114E, termed pink noise. The white-
and pink-noise spectrums shown were 
made with a one-third octave band-
width analyzer and recorded using a 
graphic level recorder. 

It is interesting to note that certain 
noises occurring in nature are closer in 

spectral characteristics to pink noise 
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Fig. 7-113. A 100-14z high-pass wind noise filter for a microphone. 

Fig. 7-114A. General Radio Co. Model 

1390 pink-noise filter. 
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Fig. 7-114B. Circuit configuration for 
pink-noise low-pass filter. 

than to white noise. This is also charac-
teristic of low-frequency noise found in 
semiconductor devices and in certain 
acoustical background noises. 

7.115 Describe an RC filter for 
making noise measurements.— When 
making conducting-noise measurements, 

la‘Hz 20kHz 

particularly on magnetic tape or film 
equipment, the noise is measured while 

erasing the high-frequency bias current 
signal. To properly measure the noise, a 
filter (Fig. 7-115A) with the frequency 
characteristic shown in Fig. 7-115B is 
required to attenuate noises outside the 
audio spectrum. The filter shown is de-
signed to operate in a 600-ohm circuit. 
Noise measurements are discussed in 
Section 23. 

7.116 What are Butterworth, Che-
byshey and elliptic filters?—Such filters 
are used for rf and crystal bandpass de-
sign. The equations used replace the 
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Fig. 7-114D. White-noise output of Gen-

eral Radio Co., Model 1390B random-
noise generator without pink-noise filter. 
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eral Radio Co., Model 1390B random-
noise generator with pink-noise filter. 

Fig. 7-115A. Filter configuration for 
measuring erasure noise in magnetic 

tape recorder. 
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Fig. 7-115B. Frequency characteestics for noise filter used for making noise mea-

surements on magnetic recording equipment and similar devices. 
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conventional equations used for the de-
sign of constant-k and m-derived fil-
ters. 

Conventional filters are designed sec-
tion by section, matching the impedance 
of each section to the other. Butter-
worth, Chebyshev and elliptic filters 
are designed as a whole which simpli-
fies the matching of the sections, per-
mitting the response to be optimized, 
and are expressed using transfer equa-

tions. As a rule, the configuration is 
either a ladder or lattice network. 

Bessel filters, because of their excel-
lent phase-shift linearity characteris-
tics, are often referred to as linear 
phase- shift filters. Filters of this de-
sign are generally fabricated using 
solid-state techniques in the form of an 
operational amplifier. For mathematical 
treatment of such devices the reader is 
referred to the references. 
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Section 8 

Transformers and Coils 

Transformers and coils play an essential part in the field of Audio Engineering. 
Types such as input, output, intermediate, repeat, power and modulation, to men-
tion but a few, often serve as a key component in audio circuitry. Such devices are 
used for matching impedances, isolation, bridging low-impedance circuits, and in 
power supplies. 
Work by men such as Clark, Lenz, Maxwell, and Steinmetz has added greatly to 

our understanding and usage of transformers and coils. The various segments, con-
struction detail, and design characteristics of these devices, are discussed in this 
section, with charts and graphs for determining their characteristics, when used 
under conditions other than for which they were designed. Constant-voltage trans-
former, their design and use, are also covered. 

8.1 What is a trans former?—An 
electrical device consisting of one or 
more coils wound on a magnetic ma-
terial core. Electrical energy may be 
transmitted between one or several of 
the windings. Transformers designed 
for audio frequency use must be capa-
ble of transmitting currents over a 
wide frequency range, in contrast to a 
power transformer which transmits 
currents over a narrow frequency band. 
Transformers for either service may 
be designed to step-up or step-down 
the current. Typical schematics for an 
audio and a power transformer are 
shown in Figs. 8-1A and B, respectively. 

8.2 Why are laminated cores used 
in transformers?—To reduce eddy-cur-
rent loss in the core material, thereby 
improving the transformer character-
istics. Hysteresis losses in the core are 
caused by molecular friction and are 
reduced by the use of alloy steel, such 
as silicon, hypersil, and hypernic. The 
latter two metals are manufactured by 
Westinghouse. 

S 

CORE 

Fig. 8-1A. A typical audio transformer. 

8.3 What takes place in a trans-
former when the core material is satu-
rated?—When the core becomes satu-
rated in a power transformer, it is no 
longer able to produce additional lines 
of force. Hysteresis losses occur, the 
coils become overheated, and damage 
to the winding may take place under 
these circumstances. 

In an audio-frequency transformer, 
if the core cannot produce the required 
lines of force the inductance drops and, 
because of the core saturation, the core 
losses increase, and the frequency re-
sponse is affected, particularly at fre-
quencies below 100 Hz. 

8.4 What is copper loss?—A power 
loss caused in a power transformer by 
the de resistance of the coils. The loss 
varies as the square of the current. 

8.5 What is iron or core loss in a 
transformer?—The loss of energy due to 

ELECTROSTATIC 
SHIELD 

Fig. 8-113. A typical power transformer. 

367 
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eddy currents in the core material. In 
practical transformers, the core loss re-
mains almost constant from no load to 
full load, under normal conditions. (See 
Question 23.158.) 

8.6 What are eddy currents?—Cir-
culating currents induced in a conduct-
ing material as the result of the rapid 
reversal of the magnetic field. (See 
Question 82.) 

8.7 What causes current flow in the 
primary of a power transformer operat-
ing with an unloaded secondary?—The 
primary impedance has both an ac re-
actance and a de resistance, which will 
cause a current flow. In well-designed 
transformers this current is small and 
is referred to as the mag-I current, or 
magnetizing current. 

8.8 What is an autotransformer?— 
It is a transformer with a single wind-
ing as shown in Fig. 8-8A. Such trans-
formers may be designed for stepping 
the voltage up or down, and may be 
used with any type equipment. Auto-
transformers are also constructed to be 
continuously variable over their entire 
range. The interior construction of a 
variable autotransformer manufactured 
by General Radio Co. and sold under 
the trade name of Variac is pictured in 
Fig. 8-8B. 

The autotransformer used in this de-
vice consists of a single layer winding 
on a toroidal core. As the shaft is ro-

- 
PRIMARY 
INPUT 

(a) Step up. 

PRIMARY 
INPUT 

- 

SECONDARY 
OUT PUT 

_ 
SECONDARY 
OUTPUT 

(b) Step down. 

Fig. 8-8A. Two types of autotrans-
formers. 

toted, a brush contact traverses the 
winding turn-by-turn; thus, the voltage 
may be varied from zero to full voltage. 
A tap on the winding permits the input 
voltage (line) to be changed, resulting 
in an overvoltage connection (zero to 
140 volts for a line voltage of 117 volts). 
Autotransforrners are sometimes used 
in audio amplifiers for interstage cou-
pling and for impedance matching in 
loudspeaker systems. 

Fig. 8-88. Interior construction of a General Radio Company Variac, showing the 
autotransformer winding. 
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8.9 What is a bailor winding?—A 
coil is said to be bifilar wound when, 
to achieve a balance between windings, 
two conductors are wound side by side. 
(See Fig. 5-16B.) 

8.10 What is a pie winding?—A 
thin sectional winding used in trans-. 
formers and coils to reduce the effect 
of distributed capacity between the 
windings. 

8.11 How is the wattage rating of 
a transformer determined if rated in 
volt -amperes?—The power rating of a 
transformer depends on the amount of 
heat the windings can stand. The power 
rating in watts is the product of the 
volt-ampere rating times the power 
factor. Small transformers employed in 
electronic equipment generally have ef-
ficiencies of 95 to 98 percent; therefore, 
efficiency as a rule is ignored. Assume 
a power transformer is rated 117 volts, 
60 Hz, 100 volt-amperes, with a second-
ary of 6.3 volts. The rating of 100 volt-
amperes means the product of voltage 
times the current (E x I). Since the 
secondary can never exceed 100, and if 
it has a load of 12 amperes, the wattage 
will be 75.5 watts, ignoring the power 
factor. If the power factor is to be taken 
into consideration, the rating of 100 
volt-amperes is multiplied by the power 
factor. For a power factor of 0.9, the 
maximum wattage at the secondary is 
100 x 0.9 = 90 watts. 
To convert the volt-ampere rating 

into kilovolt-amperes, divide the volt-
ampere rating by 1000. The transformer 

would then be rated 0.100 kilovolt-am-
peres. If the transformer has more than 
one secondary winding, the total load 
wattage cannot exceed the /00 volt-
ampere rating. Power factor is dis-
cussed in Questions 3.14, 3.58, and 3.62. 
Other formulas used with power trans-
formers are shown in Fig. 8-11. For 3-
phase circuits I and E are per phase. 

8.12 Define an electrostatic shield 
and its purpose in a power transformer. 
—An electrostatic shield consists of a 
single turn of copper or brass covering 
the entire length of the primary wind-
ing. The ends of the shield are insu-
lated from each other to prevent the 
shield from acting as a shorted turn. 
A connection to the shield is brought 
out to a separate terminal for ground-
ing. The purpose of the shield is to 
prevent the passage of line noises and 
radio-frequency signals from the trans-
former into the power supply, and 
thence to other parts of the equipment. 
Electrostatic shields are also used in 
audio transformers. (See Question 8.42.) 

8.13 What is the effect of connect-
ing a power transformer designed for 
60:Hz operation to a 25-Hz line?—The 
inductive reactance of the primary is 
considerably lower when connected to 
the 25-Hz voltage source. This causes 
the primary current to be more than 
double its normal value. The increased 
current through the primary winding 
will cause serious overheating and, 
eventually, will cause the primary to 
burn out. 

To Find Knowing 1-phase 3-phase 

Amperes E, hp, PF, 
Ell. 

hp x 746 hp >< 746 
ExEff.xPF 1.73 xExEff.xPF 

Amperes kW, E, PF. 
kW x 1000 kVA x 1000 

E X PF 1.73 xExPF 

Amperes kVA, E. 
kVA X 1000 kVA x 1000 

E 1.73 xEx PF 

Watts E, I, PF. ExIxPF. EXIx 1.73 PF 

Kilowatts E, I, PF 
ExIxPF ExIx1.73xPF 

1000 1000 

kVA I, E. 
E X I ExI1.73 XPF 
1000 1000 

where, 
E is voltage, 
I is current, 
Ell is efficiency, 

PF is power factor, 
hp is horsepower, 
kW is 1000 watts. 

Fig. 8-11. Formulas used with power transformers. 
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Transformers designed for 25-Hz op-
eration have about 50 percent more 
core material than do transformers 
designed for 50- to 60-Hz operation. 

8.14 Can a transformer designed for 
60 Hz be operated on 400 Hx?—If the 
core material is of a good quality, a 
transformer which has been designed 
for 60 Hz may be operated on 400 Hz. 
However, a transformer which is de-
signed for 400 Hz operation cannot be 
operated on 60 Hz, as the core is smaller 
for a given power rating. 

8.15 What is a filament trans-
former?—A transformer used for sup-
plying a source of voltage to the fila-
ment or heater circuit of a vacuum 
tube. 

8.16 What is the electrical center 
of a coil?—The point of equal imped-
ance. In audio transformers this may 
not always indicate equal dc resistance 
from the center to the ends of the wind-
ing. The reason for this is the center 
tap is made on the basis of impedance 
rather than de resistance. However, in 
high-quality audio transformers, the de 
resistance is the same for both sides of 
the coils because the windings are split 
into several separate coils and then 
connected in series. The center tap is 
taken at the junction of the coils. The 
internal connections for a 1:1 repeat 
coil, Fig. 8-16, shows how the coils are 
connected in series, and the taps taken 
for the different impedances. 

8.17 What are the essential differ-
ences between on audio and a power 
transformer?—Power transformers are 
designed to operate at one frequency 
or over a small range of frequencies. 

2500 

Audio transformers must operate over 
a frequency range of 20 to 20,000 Hz. 
Many audio transformers are designed 
to operate over a frequency range of 
10 to 200,000 Hz. Such wide frequency 
characteristics require careful design as 
to the method of winding the coils, their 
connection, material for impregnating 
the windings, core types and material, 
and the method used for stacking the 
laminations. 

8.18 Define ampere turns.—The 
equations for determining ampere turns 
are given below: 

V 
ampere turns = —R T 

AT 
ampere = 

V 
resistance = -ft X T 

total resistance  
effective turns resistance of coil 

x turns of coil 
where, 
A is the current in amperes, 
R is the dc resistance, 
T is the number of turns in the coil, 
V is the voltage applied to the coil. 

The latter takes into consideration any 
resistance external to the coil. One 
ampere turn equals 1.257 gilberts. 

8.19 What is a current transformer? 
—A special transformer designed to 
work with a current-indicating instru-
ment. The primary of the transformer 
is connected in series with the load, and 
the indicating instrument is connected 
to the secondary, as shown in Fig. 8-19. 
In this manner, the transformer carries 
the load while the instrument is com-

60011 

Fig. 8-16. Coil construction and winding for a 1:1 repeat coil with taps at 250 ohms 
and center. 
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Fig. 8-19. Current transformer connected 
to indicate load current. 

pletely isolated. The indicating instru-
ment is actually a voltmeter, although 
calibrated in amperes. 

8.20 How is the turns ratio calcu-
lated for a current transformer? 

I N 
1.1 — Np 

where, 
I, is the current in the primary, 
L is the current in the secondary, 
N, is the number of primary turns, 
N. is the number of secondary turns. 

8.21 How is the voltage regulation 
of a transformer calculated?—The volt-
age is first measured in a no-load con-
dition, and then with a full load applied. 
This information is then substituted in 
the following equation: 

Fig. 8-22A. A three-phase transformer 
open-delta  tion. 

A star- or 
three-phase 

Fig. 8-22C. 
three-wire, 

wye-connected 
transformer. 

where, 
V. is the no-load voltage, 
VP is the full-load voltage. 

8.22 How are three-phase power 
transformers connected for utility serv-
ice?—Several methods used for con-
necting 3-phase power transformers for 
commercial services are shown in Figs. 
8-22A to F. Fig. 8-22A shows an open-
delta connection and is the simplest of 
all 3-phase transformer connections as 
each winding consists of only two coils. 
In Fig. 8-22B is shown a six-winding 
transformer connected in delta. Figs. 
8-22C and D illustrate two transformers 
connected in a star or wye configura-
tion using a 3-wire and a 4-wire feed 
system. The 4-wire connection will per-
mit the taking of 115 volts from any one 
winding to a neutral wire connected at 
the center of the three secondaries. 

Fig. 8-22E shows a star-delta, or 
delta-wye, connection. Here, one side of 
the transformer winding is delta con-
nected and the other side is star con-
nected. In Fig. 8-22F is shown a 4-phase 
or quarter-phase connection. The vari-
ous voltage combinations are shown 
relative to the common center tap and 
to the outside ends of the coils. (See 
Question 3.32.) 

Fig. 8-228. A three-phase transformer 
delta connected. 

A 
WAD 

SIDE 

775V 

L a 
CAD 

5V / 

115V 

C 

Fig. 8-22D. A star-connected, four-wire, 
three-phase transformer. 
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Fig. 8-22E. A three-phase transformer 
with windings connected in delta and 

wye. 

Fig. 8-22F. A four-phase or quarter-phase connected transformer. 

8.23 What is a teaser transformer? 
—A power-transmission transformer 
used with 3-phase power-distribution 
systems, as shown in Fig. 8-23. 
Assume a 1000-volt, 3-phase power 

source is to be stepped down to 100 
volts. The primary of a 1:1 teaser trans-
former, T2, is connected in the center 
leg of the main power transformer as 
shown. The secondary of the teaser is 
connected to a center tap on the sec-
ondary of Ti. The voltages developed 
by the system are given in the diagram. 
It will be noted the teaser transformer 
develops only 86.6 volts across both its 
primary and secondary windings. 
The advantage of such a system is 

that moderate amounts of power may 
be transformed with only two trans-
formers. About 58 percent of the system 
rating may be used with a teaser trans-
former, compared to one using a trans-
former in each phase. Because of dis-
symmetry, the system can easily become 

unbalanced. The phasing of the trans-
former windings must be carefully car-
ried out to prevent damage. 

8.24 Describe a repeat or isolation 
coil.—An audio transformer consisting 
of two windings with a one-to-one im-
pedance ratio. However, repeat coils are 
generally designed with taps at various 
points on the coils to provide imped-
ance matching between circuits of un-
equal impedance. A typical schematic 
of a repeat coil is shown in Fig. 8-24. 
It will be noted that although the coil 
is designed for an impedance of 600 
ohms, ranging downward to 250 ohms, 
the center tap is balanced with respect 
to the center of the coil. High quality 
repeat coils used for transmission mea-
surement work, as described in Ques-
tion 23.14, employ an electrostatic shield 
between the two windings to prevent 
the transfer of noise by means of the 
capacitance existing between the two 
windings. 

Fig. 8-23. Three-phase power transmission using a teaser transformer. 
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Fig. 8-24. Typical 600:600-ohm repeat or isolation coil. In-between impedances are 
indicated for ready reference. 

Thus, a signal is transferred from one 
coil to the other coil inductively only. 

The windings consist of several sepa-
rate coils, each with the same number 
of turns and connected in series in such 
a manner that the capacitance between 
coils is reduced to a minimum. This 
method of construction permits the var-
ious impedance taps to be taken at the 
exact electrical center, resulting in a 
well balanced design. The insertion loss 
of the average repeat coil is about 0.10 
to 0.5 dB. 

Repeat coils are often referred to as 
isolation coils, when they are employed 
to separate an unbalanced circuit from 
a balanced one. This is demonstrated by 

_ 
(a) Symmetrical input. 

-. 

(b) Grounded input. 

- 
(c) Balanced to ground input. 

Fig. 8-25. Three different types of trans-
former-input circuits. 

the extensive use of such coils in mixer 
consoles. 

8.25 Define the terminology used 
with input transformers.—Terminology 
used with input transformers is often 
misused, especially when referring to 
grounded-input circuits. Fig. 8-25 illus-
trates three methods most commonly 
employed. At part (a) is shown an un-
grounded symmetrical input, often er-
roneously referred to as a balanced in-
put. A true balanced circuit is one 
using an input transformer with a cen-
ter tap to ground, as shown in part (c). 
For the circuit of part (a) to be truly 
balanced (although no ground is used) 
the transformer windings must be 
wound so that the distributed capaci-
tance to ground is the same for each 
coil. Also, each coil must have identical 
inductance and dc resistance, and be 
physically interleaved to reduce the ef-
fects of leakage inductance. If all these 
conditions are met, the coil may be said 
to be balanced. However, in the average 
coil these conditions do not always pre-
vail, therefore this circuit is said to be 
symmetrical. 

The circuit in part (b) is an unbal-
anced input with one side of the input 
winding connected to ground. This in-
put is often used with circuits such as a 
high-impedance microphone employing 
a single conductor and shield. The 
shield is connected to the ground side 
of the transformer. 

8.26 What is an impedance-match-
ing coil?—A coil similar to a repeat 
coil, except it has more taps and a 
wider range of impedances. A typical 
impedance-matching coil may have a 
600-ohm winding with taps at 500, 250, 
and 150 ohms; the other coil may be a 
5000-ohm winding with taps at 1000, 
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500, 250, 150, 50, or 30 ohms. Such coils 
are not always balanced in their design 
and should be carefully checked for 
unbalance when connected in a circuit 
subject to leakage. 

8.27 What causes the insertion loss 
in a transformer?—It is the loss caused 
by the shunt reactance, distributed ca-
pacitance, de resistance of the coils, 
core material, and other losses due to 
the geometry of the coils. In the average 
audio transformer, this loss is not too 
important unless the power in the 
transformer is large, such as in an out-
put transformer. 

8.28 What are the basic principles 
of impedance matching?—The formula 
for impedance matching states: The 
impedance ratio of a transformer is di-
rectly proportional to the square of the 
turns. Frequency does not enter into 
this formula. 

8.29 What is meant by the term 
impedance ratio?—Transformers are 
generally used to step up or step; down 
a voltage or to transfer power from one 
circuit to another. Because circuits dif-
fer in their impedance, if the maximum 
transfer of power is to take place, the 
turns ratio of the transformer must be 
such that an impedance match is ef-
fected between the two circuits, the 
source and the load. As an example, 
assume the plate circuit of an amplifier 
is to be connected to a loudspeaker. 

As the plate resistance of a tube may 
run into several thousand ohms and the 
loudspeaker only a few ohms, the 
transformer will have to be of such a 
turns ratio that the impedance reflected 
back by the loudspeaker will cause the 

(a) Step-up transformer. 

RL 
4000n. 

RL• 

rya,. 

('b) Step-down transformer. 

Fig. 8-30. Reflected impedance by ter-
mination of a transformer winding. 

primary of the transformer to present 
the correct load impedance to the plate 
of the tube. If the tube requires a load 
impedance of 5000 ohms and the speaker 
16 ohms, the impedance ratio is 5000/16 
or 312. 

For a transformer of this design, if 
a 16-ohm resistance is connected across 
the output winding, the reflected im-
pedance seen by the tube plate circuit 
will be 5000 ohms. The turns ratio of 
the coils is 17.66 or the square root of 
312. Thus, it may be said: 

Z. 

where, 
Z. is the impedance of the secandary, 
Z, is the impedance of the primary, 
N. is the number of turns in the sec-
ondary winding, 

Ni, is the number of turns in the pri-
mary winding. 

N. 
or —= 

N. 

The foregoing relationship is generally 
stated: The impedance ratio is equal to 
the turns ratio squared, or the turns 
ratio is equal to the square root of the 
impedance ratio. The voltage ratio is 
equal to the turns ratio. 

In a well-designed transformer the 
impedance ratio will remain the same 
throughout the normal frequency band. 
If a pure capacitance or inductance is 
connected across the transformer rather 
than a resistance, the impedance seen 
by the primary will appear as a capaci-
tance or inductance. Very often advan-
tage is taken of this fact to transform 
small capacitors to a larger value for 
starting capacitor-start motors. (See 
Question 8.34, and Question 3.9.) 

Because of the practical limits of a 
transformer, a given transformer can-
not be used over a wide range of im-
pedances. Attempting to use a trans-
former to obtain a given impedance 
ratio, but with the impedance diverging 
considerably from the original design, 
will result in frequency discrimination 
and a loss of power transfer. 

8.30 What is reflected impedance? 
—The impedance seen when looking 
into a given winding of a transformer 
with one or more of the other windings 
terminated in a given load resistance. 

To illustrate how the reflected im-
pedance of a transformer winding is 
calculated, assume an ideal transformer 
(one with no losses) is available with 
a turns ratio of 20:1. The secondary 
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winding (the smaller of the two) is 
terminated with a resistive load of 10 
ohms as shown in part (a) of Fig. 8-30. 
The reflected impedance to the primary 
winding may be calculated: 

Z. = Net.. or Z. = N2Z. 
where, 
N is the turns ratio, 
RL the load resistance in ohms across 
the secondary, 

Z. the primary impedance, 
Z. the secondary impedance. 

The impedance seen by the generator is 
the turns ratio (20) squared, or 400 
times the impedance (10 ohms) of the 
secondary. The 4000 ohms seen at the 
primary winding is the "reflected im-
pedance" caused by the 10-ohm second-
ary terminating resistance. The 4000 
ohms will only be seen when the sec-
ondary is terminated in 10 ohms. If the 
primary impedance is measured with 
the secondary unterminated, only the 
actual inductive reactance of the pri-
mary coil will be measured. The 
reflected impedance of a step-up trans-
former of known turns ratio is calcu-
lated using the foregoing equation. For 
a step-down transformer, Fig. 8-30 
part (b), the equation is: 

Z. 
1.3 = —  

N' 
where, 

z, is the smaller impedance of the two 
windings, 

Z. Is the larger impedance of the two 
windings, 

N' is the impedance ratio (turns ratio 
squared). 

It should be understood that a trans-
former does not supply an impedance, 
but is designed to effect an impedance 
match between two circuits by supply-
ing the correct turns ratio between the 
source and load impedances. Trans-
formers will only present the correct im-
pedance match when they are properly 
terminated. Transformers may be sup-
plied with a solid termination on either 
winding to deflect a given impedance 
to the other winding. This method of 
operation is used with amplifiers em-
ploying beam-power tubes in the out-
put stage. The plate resistance of such 
tubes is generally of the order of 25,000 
to 90,000 ohms and is worked into a load 
impedance of 3000 to 10,000 ohms to 
reduce distortion. If the transformer is 
of the correct turns ratio, the correct 
load impedance will be reflected by the 

ZP 

Fig. 8-31. The electrical ercuit of an 
ideal transformer of 100% efficiency. 

secondary winding load resistance. If 
the transformer has more than one 
winding, only one must be terminated, 
unless the transformer is designed to 
operate with a double termination. In 
the practical transformer, the distrib-
uted capacity and leakage are also re-
flected to the primary side. (See Ques-
tions 8.31, 8.32, and 8.33.) 

8.31 What is an ideal transformer? 
—A transformer which has no electrical 
losses. None of the electrical energy is 
lost in producing the magnetic field in 
the iron core, nor as heat in the wind-
ings. Furthermore, all the lines of flux 
of the changing current in one winding 
link all the turns of the other winding. 
(See Fig. 8-31.) Actually, this is not 
possible, as there are always some losses 
regardless of the design and materials 
used. 

8.32 What are the losses of a prac-
tical transformer?—A simple trans-

(a) Physical transformer. 

z 

(b) Equivalent "T" network of (a). 

(c) Simplified equivalent circuit of (b). 

Fig. 8-32A. Equivalent circuits of on 
audio transformer. 
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Fig. 8-32B. Loss curves of an audio transformer. 

former with its various perimeters is 
shown at parts (a) and (b) of Fig. 
8-32A. In addition to the power trans-
fer characteristics, the primary induc-
tance shunts the source impedance, 
as shown at part (c) of Fig. 8-32A. A 
leakage reactance Li which in effect is 
in series with the load, and a distrib-
uted capacity C (due to the winding of 
the coils) are also in shunt with the 
source impedance. 
As the frequency of the input signal 

decreases, the primary inductance also 
decreases. This decrease of inductance 
may reach a point where some of the 
power which is normally transferred 
from the primary to the secondary is 
shunted through this inductance, as 
shown at part (a) of Fig. 8-32B. If the 

2.0 

50 

frequency of the signal voltage is in-
creased, the impedance of the distrib-
uted capacity decreases and shunts a 
portion of the power which would nor-
mally be passed to the load, as shown 
at part (b) of Fig. 8-32B. 

8.33 What h leakage reactance?— 
The transfer of electrical energy from 
the primary to the secondary of a trans-
former depends on the magnetic lines 
of force linking both the primary and 
secondary windings. In an ideal trans-
former, 100 percent of the lines of force 
would be utilized and the maximum 
transfer of energy would take place 
without loss. 

The foregoing situation can never be 
achieved, as a certain amount of the 
magnetic lines of force leak off into the 
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air. This leakage is called leakage reac-
tance. Leakage reactance is reduced in 
a transformer by the core material, core 
design, and the geometry of the coils. 
(See Question 8.32.) 

In conventional push-pull output 
transformers, the magnetic lines of 
force do not completely couple both 
halves of the primary winding. Lines 
of force coupled to one coil but not 
to the other cause a counter emi to be 
generated. 

TR • I/2 

ZR • V4 

4pF 

Fig. 8-34. Transformation of a capacitor. 

Leakage reactance may be consid-
ered to be like an inductance connected 
in series with the plate of each tube, 
and is the result of insufficient magnetic 
coupling between the two halves of the 
primary winding. When the tubes are 
driven to cutoff at frequencies above 
3000 Hz, the output waveform becomes 
distorted because of sudden changes 
in the plate current caused by tran-
sients. Output transformers of special 
design, such as the McIntosh, have been 
developed to reduce the effects of leak-
age reactance to where it becomes neg-
ligible. The McIntosh amplifier is dis-
cussed in Question 12.231. 

8.34 h it possible to transform ca-
pacitance?—Yes, this is often done in 
capacitor-start motor circuits. Referring 
to Fig. 8-34, a 4-µF capacitor is shown 
connected across the primary winding 
of a transformer having an impedance 
ratio of 1:4. Looking into the secondary 
winding, an image capacity of 16 ;LF is 
seen. (See Question 8.29.) 

8.35 What are reflection losses?— 
The transmission losses resulting from 
a portion of the transmitted signal 
being reflected back towards the signal-
source. This may be the result of mis-
matched impedances or of a discon-
tinuity in the transmission line. In the 
case of an improperly terminated line, 
not all of the signal energy is trans-
mitted to the load. The portion not 
absorbed by the load is reflected back 
towards the source and meets the 
energy from the source, and causes a 
loss of power. The greater the mis-

match of the termination at the load 
end of the line, the greater will be the 
losses because of reflection. 

8.36 How may the turns ratio of on 
unknown transformer be determined?— 
A known voltage is applied to one of 
the windings and the voltage is mea-
sured across the other winding. The 
turns ratio is equal to the voltage ratio. 

8.37 What is the relationship of the 
impedance to the turns ratio of a trans-
former?—The impedance ratio is equal 
to the turns ratio squared. 

8.38 What is the relationship of 
voltage to the turns ratio of a trans-
former?—The voltage ratio is equal to 
the turns ratio. 

8.39 What is the relationship of 
turns ratio to the impedance ratio of a 
trans former?—The turns ratio is equal 
to the square root of the impedance 
ratio. 

8.40 Does the mismatch of imped-
ances affect the frequency response of 
a transformer?—A slight mismatch has 
little or no effect; however, it is best 
to measure the frequency response if 
more than a 15 percent mismatch is 
known to exist. 

8.41 What is the maximum mis-
match of impedances that may be toler-
ated?—Although circuit requirements 
will control the amount of mismatch 
that may be tolerated, the mismatch 
should not exceed 15 percent. 

8.42 What is the purpose of a cen-
ter tap, balanced-to-ground audio trans-
former?—To reduce the effects of lon-
gitudinal currents and also reduce the 
influence of external magnetic fields 
and line noises. In Fig. 8-42 is shown a 
balanced line using two center-tapped 
transformers balanced to ground. Lon-
gitudinal currents are the result of in-
ductive interference induced into both 
sides of the line simultaneously, as 
shown by the arrows. The induced cur-
rents travel in the same direction in 
each side of the line. Arriving at the 
receiving end of the line, the cur-
rent travels downward to the ground 
through the center tap of the trans-
former. As the field reverses, the same 
action occurs but in the opposite direc-
tion. During this action, the audio sig-
nals are traveling in opposite directions 
to their normal manner, as indicated 
by the solid arrows parallel with the 
lines. In addition to the center tap on 
the transformer, electrostatic shields, as 
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Fig. 8-42. Balanced transmission line using two balanced-to-ground repeat coils, one 
at each end of the line to reduce the effect of longitudinal currents caused by ex-

ternal magnetic fields. 

explained in Question 8.12, are used 
to prevent capacity coupling between 
windings, thus, permitting only induc-
tive coupling. 

8.43 What is a terminated trans-

former?—A transformer operating with 
a resistive load connected across the 
primary or secondary winding in par-
allel with the normal load of the wind-

ing. Fig. 8-43 shows unterminated and 
terminated transformers operating with 

different types of terminators. 
8.44 Where are unterminated trans-

formers used?—To feed the grid .of a 
vacuum tube. This connection is often 

referred to as an open-circuit connec-
tion and is generally employed in mi-
crophone and photocell preamplifiers. 
The source feeding the transformer is 
considered to be the transformer termi-
nation. An unterminated transformer 

should not be used to feed an equalizer, 
filter, or an amplifier requiring a solid 
termination. 

8.45 Where are terminated trans-
formers used?—In circuits requiring a 
solid termination such as a line, equal-
izer, filter, "or similar devices. 

8.46 What are the characteristics 
of an unterminated transformer?—The 
frequency characteristics of an unter-
minated transformer differ somewhat 
from those of a terminated transformer 
and are as follows: Assume a high qual-
ity line-to-grid transformer designed 
to operate from a source impedance 
of 500 ohms and having a secondary 
impedance of 50,000 ohms is connected 
to the grid of a vacuum tube operating 
as a class-A amplifier. The secondary 
Will be left =terminated. 

Under normal operating conditions, 
when the primary is terminated by a 
source impedance of 500 ohms, it will 
be assumed the frequency response 

3E 
(a) Unterminated. 

P S 

ILE 
(b) Secondary terminated. - 

- 
(c) Primary terminated. 

(d) Primary and secondary terminatid. 

Fig. 8-43. Transformer terminations. 

shows a loss of 1 dB at 40 Hz and 12,000 
Hz. If the primary is now terminated 
by a line impedance of 100 ohms rather 
than 500 ohms, the loss of 1 dB will 
appear at IA (109E,00) of 40 Hz or at 
8 Hz. Under these conditions, the high 
end may resonate at some frequency 
around 12,000 Hz. 

If the primary termination is now 
changed to 1000 ohms, the frequency 
response will show a loss of L dB at 80 
Hz, or the lowest frequency multiplied 
by the new impedance ratio (1000/500). 
The high end will start to drop around 
7000 Hz. 

These values are only approximate 
but are generally true of unterminated 
transformers. 

8.47 What are the characteristics 
of a terminated transformer?—Termi-
nated transformers operate with resis-
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tive terminations across the primary or 
secondary, or both, as shown in parts 
(b) to (d) of Fig. 8-43. If the trans-
former described in Question 8.46 (500/ 
50,000 ohms) is terminated on the sec-
ondary side with 50,000 ohms and con-
nected to the grid of a class-A ampli-
fier, looking into the primary will show 
an impedance of 500 ohms. The fre-
quency response will show a loss of 1 
dB at 80 Hz and 7000 Hz. If the trans-
former is terminated by a 1000-ohm 
source impedance, the low-frequency 
response will still show a loss of 1 dB at 
the low end, but the high-frequency re-
sponse will be better than normal, or a 
loss of 1 dB at around 15,000 Hz. Before 
operating a transformer either termi-
nated or unterrninated, its characteristic 
should be checked by referring to the 
manufacturer's specifications. In any 
case, measurements should be made 
with the transformer terminated and 
unterminated to determine whether or 
not the frequency characteristics of 
the transformer are affected either by 
the termination or the method of opera-
tion. 

8.48 What is a split-terminated 
transformer?— A transformer - termi-
nated on both the primary and second-
ary sides as shown in part (d) of Fig. 
8-43. To illustrate how such termina-
tions are used, assume an input trans-
former having an impedance ratio of 
600/50,000 ohms is terminated on the 
secondary side with 100,000 ohms or 
double the secondary impedance. 

Looking into the normal 600-ohm 
primary shows an impedance of 1200 
ohms. Now, if a 1200-ohm resistance is 
connected across the primary, the im-
pedance looking into the primary is 
again 600 ohms. The advantage of such 
termination is that the transformer pri-
mary presents a solid termination to 
the source impedance. This type ter-

.600/ SOO 

mination is of particular value if the 
primary is being fed from the output 
of another amplifier. When a trans-
former using split termination is first 
connected into a circuit, frequency-re-
sponse measurements should be made 
to determine whether the frequency 
characteristics have materially changed 
from the original specifications. (See 
Question em.) 

8.49 How are the coils of a four-coil 
600-ohm repeat coil connected extern-
ally?—A typical four-winding repeat 
coil is shown at part (a) of Fig. 8-49. 
If the terminals numbered 2 and 3 of 
the left-hand coils are connected in 
series, and terminals 6 and 7 of the 
right-hand coils are connected in series, 
the coil will have an impedance ratio 
of 1:1 or 600/600 ohms. 

Leaving terminals 2 and 3 connected 
in series and connecting terminal 5 to 
6 and terminal 7 to 8, as shown at part 
(b) of Fig. 8-49, the impedance ratio is 
changed to 600/150 ohms. Leaving the 
left-hand coils connected in series, 
either of the right-hand coils alone will 
present an impedance of 300 ohms. As 
the four coils are of similar design, any 
combination may be used by parallel or 
series connection. It will be observed 
the internal connections of the coils are 
crossed over inside the case, and that 
the ends of a given coil are either odd 
or even numbered. This is standard 
procedure for numbering coil terminals. 

8.50 What is a nested shield?—An 
audio-transformer case consisting of 
alternate iron and copper shields sepa-
rated by an air space, as shown in 
Fig. 8-50. 

8.51 What is the theory of a nested 
shield?—Referring to Fig. 8-51, when a 
magnetic field encounters the outside 
high permeability iron case (A) of the 
transformer, it will travel through the 
case and be deflected around the trans-

600 / 600 

(a) 600/600 ohms. (b) 600/150 ohms. 

Fig. 8-49. Internal connections for a four-coil repeat coil. 
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former (inside the case) because iron 
offers a path of lower resistance to 
magnetic lines of force than air. Also, 
in passing through the iron case a por-
tion of the field is dissipated in the form 
of heat due to friction in passing 
through the iron and the short-circuit-
ing effect of the case. The now reduced 
field continues through the air space 
filled by the fiberboard spacers (B), 
then through the copper shield (C). 
The field again passes through an air 
space (D) to a high-permeability iron 
shield (E) which again reduces the 
field strength. Leaving this shield, the 
field passes through air space (F) to 
copper shield (G) which houses the 
transformer (H). At the top of each 
shield are covers (I) (shown in Fig. 
8-50) which, in effect, provide water-
tight shields around the transformer. 
The copper shields have little or no 
effect on the reduction of the magnetic 
field. Their purpose is to reduce the 
effects of electrostatic fields and dis-
turbances caused by breaking of elec-
trical circuits and radio transmissions. 
To secure a further reduction from 

the effects of external magnetic fields, 
the coils of the transformer are wound 
hum-bucking, which neutralizes the 
effects of any magnetic field that may 
reach the transformer coils after pass-
ing through the multiple shielding. 

(A) 
OUTSIDE 

IRON CASE 

(B) 
FIBERBOARD 
SEPARATOR 
AND AIR SPACE 

(C) 
COPPER 

(E) 
IRON 

(D) 
FIBERBOARD 
SEPARATOR 
AND AIR SPACE 

(G) 
COPPER 

(F) 

SEPARATOR 

TERMINAL 
BOARD 

(1) 
SHIELD 
TOP 

(H) 
TRANSFORMER 

Fig. 8-50. Transformer encased in nested-shield. (Courtesy, Kenyon Electronics Inc.) 
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MAGNETIC 
FIELD (A) (C) (E) (G) 

(B) 

(D 

(F) 

EXTERNAL 
FIELD 
LINES 

OF FORCE 

(H) 

Fig. 8-51. External magnetic lines of 
force deflected by an iron case and a 
nested-shield around a transformer. 
Symbols correspond to those of Fig. 8-50. 

Using the construction illustrated in 
Figs. 8-50 and 8-51 hum and noise 
pickup may be reduced 120 dB relative 
to the strength of the interfering mag-
netic field. 
The core of the transformer is 

brought to a separate terminals for con-
nection to a transmission ground system 
as described in Question 24.33. The 
outer iron case is completely insulated 
from the internal shields and trans-
former core. 

8.52 Define the term 120 dB mag-
netic shielding.—It means for a given 
external magnetic field surrounding the 
transformer, the strength of the mag-
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netic field will be reduced 120 dB at 
the transformer windings. The amount 
of reduction is fixed and the actual 
hum pickup can vary with the change 
in the external magnetic field strength. 
However, with 120 dB of hum reduc-
tion, generally little difficulty is en-
countered. 

Transformer hum-bucking windings 
are discussed in Question 8.98, and the 
measurement of shielding effectiveness 
is discussed in Question 23.162. 

8.53 How much is an external mag-
netic field reduced by a single cast-iron 
case Ve -inch thick?—Approximately 12 
dB. 

8.54 How is the effectiveness of a 
magnetic field measured?—By the 
method given in Question 23.162. 

8.55 What type transformers re-
quire nested shielding?—Low-level in-
put transformers operating ahead of a 
considerable amount of gain, micro-
phones, line, repeat coils and others of 
similar design, or any low-level trans-
former operating near ac operated 
equipment. 

8.56 Should an output transformer 
be shielded?—Yes, but an output trans-
former does not require as heavy a 
shield as does an input or interstage 
transformer. As a rule, an output trans-
former only requires 6 to 10 dB of 
shielding because it operates at a fairly 
high level and is not generally affected 
by extraneous magnetic fields. In many 
instances, the output transformer is 
only cased in light metal. 

8.57 Should an interstage trans-
former be shielded?—Yes, about 12 to 
40 dB. It is a matter of circuit design 
and operating levels. 

8.58 What is an input transformer? 
—An audio transformer used at the in-
put of an amplifier or similar device. 
Input transformers are generally better 
shielded from magnetic fields, as they 
are required to operate in low-level 
circuits. Input transformers, as a rule, 
are designed to match the low imped-
ance of a transmission line to the grid 
of a tube. Typical impedance ratios are: 
250 or 600 ohms to a 50,000-ohm second-
ary. (See Question 8.52.) 

8.59 What is an interstage trans-
former?—A transformer designed to 
couple the plate circuit of one vacuum 
tube to the grid circuit of another. It 
may be designed to couple either 
single-ended or push-pull stages. 

8.60 What is an output trans-
formerT—A transformer used to trans-
fer the power of an output stage to an 
external circuit. The primary is of 
higher impedance than the secondary 
because it must couple the high im-
pedance of the tube plate circuits to a 
lower impedance. Output transformers 
have but one purpose—to transfer the 
power developed in the plate circuit by 
the vacuum tubes to an external circuit, 
without frequency discrimination or 
excessive power losses. A well-designed 
output transformer will have similar 
frequency characteristics, within plus 
or minus 1 dB, at both high- and low-
level power outputs. The insertion loss 
must be negligible. This is particularly 
true if a considerable amount of power 
is to be transmitted. 

8.61 What is a modulation trans-
formerT—A transformer used for cou-
pling a modulator tube in a radio trans-
mitter to the tubes to be modulated. 
Such transformers have numerous taps 
to secure a proper impedance match 
between the two circuits. 

8.62 What is a bridging trans-
former?—A special transformer with a 
high-impedance primary designed to be 
operated from a low source impedance. 
Many amplifiers used in recording sys-
tems and broadcasting make use of 
bridging transformers, as these trans-
formers permit several amplifiers to be 
connected across a line without up-
setting the impedance match of other 
equipment. Bridging amplifiers are de-
scribed in QUestion 12.87. 

8.63 Con a transformer with a high-
impedance primary be used for bridging 
purposes?—No, not as a rule. Bridging 
transformers are of special design. 
However, a transformer with a low-
impedance primary may often be con-
verted for bridging use by the addition 
of resistors as shown in Fig. 8-63. In 
part (a) of Fig. 8-63 two resistors RB 
have been added in series with a 600-
ohm primary, to raise the input imped-
ance to the desired bridging impedance. 
In part (b) of Fig. 8-63 the same 
method has been used, except the cir-
cuit is unbalanced. In part (c) of Fig. 
8-63, resistor 118 has been connected in 
series with the return of a split-pri-
mary transformer. In this case the 
transformer may only be used for 
bridging purposes. Transformers con-
verted to bridging inputs, as shown, will 
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(a) Balanced. 

(b) Unbalanced. 

SEC. 

150n PRIMARY 
COIL 

RB • BRIDGING IMPEDANCE 

LESS THE RESISTANCE OF 

THE PRIMARY COLS 

50n. PRIMARY 
COIL 

(c) Center-tapped primary. 

Fig. 8-63. Methods of converting low-
impedance transformers to bridging in-

puts. 

show a considerable insertion loss be-
cause of the resistance Rb in series with 
the windings. This loss will vary de-
pending on the impedance ratio of the 
transformer and the value of the resis-
tors. Transformers designed expressly 
for bridging service do not as a rule 
make use of resistors. 

It may be necessary when using a 
transformer with a 600-ohm primary 
for bridging purposes to add an addi-
tional resistor in shunt with the pri-
mary winding as shown by the dotted 
line resistor in parts (a) and (b) of 
Fig. 8-63, to preserve the frequency re-
sponse of the coil. The addition of this 
shunt resistor will increase the inser-
tion loss of the transformer as a whole, 
the amount depending on the imped-
ance ratio between the bridging source 
and the impedance of the transformer 
primary. 

The three resistors, in the case of 
parts (a) and (b), form a bridging pad. 
The loss may be computed as described 
in Question 5.54. 

8.64 What are the standard bridg-
ing input impedances used in the sound 
recording industry?-7500, 10,000, 25,000, 
and 30,000 ohms. 

8.65 What is a tertiary winding?— 
It is a third winding on a transformer. 
In an output transformer it is generally 
used for obtaining a negative feedback 

FEEDBACK 

OE (a) Negative feedback. 

(b) Interstage transformer. 

Fig. 8-65. Tertiary windings. 

voltage. In an interstage transformer, it 
is used to feed auxiliary equipment, as 
shown in Fig. 8-65. 

8.66 What is a hybrid «OEM—A coil 
consisting of two or more windings, and 
used in telephone circuits, sound mix-
ers, and test equipment. The geometries 
of the coil design are such that the sig-
nal can only be transmitted in a given 
direction when the coil is properly ter-
minated. A typical hybrid coil is shown 
in Fig. 8-66A. It will be noted the signal 
can only be transmitted between Za and 
Z., and Z. and Z.. When Za, Z., and Z. are 
terminated in their proper load im-
pedances and two signals are applied 
simultaneously to Z. and Z., the signals 
do not react on each other and can only 
be transmitted in the direction of Z.. 

If a voltage is applied to Z. and Z. 
(plus-minus to C) by induction, a volt-
age is developed across Le When Z. (a 
resistance) is adjusted to its correct 
value, the voltage developed across Z. 
will be equal to that developed across 
74, but of opposite 'polarity. Since these 
two voltages are in opposition, the volt-
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21— 

C 

Fig. 8-66A. Conventional hybrid cod. 

age applied to Z2 will be cancelled and 
will not appear across Z2. Normal trans-
former action occurs between Z, and 7,2, 
therefore the voltage applied to 7.2 ap-
pears across Z2; the same holds true for 
a voltage applied to Z2. 
The electrical balance and isolation in 

a hybrid coil changes somewhat with 
frequency, the greatest unbalance oc-
curring above 5000 Hz. This causes low-
level mixing of the two signals applied 
to Z2 and Zio, and results in low-level 
inter-modulation. As a rule, a well de-
signed hybrid coil will indicate a bal-
anced condition of 45 dB, or better, 
from 30 to 10,000 Hz. (See Ques. 23.72.) 

j . 

zlo 

C 
Z 3o 

Zip — 

Z3b 

C 

Z2b — 

+ 

za 

Fig. 8-66C. Sound-mixer hybrid coil. 

If a signal voltage is applied to 7.4, it 
will be transmitted to both Z1 and Z2, 
but not to Za. The load terminators for 

Z2, and Z.4 are rather critical, as is 
the adjustment of the 7.2 resistor. 
In Fig. 8-66B is shown how hybrid 

coils are employed in the telephone in-
dustry to permit a single line to be used 
for two-way conversation. It is the 
practice to use two amplifiers to make 
up a repeater station, one amplifier pro-
viding amplification in one direction 
and the second in the opposite direction. 
When the lines are properly terminated 
and the balancing networks adjusted, 
both amplifiers may be used without 
producing a howl or singing. 
The sum of the gains of the two am-

plifiers must always be less than the 
sum of the losses across the two hybrid 
coils to prevent unbalance and singing. 
For telephone transmission the fre-
quency bandwidth is limited to fre-
quencies between 200 and 3000 Hz. Fil-
ters are employed to prevent singing 
at frequencies outside this band. The 
balancing networks consist of a resist-
ance and a capacitor connected in series 
across one pair of terminals of the hy-
brid coil. In some instances an induct-
ance is employed. 
The action of a hybrid coil is some-

what similar to a Wheatstone bridge 
circuit as described in Question 22.21. 
The hybrid coil shown in Fig. 8-66C 

is typical of such a coil used in sound 
mixer networks designed for rerecord-
ing purposes. 
Inputs Zi. to Z..% are connected to the 

mixer controls. Winding Z2 feeds equip-
ment following the coil. Resistors Zaa 

and Z31) are the same as for the coil 
shown in Fig. 8-66A. 

Fig. 8-668. Hybrid coils used in a telephone-repeater station to permit using a sin-
gle pair transmission line for East-West conversation. 
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Sound mixers using hybrid coil de-
sign are discussed in Question 9.23. 

8.67 What are the transmission 
losses between the windings of a con-
ventional hybrid coi1P—Refer to Fig. 
8-66A. 

Z. to Z. — 3 dB 
Z. to Z, — 3 dB 
74 to Z. — 3 dB 
Z4 to Za Infinite 

Z, to Z, — 3 dB 
Z, to Z. Infinite 
Z. to Z, Infinite 
Za to 21, Za — 3 dB 

The losses given are ideal and will vary 
somewhat in a practical transformer. 
Losses between coils, given as infinite, 
in a practical transformer are approxi-
inately 45 to 60 dB. Other losses given 
are approximately correct. 

8.68 What is the formula for cal-
culating the balancing resistor Za in a 
hybrid coil?—For a mixer hybrid coil: 

—  (N — 1) 
2 

where, 
Z. equals the input impedance, 
N equals the total number of inputs, 
L is a noninductive balancing resis-

tor. 

8.69 How is the insertion loss of a 
hybrid coil calculated? 

dB = 10 Log.° N 
where, 
N is the total number of inputs. 

8.70 What is the impedance ratio 
of each primary to the secondary in a 
hybrid coil? 

" 2Z, 
L.= 

RL 
where, 

Z, equals the input impedance, 
RI. equals the secondary load imped-

ance. 

8.71 What is trans-hybrid lout—The 
degree of isolation provided by the 
windings of a hybrid coil between the 
send and receive windings. For a per-
fectly balanced hybrid coil, this is in-
finite. However, in practice, this is gen-
erally not true as some leakage exists 
and is particularly noticeable at the 
high frequencies. Trans-hybrid loss is 
measured in decibels using a reference 
level of one milliwatt. The balancing of 
hybrid coils is discussed in Question 
23.72. 

8.72 Describe a method of measur-
ing the "Q" of a coil.—Using the circuit 
of Fig. 8-72 the "Q" of a coil may be 
easily measured for frequencies up to 

Fig. 8-72. Circuit for measuring the "Q" 
of o coil. 

1 MHz. Since the voltage across an in-
ductance at resonance equals "QE" 
(where E is the voltage developed by 
the oscillator) it is necessary only to 
measure the output voltage from the 
oscillator and the voltage across the in-
ductance. 
The voltage from the oscillator is in-

troduced across a low value of resist-
ance, R, about Moo of the anticipated 
radio-frequency resistance of the LC 
combination, to assure that the mea-
surement will not be in error by more 
than 1 percent. For average measure-
ments, resistor R will be on the order 
of 0.10 ohm. If the oscillator cannot be 
operated into an impedance of 0.10 
ohm, a matching transformer may be 
employed. It is desirable to make C 
as large as convenient in order to mini-
mize the ratio of the impedance look-
ing from the vacuum-tube voltmeter to 
the impedance of the test circuit. The 
voltage across R is made small, an even 
value on the order of 0.10 volt. The LC 
circuit is then adjusted to resonate at 
the resultant voltage measured. The 
value of "Q" may then be equated: 

Resonant Voltage Across C  
@= Voltage Across R 

The "Q" of a coil may be approximated 
by the equation: 

2/rfL XL 
R — R 

where, 
F is the frequency, 
L is the inductance, 
R is the dc resistance (as measured 
by an ohmmeter), 

XL is the inductive reactance of the 
coil. 

8.73 What factors affect the Q of 
a coil?—The principal factors are fre-
quency, inductance, dc resistance, in-
ductive reactance, and the type of 
winding. Other factors are the core 
losses, distributed capacity, and the per-
meability of the core material. 
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8.74 What does the term permea-
bility mean?—It is a measure of the 
ease with which a magnetic material 
will pass lines of force. High-quality 
transformers, shields, and other elec-
trical equipment use high-permeability 
magnetic iron made of various alloys. 

8.75 What is the relationship of the 
turns of a coil to its inductance?—The 
inductance varies as the square of the 
turns. 

8.76 What effect does a shorted 
turn have on the inductance of a coil? 
—The inductance is decreased. In an 
audio transformer the frequency char-
acteristic will be affected and the in-
sertion loss increased. 

8.77 What is the effect of inserting 
an iron core in a coil?—The inductance 
is increased; hence, its inductive reac-
tance is increased. 

8.78 What is a retard coil?—A 
choke coil. This is a term used in the 
telephone industry. 

8.79 What is coupled impedance?— 
The effect produced in the primary of 
a transformer by the influence of the 
current flowing in the secondary wind-
ings. 

8.80 What is meant by the term 
unity coupling?—If two coils are placed 
so that the lines of force from one coil 
cut all the windings of the second coil, 
it is said that unity coupling exists. 

8.81 Why is an air gap used in the 
core of a choke coul—To prevent the 
saturation of the core material with an 
attendant loss of inductance. Generally, 
the gap is of the order of a few thou-
sandths of an inch. 

8.82 If an air gap is induced in an 
existing choke, how is the inductance 
affected?—The inductance will be re-
duced. 

8.83 What is a saturable reactor? 
—A device similar to a transformer in 
construction with a third control wind-
ing connected to a source of variable 
direct current. Increasing or decreasing 
the direct current through the control 
winding causes a change in the induc-
tance of the coils on the core. In this 
manner, control of ac devices may be 
had by the application of direct current 
to the control winding. 

8.84 What is meant by the term 
flywheel effect?—It is the effect noted 
in a tank circuit (resonant circuit) 
which will cause the circuit to con-
tinue to oscillate after the excitation 

voltage has been removed. The higher 
the Q of the tank circuit, the longer 
the oscillations will persist and the 
longer it will take to dissipate the en-
ergy and for the circuit to come to 
complete rest. 

8.85 What is the incremental in-
ductance of a coil?—When an alternat-
ing current is applied to a coil in which 
a given amount of direct current is 
flowing, the inductance will be in-
creased by the superimposition of the 
alternating current. The inductance will 
increase (within limits) as the ac com-
ponent becomes larger. 

8.86 Can intermodulation distortion 
be induced in an audio transformer by 
the manner in which the core lamina-
tions are stacked?—Yes. The manner 
in which the core laminations are 
stacked can have quite an effect on the 
intermodulation distortion induced by 
a transformer. By the proper design of 
the coils, the method of stacking, and 
the use of grain-oriented steel, the in-
termodulation distortion can be reduced 
to a negligible amount. 

8.87 How may an interstage trans-
former without a center tap be used 
for phase-splitting?—In the manner il-
lustrated in Fig. 8-87. Two resistors RI 
and R. are connected across the sec-
ondary winding to provide the missing 
center tap. The terminating resistors 
are selected on the basis of the reflected 
impedance to the plate of the preceding 
tube, and the maximum value of re-
sistance permissible for the grid circuit 
of the particular tube in use. Thus, if a 
transformer designed for an impedance 
ratio of 15,000 to 86,000 ohms is to be 
center-tapped, resistors should be se-
lected which, when connected across the 
secondary, will not greatly affect the 

Fig. 8-87. Interstage transformer with 
resistors connected across the secondary 
to supply a center tap for push-pull 

operation. 
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Fig. 8-88B. Impedance between 

15,000-ohm impedance of the primary 
winding. As an example, selecting two 
246,000-ohm resistors and connecting 
them across the secondary winding will 
reflect to the primary an impedance of 

approximately 15,00 ohms. 
The reflected impedance may be cal-

culated as follows: 

ZR2 
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taps on audio transformers. 

where, 

FL and EL. are the terminating resis-
tors, 

ZR is the impedance ratio of the trans-
former, 

CO C? 3 
CO >.n COE 

1-1 
LO 

to 
COE 

C•1 

Lc? 
et, 
Cl 

CD 

Cl 

CO 

to 

t-
ui 

Zp is the reflected impedance of the 
primary winding. 

8.88 What is the equation for cal-
culating the impedance between tops 
of a transformer?—The unknown im-
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pedance Z., between taps on a trans-

former (Fig. 8-88A), may be calculated 
as follows: 

z. =z2 
.42 

or z. = (v27— 

where, 
Z. is the unknown impedance, 
Z. is the lower impedance tap, 
Z, is the higher impedance tap. 

As an example; assume it is desired to 

know the impedance (Z,) between the 
250- and 500-ohm taps on the trans-
former illustrated in Fig. 8-88A. 

Z, = 250 ( /7756 — 1) 2 

= 250 ( — 1)' 

= 250 (1.41 —1)' 

= 250 x .41' 

= 250 x .1681 

= 42.0 

Thus, the impedance between the 250-
and 500-ohm taps is 42 ohms. A chart 
for determining the impedance between 
taps of a transformer without calcula-
tion is given in Fig. 8-88B. The known 
taps are plotted across the top and the 
left side of the chart. Assume it is de-

500 - 

250  

C  

Fig. 8-88A. Transformer for example in 
Question 8.88. 

sired to know the impedance between 
a 600-ohm and a 30-ohm tap. Entering 
the chart at 30 ohms at the left and 
reading to the right to the 600-ohm 
column the impedance is found to be 
361 ohms. The square root of various 
impedances from 2 to 600 ohms is given 
at the foot of the chart for convenience 

when calculating an unknown imped-
ance. 

In Fig. 8-88C is shown a typical out-
put transformer with taps at 15, 250, 
500, and 600 ohms, with the impedances 
between windings indicated, for ready 
reference. 

8.89 How are the terminals of a 
transformer or a coil identified?—Stan-
dard terminal terminology is used to 
identify the terminals. In Fig. 8-89A is 
shown the terminal markings used on a 

typical two-coil repeat coil or isolation 
transformer. An electrostatic shield is 
brought out to a separate terminal for 
connection to a transmission ground 
system. The core may be brought to a 
separate terminal or tied internally to 
the case, or in sorne instances, the core 
is left floating. In Fig. 8-89B is shown 
a coil or transformer employing a sin-
gle primary center-tapped with multi-
ple secondaries, two of which are cen-
ter-tapped. The coils may be connected 
in series or in parallel depending on the 
impedance requirements. 

In Fig. 8-89C is shown a coil con-
sisting of a primary and a secondary 
with taps at various impedance points. 
In this design, the taps are unbalanceil 
relative to ground; no center tap is pro-
vided. 

Fig. 8-89D is that of a four-winding 
repeat coil. Each coil is identical with 
the others as to its turns, distributed 
capacity, inductance, de resistance, and 
Q. The four coils are assembled in such 
a manner that the distributed capacity 
between them is at a minimum. The 
coils are generally connected hum-
bucking. (See Question 8.98.) 
A variety of impedance relations may 

be obtained by connecting the primar-
ies in series or parallel and the second-
aries in a similar manner. Coils of this 
type are generally cased in a multiple 
shield (see Question 8.51) to prevent 
pickup of noise or external magnetic 
fields. An electrostatic shield prevents 
the transfer of noise between windings 
while the signal currents are passed 
inductively. 
The coil shown in Fig. 8-89E is a 

tapped choke or reactor with one term-
inal connected as a center tap. 

8.90 How may the electrical polar-
ity or phasing of transformer windings be 
established?—By the use of the test 
circuit given in Fig. 8-90. Here an oscil-
lator or a source of 60-Hz voltage is 
connected through a half-wave diode 
rectifier to the primary of the trans-
former to distort the waveform of the 
applied voltage. The oscilloscope is first 
connected to the primary and the atti-
tude of the waveform is noted. The os-
cilloscope is then connected across each 
secondary winding and the attitude 
again noted. 

If the waveform has the same atti-
tude, it is of the same electrical polar-
ity or in-phase with the primary wind-
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L  
Fig. 8-88C. A typical output transformer 
with tops at 15, 250, 500, and 600 
ohms. The in-between impedances are 

indicated for ready reference. 

ing. If the attitude is reversed by 180 
degrees, it is of opposite electrical po-
larity or 180 degrees out of phase. The 
in-phase terminals are marked plus-
minus (±) for identification. This pro-
cedure may be used for identifying the 
polarity of either power or audio trans-
formers. 

SuELDO Q CORE 
7 

Fig. 8-89A. Configuration of two-wind-
ing coil with center tap. 

Fig. 8-89B. Impedance-matching trans-
former with multiple secondaries. 

OSCILLATOR 

100Hz 

_J  
r P8 

9 

3 FINISH FINISH 

Fig. 8-89C. Configuration of a two-wind-
ing coil, no center tap. 

38 68 

SHIELD 

Fig. 8-89D. Impedance-matching trans-
former or repeat-coil terminal identifica-
tion. The above coil contains four identi-
cal windings. For series connection, 3A 
to I 8, 6A to 413. For parallel connection, 
IA to I B, 3A to 3B, 4A to 48, 6A to 68. 

IR 

2R 

I R2 

3R 

START 

Fig. 8-89E. Center-tapped reactor. 

8.91 What is the formula for cal-
culating power trans fere—A 6-volt gen-
erator with an internal impedance of 
600 ohms connected to a load of 200 
ohms is shown in Fig. 8-91A. Applying 
Ohm's law, the current is: 

OSCIL LOSCOPE 

o 

o 
o 

O 

Fig. 8-90. Test circuit for identifying the electrical polarity or phasing of trans-
former windings. 
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E 
= ff. 

6  
— 600 + 200 

= 0.0075 amp 

R • 203n. L 

P•11.25mW 

Fig. 8-91A. A 600-ohm generator work-
ing into a 200-ohm load. 

The power delivered to the load may 
be calculated: 

P = PR 

= (0.0075) 2 >< 200 

= 0.01125 or 11.25 milliwatts 

In Fig. 8-91B the generator is connected 
to a load of 1000 ohms. The power de-

Fig. 8-91B. A 600-ohm generator work-
ing into a 1000-ohm load. 

livered in this example is 14 milliwatts. 
In Fig. 8-91C the generator is con-
nected to a load of 600 ohms which is 
equal to its internal impedance. Solving 
for I: 

18 

Il 

RL•600a. 

P•15mW 

Fig. 8-91C. A 600-ohm generator work-
ing into a 600-ohm load. 

E 
1.= 

600 
1200 

= 0.005 amp 

P= PR 

= (0.005) 2 x 600 

0.015 or 15 milliwatts 

The same theory may be applied to a 
vacuum tube with the plate resistance 

of the tube acting as the generator im-
pedance and the plate-load resistance 
acting as the load resistance. 

Fig. 8-91D illustrates graphically the 
power-transfer characteristics of a gen-
erator terminated in loads varying from 
a lesser to a greater amount than the 
internal impedance of the generator. 
At the point where the load resist-

ance equals the internal impedance of 
the generator, a maximum transfer of 
power is effected. 

8.92 What is a toroidal coil?—This 
type of coil construction is explained in 
Questions 6.68 to 6.71. 

8.93 What is a geoformer?—A spe-
cial type transformer designed for use 
with geophysical measuring equipment. 
The frequency range of such trans-
formers is limited generally to the 

800 900 200 300 400 500 600 700 

LOAD RESISTANCE IN OHMS 

Fig. 8-91D. Power-transfer characteristics. 
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Fig. 8-94. Encapsulated toroidal coils. Because of their design, toroidal coils may be 
mounted one over the other without fear of intercoupling. Several encapsulated coils 

nonmagnetic machine screw ready for mounting. are shown using a single 

range of 5 to 500 Hz, tapering off slowly 
after 500 Hz. 

8.94 What is an encapsulated coil? 
—A coil which after being wound is 
completely enclosed in a moulded plas-
tic case as shown in Fig. 8-94. 

8.95 What are the formulas for cal-
culating the inductance of a single layer, 
spiral, and multilayer coils?—They may 
be calculated by the use of either 
Wheeler's or Nagaoka's formulas. The 
accuracy of the calculation will vary 
between one and five percent. Using 
Wheeler's formula for the single layer 
coil shown in part (a) of Fig. 8-95, the 
inductance may be calculated as fol-
lows: 

L = 9B -E 10B214'A microhenries. 

For the multilayer coil 
Fig. 8-95, 

in part (b) of 

.8B2N2  
L = 6B -1-9A -I- 10C microhenries. 

For the spiral coil in part (c) of Fig. 
8-95, 

  . 
L — 8B + 11C microhenries, 

where, 
N is the number of turns in the coil, 
A is the length of the winding, 
B is the radius of the winding, 
C is the thickness of the winding. 

8.96 What is a buck-boost trans-
former?—A transformer used in power-
transmission work to increase or de-
crease the line voltage where a con-
ventional transformer would be im-

i" A 

I I I 11! 

C —r OE C 

(a) (b) (C) 

Fig. 8-95. Single- and multiple-layer in-
ductors. (a) Single layer. (b) Multilayer. 

(c) Spiral. 

practical or too costly. The connections 
for boosting the line voltage are shown 
in Fig. 8-96A and the connections for 
decreasing the line voltage are shown 
in Fig. 8-96B. It will be noted that, 
when reducing the line voltage, the 
secondary coil is connected to buck the 
line voltage, thus reducing it. The coils 
of the booster transformer must be 
capable of carrying the full-load cur-
rent. For light loads, a filament or bell-

OUT 

Fig. 8-96A. Booster transformer con-
nections to increase line voltage. 

IN 

CUT 

Fig. 8-96B. Booster transformer connec-
tions to buck line voltage. 
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ringing transformer may be used as a 
buck-boost transformer. 

8.97 What are the general con-
siderations given to a transformer re-
garding operating loadP—A power 
transformer should, if possible, be oper-
ated at about 90 percent of its normal 
rated load because the current in the 
secondary winding or windings will 
bring the voltage and the current in 
phase, reducing the phase angle, which 
results in a power factor closer to unity. 
The power factor of an ac circuit is 
the cosine of the phase angle, or the 
ratio of the true power to the apparent 
power. Therefore, it is desirable to keep 
the true power close to the apparent 
power to reduce excessive voltages and 
currents in the circuit. 
A power transformer loaded to one-

fifth its normal load-carrying capabil-
ities can cause arcing and break down 
the insulation between layers of the 
coils. Under full-load conditions, the 
inductive reactance of the primary 
winding is almost completely cancelled 
by the opposing magnetizing force 
caused by the flow of current in the 
secondary windings. Thus, the phase 
angle between the true and apparent 
power is small and the power factor 
brought close to unity. As a rule, power 
transformers will show a power factor 
of 0.90 or more, with efficiencies of 95 
percent when properly operated. 

8.98 How is a hum-bucking audio 
transformer constructedP—In modern 
high-gain amplifiers, the input trans-
former is generally required to work 
from a very low-level signal input. 
Under these conditions of high gain 
and a low-level signal, it is necessary 
to make use of specially designed in-
put transformers which will not be 
affected by extraneous magnetic fields 

and strong electrostatic fields caused by 
switching circuits and radio transmis-
sions. 
Hum pickup may be reduced to a 

great extent by the design of the coils, 
core, and general construction of the 
transformer. 
Two identical coils are wound on 

opposite legs of the transformer core. 
The direction of one of the coils is re-
versed from the other. The two coils 
are then connected in series by revers-
ing their connections. This type con-
nection does not cause bucking of any 
current generated by the windings. 
However, if any hum voltage is in-
duced in the core from an outside 
source, such as through the chassis 
or from an adjacent transformer, this 
will in turn induce a hum voltage in 
the windings. With the transformer 
constructed as described, equal hum 
voltage is induced in the coils on each 
leg but one voltage will be 180° out 
of phase with the other, and thus be 
cancelled out. In addition to the wind-
ing construction described in the fore-
going, the whole transformer is encased 
in a nested shield which further re-
duces the effect of extraneous magnetic 
fields. Nested shields are discussed in 
Question 8.51. 

8.99 Describe how single-phase 
power may be converted to three-phase 
power operation.—Several circuits have 
been developed for this purpose. The 
circuits to be described may be used 
for recording and reproducing equip-
ment motor circuits, or for any other 
purpose where only a source of single-
phase power is available and three-
phase power is required. 
The basic circuit used in the Westrex 

RA-1511-A converter, a nonrotating de-
vice devised for converting 115-volt 

Fig. 8-99A. Basic circuit of Westrex RA-1511-A converter, used to convert single-
phase power to three-phase power. 
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single-phase power to 230-volt three-
phase power for driving camera motors, 
is shown in Fig. 8-99A. The circuit ele-
ments provide a means for correct-
ing phase unbalance when motors are 
changed, and to compensate for chang-
ing load conditions. 

3 PHASE 
220V 

Fig. 8-99B. Schematic diagram showing 
how single-phase current may be con-
verted to three-phase current by the use 
of a resonant circuit in the secondary 

circuit. 

Basically, the circuit consists of a 
Scott transformer connection developed 
originally for the conversion of two-
phase power to three-phase power. Us-
ing the circuit shown, the current in 
the primary of transformer Ti is shifted 
90 degrees with respect to the primary 
of transformer T2 by the connection of 
a capacitor C of the proper value in 
series with the primary of transformer 
Ti. Thus, two-phase current is pro-
vided from a single-phase source. 
Three-phase current will only exist 
when the secondary sides of Ti and T2 
are connected to an external three-
phase inductive load, such as a motor. 
The circuit is adjusted for a given 

set of load conditions by selecting a 
value of capacitance which will bring 
meters M2 and M3 to the same voltage 

C)o  

reading (300 V), which is twice the line 
voltage read on meter M1 (150 V). 
A continuously variable autotrans-

former T3, connected across the pri-
mary of transformer Ti, permits the 
incoming line voltage to be adjusted 
to set the three-phase output voltage 
to its proper value. Voltmeters across 
the single- and three-phase voltage 
circuits permit the voltage to be moni-
tored during actual operation. 
In the commercial model, relays and 

switches are provided for protection 
to the capacitors and transformers in 
the event that trouble should develop 
in the load circuits. 

In Fig. 8-99B is shown another cir-
cuit developed for converting single-
phase current to three-phase current. 
In this circuit a parallel resonant cir-
cuit is connected in series with one 
leg of the developed three-phase cur-
rent. This resonant circuit shifts the 
phase of the output current between 
82 and 90 degrees, thus creating a third 
phase. For proper operation the fre-
quency of the resonant circuit is ad-
justed under a given set of load con-
ditions to provide the proper voltages 
to the external load circuits. 
A third circuit, developed by William 

Ashworth, is given in Fig. 9-99C, and is 
suitable for driving 3-phase Y-con-
nected motors of 1 to 3 horsepower. 
Here, one side of the single-phase 
power A is connected directly to phase 
A of the three-phase motor circuit. The 
initial current flowing from line B of 
the single-phase power source flows 
through a spring-loaded relay winding 
to phase B of the motor circuit closing 
the relay contacts and inserting start-

230V 
10 INPUT 

NORMALLY OPEN 
SPRING LOADED 

RUN 
CI 

20/60VF 

 C 

Fr 

STARI 

C2 T 200e 

 1  

Fig. 8-99C. Circuit for converting single-phase power to three-phase power for 
motor circuits. 
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ing capacitor C2 into the circuit. This 
causes a reduction in the current flow 
through the relay winding. The spring-
loaded action opens the contacts, dis-
connecting starting capacitor C2, leav-
ing the relay winding connected in 
series with phase B. With the relay 
contacts open, running capacitor Cl is 
in the circuit creating a path from in-
put line "B" of the single-phase, to 
phase C of the three-phase motor cir-
cuit. 
Approximately 200 µF of starting ca-

pacitance is required, with 20 to 60 µF 
for the running capacitor Cl, or about 
20 OE.ŠF per horsepower. An ammeter 
should be inserted in each leg of the 
motor circuit when it is operating under 
load conditions and the capacitance ad-
justed for equal current in the three 
legs. 

Fig. 8-100A. Constant-voltage trans-
former type CVS. (Courtesy, Sola Elec-
tric, Division of Sola Basic Industries) 

Fig. 8-100B. Basic circuit for Sola Elec-
tric Co. constant-voltage transformer 

using three coils. 

The most critical part of this circuit 
is the relay, since its winding must be 
capable of carrying the motor current, 
and yet be able to open and close within 
the normal operating current range of 
the motor. In some instances the motor 
may not draw sufficient current when 
starting to actuate the relay, therefore 
the motor will not start. In this instance, 
some experimenting may be required to 
adjust the relay for the required bal-
ance between the starting and running 
currents. The described circuit will ap-
proximate a phase difference of 120 de-
grees between the three motor leads. 

8.100 Describe the construction and 
operation of a constant-voltage trans-
former.—Constant-voltage transformers 
are special type transformers, contain-
ing voltage-regulating circuits, which 
automatically correct for line-voltage 

GAP 

Fig. 8-100C. Cross-sectional view of the 
core and coil construction of a Sola Elec-
tric Co. constant-voltage transformer. 

Fig. 8-100D. Basic circuit for Sola Elec-
tric Co. constant-voltage transformer 

using four coils. 
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Fig. 8-100E. Residual variations within 1-percent limits, for Solo Electric Co. con-
stant-voltage transformer. 
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Fig. 8-100F. Characteristics for loads less than 100 percent. 

changes, thus maintaining the load volt-
age constant. These transformers have 
no tubes or mechanical parts, and ex-
cept for a slight htun, are noiseless. It 
should, however, be pointed out, these 
devices do have fairly strong magnetic 
fields and when installed, should be 
placed at some distance from equip-
ment sensitive to such magnetic fields, 
particularly magnetic-recording equip-
ment. 
Constant-voltage transformers will be 

of interest to the audio engineer since 
many pieces of equipment in a sound 
installation require voltage regulation 
to within 1 percent of their normal 
operating voltages. Among these are 

90 100 110 

transistor amplifiers, vacuum-tube 
heater and plate voltages, exciter lamps 
for optical film recorders, projectors, 
reproducers and similar devices. It is a 
well-known fact that when vacuum 
tube heater voltages are maintained 
within 1 percent, tube life is lengthened 
and the signal-to-noise ratio is in-
creased. A model CVS constant-voltage 
transformer, manufactured by Sola 
Electric, is shown in Fig. 8-100A, and 
is typical of the type used for the above 
purposes. 
Constant-voltage transformers by 

Sola are manufactured in two types, 
the sinusoidal type CVS and the nor-
mal-harmonic type CVN. Both trans-



396 THE AUDIO CYCLOPEDIA 

formers will regulate the output voltage 
to within 1 percent or less for a line 
voltage variation between 95 to 130 volts 
at the primary. The type CVN has about 
14 percent 'rHD and is used where line-
frequency harmonics are of little con-
sequence. Type CVS contains, besides 
the voltage regulating circuits, a har-
monic-suppression circuit which re-
duces the internally generated har-
monics to 1.5 to 3 percent (depending 
on the load conditions). Since the basic 
principle of operation is the same for 
both type regulators, the normal har-
monic type (CVN) will be discussed 
Brat 
Referring to Fig. 8-100B, the voltage-
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Fig. 8-100G. Effect of increasing the load on the output voltage for Sola constant-
voltage transformer. 

regulating circuit involves the use . of 
three coils, a primary (1), compensating 
winding (3), and a resonant winding 
(2), connected in parallel with a ca-
pacitor (C). A cross-sectional view of 
the internal construction appears in 
Fig. 8-100C. Primary winding (1) and 
compensating coil (3) are layer wound 
one over the other on part (A), of the 
center leg of the core. Resonant wind-
ing (2) is wound on part (B) of the 
same leg, but isolated from the primary 
and compensating winding by a mag-
netic shunt. 
When an alternating current of low 

voltage is impressed across the primary 
winding, the resulting magnetic flux, 
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Fig. 8-1001. Effect of the change in median voltage level with changes in load and 
load power factor. 

induces a voltage in winding (2). Be-
cause of the reluctance of the air-gaps 
in the shunt path, this voltage roughly 
approximates the turn-ratio voltage. 
As the voltage across the primary is 
increased, more flux threads through 
part B of the core structure. When this 
flux density becomes such that the in-
ductive reactance of winding (2) ap-
proaches the value of the capacitive 
reactance of C at the frequency of the 
exciting voltage, this circuit becomes 
resonant and the voltage appearing 
across winding (2) rises rapidly to a 
stable, predetermined value which is 
higher than the calculated turn-ratio 
voltage. This has the effect of increas-
ing the magnetic density in that por-
tion of the magnetic circuit on which 

Fig. 8-100J. Internal circuitry for Sola 
Electric Company three-wire, constant-

voltage transformer. 

the resonant winding is wound (part 
B), and of greatly reducing the relative 
reluctance of the shunt system so that 
subsequent variations in flux, produced 
by changes in the primary circuit, are 
largely absorbed by the shunt system, 
and the voltage change in the resonant 
circuit is small. It remains only to 
compensate for this small change, and 
that is accomplished by winding (3). 
The shunt system also operates to 

loosen the effective coupling between 
the resonant circuit and the primary 
winding so that once resonance is at-
tained, the primary is required to sup-
ply only enough energy to overcome 
the iron and copper losses of the system 
in order to maintain the oscillation at 
no load. 

INPUT 

C 

OUTPUT 

Fig. 8-100K. Internal connection for 
Sola constant-voltage transformer type 
CVS, with harmonic-neutralizing circuit. 
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Since the voltage across winding (2) 
is stable once resonance is attained, it 
may be used as a basis of constant-out-
put voltage of the transformer. The 
output voltage is obtained by tapping 

across a portion (or all) of the resonant 
winding coil (2), Fig. 8-100B, or from 
an additional winding (4), wound over 
the resonant circuit (Fig. 8-100D). In 
either case, the compensating winding 
(3) is connected in series with the out-
put load opposed to it. When this wind-
ing is so proportioned that the change 
in voltage induced by a change in pri-
mary voltage is roughly equal to the 
change appearing in the output, the 
resultant output voltage remains con-
stant and independent of the voltage 
variation in the primary circuit. 

Once resonance has been established 
in winding (2), the balance between 

the magnetic flux in part (A) and (B) 
of the core is maintained by the buffer 
action of the magnetic shunt system. 
Therefore, any load applied to a wind-
ing on part (B) will result in a passage 

of greater amount of useful flux through 
(B) from (A), exactly compensating for 
the energy consumed, and at the same 
time maintaining the oscillation of the 
circuit (2). The transformer then de-

livers regulated voltage within its rated 
capacity. 
A regulation curve of 1-percent out-

put voltage is shown in Fig. 8-100E, 

with regulating curves for loads less 
than 100 percent shown in Fig. 8-100F. 
The graph in Fig. 8-100G gives the 
effect of increasing the load and its 
effect on output voltage. The effect of 

changing frequency on a normal out-
put voltage is shown in Fig. 8-100H. The 
effect of changes in the load power is 
given in Fig. 8-100L The circuitry for 
a 3-wire constant-voltage transformer 
is shown in Fig. 8-100J. This trans-
former will supply the same regulation 
for the following conditions: from the 
236-volt terminals alone, from either of 
the 118-volt legs, from a combination 
of the 236-volt and 118-volt loads, or 
from unbalanced 118-volt loads. 
Voltage regulation may be obtained 

from loads other than unity power fac-
tor; however, only at the expense of 
lower output voltage. If the lower volt-
age under the lagging power factor is 
objectionable, correction may be made 
with capacitors connected at the load, 
or by means of the buck-boost trans-

former described in Question 8.96. The 
efficiency of these transformers is on 
the order of 75 to 90 percent. Power-
factor correction is discussed in Ques-
tions 3.58 to 3.60. As a rule, constant-
voltage transformers are not used on 
motor circuits supplying sound record-
ing and reproducing equipment. 
Voltage-regulating transformers of 

the CVS type, have 1 to 3 percent har-
monic distortion, compared to 14 to 20 
percent for the standard CVN type. To 
reduce such distortion, a harmonic-
neutralizing circuit (Fig. 8-100K) is 
used. The primary coil (1), resonant 
circuit winding (2), buck-coil (5), ca-
pacitor (C), and the main core struc-
ture all function in the same manner as 
described for the CVN. Coils (3) and 
(4) of the neutralizer circuit are wound 
at opposite ends of the common core, 
and separated by a high reluctance 
magnetic shunt. The neutralizer assem-
bly is connected into the resonant cir-
cuit, as most of the distortion (third 
harmonic) is generated in the particu-
lar portion of the electromagnetic cir-
cuit. 

Coil (4) in series with the resonant 
circuit, when considered alone, will 
have three times the impedance for 
third harmonic currents as for the fun-
damental frequency. It thus offers con-
siderable filtering action by its mere 
presence. The neutralizer circuit also 
reduces smaller harmonics, consisting 
of 5th, 7th and higher odd harmonics. 
Coil (3) connected in parallel with one 
section of the resonant winding (2), 
develops voltages proportional to all 
unwanted harmonics by the selection of 
a suitable winding and proper polari-
ties. Since the above voltage-regulating 
transformer isolates the load portion 
of the circuit from the main ac source, 
a separate ground must be supplied. 
This is often a distinct advantage for 
eliminating heavy ground currents. 

8.101 What precautions should be 
observed when using constant-voltage 
transformers?--They should be installed 
at least 50 to 100 feet distant from am-
plifier equipment having a considerable 
amount of gain. This is particularly true 
for photocell and microphone preampli-
fiers. Magnetic recording and reproduc-
ing equipment due to its nature should 
not be placed within less than 50 feet of 
such transformers, and farther if prac-
tical. Voltage readings at the load side 
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must be made using either a dyna-
mometer or thermocouple-type meter 
(such as a Weston-662). Rectifier-type 
meters or vacuum-tube voltmeters 
should not be used, as the readings may 
vary several volts, depending on the 
percent harmonic distortion of the volt-
age. It is possible for a vacuum-tube 
voltmeter to read 120 to 127 volts for 
an actual voltage of 117 volts. (See 
Question 22.103.) 
The change in output voltage result-

ing from a resistive load is usually 
small, running to less than 1 percent. 
The power-factor will cause the out-
put voltage to vary from the normal 
rating of the transformer if the load 
circuit has a power-factor other than 
that specified on the transformer data 
plate. Load regulation will also be rela-
tively greater as the inductive load 
power factor is decreased. 

8.102 Can constant-voltage trans-
formers be connected in tandem to im-
prove regulation?—Yes. However, when 
two units are connected in tandem, the 
output of the second unit will show 
little or no detectable change arising 
from supply-line variations up to about 
15 percent. Cascade or tandem operation 
is recommended for special applications 

where the regulation must be in the 
region of 0.25 percent. 
Operating sinusoidal voltage trans-

formem in tandem may increase the 
harmonic distortion up to about 5 per-
cent. Also, the transformers become 
more frequency sensitive because of the 
two resonant circuits, one in each trans-
former. This alone can cause about 0.25-
percent variation in regulation. The 
first, or driver, transformer must be 
slightly larger in capacity to overcome 
the losses of the driven unit. The first 
transformer may be of the nonsinu-
soidal type, and the second a sinusoidal 
type if necessary. 

8.103 Can constant-voltage trans-
formers be connected in parallel?—If 
the transformers are of the same volt-
age rating and capacity, the primaries 
or secondaries may be connected in 
parallel to obtain a greater power out-
put. However, regulation may suffer. 

8.104 Describe an electromechani-
cal voltage regulator.—Electromechani-
cal line-voltage regulators combine the 
power-handling capabilities of a motor-
driven variable autotransformer with 
the fast response and accuracy of an 
electronic feedback loop. This type reg-
ulator introduces no harmonic distor-
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Fig. 8-104A. General Radio Co. Model 158I -A electromechanical voltage regulator. 
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Fig. 8-104B. Block diagram of the electromechanical voltage regulator Model 
158I -A manufactured by the General Rodio Co. 
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tion, and is totally unaffected by 
changes in load power factor, from zero 
leading, to zero lagging, and is insensi-
tive to load currents. With proper de-
sign it can hold the output voltage 
constant with wide swings of line fre-
quency, a factor most important in the 
regulation of voltage from portable and 
emergency generators. It is well suited 
for applications involving heavy start-
ing currents and can withstand over-
loads up to 10 times the rated output 
current. Such regulators may be ob-
tained with power-handling capabili-
ties up to several kVA, for either single 
or three-phase operation. Such a volt-
age regulator is pictured in Fig. 8-104A, 
manufactured by the General Radio 
Co., with a block diagram of its cir-
cuitry shown in Fig. 8-104B. Voltage 
deviations at the output activate a 
servo-feedback loop consisting of a 
control unit, a two-phase motor, a 
Variac autotransformer, and a step-
down buck-boost transformer. The de-
viation is thus translated into a correc-
tion voltage that is added to, or sub-
tracted from, the input to bring the reg-
ulated voltage to the correct value. The 
solid-state control unit converts any 
small deviation in output voltage into 
a proportional electrical signal to drive 
the motor. The deviation is first sensed 
by an rims detector whose dc output, 

(a) Silectron grain-oriented "C" cores. 

(c) "E" and "I" lamina-
tions. 

Fig. 8-105A. Typical cores used for power and audio transformer construction, and 
manufactured by Arnold Engineering Co. 

after filtering, is compared with a 9-volt 
reference voltage derived from a zener 
diode. The resultant difference voltage 
'is chopped into an ac error signal, with 
a magnitude proportional to the output 
deviation; the phase is determined by 
the direction of the deviation. 

The ac error voltage from the con-
trol unit drives the two-phase servo 
motor, with the phase and magnitude 
determining the direction of rotation 
and the motor speed. The motor drives 
the autotransformer through a gear 
train. Because the output voltage of the 
autotransformer is stepped down by the 
action of the buck-boost transformer, 
the full adjustment range of the auto-
transformer can be used to produce a 
relatively narrow range of control. Re-
mote circuits are provided for connec-
tions to the load-line at some selected 
point. Thus, corrections are made for 
the voltage drop in the supply line. 
Two screwdriver controls on the 

front panel provide for adjustment of 
the amplifier gain and output voltage. 
The dial indicates the percent difference 
between the input and output voltages 
and permits manual voltage adjustment 
ranges from 0.25 to 0.50 percent of the 
output voltage, with response speed of 
20 to 160 volts per second, and a cor-
rection range of 82 to 124 percent, de-
pending on the model. 

(b) Silectrcrn grain-oriented "E" cores. 

(d) Powder core. (e) Toroidal-coil core. 
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(a) Ordinary Ordinary silicon steel. (b) Grain-oriented Hipersil Steel. 

Fig. 8-105B. Comparative grain arrangements. (Courtesy Westinghouse Electric and 
Manufacturing Co.) 

8.105 Show the different type cores 
and laminations used in the construction 
of audio transformers. —Transformer 
laminations and cores are many and 
varied. It is the trend in the manufac-
ture of high-quality audio transformers 
to use the "C" and "E" type, grain-
oriented steel cores, as shown at parts 
(a) and (b) of Fig. 8-105A. The partic-
ular group of cores shown are manufac-
tured by Arnold Engineering Co., and 
marketed under the trade name of 
Si/ectron. Grain-oriented steel is a cold-
rolled grade of 3-percent silicon steel, 
manufactured by the Allegheny Lud-
lum Steel Corp. It has high-saturation 
flux density, lower core losses, and 
lower exciting volt-amperes than reg-
ular silicon steel. This high degree of 
orientation is preserved by the cutting 
of the core and the gapless construction. 
The steel strip is coated on both sides, 
which provides good interlamination 
resistance with a negligible effect on the 
space factor. The coated strip is slit to 
the proper width, and wound on a 
mandril to make a gapless core. The 
core is then annealed to relieve winding 
stresses, and cut to produce two core 
halves, with a highly polished surface. 
The effective air gap, when the surfaces 
are placed together, is 0.001 inch. 

Similar cores manufactured by West-
inghouse are known under the trade 
name of Hipersil. The magnetic proper-
ties of grain-oriented steel are achieved 
by the orientation of the steel crystals 
through rolling and heat treatment. In-
dividual crystals line up with their 
edges essentially parallel to each other 
and parallel to the direction of the roll-
ing sheets. Where crystals are oriented 
to all face in one direction, the steel has 
a much higher magnetic permeability in 
that direction than does steel with crys-
tals pointing at random. Because of this 
arrangement of the crystals, grain-
oriented steel requires a smaller exter-
nal magnetizing force to produce a 
given flux than does unoriented steel. 

This results in a vety high high-density 
permeability, high low-density permea-
bility, high incremental permeability, 
and very low losses in the direction of 
the rolling. For comparative grain ar-
rangement of ordinary silicon steel and 
grain-oriented silicon steel, refer to Fig. 
87105B. Each arrow represents the di-
rection of easiest magnetization of the 
individual crystals forming the steel. 
The "E" shaped cores at Fig. 8-105A, 

part (b) are used for shell-type trans-
formers, where the coil is placed over 
the center leg. The "E" and "I" lamina-
tions shown in part (c) are used for 
both audio and power transformers. 
The powder core shown in part (d) is 
designed for two halves, one over the 
other, completely enclosing the coil. The 
toroidal core shown in part (e) sup-
ports the coil, which is shuttle wound 
around the core. The "C" and "E" cores 
are also used for pulse transformers 
and for 400- to 3000-Hz power trans-
formers. 

8. /06 Describe a plug-in audio 
transformer.—Because of the small size 
of solid-state amplifiers, and the fact 
that they can be plugged into mounting 
trays, it has become necessary that 
audio transformers in some instances 
take the same form. Fig. 8-106 pictures 
such a transformer, manufactured by 
McCurdy Radio Industries Ltd, of Can-
ada, designed in module form. The 
transformer is assembled using a con-
temporary dual glass-epoxy card de-
sign with gold-plated printed circuitry. 
Internal electrostatic shields are pro-
vided with a heavy external magnetic 
shield, to reduce pickup from stray 
magnetic fields. The transformer shown 
is a repeat coil, employing four wind-
ings, that may be connected for 150- or 
600-ohms impedance. 

8.107 How may three-phase loads 
be controlled using two variable auto-
transformers?—Two 120-volt autotrans-
formers are connected in open-delta, as 
seen in Fig. 8-107. Maximum voltage 
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Fig. 8-106. Plug-in repeat coil manufac-
tured by McCurdy Radio Industries Ltd. 

of Canada. 

attainable can be either the line voltage, 
or 17 percent above the line voltage by 
using the over-voltage connection. The 
load rating for a single unit is 3/ 3 or 
1.732 times that of a single unit. If 240-
volt autotransformers are used, an out-
put voltage of more than double the 
supply voltage is possible, although the 
current and power ratings are halved. 

8./08 How are three autotransform-
ers connected for three-phase operation? 
—Three 120-volt autotransformers are 
wye-connected, as in Fig. 8-108. This 
connection is possible because the volt-
age from the line to neutral of the wye-
connected assembly is the line voltage 
divided by the V. Thus, in the case 
of the 240-volt three-phase line, the 
voltage across each unit will be 138 
volts. Since each single unit is wound 
for 140 volts across the whole winding, 
three 120-volt units can be wye-con-
nected if the over-voltage connection 
is omitted. Although the over-voltage 
connection cannot be used, the kVA is 
increased by the ratio of 138/120. The 
load rating of the wye-connected as-
sembly is 3.47 times that of a single 
unit. Similarly, 240-volt units can be 
used on 480-volt three-phase lines. 

OUTPUT 

Fig. 8-107. Controlling a three-phase 
load using two 120-volt autotransform-

ers connected open-delta. 

8.109 Describe the construction of a 
unity-coupled driver transformer for a 
class-8 transistor push-pull amplifier.— 
In Figs. 12-255 and 12-256, are shown 
two transistor amplifiers capable of pro-
ducing 100 watts of audio power, with 
low distortion. To drive the output 
stages, a driver transformer of low 
turns ratio and low impedance, having 
as close to unity coupling between 
windings as possible, is required. To ac-
quire such coupling, the primary and 
secondary windings must be wound bi-
filar style, that is—the wires must be 
wound parallel, or side-by-side. (See 
Question 5.16.) The primary is split into 
two or more coils and wound along 
with the secondaries. These windings 
are termed bifilar, tri filar and pentear, 
depending on the number of wires con-
cerned. 
A typical bifilar-wound transformer 

that may be used as the driver trans-
former for the amplifier of Fig. 12-255 
is wound, using a split-primary billar 
wound with two secondaries. A 600-
turn primary is first wound on a nylon 
bobbin with a 3/4-inch square hole, 
using Number 30 enameled wire. Next, 

1-A 0 -24 0 V 

C 0-240V 

0-240V 1  

Fig. 8-108. Three 120-volt autotransformers connected for 240-volt, three-phase 
operation. The over-voltage connection cannot be used. 
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Fig. 8-109A. E and I core laminations used in class-B driver transformers for transis-
tor power amplifier. 

two secondaries are wound, using two 
simultaneous windings (billar) of 
Number 27 enameled wire for 200 turns. 
The primary is then continued by wind-

6:1 
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1200 TURNS ŚIIl 200 TURNS 

C) BASE 

S. START 
F FINISH 

°EMITTER 

200 TURNS 

BASE 

Fig. 8-1098. Driver transformer coil 
configuration for transistor class-8 push-

pull amplifier stages. 

ing another 600 turns over the top of 
the other windings. The ends are 
brought out and the starts and endings 
indentified. The approximate de resist-

ance of the primary is 45 ohms, and of 
the secondaries, 3.3 ohms each. The core 
is made of EL-75, grade M-19 silicon 
steel "E" and "I" laminations, using a 
1-mil air gap (see Fig. 8-109A). Enough 
laminations are used to fill the hole in 
the bobbin (%-inch). This results in a 
transformer with a turns ratio of 6:1:1. 
In using the transformer, the proper 
polarities must be observed. This may 
be determined with the use of a com-
pass and a dry cell, or as described in 
Question 8.90. 
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Section 9 

Sound Mixers 

The design of todays sophisticated mixing console is quite complex, due to the 
multiplicity of devices associated with the mixing network. Many will recall when 
paralleled battery rheostats were used as mixer controls for broadcasting and mo-
tion picture sound recording, and will view the modern console as an outgrowth of 
the basic principles applied at that time. With miniaturization, many components 
are now included in the mixer network, rather than at a remote position. Printed 
circuit plug-in designed components facilitate replacement in the event of failure. 
Any of the vacuum tube designs may be used with solid-state components, with 
certain considerations. 

Several different type solid-state and vacuum-tube mixers are discussed. A 
twelve-position, three-section, four-bridging bus dubbing mixer is described, with 
its associated monitoring, talk-back, reverberation, and signal circuitry. Solid-state 
devices employed in mixing consoles are discussed in Section 12. 

9.1 What is a sound mixer?—A re-
sistive network designed to provide a 
means of combining several separate 
audio signal sources into one com-
posite signal. The signal sources may 
consist of dialogue, music, and sound 
effects. The sources of signal may be 
from a broadcast line, optical or mag-
netic film sound tracks, records, a live 
pickup, or any combination of these 
sources. 

The network is designed so that 
changing the level of any one of the 
individual signal sources has no effect 

on the level or frequency character-
istics of the other signal sources in the 
network. For broadcasting and record-
ing purposes, at least six positions are 
required. For recording purposes, 
equalizers, filters, and other devices are 
included in the mixer console but do 
not form a part of the mixer network. 
A mixer console designed for recording 
and a-m and fm broadcasting is shown 
in Fig. 9-1. 

9.2 What is low-level mixing?—A 
mixing network similar to that shown 
in Fig. 9-2 which uses no amplification 

Fig. 9-1. Ten-position mixing console Model 250-SU, manufactured by Alfec-Lansing. 

405 
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between the signal source and the 
mixer control. The signal-to-noise ratio 
is low for this system and it is not used 
in professional installations. This 
method of mixing is now obsolete. 

Fig. 9-2. Two-position low-level mixing 
network. Signal source is fed direct to 

mixer controls without amplication. 

9.3 What is high-level mixing?—A 
mixing network which uses a pre-
amplifier between the signal source and 
the mixer control as shown in Fig. 9-3. 
The advantage of high-level mixing is 
that the signal-to-noise ratio is in-
creased in proportion to the gain of 
the preamplifier. 

9.4 What is the gain of the average 
mixer-preamplifier?—About 40 to 60 dB. 
In some of the older installations a 
slight amount of equalization is in-
cluded in the preamplifiers to compen-
sate for microphone and recording-
channel characteristics. However, in 
modern equipment this is the exception 
rather than the rule. Preamplifiers are 
designed to have uniform frequency 
characteristics from 20 to 20,000-Hz, 
within plus-minus 0.5 dB or less, with 

reference to 1000 Hz. This is true for 
both transistor and vacuum-tube types. 
Preamplifier design is discussed in 
Question 12.72. 

9.5 What are the principal compo-
nents of a mixer console?—Mixer net-
works consist of a group of variable 
controls, building-out resistors, a sub-
master and overall master control, and 
isolation coils or hybrid coils. In mixer 
networks specifically designed for mo-
tion picture rerecording, the network 
will also include low- and high-fre-
quency attenuators (see Questions 6.80 
and 6.81). For motion picture rerecord-
ing at least 8 mixer-control positions 
are required, and preferably 12. These 
are split into groups of four, with a 
submaster control for a given group of 
controls. A master control is sometimes 
included for fading all positions simul-
taneously; however, this is generally 
confined to broadcast-type mixer cir-
cuits. In addition to the mixer controls, 
the networks will include equalizer cir-
cuits operated by key switches or push 
buttons, which are not really a part of 
the mixer network, but are often in-
cluded as a component part. A typical 
low-level mixer network is shown in 
Fig. 9-2, and a high-level mixing cir-
cuit is shown in Fig. 9-3. 

The minimum requirements for a 
console might consist of the following 
components: 

4 input circuits. 
4 fixed attenuators to prevent over-
loading of microphone preamplifi-
ers during the recording of high-
level program material. 

4 mixer controls, straight-line or 
rotary. 

Fig. 9-3. Two-position high-level mixing network. Signal source is amplified then fed 
to the mixer control. 
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1 master control. 
1 program equalizer (variable). 
*1 graphic equalizer. 
*1 compressor amplifier. 
1 VU meter and attenuator. 
• Intercommunication to other parts 

of the installation. 
Monitor gain control. 
Headphone jack and control. 
Necessary amplifiers and attenua-
tor networks. 
*These items may be omitted; 
however, for good recording they 
should be included if possible. 
See Question 9.52. 

9.6 Describe the construction of 
typical recording and broadcast mixer 
consoles.—A small six-position record-
ing console, designed and built by RCA 
is pictured in Fig. 9-6A. The mixer net-
work consists of two sections, each sec-
tion containing three vertical ladder 
configuration mixer controls, and three 
graphic equalizers that may be con-
nected into the mixer positions by 
means of push buttons. The outputs of 
the two mixer sections are combined 
in a hybrid coil. Two program equal-
izers, preamplifiers, compressor-limiter 
amplifiers, dB compression and VU 
meter, high- and low-pass filters com-
plete the principal components. The 
system employs a single bridging bus. 
All amplifiers pertinent to the console 
are of the plug-in type, accessible at 
the rear of the console. Remote control 
for house lighting, ventilation and other 

functions of the studio are provided on 
a panel at the left end of the console. 
Two electrically driven footage count-
ers mounted at the right, and operated 
from projection machines indicate the 
footage for both 16 and 35mm film. The 
operating levels shown on the block di-
agram of Fig. 9-6B are only approxi-
mate, and will vary with the type 
equipment and installation require-
ments. The monitor loudspeaker behind 
the screen is driven from a 40-watt 
power amplifier in the projection booth. 
A mixer console, designed and man-

ufactured by Altec-Lansing, for record-
ing or a-m and fm broadcasting was 
shown in Fig. 9-1. The console contains 
10 plug-in preamplifiers, 3 booster am-
plifiers, 3 program amplifiers (minia-
ture plug-in), 10 mixer controls, along 
with the necessary networks, key-
switches, and 2 VU meters with their 
auxiliary controls. The block diagram 
for this console appears in Fig. 9-6C. At 
the left are ten external input circuits, 
which may be from any source of 
sound, such as a turntable, magnetic 
tape recorder, telephone lines, micro-
phones, etc. The output of each pre-
amplifier is fed to a separate mixer 
control, then through combining net-
works, 3-position key switches, and to 
three bridging busses. The output cir-
cuitry provides for single (mono-
phonic), two-channel stereo, or three-
channel/two-channel operation. 

Three-channel/two-channel opera-
tion consists of using the center position 

Fig. 9-6A. Small rerecording console which was designed and built by RCA for single 
track recording. 
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of the bus-selector key switch to feed 
a third, or center-channel, mixing bus. 
The output from this bus is amplified, 
then divided by means of a splitting pad 
and introduced into the left and right 

channels. For stereophonic use, this 
permits the vocal or dialogue to be 
picked up on a single microphone and 
evenly divided between the left and 
right channels. This reduces the need 

Fig. 9-6B. Block diagram and approximate operating levels for the mixing console 
which is shown in Fig. 9-6A. 
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for balancing and microphone match-
ing. In this mode of operation, the vari-
able equalizer is connected in the cir-
cuit for dialogue equalization (see 
Question 18.81). Provision is also made 

e 
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for splitting the center of the channel 
left and right for use in recording mas-
ter tapes, where it is recorded on three 
channels, then reduced to two channels 
for release on disc or tape. Monitor am-

:ö 1 

§1 

E 

h e 5 
h 

ai ti 

•OE 0 

C 

I ,51 1.1 is e 901H-1..11 
Fig. 9-6C. Block diagram for the Model 250-SU Altec-Lansing mixer console. 
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--
Fig. 9-6D. Ten-position mixing console Model SS4400 manufactured by McCurdy 

Radio Industries Ltd. Canada. 

plifiers are not included in this console, 
since these items vary with the individ-
ual installations. A separate power sup-
ply provides the necessary plate and 
heater voltages. The frequency re-
sponse is plus-minus 1 dB, 30 to 15,000 
Hz. Distortion is 1.0 percent at plus 24 
dB, signal-to-noise ratio, minus 70 dB 
referred to plus 18-dB output, with 
minus 50-dB input. 
The Model SS4400 console, pictured 

in Fig. 9-6D, manufactured by McCurdy 
Radio Industries Ltd. (Canada), is de-
signed for recording and a-m and fm 
broadcasting use. The basic circuit con-
sists of 10 mixing positions (with cue-
ing positions), solid-state preamplifiers, 
equalizers, VU meters, power supplies, 

module-type transformers, monitor am-
plifiers, and the necessary auxiliary 
controls. A total of thirty input circuits 
are provided, switchable to the 10 mixer 
positions, via the three-position key 
switches. After leaving the key switch, 
the signal is applied to a microphone 
preamplifier or a matching transformer. 
In addition to the thirty inputs, seven 
remote line inputs are available by push 
buttons, providing two switchable out-
puts that may be wired to any of the 
thirty input circuits. The ten mixer 
controls are ladder configuration, and 
feed 10 booster amplifiers. The mixer 
network outputs are selected by means 
of key switches for the two program 
busses. Two of the mixer circuits in-

Fig. 9-6E. Electrodyne Model ACC-1204 12-position mixing console. 
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corporate relays for remote control of 
the announcing microphone. 

The two program channels employ 
line amplifiers to raise the level suf-
ficiently to provide two output circuits 

at plus 18 dBm. Ten-dB pads are used 
between the output of the line ampli-
fier and the output to provide a solid 
termination and isolation. An additional 
output is provided at each output for 

Fig. 9-6F. Block diagram for Electrodyne mixer console. This console was especially 
designed for use in recording phonograph records. 
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headphones. One VU meter is connected 
permanently across program amplifier 
1, and the second may be switched to 
program channel 2 or across four aux-
iliary VU meter inputs for observing 
external program levels. 
A complete talkback system is in-

cluded, with push buttons for the selec-
tion of the console microphone, or in-
puts from announce turrets or remote 
cue and talkback circuits. Although the 
console shown has only one program 
equalizer, space has been provided over 
each mixer control for installing ad-
ditional equalizers. The equalizers are 
similar to those discussed in Question 
6.100. Circuitry is also supplied for con-
nection to an external reverberation 
unit, and pre- and post-fades. Shown 
at the lomter left in 9-6D are plug-in 
transformers (see Question 8.106), pre-
amplifiers, power supplies, and monitor 
amplifiers. 

The overall frequency response of 
this unit is plus-minus 0.5 dB, 30 to 
15,000 Hz. Distortion is less than 0.5 
percent for plus 18-dB output. Cross 
talk between the two program channels 
is not less than 65 dB. Signal-to-noise 
ratio is 64 dB for 78-dB gain at plus 
18-dB output. 

Pictured in Fig. 9-6E is a 12-position 
mixer console, manufactured by Elec-
trodyne, employing integrated circuit 
amplifier modules discussed in Ques-
tion 6.132. Module-design concept is 

used throughout the console, where 
practical. The mixing network uses ac-
tive combining networks as discussed 
in Question 5.98, thus eliminating the 
need for booster amplifiers. 

This console has been especially de-
signed for recording, using a four-track 
tape recorder (or other types). Each of 
the 12 input circuits contain a 6-
position high- and low-frequency 
equalizer-amplifier module, with a 
straight-line mixer control. Four sep-
arate output circuits, each with its own 
VU meter, provide visual monitoring 
facilities. A block diagram of its inter-
nal circuitry appears in Fig. 9-6F. 

9.7 Describe the construction of a 
single- and multiple-mixer control.--The 
internal construction of a Model K-1 
Gotham Audio Corp., single-element 
control is pictured in Fig. 9-7A. The 
control element is straight-line oper-
ated, although the attenuator element 
is a rotary one. The configuration of the 
control is the ladder attenuator dis-
cussed in Question 5.51. The attenuator 
element is hermetically sealed, with the 
contacts encapsulated in liquid silicone 
oil to reduce contact noise. The length 
of travel is 5% inches, employing a 
total of 56 contacts. In the upper 60 
percent of travel (the usual operating 
range), the attenuation is 0.5 dB per 
step, with an increasing taper up to 85 
dB before reaching infinity. 

Thé attenuator element is actuated by 

Fig. 9-7A. Interior view of Model K-1 Gotham Audio Corp. vertical mixer control. 
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L. . 

Fig. 9-7B. Interior view of Model K-4 Gotham Audio Corp. vertical mixer control. 

a knob connected by a toothed belt bu-
bedded with steel strands, and requir-
ing only 180 to 240 grams of pressure 
for operation of 1 to 4 controls. A 
cable connector is provided for easy 
removal from the console. A Model K-4 
mixer control, a four-element version 
using similar attenuators, is shown in 
Fig. 9-7B. Mixer controls of this design 
are quite common in stereophonic mix-
ing consoles. Because of the additional 
three attenuators in the model K-4, ball 
bearings are used for ease of operation. 

Fig. 9-8. Slide-wire ladder mixer control. 

9.8 Describe the construction of a 
ladder slide-wire mixer control.—Slide-
wire mixer controls find their greatest 
use in rerecording consoles, and are de-
signed using the equation in Question 
5.51. Such attenautors may be designed 
mechanically for either rotary or ver-
tical usage. A typical rotary type is 

shown in Fig. 9-8. Vertical attenuators 
are similar in design, except the re-
sistor card is straight, and a linger con-
tact is used. Ladder attenuators have a 
fixed insertion loss of 6 dB, which must 
be taken into consideration in design-
ing a mixer network. The signal-to-
noise ratio of a ladder attenuator in-
creases with the increase of loss. 

9.9 Are balanced configurations 
used in mixer-pot design?—Yes. In spe-
cial cases balanced mixer pots are used. 
These are generally of the balanced 
bridged-T type as shown in Fig. 5-38. 
Balanced-H configurations may also be 
used; however, because of the cost and 
the fact a balanced-H configuration re-
quires six rows of contacts compared to 
four for the balanced bridged-T pot, 
the latter is preferred. A bridged-T pot 
also has a lower noise level and re-
quires less maintenance. 

9./0 What is the maximum attenua-
tion required for a bridged-T mixer con-
trol used in a rerecording mixer?—At 
least 45 dB or greater, in steps of 0.5 
dB. After passing 45 dB, the taper in-
creases quite rapidly to afford a fast 
cutoff. Generally, the last steps are 6, 
9, 12 dB, and infinity (see Question 
5.80). 

9.11 What is the minimum accept-
able level of leakage that may be tol-
erated in a given position of a mixer 
networkT—A minimum of 70 dB. The 
leakage is measured at a frequency of 
10,000 Hz as shown in Question 23.67. 

9.12 What does the term fade 
mean?—To attenuate a signal slowly to 
infinity. 
933 What is cross-fading?—The 

gradual attenuation of one signal as an-
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other is gradually brought up to normal 
level. This is accomplished by closing 
one mixer pot as another pot is being 
opened. 

9.14 What is a board firde?—An 
expression used in the broadcast in-
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dustry which means to fade out all sig-
nals on the mixer by means of a master 
control. 

9.15 What is a submaster control?— 
A control at the output of a group of 
mixer controls such as a split mixer. A 

II 

Fig. 9-18. A 10-position split-mixer network with a key switch for combining the two 
sections into o single network. 
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submaster control affects only a partic-
ular group of controls. 

9./6 What is an overall master 
control?—A control that is located at 
the output of the mixer network for the 
purpose of controlling all of the mixer 
positions simultaneously. 

9./7 What is a grand master con-
trol?—It is the same as an overall 
master control. 

9.18 What is a split mixer? —A 
mixer network split into two or more 
sections whereby a given group, or 
groups, of mixer controls may be con-
trolled individually, yet their outputs 
may be combined into one composite 
signal. A typical split-mixer network is 
shown in Fig. 9-18. Ten positions are 
shown split into two groups of five 
each. At the output of each group are 
building-out resistors (R1 to R8) and 
a submaster control P5 and P6 for 
controlling the output level of each 
group. The two sections of the network 
may be combined into a 10-position 
mixer or split by throwing the key 
switch Sl. The output windings of the 
transformers T3 and T4 are run to sep-
arate channels or to a single recording 
channel. 

+ 
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9./9 What is a parallel-connected 
mixer network?— A configuration in 
which the mixer pots are connected in 
parallel as shown in Fig. 9-19. It will 
be noted that the building-out resistors 
R1 through R4 are connected in series 
with the output of each mixer control 
and an extra one (R5) is located at 
the input to the output coil. The pur-
pose of building-out resistors is to pro-
vide an impedance match and isolation 
between pots. The low potential side of 
each pot is returned to a common 
ground connection at the low potential 
side of the output coil, Ti. The purpose 
of the coil is to provide an impedance 
match to the line feeding the record-
ing channel and to isolate the mixer 
ground from the recording circuits. 

9.20 Show a schematic diagram for 
a series-connected mixer network. — A 
four-position series-connected mixer 
network is shown in Fig. 9-20. It will 
be noted the pots are all above ground. 
As the circuit is floating, serious leak-
age at the high frequencies can take 
place. This circuit has not been used for 
years and is not recommended. 

9.21 Show a schematic diagram for 
a three-channel stereophonic dialogue 

0  

GROUND 
-4.4- TERMINAL 

Fig. 9-19. A 4-position parallel-connected mixer network. The ground side of each 
mixer control is brought to a common ground point. 

IMPEDANCE 
MATCHING 
TRANSFORMER 

Zr 
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recording channel.—An elementary cir-
cuit diagram for a three-channel stereo-
phonic mixer suitable for motion picture 
recording is shown in Fig. 9-21A. The 
mixer is split into three sections: left, 
center, and right. Each section consists 
of a conventional parallel-connected 
two-position mixer which feeds a re-
cording amplifier connected to a mag-
netic recorder. 

At the output of each recording am-
plifier is a resistive network which ties 

OsT 
+1 
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the three outputs together and feeds 
two monitor amplifiers connected to a 
pair of split headphones for the mixer. 
The left earphone is connected to the 
left channel and the right earphone to 
the right channel. Both earphones hear 
the center channel. Balancing pots are 
provided for balancing the sound level 
to each earphone. 

Monitoring headphones are connected 
across the output of each recording 
channel for the microphone boom oper-

o 

 a 

Fig. 9-20. A 4-position series-connected mixer network, not recommended for 
critical work. 
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Fig. 9-21A. Simplified diagram for a 3-channel (6 microphone) stereophonic motion 
picture production mixer. Split headphones are used for the mixer, and individual 

headsets for the boom operators. 

ator. It is highly important that all am-
plifying equipment be phased relative 
to the other channels, from the micro-
phone to the magnetic recording head 
at the recorder. A typical stereophonic 
production mixer having six micro-
phone inputs is shown in Figs. 9-21B 
and C. 

It will be observed in Fig. 9-21C, that 
although the mixer controls are of ver-
tical design, they are really two rotary 
controls ganged together. These controls 
consist of standard rotary attenuators 
operated by a system of cords and 

pulleys. The cords and pulleys may be 
viewed just below the edge of the panel. 
At the bottom of the case are micro-
phone preamplifiers and recording and 
monitor amplifiers. 

9.22 Show a block diagram for a 
four-position parallel connected stereo-
phonic rerecording mixer using pan-pots. 
—An elementary block diagram for such 
a mixer network is shown in Fig. 9-
22A. Although only four mixer controls 
are shown, any number may be con-
nected in the network as long as the 
proper building-out resistors are used. 
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Fig. 9-218. Exterior view of a Westrex portable stereophonic mixer. 

The sound tracks to be spread are 
connected to the input of the regular 
monaural mixer network, Pl through 
P4. At the output of each mixer pot 
is a booster amplifier to compensate for 
the insertion loss of the pan pots. 

Leaving the booster amplifier, the 
signal is fed to the input of a pan pot 

(described in Question 5.73). The out-
put of each pan-pot is combined in a 
resistive network which feeds the input 
of three recording channels. The build-
ing-out resistors Rb, are to achieve an 
impedance match between the pan-pots. 
The mixer network shown may be 

used for stereophonic rerecording using 

Fig. 9-21C. Interior view of Westrex portable stereophonic production mixer. 
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Fig. 9-22A. Simplified diagram for a 4-position pan-pot rerecording mixer network. 

original stereophonic sound tracks, or 
monaural sound tracks. In the latter 
case, the stereophonic effect is called 
pseudostereophonic sound and is quite 
widely used in the motion picture in-
dustry. 
A stereophonic rerecording mixer 

console built by RCA for 20th Century 
Fox Studios is shown in Fig. 9-22B. A 

similar type built by the sound depart-
ment of Universal Studios, Universal 
City, California; is pictured in Figs. 
9-22C and D. 
The circuitry and controls for this 

console are typical of that required for 
rerecording stereophonic sound for mo-
tion pictures. Four groups of 8 vertical 
mixer controls are placed each side of 
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Fig. 9-22B. Stereophonic rerecording mixer console built for 20th Century-Fox 

Studios by RCA. 

Fig. 9-22C. Stereophonic rerecording console at Universal Studios. (Courtesy Uni-
versal Studios Sound Department ) 

• 

Fig. 9-22D. View taken looking over the console toward the patch bay. Here changes 
in the method of operation are made by the use of patch cords. (Courtesy, Universal 

Studios Sound Department ) 
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the center. The controls in the center 
section consist of pan-pots along with 
other controls for placing the sound in 
proper perspective. Three of the mixer-
control groups have graphic equalizers, 
with additional equalizers and filters at 
the other positions. Many of the circuits 
are operated from push buttons for on-
cue effects. No. VU meters are used at 
the console; instead, three projection 
type, VU meters about 30 inches in 
diameter, are placed on the floor below 
the screen. 
At the rear of the console is a patch 

bay, containing 1360 tip, ring and sleeve 
type jacks. Here, the circuits may be 
connected by means of patch cords for 
different modes of operation. The patch 
bay has a total of 1360 circuits. At the 
lower right jack bay is a compressor 
amplifier, for controlling the peak level 
of dialogue. 

9.23 What is a hybrid-coil mixer? 
—A network split into several sections 
each containing a group of mixer pots. 
The several sections are combined by 
means of hybrid coils, as discussed in 
Question 8.66. Hybrid coils are used in 
only the most elaborate mixers where 
unusual recording combinations are re-

* quired. Typical uses for a hybrid coil 
mixer are for stereophonic rerecording, 
and recording large orchestras and 
choral groups. It is not unusual for 
such mixers to have up to 20 positions. 
A block diagram for a 16-position 
mixer network using hybrid coils ap-
pears in Fig. 9-23. Basically, the net-
work consists of four separate, four-
position, resistive networks (1 to 4). 

Starting at network one at the upper 
left, the output of this network is con-
nected to one side of the primary of 
hybrid coil Ti. The output of network 
two is connected to the other side of 
the primary of the coil. The secondary 
of this coil feeds a booster amplifier 
having 30 dB gain. The output of the 
booster amplifier feeds a submaster 
control Pl for fading out all of the pots 
in the four-group mixer network 
simultaneously. The submaster control 
terminates in one side of the primary 
of hybrid coil T3 and from there, to 
the secondary and a master control P3, 
and thence to the recording circuits. 
Normal jacks are connected in all in-
puts and outputs, for testing and patch-
ing. Resistors R1, R2, and R3 are the 
balancing resistors normally used with 

hybrid coils. The bottom ends of these 
resistors are brought to a common 
ground point. Booster amplifiers 1 and 
2 compensate for the insertion loss of 
the coils and other network compo-
nents. If the recording circuits are un-
balanced, an unbalanced pot may be 
substituted for the balanced control P3. 
The signal levels indicated are based 

on an assumed signal level, at the in-
put of the four-position mixer group, 
of a minus 30 dBm which is the output 
level from an average optical film sound 
head. 

Each hybrid coil induces a loss of ap-
proximately 3 dB between the primary 
and the secondary. An additional loss 
of 6 dB takes place because of the 
two-group mixer panels at the primary. 
It is assumed that no loss will be car-
ried in the sub- and master-gain con-
trols. If the loss occurs, additional gain 
will be required. (See Question 8.66.) 

9.24 What is a building-out re-
sistor?—A noninductive resistor used 
for obtaining an impedance match in a 
mixer or combining network. The sym-
bol for this resistor is RB. 

Building-out resistors are also used 
in the output of low-impedance ampli-
fiers to build out the internal output 
impedance to a given value. This sub-
ject is discussed in Question 12.142. 

9.25 What is the equation for cal-
culating the value of a building-out re-
sistor to a parallel-connected mixer net-
work similar to that shown in Fig. 9-19? 

áN-1\ 
RB = 

where, 
N is the number of mixer controls, 
Zi is the impedance of the mixer 

control. 

9.26 What causes mixer-network in-
sertion loss?—Referring to Fig. 9-19, a 
fixed loss, termed insertion loss (IL) is 
created by the building-out resistors 
R1 to R5, the impedance-matching 
transformer Ti, and any loss induced 
by the mixer-control configuration. In-
sertion loss is measured from the input 
of one control (control set to zero) to 
the output of Ti. Insertion loss may be 
overcome by the use of an active 
mixer-combining network, as described 
in Question 5.98. (See Question 23.68.) 
The insertion loss for a mixer network 
employing ladder-type mixer controls 
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will be 6-dB greater than for one using 
T-type controls. 

9.27 How is the insertion loss of the 
parallel-connected mixer network shown 
in Fig. 9-19 calculated? 

dB loss = 20 Logio N 

where, 
N is the number of mixer positions. 
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9.28 How are the terminating re-
sistors in the series-mixer network of 
Fig. 9-20 calculated?—The terminating 

resistors R1, R2, R3, and R4 may be 
calculated: 

R7 — 
— 1) in 

where, 
N is the number of controls, 
z. is the mixer-control impedance. 

E 
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o 

Fig. 9-23. A 16-position hybrid-coil mixer network. Losses are indicated for the coils 
and control networks. 
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9.29 What is the impedance at the 
output of the series-mixer network in 
Fig. 9-20?--The impedance from the 
top of the number one control to the 
bottom of the number two control is: 

W  
2N — 1 

where, 
N is the number of mixer controls, 
Z, is the mixer-control impedance, 
Z. is the output impedance from the 

top of R1 to the bottom of R4. 

Resistor R5 is equal to the output im-
pedance of the four controls. A trans-
former of the correct impedance ratio 
may be substituted for the resistor, if 
desired. If the impedance at the output 
of the network is of an odd value, a 
taper pad may be substituted for the 
coil. The loss of the pad must be in-
cluded in the insertion loss. Such pads 
are discussed in Question 5.34. 

9.30 How is the insertion loss for 
a series-connected mixer calculated? 

10 Log,. (2N — 1) 

where, 
N is the number of mixer controls. 

9.31 How are the balancing resis-
tors for the hybrid-coil mixer network in 
Fig. 9-31 calculated? 

Zt • a 

Z3 _ (N— l) 
2  

where, 
Z3 is the balancing resistor, 
Z, is the mixer-control impedance, 
N is the total number of mixer con-

trols. 

Z. is a noninductive resistor. (See 
Question 8.66.) 

9.32 How is the insertion loss of the 
hybrid-coil mixer network in Fig. 9-31 
calculated? 

dB = 10 Log,. N 
where, 
N is the total number of mixer con-

trols. 

To this is added the loss of a ladder 
configuration (if used) and the transfer 
loss of the hybrid coil (3 dB). (See 
Question 8.67.) 

9.33 How is the impedance ratio of 
primary to secondary calculated for a 
mixer-hybrid coil? 

2 X Z, 
Za 

where, 
Z, is the impedance of the mixer 
controls, 
Z. is the impedance of the hybrid-coil 
secondary. 

9.34 Are plain-T type attenuators 
used in mixer networks?—Yes. However, 

s 
z4 

OUTPUT 

SND 

Fig. 9-31. Hybrid-coil mixer network. 
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as they require three rows of contacts, 
they have a higher noise level than the 
bridged-T type and therefore require 
a greater amount of maintenance. Lad-
der or bridged-T type mixer controls 
are recommended for commercial in-
stallations. 

9.35 What is the recommended 
method of servicing a mixer control?— 
If a mixer control becomes noisy while 
in operation, apply a signal of 40 to 60 
Hz to the pot in question, and burnish 
the contacts (or slide-wire) by a rapid 
movement of the arm by wrapping a 
piece of cord around the control knob. 
The low-frequency signal supplies a 
signal voltage, yet it is of a low enough 
frequency that the noise of the contact 
may be easily heard. A light clear min-
eral oil such as Nujol may be applied to 
the contact surfaces to prevent oxida-
tion of the surfaces. Never use an abra-
sive on the contact surfaces. 

9.36 What is meant by phasing a 
mixer?—Phasing a mixer means polar-
izing the mixer inputs and output so 
that they are electrically in phase with 
each other. 
The phasing of a mixer network is 

quite important, particularly if the 
mixer is to be used for stereophonic or 
photographic film recording. Optical 
film-recording systems must be phased 
from the microphone input to the light 
modulator unit. 
When a pressure wave is applied to 

a microphone, the diaphragm moves in-
ward. At the same instant the light 
modulator is deflected and the noise 
reduction equipment moves toward the 
maximum cancellation point. Because 
the human voice is unsymmetrical, the 
system is phased to prevent the clipping 
of the modulation peaks by means of 
the noise reduction equipment. There-
fore, the film-recording system must 
always be in phase for correct opera-
tion. 

It is good practice with any type re-
cording and reproducing system to ob-
serve proper phasing of the various 
components in the system. This is par-
ticularly true for photographic sound 
track transfer channels. Phasing of 
multiple-channel mixer networks is 
discussed in Section 23. Microphone 
phasing is discussed in Questions 4.84 
and 4.85. 

9.37 What method is recommended 
for grounding mixer networks?—The 

ground side of each mixer control is 
brought to a common ground point, as 
shown in Fig. 9-19. Individual twisted 
shielded pairs are used to connect each 
mixer control. If balanced-to-ground 
input circuits are to be used with this 
network, a repeat coil must be con-
nected between the signal source and 
the input of the mixer control to isolate 
the grounding systems. 

All interconnecting wiring in the in-
terior of the mixer including the ground 
wires must be shielded, and the shields 
returned to a common point. If the 
shields are covered with cloth braid, 
the shield is grounded at one end only. 
If the shield is bare and can make con-
tact with the mixer case, it must be 
bonded together every few inches and 
securely bonded to the case at short 
intervals. 

9.38 When key switches are used 
in mixer networks, how are clicks pre-
vented when the circuits are broken?— 
By the use of a transmission ground 
system. The switches are of the make-
before-break type. If a mixer control 
is switched out of the circuit, a termi-
nating resistor equal in value to the 
impedance of the control must be con-
nected in the circuit to maintain the 
proper impedance relations. 

9.39 What are low- and high-fre-
quency attenuatorsT—Reactive circuits 
connected ahead of the mixer control 
for the purpose of attenuating either the 
low- or the high-frequencies. As a rule, 
they are set for a characteristic that 
conforms to the standards used in the 
motion picture industry. The circuits 
for such attenuators appear in Fig. 9-39. 
It will be noted that low-frequency at-
tenuation is secured in the upper con-
trol by connecting capacitors in series 
with the high side of the mixer-control 
input. Two positions are provided, —8 
dB and —12 dB at 100 Hz. When the 
capacitors are in the circuit, 100 Hz is 
attenuated the indicated amount with 
respect to 1000 Hz. High-frequency at-
tenuation is obtained by shunting ca-
pacitors across the line. Three positions 
are provided: —4 dB, —8 dB, and —12 
dB at 10,000 Hz, with respect to 1000 Hz. 

For purposes of illustration, the 
high-frequency attenuation in the lower 
control is obtained by the use of a series 
resonant circuit. A resistor is shunted 
around the coil to lower its Q and shape 
the response curve. High- and low-
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Fig. 9-39. A 2-position mixer. 

frequency attenuators are discussed in 
Questions 6.80 through 6.84. 

9.40 What is the insertion loss of a 
mixer network when using ladder mixer 
controls?—The insertion loss is 6 dB 
greater than when using plain or 
bridged-T controls. This loss is due to 
the configuration of the ladder pot and 
is independent of the loss setting of the 
control. Ladder pots are discussed in 
Question 5.51. 

9.41 How is the insertion loss of a 
mixer measured?—This subject is dis-
cussed in Question 23.68. 

OUTPUT 

9.42 Describe a solid-state sound 
reinforcement and public address mixer-
amplifier.—Sound mixers designed for 
high-quality sound reinforcement or 
public-address service generally re-
quire a minimum of six positions, and 
up to 20 positions is not uncommon. A 
mixer-amplifier of solid-state design, 
manufactured by the Langevin Co., is 
shown in Fig. 9-42A. Although this par-
ticular mixer has only 6 positions, an-

other 12 positions may be added by the 
addition of an auxiliary mixer network 
of Fig. 9-45. The schematic diagram for 

Fig. 9-42A. Model AM1A solid-state, 6-position mixer manufactured by the 
Langevin Co. 
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the unit of Fig. 9-42A is shown in Fig. 
9-42B. 

At the left are six microphone inputs, 
feeding six plug-in, module-type pre-
amplifiers using silicon planar transis-
tors, with individual speech-music 

LO SH 

(6) INPUT CARDS 
 .4.10 

HI 
1001( CARD NO.) 

  5 SEE FIG. 9-50C 

o  

equalizer switches in their outputs. 
From there, the signals are combined 
into a resistive mixer network and to a 
booster amplifier, variable equalizer, a 
second booster amplifier, master gain 
control and a line amplifier. Provision is 

(6) SPEECH-MUSIC 
SWITCHES 

S 

3300pF 

(6) GAIN CONTROLS 
2.2meg 

25'o.g, 220K 

3. I  O 

10 

o  
10 

10 

5 AM 4300 

SEE FIG, 9-50D 

CARD NO.6 

o  

WILD I 

Fig. 9-42B. Schematic diagram for 
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made for headphone monitoring. A reg-

ulated solid-state power supply is also 
contained in the mixer housing. The 
frequency response is plus-minus 1 dB, 
30 to 15,000 Hz, with less than 0.25 per-
cent total harmonic distortion. The 

HF 

180K 1meg 

LF 

.5meg 

1000pF 

1500pF 

47K 55pope. 

270K 

22pF 

equivalent input noise is minus 112 dBm 
(60 dB signal-to-noise ratio). Total gain 
is 88 dB, maximum output power is 
plus 18 dBm. 

The internal circuitry for the Model 
AM-4100 preamplifier, the Model AM-

CONVENIENCE 

OUTLET 
( 2AMPS MAX. 
NOT FUSED) 

fj ..  10 

AM 4300 

5 SEE F16.9-50D 

WILD 2 
220K 
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AM 4700 

5 SEE FIG 9-50E 
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Langevin AM1A mixer amplier. 
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Fig. 9-42C. Langevin Model 

I 

5.6K 

22K 82K 

AM410013 solid-state 
amplifier. 

4300B booster amplifier, and the Model 
AM4700 output amplifier, is shown in 

Figs. 9-42C, D, and E. 
9.43 What is an electronic mixer? 

—This is a term which is sometimes 
10 INPUT 

COMMON °----- 

9 
INPUT ± 0-4--•11/%,--

4.7K 

e 
COMMON 0  

7 
N/C 0 

6 
COMMON 0  

5 

0.1 

270K 

amplifier for AM1A mixer-

used to identify a compressor amplifier 
employed for motion picture recording. 
Electronic mixers are discussed in 
Questions 18.84 through 18.102. 

9.44 What are the values of build-

2N3391 2N34I7 

I5K 

Imeg 

27K 

5.6K 

5pF 

r E0  
FOR HIGHER GAIN, j. 
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2 
o  
I 
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.1  

5pF 

II  

• 

22K 82K 

0.22pF 

Fig. 9-42D. Langevin Model AM4300B solid-state 
amplifier. 

amplifier for AM1A mixer-
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20A 

II  
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Fig. 9-42E. Langevin solid-state amplifier Model AM4700 used in the Model AMIA 
mixer-am pl ifier. 

ing-out resistors used for parallel-type 
mixer networks?—The values of the 
building-out resistors and the insertion 
loss for mixers using a parallel mixer 
network (Fig. 9-19) are given in Fig. 
9-44. The number of mixer positions 
appears at the left and the impedance 
of the network appears at the top of the 
chart. 

The insertion loss is the loss caused 
by the building-out resistors, with only 
a single input at its minimum attenua-
tion. The measurement of insertion loss 
is discussed in Question 23.68. 

9.45 Describe an auxiliary mixer.— 
The auxiliary mixer pictured in Fig. 
9-45 is manufactured by Langevin Co., 
and is designed to be operated as an 
auxiliary 9-position mixer-amplifier 
with any existing mixer to provide ad-
ditional input positions. The circuitry of 
the unit is quite similar to that of the 
mixer described in Question 9.42, and 
is the same up to the booster amplifier. 
The unit is self-powered and contains 
the necessary preamplifiers and booster 
amplifier, which is operated directly 
into a low-gain position of the master 
mixer. 

9.46 Describe the mechanical layout 
and components for a three-section re-

recording mixer eonsole.—Pictured in 
Fig. 9-46A is a three section rerecord-
ing console, designed by the author, and 
constructed by McCurdy Radio Indus-
tries, Canada. This console is designed 
for use with three-track magnetic film 
rerecorders or any type single track 
recorder. Basically, the console consists 
of three sections, termed dialogue, ef-
fects, and music. Each section consists 
of four mixer controls and a master 
control, plus two graphic equalizers, 
high- and low-pass filters, and two 
low-frequency attenuators. One or both 
of the graphic equalizers may be con-
nected in any one of the four positions 
by means of push buttons above the 
control panel. In addition, key switches 
are provided for on-cue operation. The 
low-frequency attenuators provide 
standard roll-off characteristics as dis-
cussed in Questions 6.122 and 6.131. 
Graphic equalizers are discussed in 
Questions 6.108 and 6.126. The high-pass 
filters employ cutoff frequencies of 45, 
80, 100, 135, and 150 Hz. The low-pass 
cutoffs are at 6, 8, and 10 kHz. These 
may also be cued in as required. The 
usual practice is to leave in the 45-Hz 
filter for rerecording, and use the 8-kHz 
low-pass filter for normal dubbing op-
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eration. For original music, the 10-kHz 
filter is used. 
The dialogue position varies in its 

components, as an additional program 
equalizer, discussed in Question 6.12, 

has been added to the upper right, 
along with three controls for an EMT 
reverberation unit (installed at a re-
mote point) described in Question 2.130. 
A remote meter indicates the 

9.
50
 

15
.5

0 

g .1 

reverber- 



SOUND MIXERS 431 

Fig. 9-45. A 9-position auxiliary mixer for use with the Langevin AM1A mixer-
amplifier. 

Fig. 9-46A. Three-section rerecording (dubbing) console, designed by H. M. Tre-
maine and constructed by McCurdy Radio Industries, Cando. 

Fig. 9-468. Patch-boy showing 32 plug-in amplifiers. Background amplifier and dip 

filter are not shown. 
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H NOES 18 JACK STRIPS 

BG. NOISE SUP)? AMP . : 60/120Hz DIP FILTER 

1 1 2 1 3 1 4 1 5 1 6 1 7 1 8 1 17 1 18 1 19 1 20 1 21 1 22 1 23 1 24 1 
25 26 27 28 29 30 31 32 9 

III IIIIII .IIIIIII Il 
10 II 12 13 14 15 16 

M PLUG IN AMP I5 PLUG-IN AMP 400Hz HEAD-TONE 
OSCILLATOR 

Fig. 9-46C. Patch-bay for console in Fig. 9-46A. All amplifiers, jacks strips, dip. 
filter, and background-suppression amplifier are housed in this unit. Its the same 
height as the console. The left and right sides are hinged at the center post to 

swing forward. 

ation time being used, for future refer-
ence. At the upper left is a group of on-
the-line machine indicators to assure 
the mixer that all the reproducers and 
recorders are on the line. The machine 
indicators light automatically whenever 
a machine is connected across a dis-
tributor bus. A group of interconunu-
nication key switches at the lower left 
of each section permits the mixer to 
slate the head end of each take, talk to 
the machine room, maintenance depart-
ment, power room, test laboratory, and 
the music scoring console (in an up-
stairs monitor room). The intercommu-
nication system is solid-state, installed 
at a remote position. 

It is the practice in the motion pic-
ture industry when recording master 
sound tracks, to record 400-Hz head 
tone on each roll of magnetic tape or 

film. This tone is used by the mixer to 
establish the correct listening level for 
playback, and later is used by the 
transfer activity. The output of the 
400-Hz oscillator has three separate 
controls, one at each section. If the 
manual button is pushed, the tone ap-
pears in only the section where the 
button is depressed. If the button is 
pushed to automatic in any of the three 
sections, the tone is automatically re-
corded on the three sound tracks for a 
duration of six seconds, starting at the 
dialogue section. If three tracks were 
recorded simultaneously, the level at 
the composite bridging bus would be in 
error by several dB. The small diagonal 
panel at the upper left contains a moni-
tor gain control and a 20-dB talk key 
for reducing the monitoring level while 
the sound track is running and discus-

Fig. 9-46D. Rear view of mixer console similar to that in Fig. 9-6A. 
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sions are in progress. In the panel at the 
lower left are three controls for a com-
pressor-limiter amplifier, with input 
and ceiling controls and a de-essing key 
switch. The playback mode is set by the 
position of a selector switch, with pilot 
lights to indicate that the machine is 
being used. If the recording levels are 
correct, the playback level will be 
within plus-minus 0.5 dB, using the 
head tone as a reference. Two variable 
sound-effects filters at the bottom of the 
panel complete the controls in this area. 
(See Question 18.84.) 
The fact that the three sections of the 

console are termed dialogue, effects, 
and music, does not mean they are con-
fined to this particular type recording. 
This terminology has been adopted to 
identify the sections and is the order in 
which the three sound tracks appear on 
a three-track magnetic film recorder. 
All three sections have the same iden-
tical electrical characteristics, except 
for the compressor amplifier in the dia-
logue channel. 
A remote-control panel at the left 

side of the console (not shown) con-
tains switches for controlling the house 
lighting, ventilation, quiet lights, baby 
spot above the console, dubbing and 
projection mode, screen curtains and a 
control permitting the loudspeaker be-
hind the screen to be operated in con-
junction with a similar speaker in the 
music scoring monitor room, or sepa-
rately. This control is duplicated in the 
projection booth and at the music-
mixer console. Between the second and 
third VU meters are push buttons for 
activating a footage counter (mounted 
at the screen) and resetting to zero. A 
reverberation time meter is mounted 
between VU meters three and four, for 
resetting the reverberation unit, and a 
push button for measuring the monitor 
level, using the effects VU meter. All 
relay control and heater voltages for 
the amplifiers are supplied from 1 per-
cent regulated de power supplies lo-
cated in a remote power room. 

The rear of the console houses the 
compressor amplifier, high- and low-
pass filters, relays, pads, and other 
equipment necessary to its operation. 
The patch bay is mounted in a steel 
cabinet directly behind the console, and 
contains 18 jack strips, with 432 active 
circuits, using tip, ring, and sleeve type 
jacks (Fig. 9-46B). It also contains a 

dip filter for 60 and 120 Hz, and a back-
ground suppressor amplifier. The wiring 
between the console and the patch-bay 
is carried in a section of 6-cell metal 
gutter laid in the floor. A similar gutter 
is described in Question 24.49. 

Although the patch bay houses 31 
amplifiers, only 22 are directly associ-
ated with the mixer circuitry. The oth-
ers are for microphones, spares, and 
special setups. The 400-Hz oscillator is 
also housed in this area, and slides into 
the amplifier tray at the extreme lower 
right. When a microphone is required 
such as for looping, a spare amplifier is 
patched into the desired input. In this 
instance, the mixer uses headphones for 
monitoring. Looping is discussed in 
Question 17.223. In the drawing of Fig. 
9-46C, is shown the mechanical layout 
of the patch bay. A rear view of a simi-
lar console is pictured in Fig. 9-40D. 
When the rear panels are removed, the 
equipment falls forward on a frame to 
facilitate servicing. The placement of a 
console on a dubbing stage is shown in 
the drawing of Fig. 2-76D. 

9.47 Describe the block diagram for 
the three-section mixer console of Ques-
tion 9.46.—Basically, the circuitry (Fig. 
9-47A) is divided into three sections, 
each consisting of four mixer controls, 
amplifiers, combining networks, equal-
izers, filters, bridging bus and VU 
meter. The output from each bridging 
bus is fed to one track of a three-track 
magnetic film recorder. For monitoring 
purposes and for feeding of single-track 
recorders a composite bridging bus is 
used, fed from the combined output of 
the dialogue, effects, and music-bridg-
ing busses. A fixed playback system 
controlled by relays permits the mixer 
to check the recording levels, in refer-
ence to a head-tone recorded at the 
head end of each roll of magnetic film. 
To simplify the drawing, only one input 
is carried through for each group of 
four mixer controls. Up to the mixer-
combining network, each input is iden-
tical. 

Starting at the extreme upper left are 
the input circuits for the four controls 
of the dialogue section. The signal may 
be from any source having an output 
level of minus 4 dBm or greater. From 
the input line, the signal passes through 
a push-button controlled graphic 
equalizer, then through a preamplifier 
(1 to 4), isolation coil (1:1 repeat coil), 
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and to the mixer control. Leaving the 
control, it passes through a low-fre-
quency attenuator, mixer-combining 
network, a second isolation coil, booster 
amplifier (5) where the signal is again 
amplified and passed to a master mixer 
control (isolated at its input and output 
by coils—normal setting zero loss), then 
to a compressor-limiter amplifier (see 
Question 18.86). At the input and out-
put of the compressor are two controls, 
one for setting the correct input level, 
and a ceiling control for adjusting the 
amount of compression. Leaving the 
ceiling control, the signal encounters 
high- and low-pass filters. At this point, 
push-button switches are provided for 
connecting an EMT reverberation unit 
(described in Question 2.130) into the 
circuit. Amplifiers. (29) and (30) when 
once set require no further adjustment. 
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The reverberation is available only in 
the dialogue section; however, it may 
also be patched in at either the effects 
or music sections. 

At the output of the low-pass filter, 
the signal is passed to a combining net-
work, where a slating microphone can 
be keyed into the dialogue channel 
when required, or the playback signal 
injected, or the head-tone oscillator sig-
nal injected. Normally relays K, K2 and 
K, are in the upper position, supplying 
a termination for the network. The out-
put of the network feeds the signal to 
dialogue line amplifier (6), and then to 
the dialogue bridging bus and VU 
meter. 
From the bus, the signal is amplified 

by a bridging amplifier (7), which ter-
minates in a three-branch monitor-
combining network, and to a composite 
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Fig. 9-47. Block diagram for 3-section split-
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bridging bus amplifier (28), which 
drives the composite bridging bus and 
VU meter. The composite bus feeds a 
bridging coil which terminates in a 
6-dB and 20-dB pad to reduce the mon-
itor level while conversing through a 
key-switch control. The output of the 
pad is taken to a monitor gain control 
and then fed to the monitor system—a 
50-watt power amplifier in the projec-
tion booth. To complete the monitor 
circuit, a signal is taken from the effects 
and music bridging busses and fed to 
two other branches of the monitor-
combining network and amplified by 
the composite line amplifier (28), then 
the signal is passed on to the composite 
bridging bus. 

The other two sections—effects and 
music—are identical to the dialogue 
section up to the output of the master 
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controls. Here a 20-dB pad is con-
nected in these two sections at the input 
of the high- and low-pass filters. From 
then on, the circuitry is the same as for 
the dialogue section, and the circuits 
feed their respective tracks for three-
track recording. Single-track machines 
are fed from the composite bridging 
bus. 

The gain through the whole system 
must be balanced within plus-minus 0.5 
dB, particularly at the input to the 
combining network at amplifier (6). 
The system is lined up by applying a 
signal to the input or mixer control (1) 
in the dialogue channel, with 16 dB of 
loss in the control and the preamplifier, 
and the booster and line amplifiers ad-
justed for plus 14 dBm at the three 
bridging busses. For recording, the VU 
meters are set for an 8-dB lead by 
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channel mixer console in Question 9.46. 
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setting their attenuators back to plus 
6 dBm. This is to take care of the un-
seen peaks that could overload the sys-
tem while recording. The adjustment of 
the amplifier gains will vary somewhat 
from the indicated levels with different 
equipment, therefore they cannot be 
taken as absolute value. 
When the playback relays are in 

the playback position, the playback 
signal is passed through a 34-dB pad 
before being applied to the combining 
network. The loss of this pad may have 
to be altered, depending on the output 
level from the playback machine. When 
the 400-Hz head-tone is recorded, the 
signal passes through the same combin-
ing network and is recorded on each 
sound track for 6 seconds, in its proper 
sequence, by a cam-driven relay sys-
tem. In the off position, the oscillator 
output is shorted to prevent leakage; 
this circuitry is not shown. 

Although the circuitry is for vac-
uum-tube type amplifiers, transistor 
types may be used if the gain and im-
pedance matching is observed (see 
Question 9.45). The gain of the ampli-
fiers should be divided to keep the 
signal-to-noise ratio high. The fre-
quency response for this particular con-
sole is, plus-minus 1 dB, 40 to 15,000 Hz, 
with a total harmonic distortion (THD) 
of less than 0.5 percent at any fre-
quency between 40 and 10,000 Hz. The 
signal-to-noise ratio is 65 dB, or 79 dB 
below a bus level of plus 14 dBm. 
Crosstalk between the three sections is 
greater than 85 dB at 10,000 Hz. All 
transmission circuits are symmetrical 
employing "0" type pads throughout. 
The several isolation coils permit the 
use of unbalanced mixer-network cir-
cuits and controls, with symmetrical in-
put and output circuits. This also pro-
vides a means for grounding the vari-
ous sections to a common ground point, 
thus reducing the possibility of circu-
lating ground currents. All input and 
output circuits are 600-ohms imped-
ance. The monitor system is discussed 
in Question 9.48. 

It is of extreme importance that the 
three sections of the console be in 
phase with each other, to prevent can-
cellation between the three sections for 
certain conditions of operation. Phasing 
of this and other type mixer networks 
is discussed in Questions 23.106 and 
23.107. 

It is the policy of some recording ac-
tivities to patch an optical film recorder 
across the composite bridging bus and 
record an optical negative along with 
the master dubbing track to save 
transfer time. The magnetic sound track 
is then held for protection and playback 
purposes. If the optical recording is to 
be variable-area direct-positive, it may 
be advantageous to employ a cross-
modulation compensator-amplifier with 
the film recorder, a film loss equa/izer, 
and if possible a /imiter-amp/ifier to 
prevent overmodulating the light mod-
ulator in the optical film recorder. 
Cross-modulation compensating ampli-
fiers are discussed in Question 18.246. 

9.48 Describe the monitor system 
and associated equipment for the con-
sole in Question 9.46.—Leaving the 
composite bridging bus of Fig. 9-47, 
and following the monitor line to the 
upper left of Fig. 9-48, the monitor sig-
nal is amplified by a monitor line am-
plifier, and fed to a projection change-
over relay panel, used for selecting the 
mode of operation—projection or dub-
bing. With the relay in the dubbing 
position, the signal is applied to the in-
put of a monitor compensator panel, 
consisting of a 10-dB pad and a low-
pass filter. The characteristic of this 
filter is representative of the average 
theater. Components in the panel pro-
vide adjustment for the characteristics 
of the dubbing stage acoustics, if re-
quired. At the output of the compensa-
tor panel is a three-branch combining 
network for driving the input of two 
50-watt power amplifiers, one for driv-
ing the dubbing loudspeaker behind the 
screen, and the second for driving a 
duplicate speaker system in the music 
scoring monitor room. The output of 
the amplifiers feeds a speaker selector 
relay panel for playing the two speakers 
simultaneously or individually. The se-
lector panel may be operated either 
from the projection booth or at the 
console. 
From the selector panel, the signal is 

fed to a loudspeaker crossover network 
installed at the speaker system, using 
autotransformers to match the imped-
ance of the network to the voice-coil 
impedance. It will be observed that the 
impedance of the monitor line from the 
amplifiers is 250 ohms. This permits the 
signal to be transmitted over the line at 
high voltage, low current, thus reducing 



SOUND MIXERS 437 

e 
F1 b. PI 

IL 

v 

e 

N  

a 

M
O
N
I
T
O
R
 
T
E
S
T
 U
N
 

O  

N 

1 
44 

e 
u ar 
4 W  

Cr 

cc 
o 
u r-• 
w e 
w to 

OEK 
NNW z 
CC 

e 
o o 2 
Pr 2 rer 

 de.  

O w 
> z 
o 

OE.> 

M
O
N
I
T
O
R
 
T
E
S
T
 
L
I
N
E
 .
4 

V 
z 
e- cr 
o La 
o 
m 
z a-
o 

OE-s; 3 
32 
OS 

Fig. 9-48. Monitor speaker-selection relay panel 

the line losses between the screen and 
the amplifier system. 

Connected at the output of the power 
amplifiers is a 10-watt monitor amplifier 
for driving the projection booth moni-
tor speakers. A total of four are em-

for console in Fig. 9-46. 

ployed, one at each projector and one 
at the operator's rewind bench. Separate 
talkback speakers are used at each 
projector control station. 

9.49 Describe the operation of the 
reverberation unit used with the console 
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REVERB. 
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IN OUT 

Fig. 9-49. Block diagram for EMT reverberation unit when used with the console of 
Fig. 9-46. All circuits are 600 ohms. 

of Fig. 9-46.—The construction and 
technical details of the EMT reverbera-
tion unit are discussed in Question 
2.130. Referring to Fig. 9-49, when the 
push buttons associated with the rever-
beration unit are depressed, the direct-
signal from the dialogue channel is ap-
plied to the input of a two-branch net-
work through amplifier (29). Passing 
through the upper branch of the net-
work, the direct signal is returned to 
the recording channel as indicated by 
the arrows. At the same time, the direct 
signal is also applied through an input 
gain control and isolation coils to the 
input of amplifier (30), and then to the 
input of the EMT unit. At the output of 
the reverberation unit is a 36-dB pad 
and an output gain control which feeds 
the reverberated signal back to the 
lower branch of the network indicated 
by the arrows. As the signal cannot go 
back through the amplifier, it takes the 
path of least resistance and flows 
through the upper branch of the net-
work, returning to the recording chan-
nel, in accordance with the arrows. In 
this manner, the direct and reverber-
ated signals are mixed. After the gains 
of amplifiers (29) and (30) are deter-
mined, they require no further adjust-
ment. The VU meter indicates the 
reverberated sound level for future 

reference. A remote meter at the con-
sole indicates the reverberation time in 
seconds. 

9.50 Describe a solid-state portable 
mixer-amplifier designed for public ad-
dress, sound reinforcement, and record-
ing.—The mixer-amplifier illustrated in 
Fig. 9-50A, manufactured by Altec-
Lansing, is completely solid-state and 
may be used for public address, record-
ing, and sound reinforcement. The sche-
matic diagram appears in Fig. 9-50B. 
Starting at the upper left of the dia-
gram, five low-level inputs are avail-
able, each connected into a standard 
octal socket, for use of plug-in micro-
phone and phonograph preamplifiers or 
line transformers. Tracing the signal 
from the output of the upper preampli-
fier socket, the signal passes through an 
individual speech-music switch (Si). 
In the music position, the frequency re-
sponse is flat, and in the speech position 
the response is rolled off starting at 500 
Hz, and continuing downward to 6 dB 
at 100 Hz, and 16 dB at 30 Hz. The sig-
nal is then applied to a 750-ohm mixer 
control (PI), then to a mixer-combin-
ing network consisting of resistors R1 to 
R5, and to the input of a booster ampli-
fier. At the output of the booster ampli-
fier is a master gain control, which 
feeds a compressor amplifier having an 
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Fig. 9-50A. Solid-state portable mixer-amplifier Model 352A manufactured by 
Altec-Lansing. 

attack time of 10 milliseconds, and a 
fixed compression ratio greater than 
5:1. The compressor may be switched 
in as required. At the output of the 
booster amplifier is also a connection 
to feed a magnetic tape recorder. The 
signal voltage at this point is 0.10 volt, 
or about minus 55 dB for an input im-
pedance of 10,000 ohms. By taking off 
the input signal at this point, it is not 
affected by the master gain control, but 
only by the mixer controls. 

The compressor amplifier is followed 
by a high- and low-frequency equalizer 
circuit, then passed on to two voltage 
amplifier stages (Q2 and Q3), then a 
phase-inverter (Q4) which drives a 
compound amplifier (Q5 to Q8). The 
final amplifier stage consists of four 

power transistors (Q9 through Q12) 
operating class-B, and capable of devel-
oping 40 watts of output power, with 
less than 1-percent distortion over a 
range of 35 to 5000 Hz, and 45 watts 
with less than 5-percent distortion from 
30 to 10,000 Hz. The output transformer 
is designed to supply output impedances 
of 4, 8, and 16 ohms, balanced to ground 
(see Question 8.25). A 70-volt winding 
is included for use with a loudspeaker 
distribution system. 

The power for the amplifier may be 
taken from an internal power supply or 
from external batteries, such as a 12-
volt car battery. Provision is also made 
for a second output to a tape recorder, 
with a voltage of 0.12 volt. Since this 
output is taken at the emitter of Q4, it 

Fig. 9-50C. Plug-in units for the Altec-Lansing Model 352A. 
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Fig. 9-50B. Schematic diagram 
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is subject to the adjustments of both the 
mixer control and the master gain con-
trol. A separate winding on the output 
transformer supplies a means of moni-
toring the output signal with either 
headphones or loudspeaker. The VU 
meter is connected between one side of 

for Altec-Lansing Model 352A. 

the 16-ohm output winding and ground, 
which is also connected to the input of 
the compressor amplifier. Fig. 9-50C 
shows the plug-in units. Transistor am-
plifiers are discussed in Section 12. 

9.51 How is the output signal from 
a microphone prevented from overload-
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ing the input of a microphone preampli-
fier?—When recording program mate-
rial from a high level source, a 10- to 

CONSOLE 

Fig. 9-51. Attenuator network connected 
in the output of a microphone to prevent 

overloading the preamplifier. 

20-dB network is connected between 
the output of the microphone and the 
input of the microphone preamplifier 
(Fig. 9-51). Many mixing consoles have 
this feature designed into the circuitry. 

In a second manner by which pre-
amplifier overloading is prevented, an 
attenuator network is included in the 
microphone housing, connected after 
the transducer element. This reduces 
the signal level in the microphone itself 
before it reaches its own preamplifier 
(if one is used). 
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Section 10 

VU and Volume Indicator Meters 

To properly operate a sound recording or reproducing system, some method for 
determining the signal levels in different parts of the system to avoid overloading 
and distortion is required. This is the purpose of the VU or VI meter. 
VU meters have been standardized and are widely used in various devices. 

However, when they are improperly used, difficulties may be encountered for dif-
ferent impedance levels. 

This Section discusses the various ramifications of such meters, and the pitfalls 
that are to be avoided. Simple tables have been included for compensating, if the 
meter is used at other than the designed impedance. A peak-indicating instru-
ment, the Neon VI meter, widely used before the VU meter made its appearance 
in the motion picture industry, is described as the experimenter might find it 
most useful. Ballistics, reference terminology, peak-indicating devices and their 
calibration, and the insertion of VU meter lead in a recording channel are dis-
cussed. 

10.1 What is a volume indicator 
meter?—A meter used to measure 
power levels of audio-frequency signals. 
The term volume indicator, abbreviated 
VI, is generally associated with meters 
calibrated in decibels. Meters designed 
for program monitoring purposes have 
special characteristics, as explaned in 
Question 10.3. 

10.2 What is a VU meter?—A 
meter used for monitoring broadcast 
and recording circuits. Such meters 
employ special ballistic characteristics 
levels which are of complex waveforms 
to properly indicate program material 
and vary simultaneously in both am-
plitude and frequency. The meter con-
sists of a 200-microampere dc, D'Arson-
val movement fed from a full-wave, 
copper-oxide rectifier unit mounted 

within the meter case. VU meters are 
calibrated in reference to one milliwatt 
of power in a 600-ohm circuit. A typical 
VU meter panel is shown in Fig. 10-2. 

10.3 What are the characteristics 
of a VU meter?—Because of the inac-
curacies inherent in the early copper-
oxide rectifier power-level meter and 
because of the fact it was not satisfac-
tory for program monitoring, the devel-
opment of an entirely new meter was 
jointly undertaken by the Bell Tele-
phone Laboratories, Columbia Broad-
casting System, and the National 
Broadcasting Company. The results of 
this research were the development not 
only of a new type volume-indicator 
meter but also the standardizing of a 
new reference level of one milliwatt, 
a unit which was adopted by the elec-

Fig. 10-2. A VU meter panel manufactured -by Cinema Engineering Co. 
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tronics industry in May 1939. The cur-
rent Standard is USASI (ASA) C16.5-
1961. 

The characteristics of this meter are 
as follows: 

GENERAL—The meter consists of a dc 
meter movement with a noncorrosive, 
full-wave, copper-oxide rectifier unit 
(mounted in the instrument case) and 
responds approximately to the root 
mean square (RMS) value of the im-
pressed voltage. This will vary some-
what depending on the waveforms and 
the percent of harmonics present in the 
signal. 
INSTRUMENT SCALE—The face of 
the instrument may have either of the 
two scale cards shown in Fig. 10-19. 
Each card has two scales, a VU scale 
ranging from —20 to +3 VU and a 
percent modulation scale ranging from 
zero to 100 percent, with the 100 point 
coinciding with the zero point on the 
VU scale. (See Question 10.19.) The 
normal point for reading volume levels 
is at zero VU or 100 scale point which 
is located to the right of the center at 
about 71 percent of the full scale arc. 
DYNAMIC CHARACTERISTICS—With 
the instrument connected across a 600-
ohm external resistance, the sudden ap-
plication of a sine-wave voltage, suffi-
cient to give a steady-state deflection 
at the zero VU, or 100 scale point, shall 
cause the pointer to overshoot not less 
than 1 percent nor more than 1.5 per-
cent (0.15 dB). The pointer shall reach 
99 on the percent scale in 0.3 second. 
RESPONSE VS. FREQUENCY—The 
instrument sensitivity shall not depart 
from that at 1000 Hz by more than 
0.2 dB, between 35 and 10,000 Hz, nor 
more than 0.5 dB between 25 and 
16,000 Hz. 
IMPEDANCE—For bridging across a 
line, the volume indicator, including 
the instrument and proper series re-
sistor (3600 ohms), shall have an im-
pedance of 7500 ohms when measured 
with a sinusoidal voltage sufficient to 
deflect the meter to zero VU or 100 
scale point. 
SENSITIVITY—The application of a 
sinusoidal potential of 1.228 volts (4 dB 
above 1 milliwatt in a 600-ohm line) to 
the instrument in series with the proper 
resistance (3600 ohms) will cause a 
deflection to the zero VU or 100 per-
cent point. 

HARMONIC DISTORTION—The har-
monic distortion introduced in a 600-
ohm circuit, caused by bridging the 
volume indicator across it, is less than 
0.3 percent, under the worst possible 
condition (no loss in the variable at-
tenuator). 
OVERLOAD—The instrument must be 
capable of withstanding, without injury 
or effect on the calibration, peaks of 10 
times the voltage equivalent to a read-
ing of zero VU or 100 for 0.50 second 
and a continuous overload of five times 
that voltage. 

10.4 What is a power-level meter? 
—A VI meter calibrated in decibels. As 
a rule, this type meter is confined to 
test equipment for steady-state mea-
surements and is not used for monitor-
ing program material. 

10.5 What is a rectifier-type meter? 
—One which employs a copper-oxide 
or selenium rectifier unit to rectify the 
applied ac voltage to de for operating 
the instrument movement. This is a 
very common method employed in 
meters designed for audio frequency 
measurements, such as a VU meter, or 
ac voltmeters for servicing. Such meters 
have a high input resistance to prevent 
loading the circuit under measurement. 

Fig. 10-5. Selenium instrument rectifiers 
manufactured by Conant Electrical 

Laboratories. 

Two rectifier units manufactured by 
the Conant Electrical Laboratories are 
shown in Fig. 10-5. A complete expla-
nation of bridge rectifiers will be found 
in Questions 21.95 through 21.99. 

10.6 Describe a wide range elec-
tronic VU meter for program monitoring. 
—Standard VU meters measure only 
the upper 23 dB of the signal level. 
From a practical standpoint this limits 
the display to about 20 dB below the 
reference level of the zero indication. 
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Fig. 10-6A. CBS Laboratories Model 600 wide-range program-monitor meter. 

This short range of operation limits its 
usefulness, particularly when it is con-
nected across a bridging bus for moni-
toring program information. A wide-
range program-monitor meter, Model 
600, manufactured by CBS Laboratories, 
which displays the program information 
over a 60-dB meter scale, spread from 
minus 57 dB to plus 3 dB, is shown in 
Fig. 10-6A. The large spread of program 
material permits the very low level 
signals to be observed, and also the 
noise between program pauses. 

This instrument was not designed to 
replace the conventional VU meter; 
however, its characteristics are com-
patible with the present VU meter. In 
addition, a dc output is provided for 
connection of a linear tape recorder for 
logging program levels over a range of 
60 dB. The zero-dB indication may be 
set to represent a reference level from 
minus 22 dBm to plus 18 dBm. 

PREAMPLIFIER 

REFERENCE 
LEVEL 

SELECTOR 

BRIDGING 
INPUT 

Referring to the block diagram in 
Fig. 10-6B, the basic component is a 
logarithmic solid-state amplifier, with 
a nonlinear feedback circuit (see Ques-
tion 12.196), a preamplifier, a 15,000-
ohm bridging input transformer, a 
reference-level selector switch, and a 
sensitive indicating meter movement. 
The total range of measurement is 79 
dB to plus 21 dB, with a frequency re-
sponse of plus or minus 1 dB from 50 to 
15,000 Hz. 

10.7 What is a neon VI meter?— 
In the early days of motion picture 
sound recording, and long before the 
use of magnetic film, sound was re-
corded directly on photographic film 
(optical recording). Because the VI 
meters at that time were not standard-
ized and had radical ballistics, peaks of 
8 to 10 dB were not indicated by the 
meter, and the light modulator could 
be easily overloaded, causing serious 

LOGARITHMIC AMPLIFIER 

OPERATIONAL 
AMPLIFIER 

F .. NONLINEAR 
FEEDBACK 

RECTIFIER 

METER 

Fig. 10-6B. Block diagram for CBS Laboratories Model 600 wide-range program-
monitor meter. 
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Fig. 10-7A. Front view of RCA Model MI-3176A neon volume indicator meter. 

distortion. To provide a meter that 
would read the peaks and at the same 
time permit the mixer to see the indi-
cations, RCA developed an instrument 
known as a neon volume indicator 
meter (no longer manufactured). 
The meter consisted of 20 small vac-

uum tubes and 16 neon lamps, arranged 
in a circuit to indicate the recording 
levels from minus 45 dB to plus 3 dB, 
with reference to 100 percent modula-
tion of the light modulator. The reason 
for the use of such a device was its 
sensitivity and ability to read both the 
negative and positive peak excursions 
of the light modulator. 

As this device is of interest to present 
day recording and is in some instances 
still in use, a description of its princi-
ples are in order. The mechanical de-
sign was such that the neon lights were 
mounted horizontally in a straight line 
(Fig. 10-7A). In each hole in the lower 
line is a neon lamp, which is actuated 
by the audio signal and made to glow. 
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At the extreme left is a minus 45-dB 
lamp and at the extreme right the plus 
3-dB lamp. Pilot lamps glowing con-
tinuously indicate the minus 25-, 6-, 
and 0-dB levels. The basic circuit for 
such an instrument is shown in Fig. 
10-7B. The revision of this circuit to 
transistors would be of considerable 
value to present day recording, as the 
industry is still faced with the use of 
monitoring meters that do not indicate 
the actual peak values of the audio 
signal. 

The block diagram for a neon VI 
meter is shown in Fig. 10-7B. The sig-
nal is applied to the input transformer 
Ti, then amplified by a two-stage am-
plifier. At the output of the amplifier, 
the signal is. applied to two voltage 
dividers, Pl and P2. From there the 
signal passes through several other am-
plifiers, each with a neon lamp at its 
output. The gain of each amplifier stage 
is adjusted by P1 and P2 to fire the 
neon tube at a given level. 
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Fig. 10-7B. Basic circuit for neon volume indicator. 
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10.8 What is the standard reference 
level used for recording and broadcast-
ing?—Both the recording and broad-
casting industries as well as most other 
electronic industries use the 1-milli-
watt reference level. This level was 
standardized in May of 1939. In a few 
instances for special purpose devices, 
the 6-milliwatt reference level is used. 

10.9 What does the term dBm 
mean?—It indicates the stated level is 
with reference to 1 milliwatt of power 
in a 600-ohm line. 

10.10 What is the reference level 
when it is stated only in dB?—It is with 
reference to 6 milliwatts in a 500-ohm 
line. 

10.11 What is the voltage across a 
600-ohm line for 1 milliwatt of power? 
—The voltage equals 0.773 volt. 

10.12 What is the voltage across a 
500-ohm line for 6 milliwatts of power? 
—The voltage is equal to 1.73 volts. 

10.13 Define the terms volume unit 
(VU) and decibels (dB).—The volume 
unit (VU) is a unit of measurement 
used with volume-indicator meters to 
specify a change of 1 dB in volume for 
a complex waveform. Such units are 
used with the VU meter described in 
Question 10.3. Complex 'waveform 
changes can only be measured le vol-
ume units. Meters designed for s6ch use 
have special characteristics. For com-
plex waveforms, such as speech, a VU 
meter reads between the average and 
the peak values of a complex wave. No 
simple relationship exists between vol-
ume measured in VU and the power 
of a complex waveform. The indicated 
reading will depend on the particular 
wave shape at the moment. For sine-
wave measurements, a change of one 
VU is numerically equal to a change 
of 1 dB. 
VU meters are designed to have a 

dynamic characteristic that approxi-
mates the response of the filiman ear. 
When a speech waveform is applied to 
a VU meter the movement will indi-
cate peaks and valleys in the signal. 
The average of the three highest peaks 
in 10 seconds (disregarding occasional 
extremes) is taken to be the indication 
of the meter movement. 
From the above discussion it appears 

the VU should not be used to interpret 
steady-state measurements, and is only 
used with complex waveforms which 
are constantly changing in amplitude 

and frequency, and depend on human 
interpretation of a constantly changing 
condition. The decibel is used to inter-
pret steady-state conditions. It shóuld 
be pointed out that many meters indi-
cated as VU meters are not actually 
such meters, as they are normal sensi-
tive movements without the special 
characteristics of the standard VU 
meter. Therefore, they do not indicate 
a true reading in volume units. 

10.14 Why are VU meters cali-
brated with reference to 1 milliwatt of 
power in a 600-ohm line?—This refer-
ence level was selected as a level which 
would conform to the Telephone Com-
pany's standards of limiting the signal 
level on a transmission line to a value 
that would produce a minimum of cross 
talk and still provide a satisfactory 
signal-to-noise ratio. Also, the 1 milli-
watt reference level is a unit quantity. 
Hence, it is readily applicable tp the 
decimal system, being related to the 
watt by the factor 10' which results 
in positive values for the majority of 
measurements. 
A further advantage is that all 

meters of this type are exactly alike 
in construction and characteristics and, 
when several are connected across the 
same circuit, may be tested and their 
operation checked by the application of 
a 1000-Hz signal. 

10.15 What is the maximum signal 
level that may be applied to a telephone 
line?—Plus 8 dBm. 

10.16 What does the term zero 
level mean?—It is a reference power 
level. Example; for 1 milliwatt of power 
in a 600-ohm line, zero equals 0.773 volt. 
For a 500-ohm line, zero equals 1.73 
volts (7.78 dB higher than 1 milliwatt). 

10.17 Where is 1 milliwatt indi-
cated on a VU meter scale?—For a VU 
meter of 7500-ohms input impedance 
connected across a 600-ohm line in 
which 1 milliwatt of power is flowing, 
1 milliwatt will be indicated at the 
minus 4 VU (or dB) calibration point, 
for the reason that a VU meter input 
attenuator has no zero position, but 
starts' its calibration at plus 4 VU. 
Therefore, 1 milliwatt will be indicated 
at the minus 4 VU (or dB) calibration 
point. This will be discussed further in 
Question 10.24. 

10.18 What reference levels have 
been used other than 1 milliwatt?—In 
the early days of broadcasting and re-
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(a) Recording and test equipment. 

(b) Broadcast monitoring. 

Fig. 10-19. VI meter scales. 

cording, both 10 and 12.5 milliwatts in a 
500-ohm line were used as a reference 
level. However, later this was changed 
to 6 milliwatts. In May, 1939 the present 
standard of 1 milliwatt in a 600-ohni 
line was adopted. Fifty milliwatts was 
used at one time by the radio industry 
for rating the output level of a radio 
receiver for a given input at the an-
tenna in microvolts. This too has been 
replaced with other standards. 

10.19 Explain the difference be-
tween an A and a El scale used on VU 
meters.—VU meters may be obtained 
with the upper portion of the scale arc 
calibrated in either percent modulation 
or decibels. For recording purposes the 
A scale is preferred because the levels 
are read in decibels. For broadcast work 
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20 

the percent-modulation scale is pre-
ferred as it indicates the percent modu-
lation of the radio transmitter. How-
ever, both scales are widely used. The 
two scales are pictured in Fig. 10-19. 

10.20 Where is the point of greatest 
accuracy on the scale of a VU or VI 
meter?—The accuracy for the full-scale 
deflection is 2 percent; however, the 
minus 1 and the plus 1 dB calibration 
points above and below the zero cali-
bration are generally used when read-
ing levels as they are quite accurately 
indicated. 

10.21 What are the ballistics of a 
VU meter?—Ballistics are the mechan-
ical and electrical characteristics built 
into the meter movement. A given 
characteristic may be obtained by shap-
ing the pole pieces and counterweight-
ing the pointer mechanism. Shunts are 
sometimes used across the meter termi-
nals, but this will reduce the sensitivity 
of the movement. (See Question 10.3.) 

The ballistics characteristics of a 
typical old style VI meter and a stan-
dard VU meter, when a 1000-Hz signal 
is applied for a period of one second, 
are shown in Fig. 10-21. It will be noted 
the VU meter comes to a steady state 
at the end of 0.30 second, while the VI 
meter continues to oscillate showing 
peaks and valleys over a period of one 
second. 

 OLD TYPE  

OE\2V NETER OE  

PEAK FACTOR 
10-15 dB GREATER 
THAN SINE WAVE 

0.001 SEC---4 

VU NETER 

OE 
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Fig. 10-21. Comparison of the original VI meter and the present VU meter ballistics 
for a sudden application of o 1000-Hz signal for o period of 1 second. (Courtesy, 

Proceedings of IRE, now IEEE ) 
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Fig. 10-22. An early type dual volume indicator panel manufactured in 1939 and 
now obsolete. (Courtesy, Cinema Engineering Co.) 

The VI meter movement overshoots 
about 65 percent in the first 025 second, 
while the VU meter movement has 
almost reached a steady state. This 
clearly indicates why the ballistics of 
the VU meter are more desirable than 
those of the older-type VI meter for 
monitoring program material containing 
complex waveforms. 

10.22 What type meters were used 
before the adoption of the VU meter?--
Copper-oxide rectifier meters of the 
type shown in Fig. 10-22. The charac-
teristics of these meters were not stan-
dardized, although they were used ex-
tensively in both the recording and 
broadcasting industries. This meter 
possessed characteristics which were 
not suitable for monitoring purposes, 
although they were quite suitable for 
sine wave power measurements. 

The older-type meters used a refer-
ence level of 6 milliwatts in a 500-ohm 
line as the zero level calibration point 
(1.73 volts). This appeared on the meter 
scale slightly to the left of center scale. 
Two sensitivities in this meter were 

used; they were zero equals 1.73 volts 
and zero equals 0.548 volt. In the latter 
meter, zero was equal to a minus 10-dB 
signal in a 500-ohm line. Three move-
ments were available; fast, medium, and 
slow. The range of measurement was 
extended by the use of an attenuator as 
used with the present VU meter. 

10.23 How may the ballistics of the 
older type VI meters be identified?—By 
the letters appearing on the meter scale. 
HS indicates high speed, GP is for gen-
eral purpose, and SS indicates slow 
speed. The high-speed movement was 
used for monitoring purposes, the gen-
eral-purpose movement for test equip-
ment, and the slow speed for acoustic 
measurements or where an extremely 
slow response was required. 

10.24 What are the recommended 
connections for a VU meter?—Referring 
to Fig. 10-24 it will be seen the instru-
ment consists of an indicator movement, 
a variable attenuator, and a series re-

3900.n 
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Fig. 10-24. Schematic diagram for a 
7500-ohm VU meter, calibrated for one 
milliwatt reference level or, 0.773 volt 

• across 600 ohms. 

sister of 3600 ohms. The meter move-
ment is a 200-microampere D'Arsonval 
movement with an internal resistance 
of 3900 ohms. A full-wave, copper-
oxide or selenium rectifier is contained 
within the meter case. The attenuator 
is variable in steps of 2 dB and presents 
a constant resistance of 3900 ohms to 
the meter movement. This ddsign pre-
vents the ballistics of the meter from 
being affected when the attenuator set-
ting is changed. 

Standard VU meters are designed to 
read zero VU, .or 100 percent, with 
1.228 volts_ (+4 ciBm) applied to the 
instrument with the 3600-ohm series 
resistance connected ahead of the at-
tenuator. If the meter is used with the 
attenuator but without the 3600-ohm 
series resistor and is connected across 
a 600-ohm source in which 1 milliwatt 
of power is flowing, the movement will 
be deflected to the 100 percent calibra-
tion point. 

This method of use is not recom-
mended because the impedance looking 
back into the meter is only 3900 ohms 
and is too low an impedance to bridge 
a 600-ohm circuit. It is the usual prac-
tice to keep the impedance of bridging 
devices at a ratio of 10:1 or greater. 
To increase the input impedance of 

the VU meter from 3900 ohms to 7500 
ohms, a 3600-ohm resistor is connected 
in series ahead of the attenuator. How-
ever, in so doing a 4-dB loss is incurred 
across the 3600-ohm resistor. If a sig-
nal of 1 milliwatt (0.773 volt) is im-
pressed across the input terminals of 
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the circuit in Fig. 10-24, it will not de-
flect the meter to the 100 percent cali-
bration but only to the minus 4 VU (or 
dB) mark, or approximately 65 percent. 
This means that if the meter is to be 
deflected to the 100 percent point, the 
input signal must be increased to a plus 
4 dBm. This is the reason why 1 milli-
watt of power will be indicated at the 
minus 4 calibration mark. 

Attenuat,ors used with VU meters 
have no 0-dBm calibration step but 
start at a plus 4 dBm. The bridging loss 
of a 7500-ohm VU meter is quite small 
(in the order of 0.34 db) when con-
nected across a line of 600 ohms imped-
ance. 

10.25 How does the attenuator of 
a VU meter function?—VU meters are, 
in reality, voltmeters calibrated in deci-
bels to read with respect to a reference 
voltage. The attenuator inserts loss 
ahead of the meter in a manner similar 
to a voltmeter multiplier, except that 
in the case of the VU meter, the loss is 
inserted in steps of one or more dB. 
while the impedance remains constant. 

10.26 How are the readings of the 
input attenuator and the meter scale 
added?—Algebraically. For example, if 
the attenuator is set to a plus 10 dBm 
and the meter indicates a plus 3 dB, 
the level is plus 13 dBm. On the other 
hand, if the attenuator is set to a plus 
30 dBm and the meter reading is a 
minus 3 dB, the true level is plus 
27 dBm. 

10.27 Does a VU meter indicate the 
true level of a complex waveform?—No. 
It indicates somewhere between the 
average and the peak values. Program 
material is of a complex and transient 
nature; therefore, the VU meter indi-
cates considerably under the instan-
taneous peak program level. This means 
that many peaks present in the pro-
gram material are not indicated by the 
meter because the meter movement 
cannot follow small instantaneous peaks 
which are varying both in amplitude 
and in frequency simultaneously. There-
fore, the meter must either be set or 
caused to indicate in a manner that will 
not overload the system in which it is 
operating. 

Peak voltages, of 8 to 14 dB may be 
occurring above the meter indication 
but, because of the ballistics of the 
meter, are not indicated. Even if they 
could be seen it would be too late to 

reduce the level. Therefore, a VI or VU 
meter must be set with at least an 8-dB 
lead, which is described in Question 
10.28. 

10.28 What is the procedure for in-
serting lead into a VU meter circuit to 
prevent overloading a recording system? 
—Since VU meters do not indicate the 
true peak values of program material 
(complex waveforms) it is quite easy 
to overload a recording system. To pro-
tect against these unseen peaks, a lead 
or margin of safety is inserted in the 
VU meter circuit. 

To illustrate the procedure for in-
serting a lead into a VU meter circuit, 
assume a, recording channel employing 
both photographic film and magnetic 
recorders is to be adjusted. Further as-
sume that the VU meter is connected 
across a bridging bus with a sine-wave 
level of plus 14 dBm. With the VU 
meter set to plus 14 dBm, a 400- or 
1000-Hz signal is sent into the input of 
the recording console. The mixer con-
trol is set to its normal operating range 
and the signal level adjusted to bring 
the bus level to plus 14 dBm (the VU 
meter reads 100 percent or zero dBm). 
Adjust the recording amplifier for the 
photographic recorder to deflect the 
light modulator to exactly 100-percent 
modulation. Assuming the operating 
level for the magnetic recorder has 
been determined as set forth in Ques-
tion 17.163, the recording amplifier is 

adjusted for 100-percent modulation. 
Remove the input signal and return 

the VU meter attenuator to its plus 6-
dBm position. This inserts an 8-dB lead 
or margin of safety in the VU meter by 
making it 8 dB more sensitive, thus 
protecting the system against unseen 
peaks up to 8 dB. The program material 
is now mixed in the usual manner. 
Some recording activities, because of 
the heavy peaks and overloads encoun-
tered in some types of music, use a 10-
to 12-dB lead in the VU meter. 

Radio transmitters are adjusted in a 
similar manner, only in this instance 
the percentage modulation indicated by 
the VU meter indicates the percent 
modulation of the radio transmitter. 

10.29 What is the input impedance 
of the older type VI meters described 
in Question 1 0.22?—Generally, 5000 
ohms for those designed to indicate 1.73 
volts across a 500-ohm line. The circuit 
diagram for the older type meter is 
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shown in Fig. 10-29. This type meter 
panel uses a 5000-ohm L-type attenua-
tor ahead of the meter movement. Al-
though the L-pad does not present a 
constant impedance to the meter move-
ment, it does present a constant 5000 
ohms to the circuit being bridged. The 
two arms of the attenuator are ganged 
together mechanically and are varied 
inversely to each other. The attenuator 
is designed to increase the level of the 
meter readings in steps of 2 dB each, 
starting at zero level (6 milliwatts). 
One of the disadvantages of this type 

meter, when used for monitoring pro-
gram material, is the ballistics of the 
meter which are changed with changes 
in the setting of the input attenuator. 
This is due to the shunt arm of the 
attenuator being reduced in value and 
acting as a shunt across the meter 
movement, as the attenuator is set for 
a higher range The ballistics of this 
meter are not suitable for program 
monitoring, and have been obsolete for 
some years. The ballistics and fre-
quency characteristics also vary with 
different manufacturers. 

5000.n. "L" ATTENUATOR 

C O. PETER 

5000n 
INTERNAL 
RESISTANCE 

Fig. 10-29. Schematic diagram for a 
5000-ohm VI meter, calibrated for a 6 
milliwatt reference level, or 1.73 volts 

across 500 ohms. 

10.30 lf a VU or VI meter is con-
nected across an impedance other than 
that for which it was originally cali-
brated, will the reading be correct?—No. 
A correction factor must be applied to 
the indicated reading to correct for the 
difference in the impedance. 

10.31 Why must a correction factor 
be applied to a VU meter when con-
nected across an impedance different 
from that which it was originally cab-
brated?—VU and VI meters are in real-
ity voltmeters calibrated in decibels 
with respect to a reference power level. 
If connected across a line impedance 
different from that for which it was 
originally calibrated, the voltage sup-
plied to the meter will either be lower 

or higher than the original calibration. 
Therefore, the meter indicates incor-
rectly. Two circuits are shown in Fig. 
10-31, one a 600-ohm circuit and the 
other a 16-ohm circuit. Both are dis-
sipating the same amount of power, yet 
the voltage across each circuit is quite 
different. For the 600-ohm circuit, the 
voltage is 0.773 yolt, and for the 16-ohm 
circuit it is 0127 volt. It may readily 
be seen that if a VU meter is connected 
across the 16-ohm circuit, it will not 
deflect the same amount as for the 600-
ohm circuit, although the same amount 
of power is flowing in each circuit. To 
arrive at the correct power level in the 
16-ohm circuit a correction factor must 
be applied to the meter indication. 

P. 0.001 WATTS 

(a) 600-ohm line. 

P • 0.001 WATTS 

I6.n. 

(b) 16-ohm line. 

Fig. 10-31. Voltages across lines of dif-
ferent impedance but with same power 

in milliwatts. 

10.32 Give the equation for VU and 
VI meter impedance level correction. 

Z2 Zi 
dB = 10 Log. —„, or —,, 

where, 
Zi is the impedance of the circuit 

bridged, 
Z2 is the impedance for which the 
meter is calibrated. 

When the line impedance is greater, the 
equation is inverted and the correction 
subtracted from the indicated level. 
When the line impedance is low, the 
correction factor is added. A typical 
example of applying a correction factor 
would be as follows: A VU meter cali-
brated for a line impedance of 600 ohms 
is bridged across a 16-ohm line as 
shown in Fig. 10-31. If the meter indi-
cates a level of plus.1 dBm, what is the 
true level? 
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600 
dB = 10 Log1,— 

16 

= 10 )< 1.574 

= 15.74 dB. 

The correction factor of 15.74 dB is 
added to the meter reading of plus 1 
dBm, which results in a true level read-
ing of plus 16.74 dBm. Typical correc-
tion factors are given in Fig. 10-32A. 
Shown in Fig. 10-32B is an imped-

ance-level correction graph for meters 

Line 
Imped-
ance 

(ohms) 

Meter 
Cal. 
500 
Ohms 
(dB) 

Meter Cal. 
600 Ohms 

(dB) 

600 —0.7i1 f 0.000 
subtract 

500 0.000 +0.791 

250 +3.010 
200 +3.970 
150 +5.230 
125 +6.020 
100 +6.990 

50 +10.000 
30 +12.220 
16 +14.940 
15 +15.220 
8 +17.960 
4 +20.970 

add 

+3.800 
+4.770 
+6.020 
+6.810 
+7.780 
+10.790 add 
+13.010 
+15.740 
+16.020 
+18.750 
+21.760 

Fig. 10-32A. VU and VI meter imped-

ance correction factors. 

+25 

+20 

+15 

e 

15 

20 

25 

calibrated with reference to 1 milliwatt, 
600 ohms. The new impedance to be 

bridged is entered at the lower margin 
and followed upward to the diagonal 
line. The correction factor is read at the 
left margin. 

10.33 Define the term bridging loss 
when applied to a volume indicator 
meter. — It is the reduction in signal 
level experienced when a VU meter is 
bridged across a circuit. The drop in 
signal level is caused by the absorption 
of power by the meter circuit. As a 
rule, the power absorbed is quite small 
and may for most purposes, be ignored. 
However, at high powers, it may be-
come important. Bridging loss may be 
calculated by the equation: 

2BR+ R 
dB = 20 Log» 2B. 

where, 

BR is the VU meter input impedance, 
R is the line impedance. 

A table of bridging losses for the more 

commonly used impedances and meters 
is given in Fig. 10-33. 

10.34 How may a standard VU 
meter designed for 600-ohm use be em-
ployed in a line having an impedance 
of 150 ohms?—By the use of an input 

transformer as shown in Fig. 10-34, 
recommended by the Weston Instru-

311111121111111131111111211111121111111 311111 1 
0111111111111111111111111111111111111111111111 111111 1 
3211111211111121111111113111111121111111 111111 1 
11011111111111 1111111111311111111311111111 1111111 1 
3111E11111111 1111111 31111111 11111111111111111 1 
111111110111111 1111111 11111111111111111111u 1 
311111111211111 3111111 Z1111111131111111 111111 
11111111 111911 31111111131111111131111111 311111 
111111121111i: 31111 121111111131111111 3111111 
11111111111111111 011111111E11111121111111 111111 
Z1111112111111 11Z1111 1131111112111111113111111 
Z1111111 3111111 111;1 1 11111111 11111111 1111111 
111111 13111111 111111111111111 111111111 1111111 
111111 11111111 31111111101111111 1111111111111111 
Z11111 13111111 1111111 12111111311111111111111 
1111111111111111 ZEN 211;1111 11111111 1111111 
11111111 111111111 111111 1 111112 311111111111111 
11111111 Z11111112111111 31111111 01111111 1111111 
1111111111111111111111111 1 Z1111111 11Z111111 1111111 
311111111111111 lIlii 1131111111311;1 113111111 
31111111111111111 11111111 111111111111 113111111 
3111111111111111 1111111 11111111 111111110111111 

o 100 woo lok 
IMPEDANCE—OHMS 

Fig. I0-32B. Impedance-level correction graph. 

100K 
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ment Corporation. The transformer has 
a turns ratio of 1:2 which results in a 
gain of 6 dB, and may be used with the 
switches S1 and S2 set to "T," up to any 
level for, which the transformer is suit-
able. Switch S3 may be open for un-
grounded circufil' or omitted entirely. 
The circuit is closed if a grounded sys-
tem is necessary. 

Meter Line Bridging 
Impedance Impedance Loss 
(ohms) (ohms) (dB) 

5000 500 0.47 
5000 600 0.55 
7500 500 0.30 
7500 600 9.38 

Fig. 10-33. VU and VI meter bridging 
losses for circuits of 500 and 600 ohms. 

However, since any transformer has 
power limitations and since a 12-dB 
pad can be arranged to serve as a 
match between the line and the load, 
the diagram shows an arrangement 
whereby the transformer is switched 
out of the circuit and a fixed pad 
switched in at the 12-dB or 16-dB point. 
The two line switches S1 and S2 are 
transferred to "P" and switch S3 must 
be closed, if previously left open. 

It is convenient to associate these 
transfer switches with the 12-dB posi-
tion on the attenuator. The transformer 
is used for levels up to plus 12 dBm. 
Above plus 12 dBm, the pad is switched 
into the circuit. 

10.35 What is a power-output 
meter?—A meter similar to the one 
shown in Fig. 10-35A which is used for 
measuring the power output of audio 
amplifiers and other devices. It may 
also be used to determine the charac-
teristic and internal output impedance, 
the effect of load-impedance variation, 

150n 

PAD 12dB LOSS 

p 961.n 3380.. 

1046.n. 

453 

and other applications involving the 
measurement of output power and im-
pedance with respect to frequency. 

The circuit of the meter (Fig. 
10-35B) consists of a load impedance 
adjusting network composed of resistor 
R1, impedance-selecting switch Sl, 
multiplier switch S2, frequency-cor-
recting networks, a calibrating pot, and 
indicating meter Ml. 

The impedance-adjusting network 
provides for the selection of 40 different 
load impedances between 2.5 and 20,000 
ohms. The meter scale is calibrated 
from 1 to 50 milliwatts, and from 0 
to 17 dB. The meter multiplier switch 
extends the power readings from 0.10 
to 5000 milliwatts (5 watts), and the 
dB reading from minus 10 to plus 30 dB 
in steps of 2 dB. The location of the 
controls may be seen in Fig. 10-35A. 

Fig. 10-35A. A power-output meter 
manufactured by the Doyen Company. 

3900n 
ATTENUATOR 

3900 n 
INTERNAL 
RESISTANCE 

Fig. 10-34. Circuit for a standard VU meter panel, with input transformer and pad, 
for operation on a 150-ohm transmission line. 
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+ 0 

INPUT 

METER MULTIPLIER 

A 
FOR IMPEDANCES   
ABOVE 300A.  

@ 

(Ds 

LOW-FREQUENCY 

c) CORRECTION 

INPUT IMPEDANCE 
SELECTING 
SWITCH 

HIGH-FREQUENCY 
CORRECTION AND 
CALIBRATING POT 

Fig. 10-35B. Elementary schematic diagram of the Doyen Model OP-961 power-
output meter. 

Referring to Fig. 10-35B, the input 
terminals are shunted by a 40 section 
noninductive resistance network R1, 
its value controlled by switches S1A 
and B. For impedance values up to 300 
ohms, resistor R1 is bridged by a high 
impedance autotransformer Ti, the ap-
propriate tap being selected by switch 
SlA. As the resistance of R1 is in-
creased or decreased, the ratio of trans-
formation of the autotransformer coil 
is increased or decreased in the proper 
relation, so that -the power dissipated 
in resistor R1 is directly proportional to 
the voltage appearing across the meter 
Ml. 
To ensure that the input impedance 

remains essentially noninductive, the 
bridging impedance presented by the 
autotransformer to resistor R1 is quite 
high. For impedances above 300 ohms, 
switch S1B disconnects the coil and 
substitutes a noninductive resistor, R2. 
This resistor then controls the voltage 
appearing across the meter. The selec-
tion of the taps on resistor R1 as well as 
switching from the autotransformer Ti 
to resistor R2 is controlled by the posi-
tions of switches SIA and B. 

The actual value of impedance pre-
sented by the meter is the value of R1 
in parallel with the autotransformer Ti. 
(The design of such autotransformers is 
discussed in Question 22.124.) Above 
300 ohms, resistor R2 is substituted for 
the transformer and is shunted by the 

remainder of the circuit. A frequency-
correcting network consisting of resistor 
R3 and capacitor Cl is connected across 
the output side of coil Ti to compensate 
for losses in the coil at the lower fre-
quencies. 
The meter-multiplier switch S2A and 

B consists of a bridged-T network cali-
brated in power ratio and decibels. A 
second bridged-T network serves as a 
combination high-frequency correction 
network and basic calibration control. 
The indicating meter is a conventional 
rectifier meter. 
The input impedance and power ac-

curacies are plus or minus 2 percent 
over a range of 30 to 10,000 Hz. The ref-
erence power is 1 milliwatt in a 600-
ohm circuit (zero dBm). The device 
may be used for many different types of 
measurements; among them are: 

(A) MEASUREMENT OF POWER 
OUTPUT AT A GIVEN IMPED-
ANCE AND FREQUENCY. Adjugt 
the meter for a reading near its cen-
ter scale. Maximum power output is 
the meter indication multiplied by 
the meter multiplier (S2). For varia-
ble-impedance devices, set the meter 
impedance to the required load im-
pedance and note the power output. 
This same procedure is used for all 
impedance values of interest. 
(B) MEASUREMENT OF INTER-
NAL OUTPUT IMPEDANCE. Vary 
the meter impedance until a maxi-
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Fig. 10-40. Chart showing the difference in decibels between 1, 6, and 12.5 milli-
watt reference power levels. 

mum power-output indication is ob-
tained. The internal output imped-
ance of the device under test is equal 
to the meter impedance. 
(C) MEASUREMENT OF INTER-
NAL OUTPUT IMPEDANCE WITH 
RESPECT TO FREQUENCY. Hold 
the input signal to the device under 
test at a constant value. Measure the 
internal output impedance for each 
frequency of interest, by noting the 
maximum power output. 

Care must be exercised in assum-
ing that the impedance which de-
velops the maximum power output 
is the correct load impedance for the 
device under test. Many devices 
(such as negative-feedback ampli-
fiers) have an internal output imped-
ance. If known, the correct load im-

pedance should always be used when 
making measurements involving the 
use of power output meters. 
10.36 What is the referente-level 

terminology used in the sound and elec-
tronic industries? 
dB 6 milliwatts, 1.73 volts, 500 

ohms. 

dBa Noise measurements (dB ad-
justed). 

dBj 1000-microvolts reference. 
dBk 1-kilowatt reference. 
dBm 1 milliwatt, 0.773 volt, 600 

ohms. 
1-microvolt reference. 

dBV 1-volt reference. 
dBW 1-watt reference. 
dBx Crosstalk measurements. 
dBrap Decibels above the reference 

acoustical power, 10' watts. 
dBrn Relationship of noise to a ref-

erence level. 
dBrnc Crosstalk measurements. 
dBVg Decibels of voltage gain. 
VU 1-milliwatt; complex wave-

forms varying in both am-
plitude and frequency. 

10.37 What is a transmission unit? 
,—A now obsolete term formerly used 
for expressing gain or loss. It has been 
replaced by the term decibel. 

10.38 What does the term mile-of-
loss mean?---This is an obsolete term 
formerly used in the telephone industry 
to express gain or loss in terms of loss 

Fig. 10-41. Moving beam of light VU meter. (Courtesy, Gotham Audio Corp.) 
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for one standard mile of telephone cable 
or wire. It was replaced by the trans-
mission unit (now also obsolete) and 
subsequently, by the present term de-
cibel. 1 Mile of Standard cable X 0.947 
= 1 decibel. 

10.39 Define the neper. -A term 
used to express gain or loss. Mathe-
matically, the neper is defined: 

Loge 1/4  Loge 

where, here, where, 
P, and 12, are two powers, 
e equals 2.718 the base of the Naper-

ian system of logarithms. 

The relationship between decibels, nep-
ers, and miles of standard cable may be 
found as follows: 

Multiply By To find 

decibels 0.1151 nepers 

decibels 1.056 miles of 
standard cable 

miles of 
standard cable 0.947 decibels 

miles of 
standard cable 0.109 nepera 

nepera 8.686 decibels 

nepera 9.175 miles of 
standard cable 

(Nepera are still used in some parts of 
Europe.) 

10.40 Show the relationship in deci-
bels, between a 1, 6, and 12.5 milliwatt 
power-reference level.-The' difference 
between these three reference powers 
may be seen in the graph of Fig. 10-40. 
The difference between 1 milliwatt and 
6 milliwatts is 7.78 dB, and for 12.5 
milliwatts 10.96 deeibels. 

Decibel convěrsion graphs for 1 and 
6 milliwatts sine-wave power are given 
in Fig. 25-105A and B. 

10.41 What is a moving light beam 
VU meter?-A VU meter employing a 
straight-line scale, consisting of a d'Ar-
sonval movement and a rectifier. An 
optical system projects a beam of light 
through a slot onto a mirror attached 
to the movement; in turn it casts a nar-
row beam of light onto a ground glass 
scale, calibrated in decibels (Fig. 
10-41). The frequency response is 20 to 
20,000 Hz, 3900-ohms input impedance 
-normally used with 3600-ohm resistor 
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INPUT 

1.047 
pF 

50 
pF 

2pF 

VU 
MTR 

OE Fig. 10-43. Two simple VU meters that may be added to existing equipment. 

red, thus warning the operator that the 
system is in overload. The ecale reads 
in both percentage modufation and 
decibels. 

10.42 Knowing the level in decibels 
and line impedance, how is the voltage 
determined for other line impedances?— 
If the line voltage for a given level at 
600 ohms is known, voltages for other 
line impedances may be calculated: 

Z  

E. = VdB = 600 

where, 
is the unknown voltage, 

VdB is the voltage for 600-ohms. 

As an example, assume voltage L is 
required for a line impedance of 150. 
ohms at a level of plus 4 dBm. Referring 
to Fig. 10-42, the voltage *for a level of 
plus 4 dBm is 1.23 volts. The 'new volt-
age may now be calculated: 

E. = 1.23 600— = 0.615 volt. 

Voltages for a line impedance of 600 
ohms for levels between minus 20' dBm 
to plus 50 dBm may be taken from Fig. 
10-42. Additional information is given 
in Question 23.167, and in Question 
25.115. 

10.43 Show a simple circuit for add-
ing a VU meter to existing equipment.— 
Two such circuits each employing a 

.0001 

INPUT 
1 MEG 

Fig. 10-44. A 6E5 or Magic Eye Tube 
connected as a volume indicator meter. 

2N2712 transistor are shown in Fig. 
10-43. Either of the circuits may be 
added to existing equipment. The meter 
movement can be the conventional VU 
meter with its internal rectifier or an 
inexpensive 200 to 500 microampere 
movement using a small rectifier simi-
lar to those discussed in Question 10.5. 
The completed meter is calibrated by 
applying a constant frequency of 1000 
Hz to the input, and calibrating the 
meter movement in decibels. This sub-
ject is discussed in Section 23. 
When the meter is put to use, the 

100-percent modulation of the system is 
established, and the sensitivity of the 
meter circuit is increased by 10 dB to 
provide a 10-dB lead as explained in 
Question 10.28. It should be understood 
that unless the meter movement is an 
actual VU meter, the peak indications 
will not be compatible with the con-
ventional VU meter. However, with a 
10-dB lead, the system should be pro-
tected from serious overload. , 

10.44 How may a magic eye tube be 
connected for use as a volume indicator? 
—In the manner shown in Fig. 10-44. 
The terminal indicated input should 
connect to a point ahead of the record-
ing device and be adjusted to indicate 
the peak recording level. (See Question 
10.7.) 

10.45 How is an oscilloscope used 
as a peak reading VI meter?—As dis-
cussed in Question 10.28, the standard 
VU meter does not indicate the true 
peaks of a complex waveform. To pro-
tect a recording channel from overload 
a lead of 8 dB or more is inserted in the 
VU meter circuit to protect the system 
from unseen pealti. A peak-reading VI 
meter may be had by connecting an 
oscilloscope in parallel with the VU 
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VERTICAL 
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-14 

50% MODULATION 

100% MODULATION 
14 

Fig. 10-45A. Oscilloscope screen cali-
brated for use as a peak-indicating VI 
meter. The horizontal sweep control is 
closed-off to present only a vertical line. 

meter (Fig. 10-45B). To align the os-
cilloscope with the VU meter, two mea-
surements are required. 
A 1000-Hz signal is sent into the 

channel and the bridging bus level set, 
for example, to plus 14 dBm, and the 
deflection of the oscilloscope (sweep off) 
Is adjusted for a convenient deflection 
(100%) on the graticule (Fig. 10-45A). 
The VU meter is now set for an 8-dB 
lead by turning its attenuator to plus 

OSCILLOSCOPE 

Fig. 10-45B. Oscilloscope connected in 
parallel with VU meter. 

6 dBm. This level is also marked on the 
oscilloscope graticule. Now under nor-
mal recording conditions the oscillo-
scope will indicate the peak modula-
tions. Thus, the readings of the VU 
meter for a complex waveform may be 
compared to the actual peak excursions 
not indicated by the VU meter. This 
method of monitoring recording levels 
is often used where the control of re-
cording levels is critical. 
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Section 11 

Vacuum Tubes, 
Transistors, and Diodes 

In 1883, Edison discovered that electrons flowed in an evacuated lamp bulb, from 
a heated filament to a separate electrode (the Edison effect). Fleming, making 
use of this principle, invented the "Fleming Valve" in 1905, but when de Forest, 
in 1907, inserted the grid, he opened the door to electronic amplification with the 
"Audion." The millions of vacuum tubes are an outgrowth of the principles set 
forth by these men. 

The subject of vacuum tubes is complex, and only design considerations es-
sential to proper use in audio circuitry are entered into. Semiconductors have re-
sulted in the obsolescence of many type tubes; however, tubes will continue to 
play an important role in electronic circuitry for years to come. Vacuum tubes 
and transistors may be complementary, and many hybrid devices have been de-
signed utilizing a combination of the two. While entirely different in concept, 
they may both perform the same function, and with modification of circuitry may 
be used interchangeably. However, the design engineer must use a different ap-
proach when considering devices employing either transistors or vacuum tubes. 

Characteristics and variations in vacuum tubes, transistors, diodes, photocon-
ductors, and other devices of the semiconductor family are discussed in this 
section. 

11.1 What is the Edison effect?— 
The emission of electrons from a heated 
body. This effect was discovered by 
Thomas A. Edison in 1883 during his 
experiments with the electric light. 

11.2 What are elements?—The in-
ner electrodes of a vacuum tube. 

11.3 What is a filament ?—The ele-
ment in a directly heated vacuum tube 
which emits electrons. 

11.4 What is a heater?—A coiled 
element used to heat the cathode ele-
ment in an indirectly heated vacuum 
tube. 

11.5 What is thorium?—A rare 
mineral used in the manufacture of 
vacuum-tube filaments. Thorium when 
mixed with tungsten in the form of a 
filament is a profuse emitter of elec-
trons, but gradually evaporates during 
its use. 

11.6 What is barium oxide?—A rare 
earth used in a manner similar to tho-
rium for coating the surface of a cath-
ode or filament of a vacuum tube. 

11.7 What is an indirectly heated 
tube?—One which employs a heater 
inside the cathode sleeve. The elec-
trons are emitted from the surface of 
the cathode and not the heater. (See 
Fig. 11-7.) 

11.8 What is a directly heated 
tube?—One employing a filament which 
serves the dual purpose of heater and 
cathode. The operating temperature of 
such tubes ranges from —900 to 2500 
degrees Centigrade. 

11.9 What is a getter?—A barium 
or tantalum disc enclosed in a vacuum 

SLEEVE 

Fig. 11-7. Indirectly heated tube. 
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tube for the purpose of absorbing gasses 
released from the elements. The disc 
is flashed from the exterior during the 
exhausting process. This generally re-
sults in a silver or reddish discolora-
tion on the interior of the glass en-
velope. 

11.10 What is a cathode?—A sleeve 
surrounding the heater in a vacuum 
tube. The surface of the cathode is 
coated with barium oxide or thoriated 
tungsten to increase the emission of 
electrons. (See Fig. 11-7.) 

11.11 What is a control grid?—A 
spiral wire element placed between the 
plate and cathode elements of a vacuum 
tube to which the input signal is gen-
erally applied. This element controls the 
flow of electrons between the cathode 
and the plate elements. 

11.12 What is a suppressor grid?—A 
gridlike element situated between the 
plate and screen elements in a vacuum 
tube to prevent secondary electrons 
emitted by the plate from striking the 
screen grid. The suppressor is gener-
ally connected to the ground or cathode 
circuit. 

11.13 What is a screen grid?—An 
element in a pentode-type vacuum tube 
which is situated between the control 
grid and the plate elements. This screen 
grid is maintained at a positive poten-
tial to reduce the capacitance existing 
between the plate and control-grid ele-
ments. It thus acts as an electrostatic 
shield and prevents self-oscillation and 
feedback within the tube. 

11.14 What is a plate?—The posi-
tive element in a vacuum tube. The 
element from which the output signal 
is usually taken. It is also called an 
anode. 

11.15 What is a diode?—A two-
element vacuum tube consisting of a 
plate and a cathode. It is also known 
as a Fleming valve, after its inven-
tor Dr. J. A. Fleming, an English sci-
entist. 

11.16 What is triode?—A three-
element vacuum tube. 

11.17—What is a dual triodel—A 
single envelope containing two sets of 
triode elements. 

11.18 What is a tetrodeT—A four-
element vacuum tube containing a 
cathode, a control grid, a screen grid, 
and a plate. It is frequently referred 
to as a screen-grid tube. 

11.19 What is a hexode?—A six-

element vacuum tube consisting of a 
cathode, control grid, suppressor grid, 
screen grid, injector grid, and a plate. 

11.21 What is a heptode?— A 
seven-element vacuum tube containing 
a cathode, control grid, four grids, and 
a plate. 

11.22 What is a pentagrid?— A 
seven-element vacuum tube consisting 
of a cathode, five grids, and a plate. 

11.23 What is an octodet— An 
eight-element vacuum tube consisting 
of a cathode, six grids, and a plate. 

11.24 Where are multigrid tubes 
used in audio circuits?—ln compressors, 
expanders, and special applications. 

11.25 What is a beam-power tube? 
—A power-output tube having the ad-
vantage of both the tetrode and pentode 
tubes. Beam-power tubes are capable 
of handling relatively high levels of 
output power for application in the out-
put stage of an audio amplifier. The 
power-handling capabilities stem from 
the concentration of the plate-current 
electrons into beams of moving elec-
trons. In the conventional tube the 
electrons flow from the cathode to the 
plate, but are not confined to a beam. 
In a beam-power tube the internal ele-
ments consist of a cathode, control grid, 
screen grid, and two beam-forming ele-
ments which are tied internally to the 
cathode element. The cathode is in-
directly heated as in the conventional 
tube. 

The internal construction of an RCA 
6L6 beam-power tube is shown in part 
(a) in Fig. 11-25. One of the most im-
portant points of the construction of 
this tube is the method used to form the 
electron beams. This is accomplished by 
making the pitch of the winding of the 
control- and screen-grid elements the 
same, and in a physical plane relative 
to the paths of the plate-current elec-
trons. Because of the control-grid wind-
ing shadow being in the same plane 
as the screen-grid winding, fewer 
electrons strike the windings of the 
screen-grid element. Thus the screen-
grid current is less, permitting a greater 
number of electrons to reach the plate 
element, which results in a greater 
plate current for a given signal volt-
age at the control grid. The plate cur-
rent being high results in the plate 
resistance being relatively low, thus in-
creasing the power-handling capabil-
ities. The beam-forming elements are 
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BEAM-
CONFINING 
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PLATE 

Fig. 11-25. View of the interior of a 6L6 beam-power tube. (Courtesy, Radio Corpo-
ration of America ) 

connected internally to the cathode ele-
ment and influence the movement of 
the electrons in their passage to the 
plate element. Because the beam-form-
ing elements are at cathode potential, 
an equivalent space-charge effect is 
caused between the screen grid and 
the plate; this charge has an effect sim-
ilar to that of a surface existing be-
tween the ends of one beam-forming 
plate and the other. This is shown by 
the dashed lines (points 1 and 2) in 
part (b) of Fig. 11-25. This effect is re-
ferred to as a virtual cathode. This in-
visible wall also repels secondary elec-
trons from the plate and prevents them 
from striking the screen-grid element. 

11.26 What is an electron-ray tube? 
—A miniature cathode-ray tube used 
as an amplitude indicator in recording 
and test equipment and also as a tuning 
indicator in radio receivers. Cathode-
ray tubes are discussed in Question 
11.91. The interior of an RCA 6E5 elec-
tron-ray tube is shown in Fig. 11-26. 

11.27—Describe the construction of 
a nuvistor tube.—Nuvistor tubes (6CW4 
and 7586) are used quite frequently in 
sound equipment, particularly where a 
high signal-to-noise ratio is a necessity. 
They are often used in the microphone 
preamplifier circuits with transistorized 
recording channels. When used as such, 
the circuitry is termed a hybrid circuit. 
Nuvistors have desirable characteristics 
for portable equipment, as they only 
require 0.135 amp at 6.3 volts for the 

heater, with a plate current of 10 mil-
liamperes at 75 volts. The transconduct-
ance is 11,500 micromhos, with an am-
plification factor of 35. They also have 
the additional feature of being non-
microphonic. An interior view showing 
the construction of such a tube is given 
in Fig. 11-27. 

1—TRIODE GRID 
2—TARGET 
3—CATHODE LIGHT SHIELD 
4—FLUORESCENT COATING 
5—RAY-CONTROL ELECTRODE 
6—TRIODE PLATE 
7—CATHODE 

Fig. 11-26. Interior view of a 6E5 elec-
tron-ray (magic eye) tube. (Courtesy, 

Radio Corporation of America ) 
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Fig. 11-27. Interior view of a 6CW4 or 
7586 Nuvistor tube. (Courtesy, Radio 

Corporation of America) 

11.28 What is an acorn tube?—A 
small vacuum tube designed for very-
high-frequency use and having a low 
internal electrode capacitance. The ele-
ment connections are brought out at 
the sides of the glass envelope. This 
tube requires a special socket. 

1/.29 What is a thyratron?—A gas-
discharge tube which may be used sim-
ilarly to a relay. A positive charge is 
applied to a control grid which starts 
the control cycle. (See Fig. 11-29.) 

11:30 What is a voltage-regulator 
tube?—A vacuum tube containing two 
elements, a cold cathode, and a plate 
and filled with a rare gas such as neon 
or argon. This tube requires no heater 
and is used as a voltage stabilizer in 
power supplies. 

There are several different type 
voltage-regulator tubes (VRT). The 
two most useful to the audio engineer 
are the gas-filled and the glow-dis-
charged types. Of these types, the volt-
age regulator and the voltage-reference 
tubes are the ones most commonly used. 
The voltage-reference tube is a special 
VRT, with a sharply defined voltage 

drop, which may be used for a source 
of calibration within limits. Voltage-
regulator types are generally used in 
shunt with the circuit to be regulated, 
and act as a variable load, countering 
the effects of load variation. When there 
is little or no current drawn from the 
supply, the VRT conducts heavily. As 
the load current requirement increases, 
the VRT takes less current and so 
maintains a constant load on the supply. 
This effective flatting of the load cur-
rent provides the voltage stabilization 
of which a VRT is capable. The average 
VRT draws from 5 to 30 milliamperes, 
and over this range of current will 
maintain the output voltage within 2 
to 3 percent of the operating point. 

Voltage-regulator tubes will also 
maintain a constant output voltage, 

even with variation in power-line volt-
ages supplying the power supply. A 
rise in line voltage causes the VRT to 
draw more current, thus lowering the 
output voltage. Voltage-reference tubes 
are used where a higher order of con-
trol is required, as in recording equip-
ment power supplies. These devices use 
high gain de sensing amplifiers, which 

5 

1—SHIELDING MICA 
2—INSULATING MICA 
3—CATHODE 
4—CONTROL GRID 
5—SHIELD GRID 
6—SHIELD GRID APERTURE 
7—ANODE 
8—GLASS SLEEVE 
9—GETTER 

Fig. 11-29. Interior view of o gas tetrode 
(thyratron) tube. (Courtesy, Radio Cor-

poration of America ) 
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control the load current by means of 
heavy-current regulating tubes that ac-
curately regulate the load current. The 
accuracy of the regulation is the func-
tion of the reference voltage tube. 
Voltage-reference tubes are similar to 
voltage-regulator tubes, except they 
contain certain modifications which re-
strict them to this form of service. The 
principal difference is that voltage-
reference tubes are limited to a rather 
narrow range of current operation. 
However, as the reference tubes are de-
signed to operate at a fixed current, 
this may be taken advantage of to ad-
just it to its most stable operating point. 
A second difference is that reference 
tubes operate at lower voltages than 
voltage-regulator tubes. 

Voltage-regulator tubes are con-
structed with an anode consisting of a 
thin rod mounted in the center of a 
cylindrical cathode, which is the reverse 
of the conventional vacuum tube. The 
cathode in a VRT is cold since there is 
no heater element. The envelope is 
filled with an inert gas, such as argon or 
neon. When a rising voltage is applied 
across the tube, nothing happens until 
a critical voltage, called the firing po-
tential or starting voltage, is reached. 
At this point the tube conducts. At this 
voltage the inside surface of the cath-
ode becomes partially illuminated with 
either a purple or reddish glow, de-
pending on the type of gas used. An 
increase of voltage across the tube 
causes an increase in current, increas-
ing the area of the glow, which varies 
with the current and distinguishes it 
from the reference voltage tube which 
usually glows over the entire cathode 
surface. 

Voltage:regulator tubes suffer from 
several inherent problems, the first of 
which is starting instability. It will be 
noted on the restarting of such tubes 
that they do not regulate at the same 
voltage for each start. This can be as 
much as plus or minus 2 or 3 volts in 
148 volts. Another inherent fault is the 
flickering of the glow around the cath-
ode as the current is increased from its 
minimum value to its maximum value. 
These sudden variations in voltage 
across the tube are the result of por-
tions of the glow area skipping from 
one point on the cathode to another. A 
third form of instability is the operating 
current accidentally placed at one of 

the cathode skipping points. Voltage-
regulator tubes also have a habit of 
oscillating at high frequencies or motor-
boating, depending on the circuit con-
stants. 

Although the above discussion does 
not present a very good picture of such 
tubes, they are still a valuable tool in 
the field of regulation. It is good prac-
tice to design the supply voltage to be 
high enough that the tubes will always 
fire when the initial voltage is applied; 
this causes a heavy surge of current and 
will probably regulate at the same volt-
age. Since a bypass capacitor is re-
quired around this tube, it should not 
be larger than 0.10 pF, since larger val-
ues tend to cause the tube to motorboat. 
Voltage-regulator tubes may also be 
operated in series or parallel. In series, 
they may be used as voltage dividers, or 
where the voltage to be regulated is 
higher than the specified VRT rating. 
The use of the voltage-regulator tube 
in regulated power supplies is discussed 
in Section 21. 

It has been found that both voltage-
regulator and voltage-reference, tubes 
when placed in a light-tight box require 
a higher firing voltage than they do in 
daylight. In some instances they will 
not fue at all. For certain types of 
equipment, a small pilot light is placed 
near the tube to cause it to fire instant-
ally when the voltage is applied. Typical 
voltage-regulator and voltage-reference 
tubes are the 0123/150, 6626, and 6627. 
Voltage-regulator tubes are also dis-
cussed in Section 21. 

11.31 What is a phototube? — A 
two-element vacuum tube containing a 
cathode and a plate. Light falling on 
the cathode, which is coated with a 
light-sensitive substance, causes the 
tube to conduct. It is used for light 
control circuits and in the reproduc-
tion of sound tracks from motion 
picture film. The sensitivity of a photo-
tube depends on the frequency or color 
of the light falling on its elements. 
Phototubes may be obtained that are 
sensitive only to certain bands of light. 
Others respond to the colors common 
to the human eye. Practical uses of the 
phototube are discussed in Question 
19.93. The name phototube is used when 
referring to a vacuum-type photo-
sensitive tube. The term photocell is 
used for solid-state devices and voltage-
generating devices. 
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RL 

Fig. 11-32A. Amperes Electronic Corp. 
XP 1110 10-stage, photocathode photo-

multiplier tube. 

11.32 What is a secondary-emission 
multiplier?—A phototube of extreme 
sensitivity. The initial electrons emitted 
from the cathode are directed to strike 
against a group of plates called dynodes. 
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Fig. 11-32B. Voltage divider for Am-
peres XP 1110, 10-stage photocathode 

photornultiplier tube. 

Each dynode is treated so that it will 
produce a high secondary-electron 
emission. When the first dynode is 
struck, several secondary electrons are 
released. These, in turn, strike the 
second dynode, releasing additional 
electrons. Photomultiplier tubes use 4-
to 14-stage dynodes, achieving ampli-
fications up to 100 million, with transit 
times of 28 >< 10' to 70 >< 10", depend-
ing on the number of stages. The total 
voltage supply will range from 1800 to 
7500 volts, again depending on the num-
ber of stages. A photocathode-type 
photomultiplier tube manufactured by 
Amperex, is shown in Fig. 11-32A, with 
its internal elements and connections 
shown in Fig. 11-32B. 

77.33 What is the meaning of the 
. term mutual conductance?—It is a term 
originated by Hazeltine in 1919 to ex-
press the conductance of a vacuum 
tube. This term has now been replaced 
by the term transconductance, discus-
sed in Question 11.35. 

11.34 Give the letter symbols used 
for identifying the electrical character-
istics of vacuum tubes and basing dia-
grams.—The following symbols are in 
general usage. 
C Coupling capacitor between 

stages 
Screen grid bypass capacitor 
Cathode bypass capacitor 
Supply voltage 
Plate efficiency 
Actual voltage at plate 
Actual voltage at screen grid 
Output voltage 
Signal voltage at input 
Voltage at control grid 
Filament or heater voltage 
Filament or heater current 
Plate current 
Cathode current 
Screen grid current 
Average plate current 
Average cathode current 
Average screen grid current 
Transconductance (mutual 

ductance) 
Amplification factor 
Power at screen grid 
Power at plate 
Plate load, plate-to-plate, or 

push-pull amplifier 
Grid resistor 
Cdthode resistor 
Plate load impedance or resistance 
Plate load resistor 

Cr• 

Ck 

Ebb 

Ef 

E, 
E.. 
E. 
E. , g 

Eg 
Er 
If 
IP 
Ik 

Ikk 

Ik • 

lagla 

G., 

mu 

P„ 
P-P 

Rk 
Rk 
RI 

Rv 

con-
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PENTAGRID EYE TUBE 
CONVERTER 

Re Screen dropping resistor 
Rd Decoupling resistor 
r, Internal plate resistance 
V, Voltage gain 

The above are just a few of the more 
commonly used symbols. It will be 
found although such symbols are fairly 
well standardized, considerable discrep-
ancies exist in their usage. Basing dia-
grams for the more commonly used 
tubes are given in Fig. 11-34. 

11.35 Define the term transcon-
ductance.—It is the change in the value 
of plate current expressed in micro-
amperes divided by the signal voltage 
at the control grid of a vacuum tube 
and expresses its conductance. Con-
ductance is the opposite of resistance 
and the name mho (ohm spelled back-
ward) was adopted for this unit of 
measurement. 
The basic unit, mho, is too large for 

practical usage; therefore, the term 
micromho is used. One micromho is 
equal to one-millionth of a mho, or 
1000 micromhos equal 0.001 mho. 

When a vacuum tube is measured in 
a dynamic transconductance tube tester, 
all constants of the tube are considered. 
An ac signal voltage is applied to the 
control grid and the tube is measured 
under simulated operating conditions 
and the actual conductance is mea-
sured. Emission-type tube testers do 
not measure the dynamic character-
istics, only the emission of the emitting 
surfaces of the filament or cathode 
elements. 
The transconductance (g.) of a tube 

• may be equated: 

g. (Ebb held constant) 
Ig 

where, 
AI, is the change of plate current, 
OEck E., is the change of control-grid 

signal voltage, 
Ebb is the plate supply voltage. 

A change of one milliampere of plate 
current for a change of one volt at the 
control grid is equal to one thousandth 
of a mho or one thousand micrornhos. 

TUBES 

e-e -es 
DIODE TRIODE TETRODE PENTODE OR 

SHEET-BEAM 
BEAM POWER 

GAS-FILLED PHOTO TUBE HIGH-VOLTAGE 
RECTIFIER RECTIFIER 

DUO-DIODE DUAL-TRIODE 
TRIODE 

TWO-SECTION 

TUBE ELEMENTS 

A FILAMENT " — I CATHODE 

—I— PLATE 

PHOTO 
CATHODE 

b«, BEAM-
-) FORMING 

PLATES 

1' COLD 
CATHODE 

FULL-WAVE 
RECTIFIER 

GRID 

EYE-TUBE 
DEFLECTION 

PLATE 

GAS-
FILLED 

Fig. 11-34. Basing diagrams for vacuum tubes. 
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To convert mho's to micromhos multi-
ply by 1,000,000. Thus, a tube having a 
change of two milliamperes plate cur-
rent for a change of one volt at the con-
trol grid would have a transconductance 
of 2000 micromhos. 

11.36 What is the amplification 
factor or voltage gain of a vacuum tube? 
—It is the amount the signal at the 
control grid is increased in amplitude 
after passing through the tube. This is 
also referred to as the mu, or voltage 
gain (V.) of the tube. 
Tube voltage gain may be computed: 

gp. X ro X Ftp  
V. ___ los x (r. X rip) 

or 

where, 

gm is the transconductance in micro-
mhos, 

r, is the plate resistance in ohms, 
R. is the load resistance in ohms, 
mu is the voltage gain. 

11.37 What does the term gain-per-
stage mean?—It is the amount the sig-
nal is amplified after passing through 

stage of amplification. If the amplifier 
consists of several stages, the amount 
of amplification is multiplied by each 
stage. The gain of an amplifier stage 
varies with the type tube and the inter-
stage coupling used. The general equa-
tion for voltage gain is: 

Vst = V.1 X V.. x Vr.. . . 
where, 

V, is the voltage gain of the indi-
vidual stages. 

11.38 What is the plate resistance 
of a vacuum tube?—The plate resist-
ance (r,) of a vacuum tube is a con-
stant and denotes the internal resistance 
of the tube or the opposition offered 
to the passage of electrons from the 
cathode to the plate. Plate resistance 
may be expressed in two ways: the dc 
resistance and the ac resistance. The 
first is the internal opposition to the 
current flow when steady values of 
voltage are applied to the tube ele-
ments and may be determined simply 
by Ohm's law: 

V mu X R, ._ 
rp X RP 

E, 
de r, = 

where, 
E, is the de plate voltage, 
I„ is the steady value of plate current, 
r„ is the plate resistance. 

The ac resistance is not so simple to 
calculate but requires a family of plate-
current curves from which the infor-
mation may be extracted. As a rule, 
this information is included with the 

tube characteristics and is used when 
calculating or selecting components for 
an amplifier. The equation for calcu-
lating ac plate resistance is: 

ac r, = Is, 

where, 
E, is the voltage at the plate, 
I, is the plate current, 
-1 (Delta) is the change hi E, and I, 

with the control grid signal voltage 
(E.I.) held constant. 

The values of E, and I, are those taken 
from the family of curves supplied by 
the manufacturer for the particular 
tube under consideration. 

11.39 How is the plate resistance 
affected by a change of element volt-
age?—Increasing the plate voltage or 
decreasing the grid-bias voltage de-
creases the plate resistance. 

11.40 What are steady-state or 
static characteristics?—The character-
istics of a vacuum tube obtained when 
all normal voltages are applied to the 
elements with no signal at the input. 
This is tested when using an emission-
type tester. 

11.41 What are dynamic character-
istics?—Applied to a vacuum tube or 
transistor, dynamic characteristics are 
a plot of the steady-state character-
istics to which have been added the 
effect of load impedance. The resultant 
plate-current and grid-voltage curves 
are termed dynamic-transfer character-
istics. Dynamic-transfer curves may be 
used to determine the linearity and 
nonlinearity of the input signal com-
pared to the input signal for a specific 
operating point for a given load resist-
ance or impedance. 

11.42 Define the term perveance.— 
Perveance is a figure of merit for a 
diode rectifier tube. High-perveance 
tubes have a lower internal voltage 
drop for a given fixed current level. 
This information is generally available 
in the manufacturer's tube manual. 

11.43 What is the cutoff point of a 
vacuum tube?—A condition when the 
negative potential applied to the control 
grid completely stops flow of electrons 
between the cathode and plate elements. 
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INPUT R3 

R1 R2 
RG - Rt +R3 

R1 R3 
Rp RI +R2 

Fig. 11-44. Showing the internal resist-
ance of a vacuum tube which can cause 

the flow of grid current. 

11.44 What is grid current and its 
cause?—If the control grid is permitted 
to become positive, with respect to the 
cathode, it results in a flow of current 
between the control grid and the cath-
ode through the external circuits. This 
condition is unavoidable because the 
wires of the control grid, having a pos-
itive charge, attract electrons passing 
from the cathode to the plate. 

Grid-current flow in a vacuum tube 
is generally thought of as being caused 
by only driving the control grid into 
the positive region, and causing the 
flow of grid current. This is quite true 
for the operating conditions of an am-
plifier, but there are other causes of 
grid current not directly associated with 
the operation of the tubes. The fre-
quent lack of recognition of grid cur-
rent hazards is the simplified descrip-
tion of a vacuum tube as a device 
which operates with a negative grid 
bias and draws no current from the 
signal source. This is not entirely true. 

sp.TURATION 

4`. 

et— ° 

f q8-

10 o 10 
,NEGATIVE GRID_,_ POSITIVE GRID 
VOLTAGE REGION VOLTAGE REGION 

Fig. 11-48. Saturation curve for a typical 
triode tube. 

There are at least eight distinct forms 
of grid-emission currents, which may be 
classified: interelectrode resistance, gas-
ionization current, grid-emission cur-
rent, positive grid-electron current, sec-
ondary grid-emission current, and neg-
ative grid-electron current. 

During certain phases of the manu-
facturing process, such as exhausting 
and aging, the cathodes are operated at 
a high temperature which, in turn, pro-
duces minute evaporation of the nickel-
cathode material and other conductive 
materials from its coating. The material 
migrates to a relatively cool surface of 
the mica supports where it builds up a 
layer of conductive material and thus 
shunts a resistance across certain elec-
trodes. In addition, the getter material, 
which is usually a thin coating of bar-
ium or magnesium, is deposited on a 
portion of the glass envelope, or inad-
vertently deposited on a micro-support 
area. This resistance is not linear and at 
higher temperatures and higher volt-
ages, conductance is increased. The 
leakage paths caused by the foregoing 
are shown in Fig. 11-44. Grid current 
is highly undesirable, and can be the 
cause of considerable distortion. 

11.45 How are triode tubes classi-
fied for amplifiers?—By their amplifi-
cation factor (mu or µ). A low-mu tube 
is one having an amplification factor 
less than 10. Medium-mu tubes have 
an amplification factor of from 10 to 50, 
with a plate resistance of 5 to 15,000 
ohms. High-mu tubes have an amplifi-
cation factor of 50 to 100, with a plate 
resistance of 50,000 to 100,000 ohms. 

11.46 What is anode current?— 
This is another name for plate current. 

11.47 What is secondary emission? 
—A condition which occurs when elec-
trons are released from a body that is 
being bombarded by electrons. 

11.48 What is meant when it is said 
a vacuum tube is driven to saturation?— 
When the maximum emission current 
has been reached, as shown by the 
graph in Fig. 11-48. 

11.49 What does the term maxi-
mum plate dissipation mean?—The max-
imum power that can be dissipated by 
the plate element before damage occurs. 
Plate dissipation can be calculated: 

Watts dissipation = g x 
where, 

E„ is the voltage at the plate, 
I, is the plate current. 

11.50 What is meant by the ex-
pression "a soft vacuum tube"?—A tube 
in which a small amount of gas remains 
after evacuation. The retention of gas 
will often affect the characteristics and 
cause a blue glow between the plate 
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and other elements due to ionization. 
This glow should not be confused with 
the glow seen in mercury rectifiers, gas 
regulator tubes, and certain type pen-
tode power tubes, as these types of 
tubes glow when operating normally. 

11.51 What is a hard tube?—A 
vacuum tube having an almost perfect 
vacuum. 

11.52 What are grid-voltage, plate-
current characteristic curves for a vac-
uum tuba—A group of curves, as 
shown in Fig. 11-52, plotted to show the 
change in plate current for a change 
in negative grid bias on the control grid. 
The curves shown are for a medium-
mu triode. 
The curves indicate that for a given 

plate current the plate and grid bias 
may be determined. For example: the 
manufacturer states that for a plate 
voltage of 250 volts and a negative grid 
bias of 8 volts, the plate current will 
be 9 milliamperes. This is indicated at 
Point A on the 250-volt curve. If it is 
desired to operate this tube with a plate 
voltage of 150 volts and still maintain a 
plate current of 9 milliamperes, the grid 
bias will have to be changed to a nega-
tive 3 volts. 

11.53 What is ionization?—When 
an electron in a vacuum tube collides 
with a gas molecule, the energy im-
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Fig. 11-52. Grid-voltage, plate-current 
curves for a triode tube. 

parted by the impact causes the mole-
cule to release an electron. This mole-
cule is called an ion. A gas containing 
no ions is almost a perfect insulator. 
Under such conditions no current will 
flow between elements. However, gases 
do have some residual ionization due 
to the action of light falling on the 
elements and to cosmic rays. If a po-
tential is applied between elements in 
such a gas, ions migrate between the 
elements giving the effect of current 
flow. This current flow is called space, 
or dark current, because it cannot be 
observed. This current flow is very 
small, generally about one to two mic-
roamperes in the average tube. Once 
ionization takes place, the current in-
creases to such proportions that serious 
damage to the tube can result. Ions are 
both positive and negative. 

17.54 What is ionization and deion-
zation potential?—Ionization potential 
is the potential at which ionization takes 
place in a gas-filled tube, such as a 
voltage regulator or voltage-reference 
tube. Deionization potential is the po-
tential at which ionization of the gas 
ceases and conductance stops. 

11.55 What is the purpose of pre-
heating vacuum tubes?—It is the custom 
in most plants employing a large num-
ber of vacuum tubes in critical places, 
such as recording and reproducing 
equipment, to preheat tubes and cook 
them for at least 100 hours before 
putting them into service. This is ac-
complished by connecting the plate, 
screen grid, suppressor grid, and con-
trol grid to one side of the filament or 
heater circuit (Fig. 11-55). The heater 
circuit is supplied from a source of 
voltage regulated to within 1 percent 
of the rated heater voltage. No plate 
voltage is used during the cooking 
period. 

After removal from the preheating 
process, the tubes are individually 
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tested for internal shorts, noise, and 
leakage, then selected in pairs for de-
vices such as compressors, noise-reduc-
tion amplifier, and other equipment re-
quiring matched pairs of tubes. 

It has been found from experience 
when equipment is operated 24 hours a 
day, tube life is prolonged, internal 
noise reduced, and the general char-
acteristics are stabilized. (See Ques. 
11.71.) 

11.56 What is the space charge in 
a vacuum tube?—In the flow of elec-
trons from cathode to plate, not all the 
electrons are collected by the plate ele-
ment. The uncollected electrons con-
gregate in the space between the cath-
ode and plate, and form a negative 
cloud. Other electrons leaving the cath-
ode have to penetrate this cloud. The 
cloud being negative, negative charges 
leaving the cathode on their way to the 
plate are repelled back toward the 
cathode. It is these electrons which form 
the space charge. The space charge 
around the cathode controls the number 
of electrons that reach the plate, and 
therefore, controls the amount of plate 
current flow. The electron flow can only 
be increased by increasing the voltage 
at the plate of the tube. 

11.57 Define inverse-peak voltage 
(IPV).—It is the highest instantaneous 
plate voltage which a tube can with-

stand in the opposite direction of its 
normal current flow. In a rectifier tube, 
it is the maximum value of plate volt-
age that may be applied, without in-
ternal arc-back between the elements, 
for a given operating temperature. 

11.58 What is a microphonic tube? 
—A tube which, when tapped or vi-
brated, produces a ringing sound. As a 
rule, microphonics in a vacuum tube 
are caused by loose elements within 
the tube, or these elements may not 
be sufficiently rugged for the purpose 
for which the tube is being used. 

Special tubes which have no micro-
phonic tendencies are available for use 
in the low-level stages of an amplifier. 

11.59 What causes self-rectifica-
tion in a vacuum tube?—An increase or 
decrease in the dc plate current caused 
by an unsymmetrical waveform. (See 
Question 12.44.) 

11.60 What are the phase reversals 
that take place between the elements 
of a vacuum tubeT—The phase reversal 
in electrical degrees between the ele-
ments of a self-biased pentode, for a 
given sine at the control grid is shown 
in Fig. 11-60A. It will be noted that, for 
an instantaneous positive voltage at the 
control grid, the voltage is reversed be-
tween the grid and plate 180 degrees 
and will remain so for all normal oper-
ating conditions. The control grid and 

o-

5+ 

Fig. 11-60A. Phase reversal of the signal between the elements of a pentode vac-
uum tube. The reversals are the same in o triode for a given element. 

1p+ 

Fig. 11-60B. 11-60B. Phase rever-
sal of the current and 
voltage in a pentode vac-
uum tube. The reversals 
are the same in a triode 
for a given element. 

co-

B+ 
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(a) Fixed battery bias. (b) Self bias. (c) Grid-leak bins. 

(d) Grid-teak bias. (e) Combination bias. (f) Combination bias. 

Fig. 11-62. Various methods of obtaining grid bias. 

cathode are in phase. The plate and 
screen-grid elements are in phase with 
each other. The cathode is 180 degrees 
out of phase with the plate and screen-
grid elements. 

The phase reversal of the voltage and 
current for each element is shown in 
Fig. 11-60B. For an instantaneous posi-
tive sine at the control grid, the voltage 
at the plate and screen grid are nega-
tive and the current positive. The volt-
age and current are both positive in the 
cathode resistor and are in phase with 
the voltage at the control grid. The plate 
reversals are the same in a triode for a 
given element. 

11.61 What is the difference be-
tween the terms plate voltage and plate-
supply voltage?—Plate voltage is the 
voltage measured between the plate and 
the cathode elements. Plate-supply 
voltage is the voltage supplied to the 
lower end of the plate load. The first 
voltage is designated by the symbol E., 
the second by the symbol Ebb. In re-
sistance-coupled amplifiers, the voltage 
considered is the plate-supply voltage 
Ebb at the lower end of the plate-load 
resistance. In a transformer-coupled 
amplifier, the voltage considered is the 
plate voltage E. 

11.62 What are the different meth-
ods used for obtaining grid-bias voltage? 
—The six methods most commonly used 
are illustrated in Fig. 11-62. At part (a), 

a bias cell is connected in series with 
the control grid. At part (b), the tube is 
self-biased by the use of a resistor con-
nected in the cathode circuit. In part 
(c), the circuit is also a form of self-
bias; however, the bias voltage is ob-
tained by the use of a grid capacitor and 
grid-leak resistor connected between the 
control grid and ground. At part (d), 
the bias voltage is developed by a grid-
leak resistor and capacitor in parallel, 
connected in series with the control 
grid. The method illustrated at part (e) 
is called combination bias and consists 
of self-bias and battery bias. The re-
sultant bias voltage is the negative volt-
age of the battery and the bias created 
by the self-bias resistor in the cathode 
circuit. Another combination bias cir-
cuit is shown at part (f). The bias bat-
tery is connected in series with the 
grid-leak resistor in this case. The biaš 
voltage at the control grid is that de-
veloped by the battery and the self-bias 
created by the combination of the grid 
resistor and capacitor. 

11.63 Show how and where the in-
ternal capacitance of o vacuum tube is 
created.—The internal capacitance of 
a vacuum tube is created by the close 
proximity of the internal elements as 
shown in Fig. 11-63. Unless otherwise 
stated by the manufacturer of the tube, 
the internal capacitance of a glass tube 
is measured using a close-fitting metal 
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Fig. 11-63. Interelectrode capacitance 
of a triode. 

tube shield around the glass envelope 
connected to the cathode terminal. 
Generally, the capacitance is measured 
with the heater or filament cold with no 
voltage applied to any of the other 
elements. 

In measuring the capacitance, all 
metal parts, except the input and output 
elements, are connected to the cathode. 
These metal parts include internal and 
external shields, base sleeves, and un-
used pins. In testing a multisection 
tube (dual), elements not common to 
the section being measured are con-
nected to ground. Input capacitance is 
measured from the control grid to all 
other elements, except the plate which 
is connected to ground. Output capaci-
tance is measured from the plate to all 
other elements, except the control grid 
which is connected to ground. 

Grid-to-plate capacitance is mea-
sured from the control grid to the plate, 
with all other elements connected to 
ground. 

11.64 What is the terminology for 
batteries used in connection with vac-
uum tubes?—"A" battery for filament 
or heater, "B" battery for plate supply, 
"C" battery for bias voltages, and "D" 
battery for screen-grid voltages. 

11.65 What is a variable-mu tube? 
—A pentode vacuum tube constructed 
with a special grid. In the conventional 

Fig. 11-67. Positive grid-current flow in 
a tube employing a unipotential cathode. 

tube, the mu is constant. The construc-
tion of the variable-mu tube is such 
that the mu may be varied or changed 
by increasing the negative bias on the 
control grid. This type of tube is used 
in compressor amplifiers and expanders. 
A typical example is the 6SK7 tube. 

11.66 What is transit time?—The 
time required for an electron to travel 
from the cathode to the plate circuit 
in a vacuum tube. 

11.67 Define contact potential.—In 
a vacuum tube employing a unipoten-
tial cathode, positive grid current be-
gins to flow when the control grid be-
comes slightly negative, and increases 
rapidly as the control grid is made 
more positive (Fig. 11-67). The value 
of grid voltage at which positive grid 
current starts to flow, is termed contact 
potential. Contact potential is caused by 
the initial velocity of the emission of 
electrons from the cathode and an elec-
trothermic effect, because of the differ-
ences in temperature and the material 
composition of the control grid and the 
cathode element 

The value of the contact voltage may 
reach 1.5 volts. If the operating bias 
voltage is less than the contact poten-
tial, two effects will be present; direct-
current flow in the control-grid circuit, 
and the dynamic input resistance of the 
tube drops to a relatively low value. 
The tube should be operated with a 
value of grid-bias voltage sufficiently 
high, so that the tube is not operating 
in the contact potential region. When a 
tube must be operated to within the 
contact potential region, care must be 
taken to avoid undesirable effects in the 
control-grid circuit, due to grid-current 
flow, and the lower input resistance. 
(See Question 11.44.) 

11.68. What is the direction of cur-
rent in a vacuum tube?—From the cath-
ode or filament to the anode or plate. 
This is termed electron flow, and is 
opposite to conventional current flow. 
(See Question 11.109.) 

11.69 What is a barrette, and a 
ballast tube?—A barretter is a voltage-
regulator tube consisting of an iron-
wire filament enclosed in a hydrogen-
filled envelope. The filament is con-
nected in series with the circuit to be 
regulated. For a given voltage variation, 
the current through the filament is held 
constant to a given value. Such tubes 
are used in series with the primary of 
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a transformer and in series-connected 
filament circuits. Barretters must not be 
operated near a strong magnetic field as 
the filament will vibrate and reduce the 
life of the filament. 
A ballast tube is self-regulating, with 

its elements enclosed in a glass enve-
lope, without gas, and fitted with an 
octal tube base. When used, it is con-
nected in series with the circuit it is to 
regulate. Such regulators as the barret-
ter and ballast tube are rather slow in 
their reaction to changes in current, 
compared to other devices. They are 
used principally in heavy commercial 
control equipment. 

11.70 What is bias voltage?—A dc 
voltage held constant between the con-
trol grid and the cathode of a vacuum 
tube. (See Question 11.62.) 

11.71 How may vacuum-tube char-
acteristics be stabilized?—Tube manu-
facturers' data sheets generally contain 
a warning that the heater voltage 
should be maintained within plus or 
minus 10 percent of the rated voltage. 
As a rule, this warning is taken lightly, 
and little attention is paid to heater 
voltage variations, which have a pro-
nounced effect on the tube characteris-
tics, internal noise being the greatest 
offender. Because of heater-voltage 
variation, emission life is shortened, 
electrical leakage between elements is 
increased, heater-to-cathode leakage is 
increased, and grid currents caused to 
flow (see Question 11.44). Thus, the life 
of the tube is decreased with an in-
crease of internal noise. A plot of the 
loss of tube life compared to percent 
heater-voltage variation appears in Fig. 
11-71. 
To reduce the effect of heater-volt-

age variation, heaters must be operated 
from a regulated source of voltage, ei-
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Fig. 11-71. A plot of tube life versus 
heater-voltage variation in percentage of 

rated voltage. 

ther ac or dc. In large recording plants, 
it is customary to employ power sup-
plies that furnish a regulated de voltage, 
plus or minus 1 percent of the rated 
heater voltage. Tests have proven that 
tubes operated for two years or more, 
using such supplies, have lower internal 
noise levels than when the tubes were 
new. (See Question 11.55.) 

11.72 How are vacuum tubes con-
nected in parallel?—As shown in Fig. 
11-72. If two tubes of similar character-
istics are connected in parallel, the plate 
current is doubled, the load resistance 
and bias resistor values halved. The 
value of the plate voltage remains un-
changed. For more than two tubes, the 
plate current will increase proportion-
ately; the load resistance will decrease 
in proportion to the number of tubes 
connected in parallel. This is also true 
for the bias resistor. As a rule, when 
vacuum tubes are connected in parallel, 
resistors of 50 ohms are connected in 
series with each plate to assist in bal-
ancing the plate currents. Also, a resist-
ance of 1000 ohms is connected in series 
with each control grid (at the socket) 
to prevent parasitic oscillations. This is 
particularly important when an odd 
number of tubes are connected in par-
allel. The parallel operation of tubes in 
amplifiers is discussed in Questions 
12.60 and 12.111. 

11.73 What does the term quiescent 
mean when applied to a vacuum tube? 
—A condition that prevails in a vacuum 
tube when there is no signal voltage at 
the control grid. The plate current is a 
steady value. 

11.74 Show the interior construc-
tion of a typical metal-envelope vacuum 
tube.—The interior of a metal-envelope 
vacuum tube with the various elements 
and their construction marked for iden-
tification is shown in Fig. 11-74, 

11.75 Show the interior of a typical 
glass-envelope vacuum tube.—The in-

Fig. 11-72. A parallel-connected am-
plifier-output stage. 
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ei) 
Fig. 11-74. View of the interior of a single-ended envelope vacuum tube. (Courtesy, 

Rodio Corporation of America ) 

1—METAL ENVELOPE 
2—SPACER SHIELD 
3—INSULATING SPACER 
4—MOUNT SUPPORT 
5—CONTROL GRID 
6—COATED CATHODE 
7—SCREEN 
8—HEATER 
9—SUPPRESSOR 
10—PLATE 
11—BATALUM GETTER 
12—CONICAL STEM SHIELD 
I3—HEATER INSERT 
14—GLASS SEAL 
I5—HEADER 
16—GLASS-BUTTON STEM SEAL 
17—CYLINDER BASE SHIELD 
18—HEADER SKIRT 
19—LEAD WIRE 
20—CRIMPED LOCK 
21—OCTAL BASE 
22—EXHAUST TUBE 
23—BASE PIN 
24—EXHAUST TIP 
25—ALIGNING KEY 
26—SOLDER 
27—ALIGNING PLUG 

tenor of a typical RCA glass-envelope 
vacuum tube is shown in Fig. 11-75. 

11.76 Show 'the construction of a 
miniature tube.—The interior, construc-
tion of an RCA miniature tube is shown 
in Fig. 11-76. 

11.77 If it is desired to operate a 
vacuum tube with a plate voltage differ-
ent from the published dota, how are the 
new bias and screen voltages, plate-load 
resistance, and other characteristics de-
terminedP—By the use of conversion 
factors Fi, F., F., F., and Fa. Assume the 
following conditions are specified for a 
single 6V6 beam-power tube: 

Plate voltage 250 volts 
Screen voltage 250 volts 
Grid voltage —12.5 volts 
Plate current 45 itA 
Screen current 4.5 µA 

Plate resistance 52,000 ohms 
Plate load 5,000 ohms 
Transconductance 4,10011/mhos 
Power output 4.5 watts 

The new plate voltage is to be 180 volts. 
The conversion factor Fi for this voltage 
is obtained by dividing the new plate 
voltage by the published plate voltage: 

180 
= 2-756 

= 0.72. 

The screen and grid voltage will be 
proportional to the plate voltage: 

E„ = 0.72 >< 12.5 

= 9.0 volts 

E., = 0.72 X 250 

= 180 volts. 
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For calculating the plate and screen 
currents, factor F. is used: 

= F. X VTOEL 
= 0.72 x 0.848 

= 0.610, 

I.= 0.61 X 45 ILA 

= 27.4 AtA 

= 0.61 x 4.5 µA 

= 2.74 µA. 

The plate load and plate resistance may 
be calculated by use of factor F3: 

F. 
r = 

0.720 
= 0.610 

= 1.18, 

= 52,000 x 1.18 

= 61,360 ohms, 

RL = 5000 x 1.18 

= 5900 ohms. 

The power output is found by the use 
of the factor F.: 

F4 =  Fi X F3 

= 0.72 x 0.610 

= 0.438, 

GRIDS 
Diameter 

measured to 
0.001 inch 

CATHODE-SLEEVE 

WALL 

Approximately 
0.002 inch thick 

AIR PRESSURE  

1/100,000,000 that 

of atmospheric pres-
sure at sea level 

BULB 
Inspected under 
polarized light 

for strains 

Power Output = 0.438 x 4.5 

= 1.97 watts. 

The transconductance is determined by 
the aid of factor F.: 

1 
F. =FOE; 

1 
1.18 

= 0.847, 

transconductance = 0.847 X 4100 

= 3472 micromhos. 

The foregoing method of converting 
for voltages other than those originally 
specified may be used for triodes, tet-
rodes, pentodes, and beam-power tubes, 
provided the plate, grid 1, and grid 2 
voltages are changed simultaneously by 
the same factor. This will apply to any 
class of tube operating such as class A, 
AB., AB2, B, or C. Although the method 
of conversion outlined in the foregoing 
is quite satisfactory in most instances, 
it should be borne in mind that the 
error will be increased as the conver-
sion factor departs from unity. The 
most satisfactory region of operation 
will be between 0.7 and 2.0. When the 
factor falls outside this region the ac-
curacy of operation is reduced. 

PLATE 

Diameter 
gauged to 
0.002 inch 

CATHODE COATING 
Weight variation 

less than 

0.00007 oz. 

GRID WIRE  

Diameter does 
not vary more than 
0.00009 inch 

HEATER WIRE  

Diameter does 
not vory more than 
0.00002 inch 

Fig. 11-75. Materials used in the construction of a vacuum tube. (Courtesy, Radio 
Corporation of America ) 
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1—GLASS ENVELOPE 
2—INTERNAL SHIELD 
3—PLATE 
4—GRID NO. 3 (SUPPRESSOR) 
5—GRID NO. 2 (SCREEN) 
6—GRID NO. 1 (CONTROL GRID) 
7—CATHODE 
8—HEATER 
9—EXHAUST TIP 
10—GETTER 
11—SPACER SHIELD HEADER 
12—INSULATING SPACER 
13—SPACER SHIELD 
14—INTER-PIN SHIELD 
15—GLASS BUTTON-STEM SEAL 
16—LEAD WIRE 
17—BASE PIN 
18—GLASS-TO-METAL SEAL 

Fig. 11-76. View of the interior of a 
miniature vacuum tube. (Courtesy, Radio 

Corporation of America 

The above method of conversion does 
not take into consideration contact po-
tential or secondary emission effects 
which become quite noticeable at low 
operational voltages. When secondary 
emission effects are noted, the plate 
voltage must be operated at a higher 
potential than grid number 2. 

The use of low plate voltage and cur-
rent in a beam-power tube is not rec-
ommended. Under normal conditions, 
the harmonic distortion should be es-
sentially the same as for the originally 
specified operational voltages. 

11.78 How can the heater or fila-
ment of a vacuum tube be tested for life 
reserve?—With a normal indication on 
the meter of a tube tester, reduce the 
filament or heater voltage to the values 
shown in the table below. If the tube 
with the lowered heater voltage drops 
and then holds steady within prescribed 
limits for the tube, it still has a consid-
erable life reserve. 

Normal 
Heater 
Voltage 

1.5 
2.0 
2.5 
3.0 
5.0 
6.3 
7.5 

10.0 
12.6 
25.0 
35.0 
50.0 

Reduce 
Heater 

Voltage to 

1.1 
1.5 
2.0 
2.5 
4.3 
5.0 
6.3 
7.5 

10.0 
20.0 
25.0 
35.0 

11.79 What is heater warmup time 
and how is it defined?—It is the time 
required for the voltage across the 
heater to reach 80 percent of the normal 
voltage, with four times the normal 
voltage applied to the heater circuit 
with a series resistor three times the 
normal heater operating resistance in 
series. 

11.80 Describe the couse and effect 
of cathode leakage.—Cathode leakage 
is caused by internal leakage between 
the tube elements to the filament or 
heater circuit. This results in hum mod-
ulation of the signal voltage, as the 
heater of a cathode-heater type tube 
may have one terminal at cathode po-
tential. The opposite heater terminal of 
a 6.3-volt tube will have a peak nega-
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tive voltage of approximately 10 volts, 

at the 60-Hz heater supply. One section 

of the heater wire, just at the edge or 

outside on one end of the cathode and 

electrically near the ungrounded end, 

may have contaminants deposited dur-

ing manufacture, which produce leak-

age and grid emission (see Question 
11.44). Even without the contaminants, 

the 1200° C  temperature of the heater 

wire produces an emission. If such an 

area is exposed to one of the grid-sup-

port side rods outside the mica support, 

a negative grid bias of less than 10 volts 

will permit the control grid to pick up 

the emission at the heater supply fre-

quency. 

The effects of cathode leakage can 

be overcome by the use of a bias volt-

age on the heater circuit, as discussed 

in Question 12.195. A  new medium 

power tube will show a normal leakage 

between the cathode and heater of 

about 1 to 2.5 megoluns; small receiving 

tubes show 2 to 3 megoluns and higher. 

11.81 Why is it necessary to warm 
up the heater of a mercury vapor recti-
fier tube before applying the high volt-
age?—To prevent the active material on 
the filaments or heater from excessive 

drain while operating under a subnor-

mal heater voltage. 

11.82 When should a tube be con-
sidered unsatisfactory and rejected?— 
When the transconductance (g,,,) has 

fallen to 75 or 80 percent of normal. For 

some types of tubes and services, they 

may be permitted to fall to 60 percent 

of normal. 

MIXIMUM OPERATING Epee%  

43, 

AREA OF 
PERMISSIBLE OPERATION 

0 20 40 60 so 100 
GRID-No. 2 VOLTAGE EXPRESSED AS PER CENT 
OF MAX. GRID-No.2 SUPPLY VOLTAGE RATING 

Fig. 11-86. Graph for determining the 
maximum power that may be dissipated 
by the screen grid. (Courtesy, Radio Cor-

poration of America ) 

11.83 Define the power sensitivity 
of a tube.—Power sensitivity is the 

ratio of the power output to the square 

of the input voltage, expressed in mhos: 

P. watts 
Power sensitivity (mhos) =  

(El.rins) 2 

where, 

P,, is the power output of the tube, 

El,, is the rms signal voltage at the 

input. 

11.84 How is plate efficiency cal-
culated?—The plate efficiency (Eu) for 

any tube may be calculated: 

Watts 
Etf — X 100 

E  I. 
where, 

Watts is the power output, 

E.. is the average voltage at the plate, 
I.,, is the average plate current. 

The measurement is made with a load 

resistance in the plate circuit equal in 

value to the plate resistance stated by • 
the manufacturer. 

11.85 When measuring the trans-
conductance of a vacuum tube, what is 
the value of the standard signal voltage 
applied to the control grid?—Ten milli-
volts at the control grid. The output 

current is measured in ac milliamperes. 

11.86 How is a screen-grid series-
dropping resistor calculated?—The first 

step is to refer to the manufacturer's 

data sheet and find the maximum volt-

age that may be applied and the maxi-

mum power that may be dissipated by 

the screen grid. These limitations are 

generally shown graphically as in Fig. 

11-86. The value of the resistor may be 

calculated: 

R.g — 
Eau 

where, 

R.,, is the minimum value for the 

screen-grid voltage dropping resistor 

in ohms, 

E.,, is the selected value of screen-

grid voltage, 

EBB is the screen-grid supply voltage, 
P.,, is the screen-grid input in watts 

corresponding to the selected value 

of E.g. 

A typical example follows: 
Assume the data for a given tube states 
that a maximum of 300 volts can be 

applied to the screen grid and that the 

power dissipation cannot exceed 1 watt. 

It is desired to operate the screen grid 

with a voltage of 250 volts between 

cathode and screen, this voltage to be 

E., X (Ems — E.is)  
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AC 
mA 

Fig. 11-87. Circuit for measuring the 
transconductance (G,,,) of a typical vac-

uum tube. 

obtained by the use of a series resist-
ance between the power supply and the 
screen grid. 

Because 250 volts is 83 percent of 300 
volts, the maximum screen-grid voltage 
must be limited, as shown on the graph 
in Fig. 11-86, to 56 percent of the max-
imum screen-grid input, or 0.56 watt. 
The minimum value of the series-drop-
ping resistor will be: 

250 X (300 — 250)  
23 20 058 2,320 ohms. 

036 

11.87 How is the transconductance 
of a vacuum tube measured?—By the 
use of a circuit such as that shown in 
Fig. 11-87. Normal grid and plate volt-
ages are applied as indicated. The sig-
nal voltage is adjusted at the control 
grid of the tube. An ac milliarruneter, 
calibrated in transconductance, is con-
nected in the plate circuit. 

g., = I„.. X 1000. 

11.88 Show a circuit for measuring 
output power.—A circuit suitable for 
the measurement of power output is 
shown in Fig. 11-88. The power equals: 

X Er. 
where, 

I, is the plate current in ac mils, 
RL is the load impedance in ohms. 

11.89 Show a circuit suitable for 
measuring amplification factor.—A sim-
ple test for measuring the ac amplifica-
tion factor is shown in Fig. 11-89. The 
ratio of the output voltage to the input 
voltage is a measure of the amplification 
factor. This test is used for both triodes 
and pentodes. 

11.90 Show a circuit suitable for 
measuring only cathode-emission cur-
rent—The basic circuit for the mea-
surement of cathode emission is shown 
in Fig. 11-90. This is the method used 
in emission-type tube testers. The 

C 

R1 
AC 
mA 

CI 

Fig. 11-88. Circuit for measurement of 
power output. 

emission current is measured with all 
the elements except the cathode and 
heater tied together. 

11.91 Describe a cathode-ray tube. 
—It is a large vacuum tube used in 
cathode-ray oscilloscopes, and in tele-
vision receivers for both black and 
white and color reception. The cathode-
ray tube was developed to its present 
state of perfection by many different 
researchers. In 1897 Karl F. Braun per-
fected the Crookes tube invented by 
Sir William Crookes for the study of 
cathode rays. Later, deflection plates 
were added by J. Thompson, an English 
physicist, and in 1899 E. Vichart, a Ger-
man researcher, concentrated the elec-
tron beam with coil windings external 
to the axis of the tube. In 1902 A. A. 
Petrovski, a Russian, suggested the use 
of two external coils at right angles to 
each other to be used for deflecting the 
beam in the vertical and horizontal 
planes. Later Boris L. Rosing, also a 
Russian, experimented with the tube 
for the transmission of images and let-
ters. Many other researchers have 
shared in the development of the cath-

2mV 
60 4, 

Fig. 11-89. The EIA method of measur-
ing the ac amplification factor of triodes 
and pentodes. The internal impedance 
of the signal source should not exceed 

2500 ohms. 
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DC 
mA 

Fig. 11-90. Circuit for measurement of 
cathode emission current. 

ode-ray tube, notably V. K. Zworykin 
of the United States for his work in the 
invention of the iconoscope and image 
orthicon tubes, and Allen B DuMont in 
his work of developing commercial os-
cilloscopes. 
The cathode-ray tube is the heart of 

a cathode-ray oscilloscope and is oper-
ated in conjunction with quite compli-
cated circuitry for the deflection of the 
beam and amplification of the applied 
signal voltages (see Question 22.69.) The 
tube employs an assembly, termed an 
electron gun., for projecting the electron 
stream, and a phosphor screen at the 
other end for displaying the waveform 
image (Fig. 11-92). The gun consists of 
a thermionic cathode, with various ac-
celerating electrodes for directing and 
focusing on the display screen the 
emitted electrons from the gun. The re-
sulting narrow beam of electrons strike 
the screen in the form of a small round 
spot, with enough energy to cause 
fluorescence of the phosphor screen. 

Cathode-ray tubes may be consid-
ered to be extremely fast x-y plotters, 
which plot input voltage versus time. 
The stylus of this plotter is a luminous 
spot which traces the image. In the con-
ventional oscilloscope, the voltage to be 
observed is applied to the y-axis (ver-

(D) FOCUSING 
ANODE 

(B) HEATER (E) ACCELERATING 
ANODE 

BASE 

(A) CATHODE 

(C) CONTROL 
GRID 

tical) input which moves the spot up 
and down in accordance with the in-
stantaneous values of the input voltage. 
The x-axis voltage is supplied from an 
internally generated ramp voltage, 
which moves the spot uniformly from 
left to right across the display area of 
the screen. The spot then traces an 
image which displays input-voltage 
variation (amplitude) as a function of 
time. When the y-axis is repeated at a 
fast rate, the display appears as a steady 
straight line. Oscilloscopes may also be 
used to display mechanical motion with 
the proper transducer. 

11.92 How are the electrons in a 
cathode-ray tube caused to strike the 
fluorescent screen?—Referring to Fig. 
11-92, it will be seen that the heart of 
a cathode-ray tube is its electron gun. 
The gun is mounted at the end of a 
glass envelope and projects its electron 
stream towards the opposite end of the 
envelope, which contains a fluorescent 
screen. The construction of the gun is 
not simple, but consists of a number of 
parts that must be accurately manufac-
tured and aligned. 

The electrons are emitted by a 
heated cathode A which surrounds a 
heater element B. The electrons in leav-
ing the cathode pass through a control 
grid C. The control grid determines the 
number of electrons that can pass and, 
consequently, the intensity of the light 
emitted by the fluorescent screen L. 
After leaving the control grid, the 
electrons are focused into a pencillike 
beam by the focusing anode D. Their 
velocity is further increased by the 
accelerating anodes E and F. At this 
point the electron stream is caused to 

(H) HORIZONTAL 
DEFLECTION 
PLATES 

(G) VERTICAL 
DEFLECTION 

PLATES 

(F) ACCELERATING 
ANODE 

(K) AQUADAG 
COATING 

(I) ELECTRON 

AQUADAG 

CONNECTION 

IL FLUORESCENT 
BEAM SCREEN 

(J) GLASS 
ENVELOPE 

Fig. 11-92. Arrangement of the elements in an electrostatically deflected cathode-
ray tube. 
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be deflected over various portions of 
the fluorescent screen by means of the 
horizontal and vertical deflection plates 
G and H. 

Starting at the last anode F and con-
tinuing to the screen, the interior of 
the glass envelope is covered with a 
grounded graphite coating called aqua-
dag. Its purpose is to bleed to ground 
stray electrons caused by secondary 
emission. (See Question 11.47.) 

11.93 What is the method used to 
deflect the electron stream across the 
screen of a cathode-ray tube?—Two 
methods are used—the electrostatic and 
the electromagnetic. For oscilloscope 
work, the beam is generally deflected 
by the electrostatic method. 
A front-end view of the deflecting 

plates, as would be seen looking 
through the fluorescent screen is shown 
in Fig. 11-93. The deflecting plates are 
arranged in pairs, two horizontal and 
two vertical. The electron beam passes 
through the center of the four plates as 
indicated by the spot in the center. 

If a negative charge is applied to the 
left horizontal plate and a positive 
charge applied to the right horizontal 
plate, the beam will move to the right. 
When the charge is removed, the beam 
will return to the center again. 

Removing the charge from the hori-
zontal plates and charging the upper 
vertical plate negative and the lower 
vertical plate positive will move the 
beam downward. Reversing the polar-
ities of the horizontal or vertical plates 
results in the beam moving in the 
opposite direction. Thus, if an alternat-
ing current is applied to the plates, the 
spot can be caused to oscillate back 
and forth either in a vertical or hori-
zontal direction. The distance the spot 
is moved for either set of plates is di-
rectly proportional to the applied volt-
age. If equal voltages are applied to both 
the vertical and horizontal plates, the 
beam will be centered. With various 

Fig. 11-93. The deflecting plates as seen 
when looking into the screen end of a 

cathode-ray tube. 

combinations of voltage applied to the 
vertical and horizontal plates, the beam 
may be caused to move to any position 
on the screen. This is the basic principle 
on which a 
operates. 

11.94 How is the electron beam 
caused to draw out a pattern on an 
oscilloscope?—All oscilloscopes have an 
internal sawtooth oscillator for deflect-
ing the beam in a linear manner across 
the screen. This motion is applied to 
the horizontal plates, while the signal 
is applied to the vertical plates. If the 
signal is an alternating one, and the 
sawtooth oscillator is adjusted for the 
fundamental frequency or a multiple 
of the applied waveform, one or more 
cycles of the waveform may be drawn 
out on the screen. This subject is fur-
ther discussed in Question 22.69. 

11.95 How is the sensitivity of a 
cathode-ray tube rated?—It is rated in 
terms of the voltage required to deflect 
the beam a given distance on the screen 
in millimeters or inches, with the signal 
applied directly to the deflecting plates 
(without amplification). Sensitivity is 
rated in rms volts per millimeter or 
peak-to-peak volts. For de deflection, it 
is rated in a similar manner. 

11.96 Are the characteristics of 
fluorescent screen the same for all types 
of cathode-ray tubes?—No. Tubes may 
be obtained with different degrees of 
persistence—long, medium, and short. 
Also, they may be obtained to repro-
duce the image in green, blue, or white. 

11.97 What does the term "persist-
ence" mean? — The various types of 
phosphor used in the manufacture of 
cathode-ray tubes (CRT) are many and 
varied. Basically there are at the pres-
ent time 35 types, designated Pl to P35, 
although there are many more that are 
unregistered. The persistence of the 
cathode-ray tube screen is classified 
by the time it takes for the screen 
to fade to 10 percent of its original 
brightness. 

The most common phosphors used 
for oscilloscopes are: Pl, P2, P5, P31, 
and P35 with a grain size of 10 microns, 
with colors being yellowish-green, blue, 
green, and blue-white. Phosphors P8, P9 
and P30 are no longer used. Lumines-
cence occurs during the excitation of 
the screen. Luminescence that persists 
more than ten nanoseconds after the 
excitation has ceased is termed phos-

cathode-ray oscilloscope 
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Fig. 11-97. Characteristics of phosphors used for cathode-ray tube screens. 
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phorescence. The chemical composition 

of typical CRT screens is: zinc ortho-
silicate, zinc cadmium sulphide, zinc 

sulphide, and many other combinations. 
Screens are available with variable 

persistence which will hold images from 

0.1 second to several minutes, hours, 
and even days. Thus, multiple images 
may be recorded and held or wiped off 
with the push of a button. To eliminate 
parallax in photography and when 
viewing an image at an angle, CRT's 
may be obtained with a flat screen and 
an internal graticule. A table of CRT 
phosphor characteristics is given in Fig. 
11-97 with their advantages and dis-
advantages. 

11.98 How is electromagnetic de-
flection used with a cathode-ray tube?— 
It is an electronic system of deflecting 
the electron beam in the cathode-ray 
tube by means of electromagnets placed 
around the exterior of the neck near 
the front end of the electron gun. The 
gun construction is the same as that 
used in the electrostatically deflected 
one, except that the focusing anode is 
replaced by an external focusing coil 
and the deflection plates are replaced 

,'by deflection coils. 
11.99 What is aquadag?—A graph-

ite coating used on the inside of a 
cathode-ray tube to collect secondary 
emission electrons and conduct them 
to ground. 

11.100 What is an intensifier ele-
ment?—An element in a cathode-ray 
tube, consisting of a band of graphite 
(aquadag) on the inner surface of the 
glass envelope, connected to a source 
of high voltage. Its purpose is to ac-
celerate the electron beam after it has 
been deflected. 

11.101 What is an ultor element 
in a cathode-ray tube?—It is the ele-
ment which receives the highest dc 
voltage for acceleration of the electron 
beam prior to its deflection. 

11.102 What is a post-ultor ele-
ment in a cathode-ray tube?—It is the 
element to which is applied a de volt-
age higher than the ultor element 
voltage to accelerate the electron beam 
after its deflection. 

11.103 What is germanium?— A 
rare metal discovered by Winkler in 
Saxony, Germany in the year 1896. Ger-
manium is a by-product of zinc mining. 
Germanium crystals are grown from 
germanium dioxide powder. Germanium 

in its purest state behaves much like 
an insulator because it has very few 
electrical charge carriers. (See Ques-
tion 11.111.) The conductivity of ger-

manium may be increased by the ad-
dition of an impurity in small amounts. 

11.104 What is the purpose of in-
ducing impurities in semiconductor 
material?—To control its conductivity 
characteristics. By introducing arsenic 
or antimony in germanium, its free or 
negative mobile charges are increased. 
The use of gallium, indium, or alumni-
num in germanium, increases the num-
ber of positive mobile charges (called 
holes). This characteristic is taken ad-

vantage of in the manufacture of tran-
sistors. The adding of an impurity to a 
semiconductor is termed doping. (See 
Question 11.114.) 

11.105 When was the phenomenon 
of asymmetric conduction in solids first 
observed?—The first known observation 
was by Munck and Henry in 1835, and 
later in 1874 by Braun. In 1905, Col. 
Dunwoody invented the crystal detec-
tor, used in the detection of electro-
magnetic waves. It consisted of a bar 
of silicon carbide or carborundum held 
between two contacts. However, in 1903, 
Pickard filed a patent application for a 
crystal detector in which a fine wire 
was placed in contact with the silicon. 
This was the first mention of a silicon 
rectifier, and was the forerunner of the 
present day silicon rectifier. Later, other 
minerals such as galena (lead sulphide) 
were employed as detectors. In 1883, 
Edison observed the flow of current be-
tween a hot filament and an anode 
placed in an evacuated bulb (Edison 
effect). In 1903 Fleming made use of 
Edison's discovery and devised the first 
vacuum diode detector. In 1906, Dr. Lee 
DeForest invented the three-element 
vacuum tube. During World War II, 
intensive research was conducted to 
improve crystal detectors used for 
microwave radar equipment. As a re-
sult of this research, the original point-
contact transistor was invented at the 
Bell Telephone Laboratories in 1948. 
Thus, it may be seen that semicon-
ductor devices preceded the vacuum 
tube by many years. 

11.106 Name different type devices 
classed as semiconductors.—A few of the 
more commonly known devices are: 

Chrortistor—A high-speed switching 
transistor. 
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Contact protector—A device consist-

ing of one or more diodes, which 
are connected across the circuit to 
reduce the effects of surge cur-
rents. For ac circuits, two diodes 
are connected in series back-to-

back. For de circuits, a single 
diode is used. (See Question 

24.67). 
Epitaxial annu/ar transistor—A tran-

sistor in which a high resistivity 

silicon is epitaxially grown on a 
low resistivity silicon substrate in 
a single crystal relationship. (See 
Question 11.118.) 

Field-Effect Transistor (FET) — A 
single-junction majority-carrier 
device and similar in several re-
spects to a vacuum tube. The FET 
has a high input impedance, is 
voltage controlled, and has a high 
output impedance although in the 

latter respect, by different manu-
facturing processes, it can have a 

lower output resistance than a 
vacuum tube. 

Photo fet—A light-sensitive field ef-
fect transistor fitted with a lens 
system and used similarly to a 
photocell. (See Questions 11.161 

and 19.170.) 
Phototransistor—Similar to the above, 

except it is of the conventional 
transistor type, fitted with a lens 
system. 

Photoconductive cell—Similar to the 
above. 

Silicon controlled rectifier (SCR)—A 
three-element device used for 
changing alternating current to 
direct current. The third element 
is used to control the action of the 
rectifying elements. (See Question 
11.150.) 

Selenium transient-voltage suppressor 
—A selenium diode having a con-
trolled reverse-breakdown charac-
teristic. Connected across rectifier 

circuits to protect the rectifying 

devices from heavy transient cur-
rents. (See Question 11.158.) 

Stabistor—A single- or multiple-
pellet diode with controlled for-
ward voltage characteristics, and 
always used in a forward biased 
condition. Stabistors are used in 
computer circuits and in low-volt-
age regulating circuits. 

Thyrector—A protector similar to a 
zener diode. (See Question 11.148.) 

Lumistor—A four-terminal high-
temperature semiconductor 

Thermistor—A thermally sensitive 
resistor that exhibits a change in 
electrical resistance with a change 
in its body temperature. 

Raysistor—A device in which a 

source of light and photosensitive 
resistive elements are enclosed in 
a single light-tight case, and used 
for circuit control by controlling 
the illumination of light falling on 
the photosensitive surface. 

Voltage-sensitive capacitor—A volt-

age-controlled diode that functions 
as a variable capacitor. 

Varactor diode—Similar to the above. 
Tunnel diode—So named from the 

nature of its characteristics, a 
process wherein a particle can dis-
appear from one side of a barrier, 

and reappear on the other side 
instantaneously, as if the particle 

had tunneled under the barrier 
element. 

Transistor—A device that may be 
used as an amplifier, oscillator, 

modulater, and many functions 
performed by vacuum tubes. 

Zeiter diode—A semiconductor de-
vice, the equivalent of the gaseous 
voltage regulator tube. They may 

be obtained to operate over a wide 
range of voltages. 

Thyrite varistor—A nonlinear resis-
tor in which the current varies as 

the power of the applied voltage, 
and used as a surge protector. 

The symbols used with semiconductors, 
and their construction, are shown in 
Fig. 11-114J. 

11.107 Describe the basic struc-
ture of a transistor—The transistor is a 
semiconductor device, invented by Dr. 
Wm. Shockley, Dr. John Bardeen, and 
Dr. Walter H. Brattain of the Bell Tele-
phone Laboratories in 1948. The name 
"Transistor" is coined from two words, 

transfer and resistor. The first transistor 
consisted of a particle of semiconductor 
material, such as germanium, mounted 
in a holder with two point contacts 
(Fig. 11-107A). 

In this type structure, connections to 
the emitter and collector were made by 
means of leads with sharp points in 
contact with the surface of the crystal 
(much like the crystal detector used in 
the early days of wireless telegraphy). 
During the manufacturing process, two 
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N -MA ERIAL 

POINT -CONTACT 

P-REGION P-REGION 

BASE 

EMITTER BASE COLLECTOR 

Fig. 11-107k Cross-sectional view of 
point-contact transistor. This type of 
transistor was the original design, but 
has now been replaced by the junction-

type transistor. 

small areas of p-type material are pro-
duced. Therefore, the contact points of 
the leads are actually in contact with a 
p-type material. The n-material is be-
tween the p-material and the base. 
Point-contact construction is now obso-
lete, having been superseded by the 
junction-type construction. 

COLLECTOR 

N 

N 

EMITTER 

BASE 

Fig. 11-107B. Basic construction for an 
npn transistor. 

Junction transistors may be con-
structed using one of two methods, as 
shown in Figs. 11-107B and C. In the 
junction-type construction, the con-
necting leads are fused to the surface of 
the semiconductor material (Fig. 11-
107D). The characteristics are control-

COLLECTOR 

N 

EMITTER 

BASE 

Fig. 11-107C. Basic construction for 
pnp transistor. 

Fig. 11-107D. Interior view of General 
Electric diffused-base transistor. 

led by doping the semiconductor mate-
rial with impurities. 

Since most semiconductor materials 
are photosensitive, it is necessary that 
the envelope enclosing the stručture be 
opaque. Transistors do not require a 
vacuum for their operation. The char-
acteristics of transistors are treated 
elsewhere in this section. 

11.108 Does radiation affect the 
operation of transistors?—Yes, however 
the radiation caused by cathode-ray 
tubes or high-voltage rectifiers has 
little or no effect if the distance is 
greater than 12 inches. Radiation causes 
the semiconductor material to become 
conductive. Silicon devices are less af-
fected than germanium. Cosmic, gamma, 
and nuclear radiations increase the 
leakage current and permanently affect 
the characteristics. 

11.109 What is the difference be-
tween electron and conventional current 
flow?—In the field of electronics, two 
methods of dealing with current flow 
prevail. In the conventional school of 
thought, the current flows from positive 
to negative, while in the electronics 

ELECTRON FLOW 

+ +++ 

+ P + 

+ +++ 

N 

"AIM +  

• Fig. 11-109A. Direction of current flow 
in a reversed-biased junction diode. 
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ELECTRON FLOW 
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Fig. 11-109B. Direction of current flow 
in a forward-biased junction diode. 

school of thought, the current flows 
with the electronic drift or negative to 
positive. Since the development of 
semiconductor devices, yet another 
theory of current flow has been de-
veloped—the hole movement positive 
to negative. In addition to this term are 
others such as forward current, reverse 
current, leakage current, saturation 
current and many others. Semiconduc-
tors with their opposite natures of npn 
and pnp combinations, and many more 
of multiple construction add to this 
confusion. 
A better understanding of semicon-

ductor current principles may be had 
by the diode concept. With an external 
battery connected across a pn junction 
(Fig. 11-109A), the current flow is de-
termined by the polarity of the applied 
voltage and its effect on the space-
charge region. In the illustration, the 
positive terminal of the battery is con-
nected to the n material and the neg-
ative terminal to the p material. In this 
arrangement, the free electrons in the 
n material are attracted to the positive 
terminal of the battery and away from 
the junction. At the same time, holes 
from the p-type material are attracted 
toward the negative terminal of the 
battery and away from the junction. 
As a result, the space-charge region 
at the junction becomes effectively 
wider, and the potentional gradient in-
creases until it approaches the battery 
potentional. Under these conditions the 
current flow is extremely small because 

CONVENTIONAL 
CURRENT FLOW 

CATHODE 7).  

NP 

0 11 

ELECTRON CURRENT FLOW 

o ANODE 

Fig. 11-109C. Symbol for a diode recti-
fier. The plus and minus terminals may 

be identified by arrow and bar. 

no voltage difference exists across 
either the p-type or the n-type region 
and the pn junction is said to be 
reverse-biased. 

If the connections are reversed as in 
Fig. 11-109B, the electrons in the p-type 
material near the positive terminal of 
the battery break their bonds and enter 
the battery, creating new holes. At the 
same time, electrons from the negative 
terminal of the battery enter the n-type 
material and diffuse toward the junc-
tion. The space-charge region then be-
comes effectively narrower, and the 
energy barrier decreases to an insig-
nificant value. Excess electrons from 
the n-material can then penetrate the 
space-charge region, flow across the 
junction and move by way of the holes 
in the p-type material toward the posi-
tive battery terminal. This flow will 
continue as long as the external poten-
tial is applied. Under these conditions it 
is said the junction is forward-biased 
and maximum current will flow. In the 
construction of a diode (Fig. 11-109C), 
the anode is always positive and it con-
sists of p-type material, and the cath-
ode consists of n-type material. Thus, 
if a positive potential is applied to the 
anode (bar symbol) conventional cur-
rent flow is from the anode to the cath-
ode, through the external circuit and 
back to the anode. Electron flow is in 
the opposite direction. (See Question 
11.148.) 

11.110 What is silicon?—A non-
metallic element used in the manufac-
ture of diode rectifiers and transistors. 
Its resistivity is considerably higher 
than that of germanium. 

11.111 Where does the resistance 
of germanium and silicon fall on the re-
sistance scale of semiconductor mate-
rial?—The relative position of pure ger-
manium and silicon is given in Fig. 11-
111. The scale indicates the resistance of 
conductors, semiconductors, and insula-
tors per cubic centimeter. Pure ger-
manium has a resistance of approxi-
mately 60 ohms per cubic centimeter. 
Germanium has a higher conductivity 
or less resistance to current flow than 
silicon, and is used in the majority of 
low- and medium-power diodes and 
transistors. 

71.112 Define the terms, majority 
and minority carriers.—A majority car-
rier is the type of charge carrier that 
constitutes more than half of the total 
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Fig. 11-111. Resistance of 
tenais per cubic centimeter. Pure ger-
manium has about 60-ohms resistance 

per cubic centimeter. 

li 

various ma-

charge-carrier concentration. Minority 
carriers constitute less than half the 
charge carriers. 

11.113 Define the term junction as 
applied to semiconductors.—The term 
junction refers to the region between 
semiconductor regions of different 
properties, between metal and semicon-
ductor material. An alloy of fused junc-
tion is formed by recrystallization on a 
base crystal from a liquid phase con-
taining doping materials. A diffused 
junction is formed by a solid or vapor 
diffusion of an impurity within the 
semiconductor. Doped junctions are 
produced by the addition of an im-
purity that melts during the crystal 
growth. A grown junction is a junction 
produced during the growth of a crystal 
from a smelt. (See Question 11.118.) 

11.114 What is the basic theory of 
a semiconductor? —To understand the 
theory of operation of a semiconductor 

FREE C>, ELLTRON 

• % i OE ,. , „, 
--

device, it must be approached from the 
standpoint of its atomic structure. 

The outer orbit of a germanium atom 
contains four electrons. The atomic 
structure for a pure germanium crystal 
is shown in Fig. 11-114A. Each atom 
containing four electrons forms covalent 
bonds with adjacent atoms. Therefore, 
there are no "free" electrons, and ger-
manium in its pure state is a poor con-
ductor of electricity. (See Fig. 11-111.) 
If a piece of "pure" germanium (the 
size used in a transistor) has a voltage 
applied to it, only a few microamperes 
of current will flow in the circuit. This 
current is caused by electrons which 
have been broken away from their 
bonds by thermal agitation, and will in-
crease at an exponential rate with an 
increase of temperature. 

Introducing into the germanium crys-
tal an atom with five electrons, such 
as antimony or arsenic, changes the 
atomic structure to that of Fig. 11-114B. 
The extra electrons (called free elec-
trons) will move toward the positive 
terminal of the external voltage source. 
When an electron flows from the 

germanium crystal to the positive ter-

-e 
" OE 

• • %...././..ELECTRON 

GERMANIUM / 
'111\ NUCLEUS 

s.. /5. 
/ 

, '' "OE •• 
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OE \ ‘ 

Fig. 11-114A. Atomic structure of a 
pure germanium crystal. In this condi-
tion germanium is a poor conductor. 
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Fig. 11-1148. Atomic structure of a germanium crystal when a doping agent con-
taining five electrons is induced. This type crystal is classified as n-type germanium. 
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Fig. 11-114C. Atomic structure of a germanium crystal when a doping agent con-
taining three electrons is induced. This type crystal is classified as p-type germanium. 

minal of the external voltage source, 
another electron enters the crystal from 
the negative terminal of the voltage 
source. Thus, a continuous stream of 
electrons will flow as long as the ex-
ternal potential is maintained. 
The atom containing the five elec-

trons is called a "doping agent" or 
"donor." Such germanium crystals are 
classified as n-type germanium. 

Using a doping agent of indium, 
gallium, or aluminum, which contain 
only three electrons in their outer 
orbit causes the germanium crystal to 
take the atomic structure of Fig. 11-
114C. In this structure, there is a "hole" 
or "acceptor." The term hole is used to 
denote a mobile particle having a pos-
itive charge, and simulates the prop-
erties of an electron having a positive 
charge. 

The use of the term hole is relatively 
new, but it is as useful as the term 
electron to explain the manner in which 
electricity is conducted by electrons. 
Electrons in semiconductors are also 
referred to as "carriers." 

Pure germanium is also referred to 
as "intrinsic germanium," which means 
that the germanium has an equal num-
ber of donors and acceptors. 
When a germanium crystal contain-

Fig. 11-114D. A germanium junction 
which consists of a p- and an n-type 

crystal. 

ing holes is subjected to an electrical 
field, electrons jump into the holes, and 
the holes appear to move towards the 
negative terminal of the external volt-
age source. 
When a hole arrives at the negative 

terminal, an electron is emitted by the 
terminal and the hole is canceled. 
Simultaneously, an electron from one 
of the covalent bonds flows into the 
positive terminal of the voltage source. 
This new hole moves toward the nega-
tive terminal causing a continuous flow 
of holes in the crystal. 
Germanium crystals having a defi-

ciency of electrons are classified p-type 
germanium. Insofar, as the external 
electrical circuits are concerned, there 
is no difference between electron and 
hole current flow. However, the method 
of connection to the two types of tran-
sistors differs. 

With an electrical field of one volt 
per centimeter in germanium, an elec-
tron will move at a velocity of 3600 
centimeters per second, whereas a hole 
will move at a velocity of 1700 centi-
meters per second. 
When a germanium crystal is so 

doped that it abruptly changes from 
an n-type to a p-type, and a positive 
potential is applied to the p region, and 

Fig. 11-114E. Voltage versus current 
characteristic of the junction shown in 

Fig. 11-114D. 
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Fig. 11-114F. The junction transistor 
seen in Fig. 11-114D, with the battery 

polarities reversed. 

a negative potential to the n region, the 
conditions will be as shown in Fig. 11-
114D. 

The holes move through the junc-
tion to the right and the electrons to 
the left, resulting in a voltage-cur-
rent characteristic as shown in Fig. 
11-114E. If the potential is reversed as 
shown in Fig. 11-114F both electrons 
and holes move away from the junc-
tion until the electrical field produced 
by their displacement counteracts the 
applied electrical field. Under these 
conditions zero current flows in the 
external circuit. Any minute amount 
of current which might flow is caused 
by thermal generated hole pairs. It will 
be noted in Fig. 11-114G, a plot of the 
voltage versus current for the reversed 
condition, the leakage current is es-
sentially independent of the applied 
potential up to the point where the 
junction breaks down. 
The basic construction of an npn-

type transistor is shown in Fig. 11-114H. 
The left-hand n and center p section 
is forward-biased, and is termed the 
emitter junction. The other junction 
formed by the p and right-hand n sec-

-E 

1JA 

BREAKDOWN 

Fig. 11-114G. Voltage versus current 
characteristics of the junction transistor 
with the battery polarities shown in 

Fig. 11-114F. 

tion is reverse-biased, and is termed the 
collector junction. The p- type base is 
"lightly" doped in comparison to the n-
type emitter; therefore, the majority of 
the current flowing from the emitter to 
the base is electron current with very 
little hole current. The major portion 
of the electrons emitted by the base 
diffuse across the collector junction and 
pass to the collector circuit. The ratio of 
emitter current to collector current is 
termed the "alpha" of a transistor. 

It is essential that the value of alpha 
be as great as possible. This is achieved 
by a light doping of the base using a 
thin base region of the order of 1 mil, 
and minimizing the unwanted impur-
ities in the germanium that might cause 
recombination of electrons before they 
transverse the base region. Alpha's of 
0.95 to 0.99 are common in commercial 
transistors. 

Only a small amount of leakage cur-
rent flows in the collector circuit unless 
current is induced in the emitter. A 
small voltage of the order of 0.10 to 
0.50 volt is all that is required to cause 
an appreciable amount of current flow; 
thus, the input power is quite small. 

EMITTER JUNCTION -v-COLLECTOR JUNCTION- \ 

N P N 0 HOLE 

• ELECTRON 

ONO 

Fig. 11-114H. Basic construction and connections for an npn junction-type transistor. 
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PNP 

NPN 

Fig. 11-1141. Symbols for a pnp and an 
npn transistor. 

This permits a relatively large amount 
of power to be controlled in the ex-
ternal load circuit by a small amount 
of power at the input circuit. 
The power gain of a transistor may 

be calculated: 

Peat 

where, 
Peet IS the output power, 
Pln is the input power, 
El. is the voltage at the input, 
E.,.., is the voltage at the output, 
Rt, is the input resistance of the 

transistor, 
RI, is the load resistance. 

The materials used in the manufac-
ture of semiconductor devices are ger-
manium and silicon. As germanium has 
a higher conductivity than silicon, it is 
used in most low- and medium-power 
diodes and transistors. Silicon is more 
suitable for high-power devices than is 
germanium since it may be used at 
much higher temperatures. Consider-
able research is being done in the de-
velopment of gallium arsenide, which 
combines the most desirable character-
istics of both germanium and silicon. 
The npn-type junction transistor cor-

responds to the conventional triode 
vacuum tube using negative (electron) 
carriers. The pnp-type might be com-
pared to a vacuum tube operating (if 
it were possible) with the electrons 
flowing from plate to cathode. 

Graphical symbols for diodes and 
transistors are given in Figs. 11-1141 
and J. The arrows on the diagrams indi-
cate the direction of electron flow. The 
base in a transistor corresponds to the 
control grid in a vacuum tube, the emit-
ter to the cathode or filament, and the 
collector to the plate of a tube. However, 

transistors are entirely different from 
vacuum tubes as they are current-
controlled devices, where a vacuum 
tube is voltage controlled and has a 
high input impedance. Transistors may 
have either a high- or low-input im-
pedance, depending on the circuit de-
sign. The load impedance has a direct 
effect on the input impedance and vice 
versa. Although transistors will per-
form functions of the vacuum tube, 
their design requires a new concept in 
circuit design compared to that used 
for vacuum-tube circuit design. In Fig. 
11-114J are given the symbols used for 
the more common types of transistors 
and diodes. However, this list is by no 
means complete, as the semiconductor 
field is undergoing continuous change. 

11.115 What are the letter symbols 
used with semiconductor devices for 
identifying their electrical character-
istics?—Although the letter symbols for 
transistors and diodes have not been 
completely standardized throughout the 
electronic industry, many symbols have 
become fairly well established by com-
mon usage. A tabulation of the symbols 
in use at the present time is given in 
Fig. 11-115. For letter symbols not 
given, the basic symbol is used and 
modified to suit the particular require-
ment. 

Nomenclature used for the classifica-
tion of semiconductor devices use the 
prefix 1N for diodes followed by the 
type number, such as 1N3493. Transis-
tors use the prefix 2N followed by the 
type number. Letters appearing after 
the type number indicate a modification 
of the original design. 

11.116 How are the polarities of 
semiconductor devices identified?—For 
diodes, the symbol representing an 
arrow and base is imprinted on the 
housing if large enough. The arrow 
always indicates the direction of con-
ventional current /low, and is the posi-
tive (+) terminal. Electron flow is in 
the direction opposite to the arrow.-If 
the device is too small for the symbol 
to read, a red dot is sometimes used to 
denote the positive terminal. For min-
iature-type diodes, the type number is 
indicated using the standard electronic 
industry color code. In this case the 
negative or cathode terminal is at the 
start of the number, as shown in Fig. 
11-116A. Diodes of early manufacture 
used a black ring or bar to denote the 
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NAME OF 
DEVICE 

CIRCUIT 
SYMBOL 

COMMONLY USED 
JUNCTION 
SCHEMATIC 

NAME OF 
DEVICE 

CIRCUIT 
SYMBOL 

COMMONLY USED  
JUNCTION 

SCHEMATIC 

DIODE 
OR 
RECTIFIER 

iNODE 

CATHODE 

ANODE 

PNP 
TRANSISTOR 

COLLECTOR COLLECTOR 

P 
P 

w 
N  

N 
BASE 

I-8\ EMITTER 

4  P 

CAT HODE 
op 

EMITTER 

AVALANCHE 
(ZENER) 
DIODE 

( 

CATHODE 

ANODE 
ItANODE 
I s  

TRANSISTOR 
(WT) 

BASE 

EMITTER 
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EMITTER 
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ELECTRODE 
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ELECTRODE 

POSITIVE 
ELECTRODE 
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SCR* 
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P 
P N 
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CATH. 0 GATE 
NEGATIVE 
ELECTRODE 

SNAP DIODE 
OR STEP 
RECOVERY 
DIODE 
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ANODE 
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CONTROLLED 
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ANODE 

GATE 

ANODE 

Z 

OP 

I 

ANODE 2 

N N 

P N 
N 

P 
N N 

CATHODE 
GATE ANODE I 

NPN 
TRANSISTOR 

COLLECTOR COLLECTOR 

DIAC 
TRIGGER 

* 

N N 
P w P 

BASE 

ZOE\ EMITTER 
N N 

co 

EMITTER 

* LIGHT ACTIVATED SCS ALSO POSSIBLE 

Fig. 11-114J. Graphical symbols for semiconductor devices, with their internal con-

struction. The above symbols corer only the major designs. (Courtesy, General 
Electric Co., Semiconductor Div.) 
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df 

11 
NF 

TA 
Ta 

TM? 

TBTO 
0 
0J-A 

C,,",. 

c. 

Cleo 

C.. 

Es/b 

f. 
fan 

¡ht. 

f7 

GENERAL SEMICONDUCTOR 
SYMOLS 

duty factor 
efficiency (eta) 
noise figure 
temperature 
ambient temperature 
case temperature 
junction temperature 
mounting-flange tempera-
ture 
storage temperature 
thermal resistance 
thermal resistance, junc-
tion-to-ambient 
thermal resistance, junc-
tion-to-case 
thermal resistance, junc-
tion-to-mounting flange 
delay time 
turn-on time 
fall time 
pulse time 
rise time 
storage time 
turn-off time 
time constant (tau) 
saturation stored-charge 
time constant 

TRANSISTOR SYMBOLS 

collector-to-base feedback 
capacitance 
collector - to - case capaci-
tance 
collector-to-base feedback 
capacitance 
input capacitance, open cir-
cuit (common base) 
input capacitance, open cir-
cuit (common emitter) 
output capacitance, open 
circuit (common base) 
output capacitance, open 
circuit (common emitter) 
second-breakdown energy 
cutoff frequency 
small-signal forward-cur-
rent transfer-ratio cutoff 
frequency, short - circuit 
(common base) 
small-signal forward-cur-
rent transfer-ratio cutoff 
frequency, short - circuit 
(common emitter) 
gain - bandwidth product 
(frequency at which small-

gm. 

GPO 

Gph 

GP5 

G. 

hPB 

hth 

hra 

hi. 

hie 

hi. 

hob 

h.. 

hr. 

h,. 

IB 

IB. 
Ic 
io 

TOO 
'CHO 

TRANSISTOR SYMBOLS 
(Continued) 

signal forward-current 
transfer ratio, common 
emitter, extrapolates to 
unity) 
small-signal transconduc-
tance (common emitter) 
large-signal average power 
gain (common base) 
small-signal average power 
gain (common base) 
large-signal average power 
gain (common emitter) 
small-signal average power 
gain (common emitter) 
static forward-current 
transfer ratio (common 
base) 
small-signal forward-cur-
rent transfer ratio, short 
circuit (common base) 
st a t i c forward-current 
transfer ratio (common 
emitter) 
small-signal forward-cur-
rent transfer ratio, short 
circuit (common emitter) 
small-signal input imped-
ance, short circuit (com-
mon base) 
static input resistance 
(common emitter) 
small-signal input imped-
ance, short circuit (com-
mon emitter) 
small-signal output imped-
ance, open circuit (common 
base) 
small-signal output imped-
ance, open circuit (common 
emitter) 
small-signal reverse-volt-
age transfer ratio, open cir-
cuit (common base) 
small-signal reverse-volt-
age transfer ratio, open cir-
cuit (common emitter) 
base current 
turn-on current 
turn-off current 
collector current 
collector current, instanta-
neous value 
collector-cutoff current 
collector - cutoff current, 
emitter open 

Fig. 11-115. Letter symbols used with semiconductor devices. 
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/CEO 

IcER 

ICES 

ICEV 

ICRX 

ICB 

IS 
1E130 

Ism 

MAG 

MAG, 

MUG 

PRB 

PRE 

Pen 

PCB 

PCE 

PCB 

psa 

PIB 

TRANSISTOR SYMBOLS 
(Continued) 

collector - cutoff current, 
base open 
collector - cutoff current, 
specified resistance between 
base and emitter 
collector - cutoff current, 
base short-circuited to 
emitter 
collector - cutoff current, 
specified voltage between 
base and emitter 
collector - cutoff current, 
specified circuit between 
base and emitter 
switching current (at mini-
mum him per specification) 
emitter current 
emitter-cutoff current, col-
lector open 
second-breakdown collector 
current 
maximum available ampli-
fier gain 
maximum available conver-
sion gain 
maximum usable amplifier 
gain 
total dc or average power 
input to base (common 
emitter) 
total instantaneous power 
input to base (common 
emitter) 
total dc or average power 
input to collector (common 
base) 
total instantaneous power 
input to collector (common 
base) 
total dc or average power 
input to collector (common 
emitter) 
total instantaneous power 
input to collector (common 
emitter) 
total de or average power 
input to emitter (common 
base) 
total instantaneous power 
input to emitter (common 
base) 
large-signal input power 
(common base) 
small-signal input power 
(common base) 

PIE 

Pl. 

POR 

PM, 

POE 

P.. 

Q. 
ree (sat) 

Re (hi.) 

Rn 
RI. 

RL 
R., 

Rs 
VBB 
VBC 
VMS 
V(B)OCB0 

VOUOCE0 

V(BIOCE/I 

V(BIOCES 

V(B/OCEV 

V(BR)ERO 

VCR 
VCR (f1) 

VCR (11) 

TRANSISTOR SYMBOLS 
(Continued) 

large-signal input power 
(common emitter) 
small-signal input power 
(common emitter) 
large-signal output power 
(common base) 
small-signal output power 
(common base) 
large-signal output power 
(common emitter) 
small-signal output power 
(common emitter) 
stored base charge 
collector-to-emitter satura-
tion resistance 
real part of small-signal 
input impedance, short cir-
cuit (common emitter) 
generator resistance 
input resistance (common 
emitter) 
load resistance 
output resistance (common 
emitter) 
source resistance 
base-supply voltage 
base-to-collector voltage 
base-to-emitter voltage 
collector-to-base break-
down voltage, emitter open 
collector-to-emitter break-
down voltage, base open 
collector-to-emitter break-
down voltage, specified re-
sistance between base and 
emitter 
collector-to-emitter break-
down 'voltage, base short-
circuited to emitter 
collector-to-emitter break-
down voltage, specified 
voltage between base and 
emitter 
emitter-to-base breakdown 
voltage, collector open 
collector-to-base voltage 
dc open-circuit voltage be-
tween collector and base 
(floating potential), emitter 
biased with respect to base 
de open-circuit voltage be-
tween collector and emitter 
(floating potential), base 
biased with respect to 
emitter 

(Courtesy, Radio Corporation of America) 
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VBB 
VEB (1i) 

VEBO 

V1E1 
VIT 
Yr• 
YI • 
YO. 
Y,. 

A 

BO. 

Cd. 

W HO 

VCBV 

Vag 

VCR 
VC50 

Vomit 

V(118 

VCBV 

TRANSISTOR SYMBOLS 
(Continued) 

collector - to - base voltage 
(emitter open) 
collector - to - base voltage, 
specified voltage between 
emitter and base 
collector-supply voltage 
collector-to-emitter voltage 
collector-to-emitter voltage, 
base open 
collector - to - emitter volt-
age, specified resistance be-
tween base and emitter 
collector - to - emitter volt-
age, base short-circuited to 
emitter 
collector - to - emitter volt-
age, specified voltage be-
tween base and emitter 

VC& (sat) collector-to-emitter satura-
tion voltage 
emitter - to - base voltage, 
de open-circuit voltage be-
tween emitter and base 
(floating potential), collec-
tor biased with respect to 
base 
emitter - to-base voltage, 
collector open 
emitter-supply voltage 
reach-through voltage 
forward transconductance 
input admittance 
output admittance 
reverse transconductance 

MOS FIELD-EFFECT 
TRANSISTOR SYMBOLS 

voltage amplification (= 
Yi./Y.. -F YE) 
= cd. 
intrinsic channel capaci-
tance 
drain-to-source capacitance 
(includes approximately 1-
pF drain-to-case and in-
terlead capacitance) YE 

Fig. 11-115. (Continued) 

negative terminal. Top-hat types are 
marked as shown in Fig. 11-116B. 

Transistors, due to their many types 
and shapes are sometimes hard to iden-
tify; therefore, it is good practice to 
consult the manufacturer's data sheet 
for the correct terminals and polarity. 

MOS FIELD-EFFECT TRANSISTOR 
SYMBOLS (Continued) 

Cord 

ch. 

Cr.. 

gt• 
gi• 

ID 

fps (OFF) 

NF 

r• 

ta 
ra 

ros (ON) 

rgd 

VDB 
VDS 
VOR 

VOR 

VO' 
Vas 

gate-to-drain capacitance 
(includes 0.1-pF interlead 
capacitance) 
gate - to - source interlead 
and case capacitance 
small-signal input capaci-
tance, short circuit 
small-signal reverse trans-
fer capacitance, short cir-
cuit 
forward transconductance 
input conductance 
output conductance 
dc drain current 
drain-to-source OFF cur-
rent 
gate leakage current 
spot noise figure (generator 
resistance Ito = 1 megohm) 
effective gate series resist-
ance 
active channel resistance 
unmodulated channel re-
sistance 
drain-to-source ON resist-
ance 
gate-to-drain leakage re-
sistance 
gate-to-source leakage re-
sistance 
drain-to-substrate voltage 
drain-to-source voltage 
de gate-to-substrate volt-
age 
peak gate-to-subtrate volt-
age 
de gate-to-source voltage 
peak gate-to-source volt-
age 

Voe (OFF) gate-to-source cutoff volt-
age 

Y. forward transadmittance 
gf. 

Y.. output admittance = g.. 
jB.., B.. = duCd. 
load admittance = gE -F jBE 

For three lead types, the center lead is 
usually the base. A dot indicates the 
collector; therefore, the remaining lead 
is the emitter. 

11.117 What is the approximate re-
sistance that may be expected between 
the elements of a transistor?—The ap-
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CATHODE 14 AMIDE 

Ill 
COLOR CODE / 

(a) Tubular type with color-code 
stripes indicating the type number. 

11 CATHODE . I ANODE 

igl 

(b) Top-hat type. 

Fig. 11-116. Diode polarity markings. 
The arrow indicates conventional current 
flow. Electron flow is in the opposite 

direction. 

proximate resistance that may be ex-
pected between any two elements of 
an npn transistor known to be operative 
is shown in Fig. 11-117A, and may be 
measured using a low current volt-
ohmmeter. Before using the ohmmeter, 
the current flow between the leads of 
the ohmmeter must be measured with 
a rnicroammeter or milliammeter; also 
measure the open-circuit voltage using 
a 1000 ohm-per-volt meter. For a typi-
cal 20,000 ohm-per-volt service meter 
on the X 100 resistance scale, the cur-
rent measured 76 microamperes; on the 
X 1.0 scale, 800-microamperes; and 70 
milliamperes on the 1/100 scale. The 
highest scale measured 16 volts, and the 
two lower scales 1.6 volts. Thus, it can 
be seen that a good transistor could be 
damaged if measured on the low-resist-
ance scale. 

Referring again to Fig. 11-117A, it is 
indicated that for a given polarity of the 
ohmmeter, either a high or low resist-
ance may be expected between a given 
pair of terminals. Generally the ratio of 

COLLECTOR (C) EMITTER (E) 

BASE (B) 

LOW -+ LOW --

-HIGH HIGH - 

 LOW 

 HIGH  

Fig. 11-117A. Approximate resistance 
between the elements of o transistor 
when measured with an ohmmeter. The 
polarities will be reversed for a pnp 

transistor. 

high to low will be on the order of 
200,000 ohms or greater; on the low side 
between 1 to 2 ohms. For a pnp type, 
the polarities are reversed from those 
shown. The effects of an internal short 
circuit for an operating transistor is 
shown in Fig. 11-117B, with a tabulation 
of the effect on the operating voltages 
shown in Fig. 11-117C. The operating 
voltages should, for accuracy, be mea-
sured with a meter of extremely high 
resistance, or better yet, with a de vac-
uum-tube voltmeter. 

11.718 Describe the methods of 
construction used in the manufacture of 

Fig. 11-117B. An npn-type transistor 
with its components. If two of the ele-
ments ore shorted, as shown by the 
dotted line, the effects tabulated in Fig. 

11-117C may exist. 

Short Circuit 
Between Elements Base Emitter Collector 

B and E 

C and E 

B and C 

increase 

decrease 

decrease 

decrease 

increase 

increase 

decrease 

increase 

increase 

Fig. 11-117C. Tabulation of the effect on operating voltages across the resistive 
components of the transistor in Fig. 11-11713 when certain elements of the transistor 

are short-circuited internally. 
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transistors.—The principal difference in 
the manufacturing of transistors is the 
method used in the construction of the 
junctions. Certain types of transistors 
employ up to eight elements, and there 
appears to be no limit to the various 
combinations possible. In Fig. 11-118A 
is shown the construction of a grown-
junction transistor. An alloy-junction 
transistor is shown in Fig. 11-118B. 
During the manufacture of the material 
for a grown junction, the impurity con-
tent of the semiconductor is altered to 
provide npn or pnp regions. The grown 
material is cut into small sections and 
contacts are attached to the regions. In 
the alloy-junction type, small dots of n-
or p-type impurity elements are at-
tached to either side of a thin wafer 
of p- or n-type semiconductor material. 
After heating, the impurity dot alloys 
with the semiconductor material to 
form regions for the emitter and collec-
tor junctions. The base connection is 
made to the original semiconductor ma-
terial. Drift-field transistors employ a 
modified alloy junction in which the 
impurity concentration in the wafer is 
diffused or graded, as shown in Fig. 
11-118C. The drift field speeds up the 
current flow and extends the frequency 
response of the alloy-junction transis-
tor. 
A variation of the drift-field transis-

tor is the microalloy diffused transistor 
(Fig. 11-118D). Very narrow base di-
mensions are achieved by etching tech-
niques, resulting in a shortened current 
path to the collector. Mesa transistors, 
shown in Fig. 11-118E, use the original 
semiconductor material as the collector, 
with the base material diffused into the 
wafer and an emitter dot alloyed into 
the base region. A flat-topped peak or 
mesa is etched to reduce the area of the 
collector at the base junction. Mesa 
devices have large power-dissipation 
capabilities and can be operated at very 
high frequencies. Double-diffused epi-

E 

taxial mesa transistors are grown by the 
use of vapor deposition to build up a 
crystal layer on a crystal wafer, and 
will permit the precise control of the 
physical and electrical dimensions inde-
pendently of the nature of the original 
wafer. This technique is shown in Fig. 
11-118F. 
The planar transistor is a highly so-

phisticated method of constructing 
transistors. A limited area source is 
used for both the base diffusion and 
emitter diffusion, which provides a very 
small active area, with a large wire con-
tact area. The advantage of the planar 
construction is its high dissipation, 
lower leakage current, and lower col-
lector-cutoff current, which increases 
the stability and reliability. Planar con-
struction is also used with several of 
the previously discussed base designs. 
A double-diffused epitaxial planar 
transistor is shown in Fig. 11-118G. 

11.119 What are the general pre-
cautions to be observed with the use of 
semiconductor devices?—Limit the max-
imum junction temperature to prevent 
excessive leakage currents. Use low 
values of stability factors, such as using 
resistance in the emitter circuit. Reduce 
the value of the shunt resistance from 
base to emitter to a value as low as pos-
sible (taking into consideration the gain 
requirements). Use large values of col-
lector current to minimize temperature 
changes. Use low values of source re-
sistance to keep the stability factor low. 
In temperature-compensated circuits, 
provide a common heat sink for all 
semiconductor devices. Do not use an 
ohmmeter for checking a transistor or 
diode without first measuring the cur-
rent flow between the ohmmeter leads. 
When soldering, use heat-sink pliers on 
the leads. Use a thermal derating factor 
when operating at temperatures above 
25 degrees centigrade. The foregoing 
are but a few precautions to be ob-
served in the use of semiconductor de-

E 

Fig. 11-118A. Grown-
junction transistor. 

Fig. 11-118B. Alloy- Fig. 11-118C. Drift-field 
junction transistor. transistor. 
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Fig. 11-118D. Microal-
loy-diffused transistor. 

E B 
DIFFUSED 
BASE 

Fig. 11-118E. Mesa tran-
sistor. 

Fig. 11-118G. Double-diffused epitaxial 
planar transistor. 

vices. When in doubt, consult the man-
ufacturer's data sheet. 

11.120 What is meant by the term 
"punch-through"?—It is the widening of 
the space charge between the collec-
tor element and the base of a transis-
tor. As the potential Veb is increased 
from a low to a high value, the collec-
tor-base space charge is widened. This 
widening effect of the space charge, 
narrows the effective width of the base. 
If the diode space charge does not 
"avalanche" before the space charge 
spreads to the emitter section, a phe-
nomenon termed "punch-through" is 
encountered. (See Fig. 11-120.) 

The effect is: the base disappears as 
the collector-base, space charge layer 
contacts the emitter, creating a rela-
tively low resistance between the emit-
ter and the collector, causing a sharp 
rise in the current. The transistor ac-
tion then ceases. As there is no voltage 
breakdown in the transistor, it will 
start functioning again if the voltage is 
lowered to a value below where punch-
through occurs. 
When a transistor is operated in the 

punch-through region, its functioning is 
not normal, and heat is generated in-
ternally which can cause permanent 
damage to the elements. 

11.121 Define breakdown voltage in 
a transistor.—Breakdown voltage is that 
voltage value between two given ele-
ments in a transistor at which the crys-
tal structure changes and current be-
gins to increase rapidly. Breakdown 
voltage may be measured with the third 
electrode open, shorted, or biased in 

E B 
DIFFUSED 
BASE 

C 

ORIGINAL 
WAFER 

LAYER 
ENTAXIAL 

Fig. 11-118F. Epitaxial 
mesa transistor 

DIFFUSED EMITTER 
EMITTER CONTACT 

EPITAXIAL BASE 
LAYER 

DIFFUSED 
BASE 

COLLECTOR 
ORIGINAL 
WAFER 

either the forward or reverse direction. 
A group of collector characteristics for 
different values of base bias are shown 
in Fig. 11-121. It will be observed the 
collector-to-emitter breakdown volt-
age increases as the base-to-emitter 
bias is decreased from the normal for-
ward values through zero to reverse. 
As the resistance in the base-to-emitter 
circuit decreases, the collector char-
acteristics develop two breakdown 
points. After the initial breakdown, the 
collector-to-emitter voltage decreases 
with an increasing collector current, 
until another breakdown occurs at the 
lower voltage. 

Breakdown can be very destructive 
in power transistors. A breakdown 
mechanism, termed second breakdown, 
is an electrical and thermal process in 
which current is concentrated in a very 
small area. The high current, together 
with the voltage across the transistor, 
causes intense heating, melting a hole 
from the collector to, the emitter, caus-

SPACE 
CHARGE 

VEE VCB 

Fig. 11-120. Spreading of the space 
charge between the emitter and the 
collector. This phenomenon is called 

"punch-through." 
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OE-

x 

..,„,r— t-4 .„ 
'CEO : .'OECES 1 

BVCER INEX 

COLLECTOR -TO- EMITTER VOLTAGE 

Fig. 11-121. Typical collector character-
istic curves showing locations of various 
breakdown voltages. (Courtesy Radio 

Corporation of America) 

ing a short circuit and internal break-
down of the transistor. 

The fundamental limitation to the 
use of transistors is the breakdown 
voltage, (BV.). Because the break-
down voltage is not sharp, it is neces-
sary to specify the value of collector 
current at which breakdown will occur. 
This data may be obtained from the 
manufacturer's data sheet. 

11.122 Define the term "extrinsic 
transconductance."—It is the quotient of 
a small change in collector current di-
vided by a small change in emitter-to-
base voltage producing it, under the 
condition that other voltages remain 
unchanged. 

11.123 Show the flow of current 
through a transistor.—The current flow 
paths for both pnp- and npn-type tran-
sistors are given in Fig. 11-123. It will 
be observed that the flow of current is 
reversed from one type to the other. 

11.124 What are the equivalent cir-

i 
E 

IE 

+ 

(a) In a pnp type. 

+ 

_ 

(b) In an upa type. 

Fig. 11-123. Current flow paths as they 
occur in a transistor. 

ra rc 

(a) Common base. 

(b) Common emitter. 

Ib r, 

(c) Common collector. 

Fig. 11-124. Equivalent circuits for tran-
sistors. 

cults for transistors?—Transistors may 
be considered to be a "T" configuration 
active network. Three such networks 
are given Fig. 11-124. 

(a) Vacuum tube. 

(b) Npn transistor. 

NI, 

(c) Pnp transistor. 

Fig. 11-125A. Comparison of a grounded 
cathode vacuum tube to a transistor 
using a grounded-emitter connection. 
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(a) Vacuum tube. 

Vo 

(b) An npn transistor. 

(c) A pnp transistor. 

Fig: 11-12511. Comparison of a cathode. 
follower vacuum tube circuit (plate at ac 
ground) to a transistor using a grounded. 

collector connection. 

11.125 What are the phase rela-
tionships between the input and output 
of a transistor?--For the conventional 
transistor the only configuration that 
will provide a 180-degree phase rever-
sal between input and output is the 
grounded or common-emitter configu-
ration (Fig. 11-125A). Phase relations 
for the grounded or common-collector 
and common-base configurations are 
shown in Figs. 11-125B and C. These 
configurations have the same phase for 
both input and output. Equivalent vac-
uum tube circuits have been included 
for comparison. In the instance of the 
field-effect transistor (FET), Fig. 11-
125D, for a given instantaneous polarity 
of the input signal at the gate, the out-
put signal at the drain is reversed by 
180 degrees. The signal at the source is 
of the same phase as the gate. This 
makes the FET ideal for phase-inverter 
applications. 

11.126 What is the relationship be-
tween the input and output impedance of 
a transistor?—The input resistance for 
the common-collector and common-
base configuration increases with an in-. 
crease of the load resistance RL. For the 

(a) Vacuum tube. 

(b) An npn transistor. 

(c) A pnp transistor. 

Fig. 11-125C. Comparison of a grounded. 
grid  m tube to a transistor using a 

grounded-base connection. 

common-emitter, the input resistance 
decreases as the load resistance is in-
creased; therefore, changes of input or 
output resistance are reflected from one 
to the other. Typical variations of out-
put resistance for changes in generator 
impedance are given in Fig. 11-126. 
Voltage, power, and current gains are 
shown for a typical common-emitter 
configuration in Fig. 11-128. 

+Vos 

OUTPUTS 

Fig. 11-125D. Signal-voltage polarities 
in a p-channel field-effect transistor 

(FET). 



498 THE AUDIO CYCLOPEDIA 

(a) Grounded base. 

B 
INPUT OUTPUT 
Z.620n Z.54K 

(b) Grounded emitter. 

(c) Grounded collector. 

Fig. 11-126. Junction-type transistor 
circuits showing the input and output 
impedances. The impedances shown are 
typical and will vary with different type 

transistors. 

11.127 Show typical amplifier cir-
cuits for transistors.—Three simple am-
plifier circuits are shown in Figs. 11-
127A, B, and C. In Fig. 11-127A is shown 
a two-stage resistance-capacitance 
(RC) coupled amplifier. In Fig. 11-127B, 
the circuit is direct-coupled, eliminating 
the coupling capacitors. Today's trends 
are toward the use of direct-coupled 
circuitry, since it reduces the phase-
shift, extends the frequency range in 
both directions, and reduces the num-
ber of components. However, on the 
other hand, the gain is somewhat re-
duced over that of the RC coupled 
types, and the number of stages that 
can be direct-coupled is limited. Vari-

INPUT 

'ations in the bias voltage are also re-
flected in the other stages. The term 
direct-coupled does not imply that it 
may be used for the amplification of 
direct current, as the extremely low-
frequency signals are limited by factors 
other than the coupling method. 
A transformer-coupled amplifier is 

shown in Fig. 11-127C. Although either 
pnp- or npn-type transistors may be 
used if the correct polarities are ob-
served, it is quite important that the 
transformers match the transistor input 
and output impedances. Transistors are 
not necessarily confined to the circuits 
shown, but may be used in any ampli-
fier configuration, such as single-ended 
types, push-pull, class-A, -B and -C, 
and other subscripts. Transistors may 
also be used for radio-frequency am-
plification up to several hundred mega-
hertz. In fact, transistors may be used 
in almost any application where vac-
uum tubes are used, and in many cir-
cuits where it would be impractical to 
use tubes. Transistors may be used in 
an impedance-coupled circuit or with 
autotransformers. However, these cir-
cuits are generally only employed for 
special-purpose amplifiers. 

Transistors may also be operated in 
parallel, similar to vacuum tubes, but 
unfortunately transistors, although of 
the same type and manufacture, do not 
always have similar characteristics. If 
the transistors are unmatched, when 
connected in parallel one transistor may 
be carrying most of the load. Two solu-
tions are apparent—either use matched 
pairs of transistors or employ «emitter 
resistors to balance the load. It has been 
found that for power transistors rated 
at 5 amperes or greater, a resistance of 
about 0.2 ohm connected in each emitter 
will generally be satisfactory. A rule of 
thumb is to use a resistor that will 

Fig. 11-127A. Typical resistance-capacitance coupled audio amplifier. 
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NPN 

INPUT 

+vcc 

v CC 

Fig. 11-127B. Direct-coupled amplifier using negative feedback between first and 

second stages. 

cause a voltage drop of 1 volt at the 
maximum collector current. If possible, 
measure the characteristics of each 
transistor and then select two having 
nearly the same characteristics; also 

insert the resistor in the emitter cir-
cuits. If these precautions are not ob-
served, one transistor can be badly 
damaged. 

11.128 Show the voltage, power, 
and current gains for a typical transistor. 
—Typical curves for a conventional 
transistor using a common-emitter con-
figuration are shown in Fig. 11-128. It 

will be noted the current gain decreases 
as the load resistance is increased. The 

voltage gain increases as the load re-
sistance is increased. Maximum power 

gain occurs when the load resistance is 
approximately 40,000 ohms, and it may 
exceed unity. For the common-collector 
connection, the current gain decreases 
as the load resistance is increased, and 
while the voltage gain increases as the 
load resistance is increased, it never ex-
ceeds unity. Curves such as these help 
the designer to select a set of conditions 
for a specific result. 

11.129 How is power gain for a 
transistor calculated?—The power gain 
varies as the ratio of the input to out-

2.1 E 

13 fi 

put impedance, and may be computed: 

dB = 10 Logio Z., 
Zln 

where, 
Z I. is the input impedance in ohms, 
Z..' is the output impedance. 

11.130 Can negative feedback be 
applied to transistor amplifiers?—Nega-
tive feedback is employed extensively 
in transistor amplifiers much in the 
same manner as vacuum tubes. One of 
the most common methods being used 
is to omit bypassing the emitter circuits. 
Referring to Fig. 11-130, here two feed-
back circuits are employed, one from 
the output to the emitter of Q1 and a 
second from the collector of Q2 to the 
emitter of Ql. In this manner a total of 
40 dB of negative feedback is acquired 
—16 dB between Q1 and Q2, and 24 dB 
from the output of the emitter of Ql. 
If an output transformer is used, the 
feedback is taken from the output 
winding and returned to the proper 
phase point in the early amplifier 
stages. The subject of negative feedback 
and the amplifier circuit shown is fur-
ther discussed in Question 12.255. 

11.131 Define the terms alpha and 
beta as applied to transistors.—An im-

IC 

Fig. 11-127C. Typical transformer-coupled audio amplifier. The transformers are 
selected to match the impedance between stages. 
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Fig. 11-128. Typical voltage, power, and current gains for a conventional transistor 
using a common-emitter configuration. 
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portant characteristic of a transistor is 
its forward current-transfer ratio, or 
the ratio of the current in the output to 
the current in the input element. Be-
cause of the many different configura-
tions for connecting transistors, the for-
ward transfer ratio is specified for a 
particular circuit configuration. The for-
ward current-transfer ratio for the 
common-base configuration is often re-
ferred to as alpha (a) and the common-

+20V o  

50 100K 200 

emitter forward current-transfer ratio 
as beta (ß). In common-base circuitry, 
the emitter is the input element and the 
collector is the output element. There-
fore, the dc alpha is the ratio of the de 
collector current Ic to the de emitter 
current lc. For the common-emitter, the 
dc beta is then the ratio of the dc col-
lector current Ic to the base current Ia. 

Because the ratios are based on the 
de currents, they are termed alpha and 

T 

Q I 
2N339I 

INPUT 10pF 

O 

6.8K 

e22K 
68K 

1011 

Lr100pF 

•  

02 
2N3405 

4711 

680 pF 
FB 

2.2K 

+55V 

 0 OUTPUT 
8/1 

270 Ll 

35V 

Fig. 11-130. A 50-watt push-pull amplifier. (Courtesy, Delco Radio Corp.) 
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beta. The ratios are also given in terms 
of the ratio of signal current, relative 
to the input and output, or as a ratio of 
change in the output current to the in-
put current which causes the change. 

The term alpha is also used to denote 
the frequency cutoff of a transistor, and 
is defined as the frequency at which the 
value of alpha for a common-base con-
figuration, or beta for a common-emit-
ter circuit, falls to 0.707 times its value 
at a frequency of 1000 Hz. 

Gain bandwidth product is the fre-
quency at which the common-emitter 
forward current-transfer ratio beta is 
equal to unity. It indicates the useful 
frequency range of the device and as-
sists in the determination of the most 
suitable configuration for a given ap-
plication. 

11.132 What is cutoff current in a 
transistor?—When a transistor is biased 
to a nonconducting state, small reverse 
dc currents flow, consisting of leakage 
currents which are related to the sur-
face characteristics of the semiconduc-
tor material and saturation currents. 
Saturation current increases with tem-
perature and is related to the impurity 
concentration in the material. Collec-
tor-cutoff current is a de current caused 
when the collector-to-base circuit is 
reverse-biased, and the emitter-to-base 
circuit is open. Emitter-cutoff current 
flows when the emitter-to-base is re-
verse-biased and the collector-to-base 
circuit is open. 

R6 

(e) 

Fig. 11-133A. Basic bias circuits for transistors. 
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11.133 Describe the various meth-
ods used for biasing transistors.—Sev-
eral different methods of applying bias 
voltage to transistors are shown in Fig. 
11-133A, with a master circuit for aid-
ing in the selection of the proper circuit 
shown in Fig. 11-133B. Comparing the 
circuits shown in Fig. 11-133A their 
equivalents may be had by making the 
resistors in Fig. 11-133B equal to zero 
or infinity, for analyzation and study. 
As an example, the circuit of Fig. 11-
133A, part (d) may be duplicated in 
Fig. 11-133B by shorting out resistors 
R4 and R5. 

The circuit in part (g) of Fig. 11-
133A employs a split voltage divider for 
R2. A capacitor connected at the junc-
tion of the two resistors shunts any ac 
feedback current to • ground. The sta-
bility of circuits (a), (d), and (g) in 
Fig. 11-133A, may be poor unless the 
voltage drop across the load resistor is 
at least one-third the value of the 
power supply voltage Nr.. The final de-
termining factors will be gain and sta-
bility. Stability may be enhanced by the 
use of a thermistor (see Question 
11.157) to compensate for increases in 
collector current with increasing tem-
perature. The resistance of the therm-
istor decreases as the temperature 
increases; thus, the bias voltage is de-
creased and the collector voltage tends 
to remain constant. Diode biasing may 
also be used for both temperature and 
voltage variations. The diode is used to 

vcc 

(f) 

v CC 
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establish the bias voltage which sets the 
transistor idling current, or the current 
flow in the quiescent state. This subject 
is discussed at further length in Section 
12. 

11.134 Describe the distortion char-
acteristics of a transistor.—The har-
monic distortion increases in a transis-
tor as the operating voltages and 
currents are increased and approach 
their maximum values. Output stages 
should be operated class-B push-pull 
whenever possible. A small amount of 
collector current must be permitted to 
flow at all times to reduce the effects of 
crossover or notch distortion at the zero 
signal point. 
The addition of large amounts of 

negative feedback can be used to fur-
ther reduce distortion. Transistor am-
plifiers have been developed to where 
both the harmonics and intermodulation 
are almost immeasurable. 

Harmonic and intermodulation mea-
surements must be made at levels 3 to 
20 dB below the rated output of the 
stage under measurement. This proce-
dure is discussed in Question 23.39. 

11.135 How are gain controls con-
nected in transistor circuits?—Three 
commonly used methods are shown in 
Figs. 11-135. The control should be con-
nected in such a'manner so that it has 
little or no effect on the transistor im-
pedance, and not in a feedback loop. 

OUTPUT 

(-->" 

Fig. 11-133B. Basic design circuit for 
transistor bias circuits. 

11.136 Define the terms, small sig-
nal and large signal, in relation to a 
transistor.—The transistor like the vac-
uum tube is nonlinear, and can be clas-
sified as a nonlinear active device. Al-
though the transistor is only slightly 
nonlinear, these nonlinearities become 
quite pronounced at very low and very 
high current and voltage levels. If an ac 
signal is applied to the base of a tran-
sistor without a bias voltage, conduction 
will take place on only one-half cycle 
of the applied signal voltage, resulting 
in a highly distorted output signal. To 
avoid high distortion, a dc bias voltage 
is applied to the transistor and the op-
erating point is shifted to the linear 
portion of the characteristic curve. This 
improves the linearity and reduces the 
distortion to a value suitable for small 
signal operation. Even though the tran-
sistor is biased to the most linear part 
of the characteristic curve, it can still 
add considerable distortion to the signal 
if driven into the nonlinear portion of 
the characteristic. (See Question 
11.139.) 

Small signal swings generally run 
from less than 1 microvolt to about 10 
millivolts under normal operation con-
ditions. Therefore, it is highly important 
that the de bias voltage be of sufficient 
value so that the applied ac signal is 
small compared to the de bias current 
and voltage. Transistors are normally 

Fig. 11-135. Three methods used for connecting gain controls in transistor circuits. 
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biased at current values between 0.1 
and 10 milliamperes. For large signal 
operation, the design procedures be-
come quite involved mathematically 
and require a considerable amount of 
approximation and the use of nonlinear 
circuit analysis. 

11.137 On what basis are audio 
transformers selected for transistor use? 
—Because of the wide difference of 
impedance between the input and out-
put circuits of transistors, care must be 
taken to provide an impedance match 
between cascaded stages, or an appreci-
able loss of power will take place. 
The maximum power amplification is 

obtained with a transistor when the 
source impedance matches the internal 
input resistance, and the load imped-
ance matches the internal output re-
sistance. The transistor is then said to 
be "image matched." 

If the source impedance is changed 
in value it affects the internal output 
resistance of the transistor, necessitating 
a change in the value of the load im-
pedance. When transistor stages are 
connected in tandem, except for the 
grounded-emitter connection, the input 
impedance is considerably lower than 
the preceding stage. Therefore, the 
interstage transformer must supply an 
impedance match in both directions. 
When working between a grounded-

base and a grounded-emitter circuit, a 
step-down ratio transformer must be 
used. Working into a grounded-collec-
tor stage, a step-up ratio is used. 
Grounded-collector stages are some-
times used as an impedance-matching 
device between other transistor stages. 
When adjusting the battery voltages for 
a transistor amplifier employing trans-
formers, the battery voltage must be 
increased to compensate for the de volt-
age drop across the transformer wind-
ings. The manufacturer's data sheets 
should be consulted before selecting a 
transformer, to determine the source 
and load impedances. Standard trans-
formers are available, as for vacuum 
tubes. (See Question 11.139.) 

11.138 How is the noise factor (NF) 
for a transistor amplifier calculated?— 
In a low-level amplifier such as a pre-
amplifier, noise is the most important 
single factor, and is stated as the signal-
to-noise ratio or noise factor. Most am-
plifiers employ resistors in the input 
circuit, which contribute a certain 

amount of measurable noise because of 
thermal activity. This power is gener-
ally about 160 dB below the power of 
1 watt for a bandwidth of 10,000 Hz. 
When the input signal is amplified, the 
noise is also amplified. If the ratio of 
the signal power to noise power is the 
same, the amplifier is noiseless and has 
a noise figure of unity or more. How-
ever, in a practical amplifier some noise 
is present, and the degree of impair-
ment is called the noise figure (NF) of 
the amplifier, expressed as the ratio of 
signal power to noise power at the out-
put: 

NF St/Nt — 
S./N. 

where, 
Si is the signal power, 
NI is the noise power, 
S. is the signal power at the output, 
N. is the noise at the output. 

The NF in dB is 10 times the loga-
rithm of the power ratio. Thus, for an 
amplifier with a 1-dB noise figure, it 
decreases the signal-to-noise ratio by 
a factor of 1.26; a 3-dB NF by a fac-
tor of 2; a 10-dB NF by a factor of 
10; and a 20-dB NF by a factor of 
100. Amplifiers with an NF below 6 dB 
are considered excellent. 
Low noise factors can be obtained by 

the use of an emitter current of less 
than 1 milliampere, a collector voltage 
of less than 2 volts, and a signal-source 
resistance below 2000 ohms. 

11.139 Describe the procedure for 
using transistor load lines.—The use of 
transistor load lines is similar in every 
respect to that used with vacuum tubes. 
The transistor selected in this question 
has the following characteristics: maxi-
mum collector current, 10 milliamperes; 
maximum collebtor voltage, minus 22 
volts; base current, zero to 300 micro-
amperes; maximum power dissipation, 
300 milliwatts. The base-current curves 
are shown in Fig. 11-139A. The ampli-
fier circuit is to be class-A, using a 
common-emitter circuit (Fig. 11-139B). 
By proper choice of the operating point, 
with respect to the transistor character-
istics and supply voltage, low distortion, 
class-A performance is easily obtained 
within the transistor power ratings. 

The first requirement is a set of col-
lector-current, collector-voltage curves 
for the transistor to be employed. Such 
curves can generally be obtained from 
the manufacturer's data sheets. Assum-
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Fig. 11-139A. Common-emitter-collector family of curves, with load line and maxi-
mum dissipation power curve. 

ing such data are at hand, and referring 
to Fig. 11-139A, a curved line is plotted 
on the data sheet, representing the 
maximum power dissipation by the use 
of the equation: 

, P. P. 
, • = or ye =17 

where, 
I. is the collector-current, 
V. is the collector-voltage, 
P. is the maximum power dissipation 

of the transistor. 

At any point on this line at the inter-
section of V.I., the product equals 0.033 
watt or 33 milliwatts. In determining 
the points for the dissipation curve, 
voltages are selected along the horizon-
tal axis and the corresponding current 
equated: 

Fig. 1 I-1 396. Amplifier circuit used for 
load-line calculations. 

, P. 
Vc; 

The current is determined for each of 
the major collector-voltage points, 
starting at 16 volts and working back-
ward until the upper end of the power 
curve intersects the 300 microampere 
base-current line. 

After entering the value on the graph 
for the power dissipation curve, the 
area to the left of the curve encom-
passes all points within the maximum 
dissipation rating of the transistor. The 
area to the right of the curve is the 
overload region and is to be avoided. 
The operating point is next determined. 
A point that results in less than 33-
milliwatts dissipation is selected some-
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C
O
L
L
E
C
T
O
R
 
C
U
R
R
E
N
T
 

CONSTANT 
DISSIPATION CURVE 

MAXIMUM 
OPERATING POINT 

Vci - MAX. 

COLLECTOR TO EMITTER VOLTAGE 

Fig. 11-139C. Load line moved to right 
for maximum power output. Dotted lines 
are the original load line and operating 

point. 
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where near the center of the power 
curve. For this example, 5 milliamperes 
collector current at 6 volts, or a dis-
sipation of 30 milliwatts, will be used. 
The selected point is indicated on the 
graph and circled for reference. A line 
is drawn through the dot to the maxi-
mum collector current, 10 milliamperes, 
and downward to intersect the VC5 line 
at the bottom of the graph, which, for 
this example, turns out to be at 12 volts. 
This line is termed the load line. The 
load resistance RI, may be computed: 

dVes  O-12  

-1-12 = 200 ohms 
— 0.01 

where, 
14 is the load resistance, 
dVce is the range of collector to emit-

ter voltage, 
dle is the range of collector current. 

Under these conditions, the entire load 
line dissipates less than the maximum 
value of 33 milliwatts, with 90 micro-
amperes of base current and 5 milli-
amperes of collector current. The re-
quired base current of 90 microamperes 
may be obtained by means of one of the 
biasing arrangements shown in Fig. 
11-133. 

Fig. 11-140A. Internal capacitance of a 
transistor. 

To derive the maximum power out-
put from the transistor, the load line 
may be moved to the right and the 
operating point is placed in the maxi-
mum dissipation curve, as shown in Fig. 
11-139C. Under these conditions, an in-
crease in distortion may be expected. 
As the operating point is now at 6.5 
volts and 5 milliamperes, the dissipation 
is 33 milliwatts. Drawing a line through 
the new operating point and 10 milli-
amperes (the maximum current), the 
voltage at the lower end of the load line 
is 13.0 volts; therefore, the load imped-
ance is now 1300 ohms. It should be 
borne in mind, values shown on the 
graph are for a particular type transis-
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Fig. 11-140B. Variation of Cat with 
collector voltage. 

00 

tor; other types will have a similar fam-
ily of curves, but not of the same value. 

11.140 How does the internal ca-
pacitance of a transistor affect its apes'. 
ation?—The paths of internal capaci-
tance in a typical transistor are shown 
in Fig. 11-140A. Since the width of the 
p-n junction in the transistor will vary 
in accordance with voltage and current, 
the internal capacitance also varies. 
Variation of collector-base capacitance 
(C) with collector voltage and emitter 
current is shown in Figs. 11-140B and 
C. The increase in the width of the p-n 
junction between the base and collector, 
as the reverse bias voltage (Veld is in-
creased, is reflected in lower capaci-
tance values. This phenomenon is 
equivalent to increasing the spacing be-
tween the plates of a capacitor. An in-
crease in the emitter current, most of 
which flows through the base-collector 
junction, increases the collector-base 
capacitance (Cep). The increased cur-
rent through the p-n junction may be 
considered as effectively reducing the 
width of the p-n junction. This is 
equivalent to decreasing the spacing 
between the plates of a capacitor, 
therefore increasing the capacitance. 

The average value of collector-base 
capacitance (Cos) varies from 2 pF to 
50 pF, depending on the type transistor 
and the manufacturing techniques. The 

Vet, • 6V 

.2 5 2 5 

EMITTER CURRENT IE (MA) 

Fig. 11-140C. Variation of Ccs with 
emitter current. 
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collector-emitter capacitance is caused 
by the p-n junction, and normally is 5 
to 10 times greater than that of the col-. 
lector-base capacitance, and will vary 
with the emitter current and collector 
voltage. For certain applications advan-
tage is taken of this effect for control 
purposes. 

11.141 How is stability factor (SF) 
calculated for transistors?—The current 
through a transistor tends to increase 
with temperature; therefore it is neces-
sary in the design of transistor circuits 
to include a stability factor (SF) to 
limit the current dissipation to a safe 
value, under the expected highest op-
erating temperatures. Stability is ex-
pressed as the ratio between a change 
in dc collector current (le) and the cor-
responding change in de collector cutoff 
current, with the emitter open circuit 
current (Imo). For a given set of op-
erating voltages, the SF can be calcu-
lated for a maximum permissible rise in 
dc collector current from the ambient 
temperature value: 

—  
SF — 

Amick, — Icaoi 
where, 

Ici and IcR02 are measured at 25 de-
grees centigrade, 

LBW, at the maximum expected ambi-
ent or junction temperature, 

is the maximum permissible 
collector current for a specified col-
lector-to-emitter voltage at the 
maximum expected ambient or 
junction temperature. 

The maximum value SF can never be 
greater than the value of beta. The sta-
bility from a feedback standpoint can 
be increased by the use of decoupling 
circuits in the power supply circuits, 
much in the same manner as for vac-
uum tubes, discussed in Question 12.36. 

11.142 What are the frequency 
characteristics of transistors used for 
audio amplifiers?—As a rule, conven-
tional transistors used for audio-ampli-
fier application have bandwidths up to 
4 MHz, the average being 1 to 2 MHz. 
When connected in complex circuitry, 
the response may be considerably re-
duced because of circuit capacitance 
and other design factors. This is par-
ticularly true for high-power output 
stages. If audio transformers are used, 
naturally the response is limited to the 
frequency range of the transformers. 

Using a well designed circuit and 
mechanical layout, the frequency re-

sponse may be designed to cover a spec-
trum from 5 to 50,000 Hz. In amplifiers 
using field-effect transistors, (FET) 
bandwidths from 5 to 250,000 Hz have 
been achieved. Generally speaking, the 
high frequency limit of a diode or tran-
sistor is a function of the base thickness. 

Because of the wide frequency re-
sponse of transistor amplifiers, precau-
tions must be observed to prevent posi-
tive feedback (oscillation). Oscillation 
may occur in the megahertz range, and 
is often the cause of failure. By the use 
of properly designed printed circuit 
boards, oscillation can be prevented. 

11.143 What type push-pull ampli-
fier circuit is recommended for transis-
tors?—.One of the disadvantages of using 
transistors class-A, either single-ended 
or push-pull, is that the collector cur-
rent flows at all times, and dissipation 
is the highest when no ac signal is pres-
ent. This dissipation of power can be 
greatly reduced by the use of class-B 
push-pull operation. To achieve the full 
power output and economy of operation, 
the transistors should be biased to full 
cutoff. However, in so doing, a serious 
distortion problem arises, as shown in 
Fig. 11-143. Assuming that the transis-
tors have identical characteristics, the 
variation in the collector currents are 
plotted against the base current under 
normal load conditions. 

The overall dynamic characteristics 
are obtained by plotting individual 
curves of the two transistors back-to-
back, and combining them as shown. 
Applying a sine wave to the input, 

COLLECTOR OUTPUT 
CURRENT 

INPUT BASE 
CURRENT 2 

4 

O 

Fig. 11-143. Dynamic transfer character-
istics curves of a class-R, transistor push-
pull amplifier with zero bias, showing 

the distorted output waveform. 
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Fig. 11-144A. Internal construction 40 
an insulated-gate transistor (IGT). 

points ..of the input base current are 
projected into the dynamic transfer 
characteristics curve. Corresponding 
points are then projected to form the 
output collector-current waveform. It 
will be observed that severe distortion 
is generated at the crossover points, 
where the signal passes through the 
zero value. This is termed crossover 
distortion or notch distortion, and in-
creases in severity as the signal level 
is lowered. Crossover distortion is 
eliminated or greatly reduced by the 
use of a small bias voltage on both tran-
sistors, resulting in a smooth crossover 
(applies to both transistors and vacuum 
tubes). In addition to the bias correc-
tion, negative feedback is used to fur-
ther reduce the distortion. (See Ques-
tion 12.230.) 

11.144 Describe an insulated-gate 
transistor. (IGT) — Insulated-gate tran-
sistors (IGT) are also known as a field-
effect transistor (FET), metal-oxide 
silicon or semiconductor field-effect 
transistors (MOSFET), metal-oxide 
silicon or semiconductor transistors 
(MOST), and insulated-gate field-effect 
transistors (IGFET). All of these de-
vices are similar, and are simply names 
applied to them by the different man-
ufacturers. 

The outstanding characteristics of the 

INPUT 

GATE 

-20V 

2K 

DRAIN 

SUBSTRATE 

SOURCE 

IGT is its extremely' high input imped-
ance, running to 10" ohms. IGT's have 
three elements, but four connections. 
The type elements are the gate, drain, 
and the source. The fourth connection 
goes to an n-substrate. The construction 
consists of an n-type substrate, into 
which two identical p-type silicon 
regions have been diffused. The source 
and drain terminals are taken from 
these two p regions, which form - a 
capacitance between the n substrate 
and the silicon-dioxide insulator and 
the metallic gate terminals. A cross-
sectional view of the internal construc-
tion appears in Fig. 11-144A, with a 
basic circuit shown in Fig. 11-144B. Be-
cause of the high input impedance, the 
IGT can easily be damaged by static 
charges. Strict adherence to the manu-
facturer's instructions must be followed, 
since the device can be damaged even 
before putting it into use. 

IGT's are used in electrometers, logic 
-circuits, and ultrasensitive electronic 
instruments. They should not be con-
fused with the conventional FET, used 
in audio equipment and discussed in 
Question 11.145. 

11.145 Describe the basic principles 
of a field-effect transistor (FET).—The 
field-effect transistor, or FET as it is 
commonly known, was developed by 
the Bell Telephone Laboratories in 1946, 
but was not put to any practical use 
until about 1964. The FET is often 
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Fig. 11-145A. Creation of depletion 
region without bias voltage. 
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Fig. 11-145B. Creation of depletion 
region with reverse-bias voltage. 
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++ 
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V 

Fig. 11-145C. Effects due to increase in 
bias voltage. Fig. 11-144B. Typical circuit. 
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Fig. 11-145D. Plain semiconductor bar. 
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Fig. 11-145E. Bur with gate added and 
drain voltage applied. 
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Fig. 11-145F. Field increases with in-
crease of drain voltage. 
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Fig. 11-145G. Cross-sectional view of 
the construction for a single- or double-

gate F ET. 

quoted as being the semiconductor 
counterpart of the vacuum tube. The 
principal difference between a conven-
tional transistor and the FET lies in the 
fact that the transistor is a current-
controlled device, while the FET is 
voltage-controlled, similar to the vac-
uum tube. Conventional transistors also 
have a low input impedance, which 
may at times complicate the circuit de-

signer's problems. The FET has a high 
input impedance with a low output 
impedance; this characteristic caused it 
to be likened to the vacuum tube. 

The basic principles of the FET oper-
ation can best be explained by the 
simple mechanism of a p-n junction. 
The control mechanism is the creation 
and control of a depletion layer, which 
is common to all reverse-biased junc-
tions. Referring to Fig. 11-145A, atoms 
in the n-region possess excess electrons 
which are available for conduction, and 
the atoms in the p-region have excess 
holes which may also allow current to 
flow (the reader is referred to Question 
11-114 for the theory of holes and car-
riers in semiconductors.) Reversing the 
voltage applied to the junction, Fig. 
11-145B, and allowing time for stabil-
ization, very little current flows but a 
rearrangement of the electrons and 
holes will occur. The positively charged 
holes will be drawn toward the nega-
tive terminals of the voltage source, and 
the electrons which are negative will be 
attracted to the positive terminal of the 
voltage source. This results in a region 
being formed near the center of the 
junction having a majority of the car-
riers removed. This is true for both the 
p and n sides of the junction. The areas 
near the junction where the carriers 
have been removed are called the de-
pletion regions. 

Fig. 11-145H. N-channel FET circuit. 

Fig. 11-1451. P-channel FET circuit. 

Fig. 11-145J. N-channel double gate 
FET circuit. 
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After stabilization, there will be an 
equal number of holes removed from 
the p region as there are electrons from 
the n region. Thus, the distance that 
the depletion area extends from the 
junction is the function of the relative 
carrier densities. For purpose of illus-
tration, it will be assumed that the n 
region has less electrons than the p re-
gion has holes. The depletion region 
must then extend further into the n 
region to have the same number of 
electrons as there are holes, and in a 
much smaller volume of p-type material. 

Increasing the reverse voltage causes 
the depletion region to reach farther 
into the semiconductor material. The 
result of increasing the voltage is shown 
in Fig. 11-145C. Referring to Fig. 11-
145D, a simple bar composed of n-type 
semiconductor material is shown, with 
two nonrectifying contacts at each end. 
As there is always a certain amount of 
resistance (R) between the two end 
electrodes, (P) will be the function of 
the material sensitivity, (L) the length 
of the bar, (W) the width and (T) the 
thickness. Resistivity may be equated: 

R = 
WT 
PL 

By varying one or more of the variables 
of the resistance of the semiconductor, 
the bar may be changed. Assume a p 
region in the form of a sheet is formed 
at the top of the bar shown in Fig. 11-
145E. This may be accomplished by 
diffusion, alloying, or epitaxial growth, 
and a p-n junction is formed. Thus, a 
reverse voltage appearing between the 
p and n material produces two deple-
tion regions. Current in the n material 
is primarily by means of excess elec-
trons. Reducing the concentration of 
electrons or majority carriers, the re-
sistivity of the material is increased. 
Removal of the excess electrons by 
means of the depletion region causes 
the material to become practically non-
conductive. 

Disregarding the p region and apply-
ing a voltage to the ends of the bar 
causes a current and creates a potential 
gradient along the length of the bar 
material, with the voltage increasing 
toward the right, with respect to the 
negative end or ground. Connecting the 
p region to ground causes varying 
amounts of reverse-bias voltage across 
the p-n junction, with the greatest 

amount developed toward the right end 
of the p region. A reverse voltage across 
the bar will produce the same depletion 
regions. If the resistivity of the p-type 
material is made much smaller than 
that of the n-type material, the deple-
tion region will then extend much 
farther into the n material than into the 
p material. To simplify the following 
explanation, the depletion of p material 
will be ignored. 

The general shape of the depletion is 
that of a wedge, increasing in size from 
left to right. Since the resistivity of the 
bar material within the depletion area 
is increased, the effective thickness of 
the conducting portion of the bar be-
comes less and less, going from the end 
of the p region to the right end. This 
indicates the overall resistance of the 
semiconductor material is larger, be-
cause the effective thickness is being re-
duced. Increasing the voltage applied 
to the ends of the bar (Fig. 11-145F) 
extends the depletion region, and fur-
ther decreases the resistance. Continu-
ing to increase the voltage across the 
ends of the bar, a point is reached 
where the depletion region is extended 
practically all the way through the bar, 
reducing the effective thickness to zero. 
Increasing the voltage beyond this point 
produces little change in current. 

Because of the controlling action of 
the p region, it is termed a gate. The 
left end of the bar being the source of 
majority carriers, it is termed the 
source. The right end being where the 
electrons are drained off, it is called 
the drain. A cross-sectional drawing of 
a typical FET is shown in Fig. 11-145G, 
and three basic circuits are shown in 
Figs. 11-145H to J. Double-gate FET's 
are also in use. The chief advantage of 
the FET is its low internal noise, sim-
plicity of construction, and its similarity 
to a vacuum tube, which makes it 
highly desirable for voltage-amplifier 
stages. One of the interesting character-
istics of a FET is its ability to operate 
over a wide range of temperature. It 
has been stated by one manufacturer 
that FET's have been developed that 
perform satisfactorily even when sub-
merged in liquid nitrogen at a tempera-
ture of minus 200 degrees centigrade, 
and have also been operated at a tem-
perature of plus 150 degrees centigrade. 

11.146 What h the procedure for 
derating a transistorl—Ratings have 
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Fig. 11-146. Derating chart showing the maximum permissible percentage of maxi-
mum rated dissipation as a function of temperature. 

been established for transistors and 
other semiconductor devices to prevent 
the overloading and possible damage to 
such devices, and have been defined by 
the Joint Electron Device Engineering 

Council (JEDEC) and the National 
Electrical Manufacturers Association 
(NEMA) and Electrical Industries As-
sociation (EIA). Absolute maximum 
ratings, electrode voltage, and current 
ratings are the limiting factors. Tran-
sistor dissipation is the power dissipated 
in the form of heat by the collector 
element. It is the difference between 
the power supplied to the collector and 
the power delivered by the transistor to 
the load. For many types of transistors 
the maximum dissipation is specified for 
ambient temperature, case, and heat-
sink temperature up to 25°C. If the 
maximum operating temperature is to 
be higher than that specified by the 
manufacturer, the device must be de-
rated. This may be done quite con-
veniently by the use of the chart in 
Fig. 11-146. Knowing the maximum dis-
sipation rating and maximum operating 
temperature, a vertical line is drawn at 
the desired operating temperature on 
the abscissa to intersect the curve rep-
resenting the maximum operating tem-
peratures specified for the particular 
transistor. A horizontal line is drawn 
from this intersection to the ordinate 

establishing a new maximum dissipation 
for the device at the new operating 
temperature. 
As an example: The maximum per-

missible dissipation for a transistor at 
a case temperature of 100°C is to be 
determined. The transistor in question 
has a maximum dissipation rating of 75 
watts at a case temperature of 25°C, and 
a maximum permissible case tempera-
ture of 200 degrees. A perpendicular 
line is drawn from the 100-degree 
point to the 200-degree curve. The point 
is projected to the left and indicates a 
percentage of 57.5. Therefore, the max-
imum dissipation for this particular 
transistor at a case temperature of 100° 
C is 0.575 times 75, or approximately 
43.2 watts. 

11.141 Describe the basic construc-
tion of a solid-state diode rectifier.— 
Diodes are two element devices con-
sisting of a pellet of either germanium 
or silicon, using point-contact or junc-
tion construction. However, the major-
ity of diodes manufactured at the 
present time use the junction-type con-
struction. A small diode pictured in Fig. 
11-147 is used in radio and television 
receivers, harmonic generators, fre-
quency discriminators and many appli-
cations too numerous to mention. Di-
odes require no heater or filament and 
have no contact potential, but have a 



VACUUM TUBES, TRANSISTORS AND DIODES 511 

Fig. 11-147. External appearance of a 
silicon or germanium diode. 

high forward conductance, with a high 
reverse or back resistance. Diodes that 
will carry a few milliamperes up to 
several hundred amperes over a wide 
range of voltages are available. The di-
ode concept is discussed in Question 
11-114. Applying a positive voltage to 
the plus terminal of the diode causes a 
current through the junction and back 
to the source. Reversing the voltage, the 
current is blocked by the high back 
resistance of the junction. 

The conduction characteristics of a 
silicon diode differ from its counterpart, 
the germanium diode. Silicon diodes 
have unusually high back resistance, 
thereby passing a much lower reverse 
current. As an example, a 1N251 silicon 
diode passes in the reverse direction 
only 0.2 microampere at 10 volts. Apply-
ing the same voltage to a 1N34 germa-
nium diode of similar characteristics, 
50 microamperes of current are passed 
in the reverse direction. However, ger-
manium diodes are employed exten-

- 

- 

..."--

- - - - 

BREAKDOWN 
REGION 

] 

sively in many different types of equip-
ment. (See Questions 11.148 to 11.155.) 

11.148 Describe the characteristics 
of a zener diode.—The zener diode, 
named for Dr. Carl Zener, is a semi-
conductor equivalent of the gaseous 
regulator tube discussed in Question 
11-30. Whereas the gaseous tube regu-
lator is confined to a limited range of 
voltage operation, zener diodes are 
available in a wide range of operating 
voltages, ranging from 2 to several hun-
dred volts, with large power-dissipation 
capabilities. 
A zener diode is a semiconductor 

device with a substantially constant 
reverse-voltage characteristic over a 
wide range of reverse current or tem-
perature. When the reverse voltage of 
a semiconductor diode is increased, its 
internal resistance remains at a high 
value for a short time. When a critical 
voltage is reached, the resistance falls 
suddenly. The current flow up to the 
critical point is on the order of micro-
amperes; however, at breakdown it may 
be several millamperes, or in the in-
stance of a large diode, it may be sev-
eral amperes. 

The point of breakdown is termed 
the zener or avalanche point (see Ques-
tion 11.149). Once this point is reached, 
the voltage drop across the diode re-
mains fixed, and the current changes 
only if more voltage is applied. The 
breakdown of a diode should not be 
construed as damaging, as such diodes 
are designed to be operated in and out 
of the breakdown region without dam-
age or a change in their characteristics. 
In this manner the diode may be used 
to provide a constant voltage drop or 
reference voltage across its internal re-
sistance. 

Fig 11-148A. Zener forward and reverse 
current characteristics. 

Fig. 11-148B. Voltage-regulator circuit 
using a zener diode. 
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WHERE. 
R1 IS THE SERIES RESISTOR 

Es IS THE SOURCE VOLTAGE 

ER IS THE REGULATOR VOLTAGE 

IR IS THE REGULATOR CURRENT 

IL IS THE LOAD CURRENT 

PR IS THE REGULATOR POWER DISSIPATION 

Es-ER 
RI 

, Es - ER 
1R* 

ES - ER 
PR ° /1-) ER 

FOR VARIABLE SOURCE VOLTAGE AND LOAD 
CURRENT. 

Es(MIN.)- ER 
R1 • 

'(MAX.) + (MAX.) 

Es(MAX3 - ER 
PR (MAX.) R IL (MIN.)) ER 

Fig. 11-148C. Equations for designing 

Zener diodes may be constructed 
using germanium or silicon, with point-
contact or junction construction. How-
ever, the majority are of the junction 
type. The conduction characteristics of 
the silicon diode differ from its coun-
terpart, the germanium diode. Silicon 
diodes have unusually high back re-
sistance, passing much lower reverse 
current than the germanium diode. A 
typical plot of the conduction character-
istics for a germanium and silicon diode 
is shown in Fig. 11-148A. As a compar-
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Fig. 11-148E. Breakdown impedance 
versus zener voltage. 

FOR CONSTANT LOAD CURRENT BUT VARIABLE 
INPUT VOLTAGE. 

Es(MIN.)- ER 
R1 

IL+ .111- 
,Es MAX.) - ER 

PR (MAXI • IL) ER 

FOR CONSTANT INPUT VOLTAGE BUT VARIABLE 
LOAD CURRENT. 

ES -ER 

R1  • IL F.--n -AX.+. 111.(MAX.) 

ES - ER \ 
PR (MAX.) = RI IL) ER 

NOTE. 

THE ABOVE EQUATIONS ALLOW A TOLERANCE 
OF 10% TO COMPENSATE FOR LOAD 
REGULATION. IF BREAKDOWN IMPEDANCE IS 
A SIGNIFICANT PERCENTAGE OF THE VALUE 
OF R, THIS MUST BE TAKEN INTO 
CONSIDERATION. A HIGH IMPEDANCE SOURCE 
PRESENTS ADDITIONAL PROBLEMS 
AND MUST BE CONSIDERED IF IT IS 
SIGNIFICANT COMPARED TO RI. 

zener-diode regulator circuit of Fig. 11-148B. 

ison, a 2N251 silicon diode passes in the 
reverse direction only 0.20 microampere 
at 10 volts, while a germanium diode 
type 1N34 passes 50 microamperes for 
the same voltage. 
A voltage regulator circuit, employ-

ing a silicon diode is given in Fig. 11-
148B. It can be seen that a relatively 
small increase in voltage across the di-
ode causes a large increase in current 
through resistor R1, thus increasing the 
voltage drop. This voltage drop across 
R1 effectively maintains a constant volt-

Fig. 11-148D. Zener-diode regulator 
circuit using a two-stage regulator. 
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Fig. 11-148F. Breakdown impedance 
versus zener current. 
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age across the load. The value of re-
sistor R1, regulator current, and power 
rating, is given in the equations in Fig. 
11-148C. The circuitry shown will com-
pensate for the normally encountered 
variations of input and output load 
voltages. Extreme variations may re-
quire the addition of a second diode 
regulator as shown in Fig. 11-148D. 
Breakdown impedance offers a rea-

sonable measurement to the diode's 
ability to maintain a nearly constant 
breakdown voltage, and, consequently, 
its regulation characteristics. The break-
down voltage and current for a 1-watt 
7.5-volt regulator diode is plotted in 
Figs. 11-148E and F respectively. Varia-
tions with temperature are shown in 
Fig. 11-148G for a range of 5.6 to 100 
volts. The curve, as will be noted, is 
quite constant above 50 volts, then 
changes rapidly at the lower voltages. 

Silicon diodes are rated relative to 
their case temperature, therefore the 
manufacturer's data sheet should be 
consulted and the diode derated ac-
cordingly. Typical derating curves are 
given in Fig. 11-148H. Stud-type diodes 
require cooling fins to dissipate the 
heat. Cooling fins will dissipate about 
8 milliwatts per square inch, per degree 
centigrade. Therefore, a 10-watt regu-
lator diode operating close to maximum 
rating would require an area of 
10/0.008 X 60 X 20 square inches to limit 
the rise to 60 degrees centigrade. Since 
both sides of the fins radiate, the di-
mensions would be approximately 3% 
inches by thick. 

Zener diodes are also used as refer-
ence voltage devices and are quite use-
ful in voltage-regulated power supplies 
or any place requiring an accurate 
source of reference voltage. The stan-
dard tolerance for voltage-reference 
diodes is plus-minus 10 percent, but 
may be obtained for 1 and 5 percent ac-
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Fig. 11-148H. Typical zener derating 
tOE curves. 

curacy. In a silicon reference diode, the 
reverse current remains quite small 
until the breakdown voltage point is 
reached, then increases rapidly with 
little further increase in voltage. The 
breakdown point being the function of 
the semiconductor material and its con-
struction, it can be controlled in man-
ufacture to supply a given voltage 
ranging from one to several hundred 
volts, at various current and power rat-
ings and the cooling method used. De-
sign procedures for zener diodes are 
given in Question 21-118. 

11.149 Define the term "avalanche" 
as applied to semiconductor devices.— 
Avalanche is the breakdown point in a 
semiconductor material caused by the 
multiplication of the carriers through 
ionization, and is termed the avalanche 
point. The avalanche point was pro-
posed by McKay, and elaborated on by 
many others. 

In the early development stages of 
the zener diode, it was believed the 
breakdown was due to the Zener effect, 
thus its name. However, it is now 
thought that both the Zener effect and 
avalanche are operative, with the latter 
process being the most predominant, 
especially at voltages greater than 6 
volts. Zener diodes are sometimes re-
ferred to as avalanche diodes; however, 
the name zener diode prevails. 

Both the inverse-peak voltage and 
avalanche point increase with tempera-
ture; therefore, as a safety measure the 
circuitry is designed for an inverse-
peak voltage about 20 to 25 percent 
lower than the breakdown voltage of 
the diode. Manufacturers take advan-
tage of these characteristics, using dop-
ing techniques to control the resistivity, 
thus controlling the breakdown-voltage 
point and operating temperature. 

11.150 Describe the basic principles 
of a silicon controlled rectifier (SCR).— 
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Silicon controlled rectifiers (SCR) are 
semiconductor devices that may be used 
as a latching static switch, a sensitive 
amplifier, a controlled rectifier, and 
many devices where the precise control 
of output current is required. An SCR 
may be turned on in 1 to 4 micro-
seconds and turned off in 10 to 20 
microseconds. Units with current capa-
bilities of Ili ampere to several hundred 
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ALUMINUM 

MOLYBDENUM 

Fig. 11-150A. Cross-sectional view of 
the interior construction of a silicon 

controlled rectifier (SCR). 

amperes are available with comparable 
voltage ratings. The basis of the SCR 
is a disc of four alternate layers of n-
and p-type silicon (Fig. 11-150A). Be-
sides the two terminals of the conven-
tional diode (a cathode and anode), 
the SCR has a gate terminal for con-
trolling the conduction cycle. A cut-
away view of its interior construction is 
shown in Fig. 11-150B. 

Referring again to Fig. 11-150A, to 

protect the silicon junction against 
thermal and mechanical injury, the sil-
icon discs are braised between plates 
of molybdenum or tungsten. These 
plates have the same coefficient of ex-
pansion as the silicon. In the small lead-
mounted type SCR, the bottom plate 
acts as the base of the housing en-
closure. In the larger types, above 1 
ampere, the bottom plate is soldered to 
a copper stud which acts as the anode 
terminal and a thermo path for the heat 
losses to the outside ambient tempera-
ture. For this reason, the stud is usually 
screwed into the base of a cooling fin or 
heatsink, as shown in Fig. 11-159B. 

The operation of the SCR may be ex-
plained as follows. On the forward-
blocking region of the characteristic, in-
creasing the forward current does not 
tend to increase the current until a 
point is reached where avalanche mult-
iplication begins. Beyond this point, the 
current increases rapidly until the total 
current through the device is sufficient 
to maintain itself. At this point, the SCR 
will go into high conduction, provided 
the current through the device remains 
greater than the minimum current, 
called the holding current. If the cur-
rent through the device drops below 
the holding current, the SCR will re-
turn to the forward-blocking region 
again. In the reverse direction, the SCR 
has essentially two back-biased p-n 
junctions in series, so that it exhibits 

Fig. 11-1508. Interior view of a silicon controlled rectifier (SCR) as manufactured 
by General Electric Co. 
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Fig. 11-150C. Firing circuit for a silicon 
controlled rectifier. (SCR) 

characteristics very similar to the ordi-
nary back-biased silicon rectifier. 
A simple method of obtaining gate 

current for firing an SCR from the main 
ac supply whenever the anode is posi-
tive with respect to the cathode is 
shown in Fig. 11-150C. As soon as the 
SCR 2N681 has fired, the anode voltage 
drops to the conduction value and the 
gate current decreases to a low value. 
Resistor R1 limits the peak gate current 
and has a value greater than the ac peak 
voltage divided by two amperes. The 
1N1695 diode in the gate circuit is pro-
vided to prevent reverse voltage from 
being applied between the cathode and 
gate during the reverse half of the 
cycle. If desired, the diode may be con-
nected between the gate and cathode 
rather than in series with resistor Rl. 
Conduction in initiated by closing 
switch Sl. Interruption of the load cur-
rent occurs within one half cycle after 
opening switch Sl. 

11.151 What factors determine the 
selection of a silicon or selenium recti-
fierP—The selection of a suitable recti-
fier depends on a number of factors, 
namely the voltage and current re-
quirements, temperature range of oper-
ation, and the space availability. In ad-
dition, the type circuit and equipment 
it is to be operated with must be taken 

ANODE 

GATE 

Fig. 11-150D. Symbol for a silicon con-
trolled rectifier. 

into consideration. The subject is dis-
cussed more fully in Section 21. 

11.152 Describe the basic principles 
of a tunnel diode.—Tunnel diodes are 
two-terminal semiconductor devices 
consisting of a single p-n junction. The 
basic difference between the conven-
tional diode and a tunnel diode is in its 
conductivity. The p-n material used in 
tunnel diodes has a conductivity of over 
1000 times greater than the conventional 
diode. Such high conductivity is ob-
tained by increasing the amount of 
donor and acceptor impurities in the 
semiconductor material during its for-
mation. 

The tunnel diode takes its name from 
the tunnel effect, a process wherein a 
particle can disappear from one side of 
the barrier and reappear on the other 
side instantaneously, as though it had 
tunneled through the barrier element. 
Such devices are used at very high fre-
quencies in radio receivers, in comput-
ers, and in many other devices. An in-
terior view of a typical tunnel diode is 
pictured in Fig. 11-152. Although three 
leads are shown coming from the base, 
only two terminals are connected to the 
diode; the third lead is connected to the 
case for grounding. The tunnel diode 
was first introduced in 1959, by General 
Electric. 

Fig. 11-152. Interior view of a tunnel diode. (Courtesy, General Electric Co.) 
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11.153 What is the rectifying ef-
ficiency of silicon diodes?—Because of 
the high forward-to-reverse current of 
the silicon diode, the efficiency is on the 
order of 99 percent. When properly 
used, silicon diodes have long life and 
are not affected by aging, moisture, or 
temperature when used with the proper 
heat sink. 

11.154 Can diode rectifiers be con-
nected in series or parallel?—Yes, the 
connection of several diodes in series is 
permissible when the applied voltage 
exceeds the peak-inverse voltage (PIV) 
for a single unit. As an example, four 
individual diodes of 400-volts PIV may 
be connected in series to withstand a 
PIV of 1600 volts. In a series arrange-
ment, the most important consideration 
is that the applied voltage be equally 
distributed between the several units. 
The voltage drops across each individ-
ual unit must be very nearly identical. 

CjiAC INPU()T 

Fig. 11-154A. Diodes 

AC INPUT 

If the instantaneous voltage is not 
equally divided, one of the units may be 
subjected to a voltage exceeding its 
rated value. 

Uniform voltage distribution can be 
obtained by the connection of capacitors 
or resistors in parallel with the in-
dividual rectifier unit. Shunt resistors 
are used for steady-state applications, 

RESISTOR OR INDUCTOR 

AC INPUT 

Fig. 11-154D. Diode rectifiers connected 
in parallel, with series resist s or 

small inductors. 
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Fig. 11-154B. Diode rectifiers connected in series, with capacitors connected in 
parallel to reduce the effect of transient voltages. 
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Fig. 11-154C. Diode rectifiers connected in series, with both resistors and capacitors 
in parallel to equalize voltage distribution and transient effects. 
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and shunt capacitors are used in appli-
cations where transient voltages are 
expected. If the circuit is exposed to 
both dc and ac, both shunt capacitors 
and resistors should be employed. 
When the maximum current of a 

single diode is exceeded, two or more 
units may be connected in parallel. To 
avoid differences in voltage drop across 
the individual units, a resistor or small 
inductor is connected in series with 
each diode. Of the two methods, the 
inductance is favored because of the 
lower voltage drop and consumption of 
power. Parallel arrangements should be 
avoided if possible, by the employment 
of polyphase circuits or the use of recti-
fier units large enough to handle the 
required current. 

Series-resistor values will vary with 
the current ratings of the diodes; how-
ever, resistors ranging from 1 to 10 
ohms are the usual value, with the dc 
resistance of series chokes held to 1 
ohm or less. The four methods of con-
nection are given in Figs. 11-154A to D. 

11.155 What are hot carrier diodes? 
—The hot carrier diode is distinguished 
from the more conventional semicon-
ductor devices in that the junction con-
sists of a metal and a semiconductor 
rather than two different semiconduc-
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Fig. 11-155. Cross-sectional view of a 
hot carrier diode construction. 
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Fig. 11-156. A triac three lead, 8-element semiconductor switch for controlling the 
intensity of a light bulb or other devices. (Courtesy, Radio Corporation of America ) 

150 WATT 
LAMP 

tors. The junction in a hot carrier diode 
is made to be rectifying rather than 
ohmic-resistant through a choice of 
materials, with suitably related work 
functions. In diodes thus formed, cur-
rent occurs mainly by means of major-
ity carriers. When the diode is forward 
biased, the majority carriers injected 
into the metal have a much higher 
energy level than those that are in 
thermal equilibrium with the metal. 
Such diodes have extremely rapid re-
covery time, and are used for fast 
switching circuits, detectors, mixers and 
many other uses, particularly at high 
frequencies. A cross-sectional view of 
its construction is given in Fig. 11-155. 

11.156 What is a trice semicon-
ductor?—It is a three-lead, eight-ele-
ment semiconductor developed by RCA, 
that passes both halves of the ac wave-
form when properly triggered. It is sim-
ilar to an SCR, the difference being the 
bi-polarity of the Triac assembly, which 
amounts to having two SCRs back-to-
back. The construction of the junctions 
and an experimental circuit are shown 
in Fig. 11-156. 

11.157 Describe the construction 
and characteristics of a thermistor.— 
Thermistors are thermally sensitive re-
sistors whose primary function is to ex-
hibit a change in electrical resistance 
with a change of body temperature. 
They are passive semiconductors, with 
their electrical resistance being between 
that of a conductor and an insulator. 
An important characteristic is their ex-
treme sensitivity to relatively minute 
temperature changes. While most metals 
have small positive coefficients of re-
sistance, thermistors exhibit a wide 
range of either negative or positive 
temperature coefficients. This unique 
characteristic permits them to be used 
in electronic apparatus for control of 
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Fig. 11-157A. Thermistor manufactured 
by General Electric Co. 

voltage and current. A typical therm-
istor, manufactured by General Electric 
Co., is shown in Fig. 11-157A. 

Thermistors are widely used in tran-
sistor circuitry for voltage-temperature 
compensation, particularly in bias cir-
cuits, as seen in Fig. 11-157B. Here a 
transistor is connected in parallel with 
a resistor R3 for control of the bias 
voltage, or it may be connected in the 
emitter circuit for stabilization. The 
characteristics for parallel and series 
connection are shown in Fig. 11-157C, 
with their change in resistance for a 
change in temperature in Fig. 11-157D. 
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Fig. 11-157C. Temperature versus resis-
tance for parallel series connection. 

(Courtesy, General Electric Co.) 

INPUT 

Fig. 11-157B. Thermistor used for tem-

perature compensation in a transistor 
circuit. A thermistor with a negative 
temperature coefficient may be con-
nected in parallel with R3, or one with 
a positive temperature coefficient in 

place of R6. 

The standard reference temperature for 
thermistors is 25°C. Thermistors are 
manufactured in a variety of sizes and 
shapes, such as rods, cubes, washers, 
discs, beads, etc. 

11.158 Describe a surge or tran-
sient-voltage suppressor.—Silicon recti-
fiers are sensitive to voltage, and over-

voltage conditions for even a short pe-
riod of time can cause their failure. 
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change in temperature. (Courtesy, Gen-

eral Electric Co.) 
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Magnetic devices like transformers, re-
actors, and relays generate voltage-
transient peaks far in excess of the 
normal input, and are frequently the 
cause of rectifier failure. As a result, 
voltage suppressors or clippers are used 
to increase the reliability of rectifier 

units, without affecting the circuit oper-
ation. 

Transient suppressors are selenium 
devices with nonlinear reverse char-
acteristics. The thick dielectric barriers, 
large area dissipation, and the poly-
crystalline structure make them cap-
able of handling transient peak voltages 
of two orders of magnitude or more, 
above their steady-state rating, and for 
in-rush currents far in excess of nor-
mal densities. The characteristics for a 
typical nonpolarized suppressor are 
shown in Fig. 11-158A. The similarity 
of wave shape on both halves of the 
input circuit will be noted. The char-
acteristic for a polarized suppressor 
are shown in Fig. 11-158B. Nonpolarized 
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Fig. 11-158. Typical reverse characteris-
tics for surge suppressors. 

suppressors may be used in either ac 
or dc applications. Polarized suppres-
sors can be used only in dc circuits, 
with the suppressor in a normally non-

conducting state, but offering a low-
impedance discharge path for a collaps-
ing field. Nonpolarized suppressors will 
clip transient voltages to approximately 

twice the peak-inverse voltage ratings. 
Nonpolarized suppressors with low im-

pedance in the nonblocking direction 
will clip to very low voltage values. 

The most common cause of transients 
is when a switch is opened in the load 
side of a rectifier circuit at nearly the 
maximum instantaneous current, gen-
erating a high voltage. The peak of the 
voltage spike can be hundreds of times 

the peak of the steady-state voltage. In 
this case, the suppressor is connected 
across the inductance. In rectifier cir-
cuits where only the primary circuit of 
the transformer is broken, the suppres-
sor is connected across the transformer 
primary. The recovery time for the sup-
pressor is within microseconds. Typical 

devices of this nature are the Klipvolt, 
manufactures by Sarkes-Tarzian Inc., 
and Klip-Sels, manufactured by the 

International Rectifier Corp. The use 
of such devices is discussed in Section 

21. 
71.159 Describe the different type 

heat sinks used with semiconductor de-
vices.—Two types of heat sinks used 
with semiconductor devices are shown 
in Fig. 11-159. The units in part (a) are 
used with small low-power transistors, 
and are smaller in diameter than a 
dime. The large unit shown in part (b) 

is used with high-current silicon diodes 
where considerable heat must be dis-
sipated. The stud of the diode unit is 
screwed into the center piece of the 

heat sink. Heat-sink design is discussed 
in Questions 21.125 to 21.127. 

71.160 What are steering diodes?— 
Diodes connected in a circuit for the 
purpose of permitting circuit operation 
only when the actuating signal is of a 
given polarity. In Fig. 11-160 is shown 
a steering diode connected in the input 
of a transistor amplifier to allow the 
circuit to respond only when a positive-
going signal is applied to the input. If 
negative-signal operation is required, 
the diode polarity is reversed. 

11.161 Describe a photo let or 
phototransistor.—A photofet is an epi-
taxial semiconductor photocell, using a 
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(a) Small heat sinks used with diodes 
and transistors. Their diameter is less 

than a dime. 

(b) Large heat sink for use with heavy-
current diode rectifiers. The stud of the 
diode is screwed into the center fin of 

the sink. 

Fig. 11-159. Conduction-type heat sinks 
used for cooling diodes and transistors. 
(Courtesy, Wakefield Engineering Co.) 

field-effect transistor, manufactured by 
Crystalonics Inc. Incident light is fo-
cused on 1 he gate element of the FET 
through a lens, an integral part of the 
device. When light strikes the gate area, 
the electrons on the outer valence of the 
impurity atom are excited and flow 
out of the junction through the gate. 

Fig. 11-160. Steering diode connected in 
the input of a device for permitting its 
operation only from a positive-going 
signal. For negative-signal operation the 

polarity of the diode is reversed. 

To state it simply, a given amount of 
incident light generates a proportional 
amount of gate current, known as a X 4. 
Thus, the gate junction acts as a cur-
rent generator and will continue to de-
liver the same amount of current, re-
gardless of the load, for a fixed source 
of illumination. It is claimed for such 
devices that the sensitivity is greater 
than 10:1 over conventional bipolar 
photosensitive devices, with 4:1 in-
creases in bandwidth. Such devices are 
used for high-speed switching, logic, 
and for many other various control 
functions. 
A circuit suitable for a light-control-

led attenuator is shown in Fig. 11-161. 
The circuitry is designed to take ad-
vantage of the photofet's ability to 
function as a variable resistor. Here, 
the drain-to-source resistance is a 
function of the light input obtained 
from a small incandescent lamp. The 
bias voltage is adjusted for the desired 
drain-to-source resistance under qui-
escent conditions. The spectral response 
extends from 4000 to 12,000 angstroms, . 
with maximum sensitivity occurring at 
9500 angstroms. The recommended light 
source is a tungsten lamp operated at 
2000 degrees Kelvin color temperature. 

IN 

BIAS 

Fig. 11-161. Control circuit for a remote 
light-operated attenuator using a photo-
fet manufactured by Crystalonics Inc. 
To distinguish the photofet from a con-
ventional transistor, two arrows are 

placed above the gate. 
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Fig. 11-162. Typical schematic circuit for a monolithic integrated amplifier similar 
to that used in operational amplifiers. 

Because of the light sensitivity of 
certain semiconductor materials, it is 
necessary to encase the standard tran-
sistor in an opaque container. If this is 

not done, it is possible to pick up hiun 
from lighting fixtures. This effect has 
been observed when painted plastic en-
velopes are used and the paint has be-
come scratched. (See Question 19.169.) 

11.162 Describe the basic concept 
of an integrated circuit (IC).—It is a 
combination of active and passive semi-
conductor components fabricated on a 
single semiconductor chip. The internal 
components may consist of several tran-

sistors, diodes, and resistors. External 
reactive components can be connected 
to the internal circuits to form ampli-
fiers, oscillators, and a multiplicity of 
devices. Negative feedback is generally 
induced for stability. Integrated circuits 
are employed in operational amplifiers, 
although they may also be used for 
other purposes. 
A typical schematic circuit for a 

monolithic integrated circuit similar to 
that used in operational amplifiers is 
given in Fig. 11-162. Operational ampli-
fiers are discussed in Questions 12.196 
and 12.261. 
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Section 12 

Audio Amplifiers 

The subject of audio amplifiers seems to be endless because of the many designs 
and functional aspects. In this Section both theoretical and practical amplifier 
circuits are given for semiconductor and vacuum tube types, with simplified design 
equations. Resistance and transformer coupled amplifiers with different types of 
negative feedback are explained. The latter are the outgrowth of the research of 
H. S. Black, I. G. Wilson, and others. 

Of special interest to the audio engineer will be the discussion of semiconductor 
ac and de operational amplifiers suitable for adoption to sound mixer console 
design. Covered are such items as compressor amplifiers, graphic equalizers, high-
and low-frequency equalizers, bandpass filters, oscillators, mixer and line ampli-
fiers, and many others. Also discussed are field-effect transistors (FET's) and the 
possibility of their direct use in place of vacuum tubes. 

12.1 What is a resistance-coupled 
amplifier?—One of the most widely 
used methods of coupling vacuum tubes 
is by means of resistance coupling. Re-
sistance-coupled amplifiers are char-
acterized by their simplicity of design, 
construction, wide frequency range, and 
their low cost of manufacture. In addi-
tion, they are less susceptible to hum 
and noise pickup from surrounding 
electrical fields and are especially 
suited for use with high-mu triode and 
pentode tubes. A typical two-stage re-
sistance-capacitance coupled amplifier 
is shown in Fig. 12-1A. 

It will be noted that a load resistor 
R, is connected in the plate circuit of 
tube V1 and is used for developing the 
signal voltage for the following stage. 
The developed signal is conducted from 
the plate of V1 to the control grid of 
V2 through the coupling capacitor C. 
A grid resistor R, returns the control 
grid of V2 to ground. The sole purpose 
of the coupling capacitor C is to isolate 
the control grid of V2 from the high 
positive voltage on the plate of Vl. 
When a tube in a static or quiescent 

state (no signal) is connected to the 
proper grid, cathode, and plate resistors 
(screen resistor if a pentode is used), 
and supplied with plate voltage, there 

is a steady voltage drop across the 
plate-load resistor. If an instantane-
ous positive-going signal is applied to 
the control grid, the plate current will 
increase. This causes the steady plate 
voltage to increase in a negative direc-
tion (voltage drops at the plate) and 
generate a negative signal voltage at 
the plate. Now, if an instantaneous neg-
ative-going signal is applied to the con-
trol grid, the plate current decreases 
and the voltage at the plate increases in 
a positive direction, thus generating a 
positive signal. 
When applying a sine-wave signal to 

the control grid, the voltage at the plate 
will rise and fall in accordance with the 
signal at the control grid, but it will 
be reversed 180 degrees. Therefore, if 
the tube is not driven into overload the 
signal at the plate will be an inverted 
replica of the signal voltage at the con-
trol grid, but of greater magnitude de-
pending on the amplification factor of 
the tube. The quiescent plate current is 
selected for a value in the most linear 
portion of the plate-current character-
istic. (See Questions 11.52 and 12.101. 
As a rule, resistance coupled ampli-

fiers are designed to use self-bias; that 
is, they have a resistance R, connected 
in the cathode circuit through which 

523 
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Fig. 12-1A. A two-stage, resistance-capacitance coupled triode amplifier. 

the plate and screen-grid (pentode 
tube) currents pass. This flow of cur-
rent through resistor Rk to the plate 
causes the cathode to become positive, 
with respect to the ground, by the 
amount of the voltage drop across Rk. 
The control grid of VI is returned to 

ground through the grid resistance R, 
which places the grid at ground poten-
tial. This makes the control grid nega-
tive with respect to the cathode by the 
amount of voltage drop across the cath-
ode resistor Rk. This same reasoning is 
also true for the control grid of V2. 
Large values of capacitance are con-
nected across the cathode resistors to 
provide a low impedance path for the 
signal voltage in the cathode circuit to 
ground. 

In multistage amplifiers, decoupling 
circuits consisting of capacitors Ca and 

resistor R, are connected in the plate 
circuits of each amplifier stage to pre-
vent common coupling of the tubes 
through the power supply. 
A two-stage resistance-capacitance 

coupled amplifier using pentodes is 
shown in Fig. 12-1B. The circuit is 
similar in design to Fig. 12-1A, except 
for the addition of the screen-grid 

INPUT   

dropping resistor R., and the screen-
grid bypass capacitor Ce. 

12.2 What 'are the symbols used 
for the design of resistance-capacitance 
coupled amplifiers? 

C (C.) Coupling capacitor be-
tween stages 

Ck Cathode bypass capacitor 
C.2(C.2) (C.1) Screen-grid bypass ca-

pacitor 
Ebb Supply voltage 
E, Actual voltage at the 

plate 
E., Actual voltage at the 

screen grid 
1, (lb) Plate current 

I.5 (I.2) Screen grid current 
Rk Cathode self-biasing re-

sistor 
Rae (120) (R.2) Screen-grid dropping re-

sistor 
R, Grid resistor 
R, (RL) (IL) Plate load resistor 
E.,, (E.,) Signal voltage at the con-

trol grid 
V, Voltage gain of the stage 
E. Output signal voltage 

Variations of these symbols are given 
in parentheses. (See Question 11.34.) 

OUTPUT 

Ebb 

Fig. 12-1B. A two-stage, resistance-capacitance coupled pentode amplifier. 
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12.3 What are the gain-frequency 
characteristics of a resistance-capaci-
tance coupled amplifier?—Generally 
speaking, resistance-capacitance cou-
pled amplifiers have three sets of fre-
quency characteristics. They are: low, 
medium, and high frequency. With 
proper design the frequency response 
may be made quite uniform over a 
range from direct current to several 
megahertz. Resistance-coupled ampli-
fiers for audio use are designed to cover 
a frequency range from 10 to 20,000 Hz 
and above. (See Question 12.6.) 

12.4 What are the factors govern-
ing the gain of a resistance-coupled 
amplifier?—To obtain a large voltage 
gain in a resistance-coupled amplifier 
stage, the plate-load resistor R„ must 
have as large a value as is practical. 
The higher the value of the plate-load 
resistance, the greater will be the de 
voltage drop across it and the lower 
will be the actual voltage at the plate 
of the tube. Therefore, there is a prac-
tical limit to the value of the load re-
sistance. 

The dc voltage drop across the plate-
load resistor must be subtracted from 
the supply voltage Ebb to arrive at the 
actual value of voltage at the plate of 
the tube. If the value of the load re-
sistance is high, only a small portion 
of the supply voltage is available at the 
plate. This may be too low for proper 
operation. 

Fig. 12-4 illustrates how the supply 
voltage is distributed in a triode resist-
ance-coupled amplifier. It will be noted 
that for a supply voltage of 300 volts 
and a plate-load resistance of 30,000 
ohms, 180 volts of the supply voltage is 
lost in the de voltage drop across the 
load resistance and only 117 volts ap-
pear between the cathode and the plate, 
with 3-volts drop across the cathode 
resistor Rt. 

10.0 
7.5 

z 5.0 

2.5 

e 0o  

1p • 6mA 

Fig. 12-4. The dc voltage distribution in 
a resistance-coupled amplifier. 

From this illustration it may be 
readily seen that with a 300-volt sup-
ply, increasing the plate-load resistance 
to a high value results in an excessive 
voltage drop across the load resistance, 
and that for a very high value of re-
sistance, the supply voltage would have 
to be increased to a value out of pro-
portion to the small amount of in-
creased gain achieved by increasing the 
plate-load resistance. 

12.5 What is the relationship be-
tween gain and the value of plate-load 
resistance?—Under the best conditions, 
only about 80 percent of the tube am-
plification can be attained. This rela-
tionship is shown in Fig. 12-5. It will 
be noted that, after a certain value of 
resistance has been reached, the gain 
increases very slowly and never quite 
reaches the full amplification factor of 
the tube. 

12.6 What is the variation in the 
frequency characteristics for different 
values of plate-load resistance?—Typi-
cal gain-frequency characteristic curves 
for a resistance-coupled amplifier using 
different values of plate load are shown 
in Fig. 12-6. As will be seen, the fre-
quency response falls off at both the 
high and low frequency ends as the 
plate-load resistance is increased. A 

100K 200K 300K 

PLATE LOAD - OHMS 

400K 500K 

Fig. 12-5. Voltage amplification versus load resistance for a triode having a plate 
resistance of 10,000 ohms, an amplification factor of 10, and a transconductance 

of 1000 micromhos. 
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Fig. 12-6. Variation in voltage gain of 
an RC coupled amplifier for different 

values of R,. 

wide frequency response can only be 
obtained with low values of plate load 
resistance and at the expense of gain. 

12.7 What factors affect the gain 
at the lower frequencies in a resistance-
coupled amplifier?—Referring to Fig. 
12-1A, a loss of gain at the low fre-
quencies is caused by the high reac-
tance of the coupling capacitor C. The 
equivalent circuit for a single stage, 
triode, resistance-coupled amplifier is 
shown in Fig. 12-7. At the low fre-
quencies, the signal voltage across R, 
appears across the series combination 
of capacitor C and the grid resistor R., 
which is applied to the input of the fol-
lowing stage (LE, represents the vac-
uum tube.) 
The lower the frequency, the higher 

becomes the reactance of the coupling 
capacitor C and more and more of the 
signal voltage developed across R, ap-
pears across the capacitor C. Therefore, 
less voltage is applied to the grid of the 
following stage because of the voltage 
divider action of R, and C. The best 
low-frequency response is obtained 
when the coupling capacitor C is large 
in value, so that its reactance is negli-
gible at the lowest frequency to be 
amplified. 

12.8 What are the gain-frequency 
characteristics at the mid frequencies in 
a resistance-coupled amplifier?—At the 
midfrequencies little or no frequency 
discrimination is noted because the re-
actance of the coupling capacitor C is 

TO CONTROL GRID OF 
FOLLOWING 

STAGE 

Fig. 12-7. Equivalent circuit for a triode 
RC coupled amplifier at the low fre-

quencies. 

r.41 
TO GM OF 
FOLLOWING 

STAGE 

Fig. 12-8. Equivalent circuit for a triode 
RC coupled amplifier at the mid-

frequencies. 

small. In Fig. 12-8 (an equivalent cir-
cuit) the coupling capacitor has been 
omitted as its reactance is negligible 
and may be considered to be a short 
circuit. Under these conditions, all the 
voltage (E.11) developed across the 
plate-load resistor R., is delivered to 
the following stage, resulting in a uni-
form frequency response. 

12.9 What are the gain-frequency 
characteristics at the high frequencies 
in a resistance-coupled amplifier?—The 
high-frequency response falls off be-
cause of the interelectrode capacitance 
of the tube and the distributed capaci-
tance of the tube socket and associated 
wiring. These capacities are considered 
to be in shunt with the plate and con-
trol-grid circuits and act as a low-im-
pedance path to ground at the higher 
frequencies. (See Fig. 12-9.) As the 
frequency increases, the reactance of 
the shunt capacitance C. becomes less 
and less, eventually reaching a value 
equal to that of the load resistance R,. 
As a result, the impedance is lowered, 
a lower voltage is developed across the 
load resistor R,, and thus less voltage 
appears across the input of the follow-
ing stage. Therefore, the gain falls off 
as the frequency is increased. Because 
the reactance of the coupling capacitor 
is small at the high frequencies, it may 
be considered to be out of the circuit. 

12.10 What is the equation for cal-
culating the amplification of a resist-
ance-coupled amplifier stage at the mid-

TO GRID OF 
FOLLOWING 

STAGE 

Fig. 12-9. Equivalent circuit for a triode 
RC coupled amplifier at the high fre-

quencies. 
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frequencies?—The general equation for 
a triode tube is: 

RP  
A  rp 

where, 
R, is the plate load resistor, 
r, is the plate resistance of the tube, 
p, is the amplification factor of the 

tube. 

The foregoing equation will give the 
gain of the tube when the plate-load 
resistor R. is not shunted by the grid 
resistance R, and coupling capacitor C 
of a second stage. If the plate resistor 
R, is shunted by the components of a 
second stage, this must be taken into 
consideration when computing the gain. 

The equation is then written: 

A_  
r, -F 

where, 
r, is the plate resistance of the tube, 
R.  is the equivalent resistance of the 
second stage grid resistor R,, and 
the coupling capacitor C, in paral-
lel with the plate load resistor R,. 

A practical example using the above 
equation would be: Assume a tri-
ode is to be operated using a plate-load 
resistor R, of 47,000 ohms. The plate 
resistance of the tube is 7700 ohms and 
the mu is 17. If the grid resistor R, of 
the second stage is several times the 
value of the plate load resistor R,, only 
the value of R, need be considered. The 
reactance of the coupling capacitor C, is 
generally small at the midfrequencies 
and for practical purposes may be con-
sidered to be a short circuit. Therefore, 
the amplification will be: 

47,000  
A — X 17 

7700 + 47.000 

799,000  
— 54,700 

= 14.62 

12.11 What is the equation for cal-
culating the amplification of a resist-
ance-coupled amplifier stage at the low 

R9 

Fig. 12-11. Equivalent circuit for a tri-
ode RC coupled amplifier at the low 

frequencies. 

frequencies?—The gain of a resistance-
coupled amplifier at the low frequencies 
is more difficult to compute because the 
reactance of the coupling capacitor to 
the second stage must be included. The 
amplification at the low frequencies for 
a triode tube may be computed: 

A 
1 

11 -1- (X./R.,) 1 
where, 
X. is the capacitive reactance of the 
coupling capacitor C at the lowest 
frequency to be passed by the am-
plifier, 

Rei is the equivalent resistance of the 
plate load resistor R, in parallel 
with the reactance of the coupling 
capacitor in series with the grid 
resistor R, of the second stage. 

An equivalent diagram for the fore-
going equation is shown in Fig. 12-11. 

The reactance of the coupling ca-
pacitor C increases with a decrease of 
frequency and is in series with the grid 
resistor R. of the second stage. The 
control grid of the second stage is fed 
from the junction of these two circuit 
elements; therefore, less signal voltage 
is applied to the second stage control 
grid as the frequency is lowered, be-
cause of the voltage-divider action of 
these two circuit elements. 

At a frequency where the capacitive 
reactance of capacitor C is equal to the 
value of the grid resistor R,, the signal 
voltage at the control grid of the second 
stage will be reduced 3 dB. This is 
called the half-power point and is taken 
to be the lower frequency limit of the 
amplifier. The response at the lower 
frequencies may be extended by the 
methods described in Questions 12.21 
and 12.37. 

12.12 What is the equation for cal-
culating the amplification of a resist-
ance-coupled amplifier stage at the high 
frequencies?—For a triode the amplifi-
cation is: 

A 
1 

V1+ (R.,/X.)2 
where, 
R., is the equivalent resistance as 

described in Question 12.10, 
X. is the capacitive reactance of the 

stray capacitance due to wiring, 
sockets, and the internal capaci-
tance of the tube. 

At the high frequencies the reactance 
of the coupling capacitor c, is quite 
small and may be neglected. At a fre-
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quency where the reactance of the 
stray capacitance equals one-third the 
value of R.,, the gain will drop 3 dB. 
This is called the upper half-power 
point and is taken as the upper fre-
quency limit of the amplifier. 

12.13 What is the equation for cal-
culating the amplification of a resist-
ance-coupled pentode amplifier stage?— 
Because of the high plate resistance of 
a pentode tube (generally of the order 
of 1 megohm), the value of the plate 
load resistor R, is not important. The 
formula then becomes: 

A= G,,, 
where, 

G., is the transconductance of the 
tube in micromhos, 

R., is the equivalent load resistance. 

The transconductance is equal to mu/4. 
12.14 What type tubes are recom-

mended for resistance-coupled amplifi-
ers?—Pentodes or high-mu triodes. For 
high-frequency amplification, the pen-
tode is preferred because of its lower 
internal-electrode capacitance. This 
keeps the shunt capacitive reactance 
high in comparison to the load resist-
ance R,. As a rule, the load resistance 
is made low enough that it is lower 
than the shunting impedance of the dis-
tributed capacitance caused by the wir-
ing, socket, and internal capacitance of 
the tube. 

Lowering the load resistance R, also 
decreases the amplification of all fre-
quencies passed by the amplifier, but 
such design is necessary if the amplifier 
is to cover a wide frequency band. 
The data supplied by the tube manu-

facturers cover the audio frequency 
range from 20 to 20,000 Hz. If the low-
frequency end is to be extended, the 
coupling capacitor must be increased in 
size as discussed in Question 12.21. Also, 
compensating circuits are generally 
added as described in Question 12.37. 

12.15 How are the circuit constants 
for resistance-coupled amplifiers se-
lected?—The circuit constants may be 
calculated individually; however, charts 
are available from the tube manufac-
turer that provide all the necessary 
data except for very special cases. Typ-
ical charts are shown in Fig. 12-15. 
Values for the circuit elements are 
selected on the basis of the plate supply 
voltage Ebb, plate-load resistance R„, 
and the grid resistance R., remember-

ing that the higher the plate-load re-
sistance, the greater the loss at the high 
frequencies. Referring to Fig 12-15, 
chart 2, it will be noted that under a 
given plate-load resistance are tabu-
lated the value of the cathode resist-
ance R., the screen-grid dropping resis-
tor Re (or R.,), the coupling capacitor 
C, and the screen grid and cathode by-
pass capacitors C,2 (or C.,) and C. 

The values of capacity given are the 
minimum values for a given set of con-
ditions. The circuit constants are predi-
cated on a given signal voltage E. at the 
plate for a given value of harmonic dis-
tortion. The amplification or voltage 
gain V, given in the charts may be con-
verted to decibels by the equation: 

where, 
V, is the voltage gain stated in the 

charts. 

dB = 20 Log,, V, 

As an example, a given tube has a volt-
age gain of 14. What is the gain in 
decibels? 

dB = 20 Log., 14 

= 20 >< 1.46 

= 22.92 dB. 

12.16 Explain how the circuit con-
stants given in a resistance-coupled am-
plifier design chart are determined.— 
They are based on a given frequency 
response, distortion, gain, and signal 
output voltage. The frequency response 
on which the circuit constants are 
predicated is shown in Fig. 12-16. The 
frequency f, is that value at which the 
high-frequency response begins to fall 
off. The frequency 1, is that value at 
which the low-frequency response 
drops below a satisfactory value, as dis-
cussed in the questions to follow. For 
most of the types shown, the data per-
tain to the use of a cathode bias resistor 
where feasible, a series screen-drop-
ping resistor where applicable, and of-
fers several advantages over fixed volt-
age operation. These advantages are: 

Operation over a wide range of plate 
supply voltages without appreciable 
change in gain; 

The effects of possible tube differences 
are minimized; 

The low frequency at which the am-
plifier cuts off is easily changed; 

The tendency toward motorboating is 
minimized. 



AUDIO AMPLIFIERS 529 

6A06 
6A07-GT 
6AT6 
607 
607-G 
607-GT 
6SL7-GT• 
6SZ7 
6T7-G 
6T8 
1 2AT6 
1 207-GT 
1 2SL7-GT• 
1 9T8 

6AU6 
6SH7 
12AU6 
12SH7 

Ebb Rp Rg Rfa Rk CO Ck C Ec. V.G. 

90 

0.1 
0.1 
0.22 
0.47 

- 
- 
- 

4200 
4600 
4800 

- 
- 
- 

2.5 
2.2 
2.0 

0.025 
0.014 
0.0065 

5.4 
7.5 
9.1 

22o, 
27*. 
304" 

0.22 
0.22 
0.47 
1.0 

- 
- 
- 

7000 
7800 
8100 

- 
- 
- 

1.5 
1.3 
1.1 

0.013 
0.007 
0.0035 

7.3 
10 
12 

30* 
345 
37* 

0.47 
0.47 
1.0 
2.2 

- 
- 
- 

12000 
14000 
15000 

- 
- 
- 

0.83 
0.7 
0.6 

0.006 
0.0035 
0.002 

10 
14 
16 

361,1 
39* 
41* 

180 

0.1 
0.1 
0.22 
0.47 

- 
- 
- 

1900 
2200 
2500 

- 
- 
- 

3.6 
3.1 
2.8 

0.027 
0.014 
0.0065 

19 
25 
32 

30* 
35 
37 

0.22 
0.22 
0.47 
1.0 

- 
- 
- 

3400 
4100 
4600 

- 
- 
- 

2.2 
1.7 
1.5 

0.014 
0.0065 
0.0035 

24 
34 
38 

38 
42 
44 

0.47 
0.47 
1.0 
2.2 

- 
- 
- 

6600 
8100 
9100 

- 
- 
- 

1.1 
0.9 
0.8 

0.0065 
0.0035 
0.002 

29 
38 
43 

44 
46 
47 

300 

0.1 
0.1 
0.22 
0.47 

- 
- 
- 

1500 
1800 
2100 

- 
- 
- 

4.4 
3.6 
3.0 

0.027 
0.014 
0.0065 

40 
54 
63 

34 
38 
41 

0.22 
0.22 
0.47 
0.1 

- 
- 
- 

2600 
3200 
3700 

- 
- 
- 

2.5 
1.9 
1.6 

0.013 
0.0065 
0.0035 

51 
65 
77 

42 
46 
48 

0.47 
0.47 
1.0 
2.2 

- 
- 
- 

5200 
6300 
7200 

- 
- 
- 

1.2 
1.0 
0.9 

0.006 
0.0035 
0.002 

61 
74 
85 

48 
SO 
51 

90 

0.1 
0.1 
0.22 
0.47 

0.07 
0.09 
0.096 

1800 
2100 
2100 

0.11 
0.1 
0.1 

9.0 
8.2 
8.0 

0.021 
0.012 
0.0065 

25 
32 
37 

52 
72 
88 

0.22 
0.22 
0.47 
1.0 

0.25 
0.26 
0.35 

3100 
3200 
3700 

0.08 
0.078 
0.085 

6.2 
5.8 
5.1 

0.009 
0.0055 
0.003 

25 
32 
34 

72 
99 
125 

0.47 
0.47 
1.0 
2.2 

0.75 
0.75 
0.8 

6300 
6500 
6700 

0.042 
0.042 
0.04 

3.4 
3.3 
3.2 

0.0035 
0.0027 
0.0018 

27 
32 
36 

102 
126 
152 

180 

0.1 
0.1 
0.22 
0.47 

0.12 
0.15 
0.19 

800 
900 
1000 

0.15 
0.126 
0.1 

14.1 
14.0 
12.5 

0.021 
0.012 
0.006 

57 
82 
81 

74 
116 
141 

0.22 
0.22 
0.47 
1.0 

0.38 
0.43 
0.6 

1500 
1700 
1900 

0.09 
0.08 
0.066 

9.6 
8.7 
8.1 

0.009 
0.005 
0.003 

59 
67 
71 

130 
171 
200 

0.47 
0.47 
1.0 
2.2 

0.9 
1.0 
1.1 

3100 
3400 
3600 

0.06 
0.05 
0.04 

5.7 
5.4 
3.6 

0.0045 
0.0028 
0.0019 

54 
65 
74 

172 
232 
272 

300 

0.1 
0.1 
0.22 
0.47 

0.2 
0.24 
0.26 

500 
600 
700 

0.13 
0.11 
0.11 

18.0 
16.4 
15.3 

0.019 
0.011 
0.006 

76 
103 
129 

109 
145 
163 

0.22 
0.22 
0.47 
1.0 

0.42 
0.5 
0.55 

1000 
1000 
1100 

0.1 
0.098 
0.09 

12.4 
12.0 
11.0 

0.009 
0.007 
0.003 

92 
108 
122 

164 
230 
262 

0.47 
0.47 
1.0 
2.2 

1.0 
1.1 
1.2 

1800 
1900 
2100 

0.075 
0.065 
0.06 

8.0 
7.6 
7.3 

0.0045 
0.0028 
0.0018 

94 
105 
122 

248 
318 
371 

0- At 2 volta (rms) output. • At 3 volts (rms) output. * At 4 volts (rms) outpt. 
• One triode unit. 

Fig. 12-15. A typical resistance-coupled amplifier data chart. (Courtesy, Radio Cor-
poration of America ) 

The output peak voltage E. is the 
voltage available across the grid re-
sistance 11. of the following stage at any 
frequency within the flat portion of the 
frequency response, and where the in-
put signal is of such magnitude as to 

swing the control grid to a point where 
grid current just starts to flow. 

12.17 - How critical is the supply 
voltage for a resistance-coupled ampli-
fier?-For supply voltages differing by 
50 percent from those listed in the 
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4 

4201, 
FREQUENCY 

Fig. 12-16. Frequency response for the 

design of RC amplifiers. (Courtesy, Radio 
Corporation of America ) 

charts of Fig. 12-15, the voltage gain is 
approximately the same. 

12.18 How critical are the values of 
the circuit components in a resistance-
coupled amplifier?—The values of the 
circuit components in the charts are 
approximately correct for changes up 
to 50 percent of the stated supply volt-
age. Ten-percent tolerance capacitors 
and resistors are quite satisfactory to 
be used. 

12.19 What is the frequency re-
sponse when the data in the tube charts 
are used with a directly heated triode 
amplifier?—Capacitors C and Ck have 
been chosen to give a signal output 
voltage equal to 0.8 E. for a frequency 
f, of 100 Hz (Fig. 12-16). For any other 
value of fl multiply C and Ck by 100/t. 
The values given for Ck are for an am-
plifier using direct current on the heat-
ers. When alternating current is used, 
it will be necessary to increase the 
value of Ck to minimize hum distur-
bances. The voltage at f, of "n" stages 
equals 0.8" E., where E. is the peak 
signal voltage at the final stage for any 
value of R,. 

12.20 What is the frequency re-
sponse when the data in the tube charts 
are used with a filament-type pentode 
tube?—Capacitors C and Co have been 
chosen to give an output signal volt-
age equal to 0.8 E. for a frequency f, 
of 100 Hz (Fig. 12-16). For any other 
value of f,, multiply values of C and Co 
by 100/f,. The voltage output at F, for 
"n" like stages equals 0.8" E., where E. 
is the peak signal output voltage of the 
final stage. For an amplifier of typical 
construction and for R, values of 
100,000, 250,000, and 500,000 ohms, ap-
proximate values of f, are 20,000, 10,000, 
and 5,000 Hz, respectively. The values 
of the input coupling capacitor C in 
microfarads and of the grid resistor R, 

in megohms should be such that their 
product lies between 0.02 and 0.10. 

12.21 What is the frequency re-
sponse when the data in the tube charts 
are used with a heater-type pentode?— 
Capacitors C, Ck, and Co have been 
chosen to give an output voltage equal 
to 0.7 E. for a frequency f, of 100 Hz 
(Fig. 12-16). For any other values of f„, 
multiply values of C, Ck, and Co by 
100/fi. In the cases of capacitor Ck, the 
values shown in the charts are for an 
amplifier with de heater excitation. 
When ac is used, depending on the 
character of the associated circuits, 
voltage gain, and the value of f,, it may 
be necessary to increase the value of Ck 
to minimize hum disturbances. The 
voltage output at fi for "n" like stages 
equals 0.7" E., where E. is the peak out-
put signal voltage at the final stage. For 
an amplifier of typical construction and 
for R, values of 0.1, 0.25, and 0.5 meg-
ohm, approximate values of f2 are 20,000 
10,000, and 5000 Hz, respectively. 

12.22 Is it necessary to bypass a 
self-bias resistor?—No, not unless the 
maximum gain is required from the 
tube. When the cathode or self-bias re-
sistance is left unbypassed, degenera-
tion (negative-current feedback) is 
developed by the flow of the audio 

signal through the bias resistor because 
of the ac component of the plate current 
flowing through the bias resistor. 

The flow of signal current causes a 
voltage drop across the bias resistor, 
which increases the normal bias voltage 
on the control grid. This increase of 
bias voltage reduces signal voltage at 
the control grid and reduces the stage 
gain from 4 to 6 dB. This requires the 
input signal amplitude be increased to 
produce a given output signal level at 
the plate circuit by the factor: 

A X Ft1 
Emig — 

Reg 
where, 
A is the amplification factor of the 
tube with the cathode resistor by-
passed, 

R.„ is the combined resistance of the 
plate-load resistor, R„ and the grid 
resistor R, of the following stage, 

Rk is the cathode resistor. 

Leaving the cathode resistor unby-
passed results in a more uniform fre-
quency response with lower distortion 
for a given set of conditions, but with 
higher plate impedance. Unbypassed 
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cathode circuits are more susceptible 
to hum pickup from ac heater circuits. 

The foregoing statements apply to 
single-stage amplifiers only. For push-
pull amplifiers see Question 12.106. 

12.23 What is the relationship be-
tween the coupling capacitor C and the 
grid resistor R,?—When the reactance 
of the coupling capacitor C at the lower 
frequencies becomes equal to the grid 
resistor R., the frequency response will 
be down 3 dB, compared to a reference 
frequency of 420 Hz. 
When designing a capacitive-coupled 

circuit, it is useful to be able to predict 
what proportion of the voltage across 
the plate resistor R,, will appear across 
the grid resistor Rs. This may be deter-
mined by the use of the nomograph in 
Fig. 12-23. A straight edge is laid from 
the load resistance at the left to the 
value of the capacitive reactance at the 
right. The loss in voltage gain, relative 
to 100-percent gain, is read from the 
percentage scale at the center. The loss 
in dB for a range of 0.5 to 6 dB may be 

00 
90 - 
80 -7 OE 

70--

60-5 

50 

40 

20 2 OE 

7 

6 

5 

4 

-  

0.5d8 • 94% 

V2 
% TÍ 

read at the left of the center scale. The 
capacitive reactance is that of the cou-
pling capacitor at the highest and low-
est frequency of interest. 

12.24 How does the cathode capaci-
tor Ct affect the frequency response?— 
Normally the cathode capacitor size is 
selected for a value that will have a 
reactance of one-tenth the resistance of 
the cathode resistor. Practical sizes are 
25 to 50 IA'. The purpose of the cathode 
capacitor is to provide a low impedance 
path for the signal voltage to ground 
and remove it from the cathode resistor 
so far as possible. As the size of the 
cathode-bypass capacitor is reduced, 
degeneration (negative-current feed-
back) is increased and, if this capacitor 
is made small enough, the gain begins 
to fall at the lower frequencies and the 
frequency characteristic starts to rise 
at the higher frequencies. A small ca-
pacitor across a cathode resistor is often 
used to increase the high-frequency re-
sponse. This subject is discussed in 
Question 6.96. 

 99.995 

-OE- 99.99 

— 99.98 
—-  99.97 

99.95 

— 99.9 

 99.8 
— 99.7 
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Fig. 12-23. Nomograph for determining the loss in gain 
capacitive-coupled circuit. 

that occurs through a 
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12.25 How may the size of the 
coupling, screen, and cathode capacitors 
be approximated?—By the use of the 
equations: 

1.6 x 10°  
C 

f X RE 

1.6 x ur  c. _ AtF 
fxRk 

1.6 x 10  cg. , 
X R., 

X.= 
29/71 
up 

where, 
C is the coupling capacitor, 
Ck is the cathode-bypass capacitor, 
Csk is the screen-bypass capacitor, 
f is the lowest frequency to be am-
' plified, 
Rk is the grid resistor, 
14 is the cathode resistor, 
R., is the screen grid dropping re-

sistor, 
X e is the capacitive reactance. 

This statement does not take into con-
sideration effects of phase shift. 

12.26 What effect does a volume 
control have on the frequency response 
of an amplifier?—It adds to the imped-
ance seen by the input of the following 
tube reducing the high-frequency re-
sponse; however, generally it is of no 
great consequence. Volume controls 
should not be included in a negative-
feedback loop of an amplifier because of 
its internal capacitance. (See Question 
12.191.) 

12.27 What factors affect the dis-
tortion characteristics of a resistance-
coupled amplifier?—They are the same 
as for any other type amplifier and are a 
function of the signal amplitude and 
operating parameters. Negative feed-
back may be used over a number of 
stages to obtain the most desirable dis-
tortion characteristics. 

12.28 How is self-bias achieved in 
an amplifier?—By connecting a resistor 
in series with the cathode element to 
ground. The flow of plate current (and 
screen grid in the case of a pentode) 
through this resistor causes a voltage 
drop across the resistor making the 
cathode positive with respect to ground. 
The control grid is connected to ground 
making the grid negative with respect 
to the upper end of the cathode. Thus, 
the control grid is made negative by the 
amount of voltage drop across the cath-
ode resistor. The value of the cathode 
resistor, 11k, may be calculated: 

idd Ed 
11 

where, 
L is the total current through the 
cathode resistor, 

Ek is the required grid-bias voltage. 

For pentodes, the screen-grid current 
is added to that drawn by the plate. 
(The screen-grid current also flows 
through the cathode resistor.) 

The cathode capacitor may be elimi-
nated by use of the circuit shown in 
Fig. 12-28 in which the cathode element 
is connected to the junction of a voltage 
divider circuit formed by a resistor Rd 
and the cathode resistor Rt. 
This circuit places the cathode close 

to ground and eliminates the need for 
the usual heavy bypass capacitor. This 
circuit is quite useful in low-level 
high-gain amplifier stages in reducing 
htun. As an example: a given tube re-
quires a bias voltage of 1.2 volts. Con-
necting a 68,000 ohm resistor from a 
source of 200 volts dc, to a cathode re-
sistor of 390 ohms places the cathode 
element only 390 ohms above ground. 

Because the cathode resistor is not 
bypassed, degeneration will take place 
across the cathode resistor; however, 
the benefits gained by the reduction in 
hum in this stage offsets the loss of gain 
suffered from the degeneration. 

+zoo 

Fig. 12-28. Fixed-bias circuit in a low-
level, high-gain amplifier stage. 

12.29 What is a grid-leak resistor? 
—A high-value resistor connected from 
the control grid of a vacuum tube to 
ground or the negative side of the cir-
cuit. Its purpose is to permit excessive 
electrons on the control grid to leak 
off to ground and thus prevent the 
tube from becoming blocked due to an 
excessive negative charge on the grid. 
Grid-leak resistors are used in ampli-
fiers, oscillators, radio detectors (de-
modulators), and similar devices. 
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12.30 What is a stopping capacitor? 
—It is another name for a coupling ca-
pacitor used between the stages of a 
resistance- or impedance-coupled am-
plifier. 

12.31 What is the effect of a leaky 
coupling capacitor?—Referring to Fig. 
12-1A, if the coupling capacitor C is 
leaky, the positive potential at the plate 
of the tube VI will be applied to the 
control grid of tube V2. The positive 
potential will offset the negative bias 
on the control grid of V2 causing the 
tube to draw grid current and an exces-
sive amount of plate current which may 
cause the tube to be permanently dam-
aged. In addition, because the tube will 
not be operating on the linear portion 
of its characteristic curve, excessive 
distortion will result. 

12.32 What are the limiting factors 
for determining the maximum resistance 
that may be inserted in the control-grid 
circuit of a vacuum tube?—The space 
current. Because of the current flow, 
electrons collect on the control grid 
forming a negative charge. This charge 
has no way of leaking off except 
through the resistance between the grid 
and ground. If the grid resistance is in 
the order of one-fourth to one-half 
megohm, a considerable bias voltage is 
created, ranging from 0.25 to 2.0 volts. 
The effect of the space charge relative 
to the grid resistance is often referred 
to as contact potential because of its 
similarity to the condition resulting 
when dissimilar metals placed in con-
tact generate a current. 
The maximum value of resistance 

that may be used with a particular tube 
may be obtained from the manufactur-
er's sheet. Higher values of grid-circuit 
resistance may be used with cathode 
bias (self-bias) than fixed bias. The 
reason for this difference is that in a 
self-bias or automatic-bias circuit, the 
bias voltage increases with an increase 
of plate current, thus preventing the 
creeping of plate current, because of 
grid emission and gas, between the grid 
and cathode elements. (See Questions 
11.44 and 11.62.) 

12.33 What is the overall fre-
quency response of two resistance-cou-
pled amplifier stages connected in 
tandemT—If two amplifier stages each 
having a frequency response of 0.80 at 
a given frequency (f.) and relative to a 
reference frequency of 420 Hz are con-

nected in tandem, the overall fre-
quency response for the two stages will 
be: 

0.8' or 0.8 X 0.8 = 0.64 

Therefore, the frequency (f.) will show 
a loss of 4 dB compared to the reference 
frequency of the response at (f.) and is 
64 percent of the reference frequency. 
This will hold true regardless of the 
type of interstage coupling employed. 
Percentage compared to decibel loss 
may be read directly from the chart in 
Fig. 25-133. 

12.34 What is the permissible vari-
ation of supply voltage (Ebb) for resist-
ance-coupled amplifiers?—Using a given 
group of circuit components, the supply 
voltage may vary up to about 50 per-
cent without seriously affecting the op-
eration of the amplifier. However, this 
should be the exception rather than the 
rule, as the distortion will be increased 
and the output signal voltage will drop. 
The change of output signal voltage 

with a change of supply voltage (Ebb) 
may be calculated: 

Ebbt 

Ebbt 

where, 
E.. is the new output signal voltage, 
E. is the original output signal volt-

age, 
Ebb, is the original supply voltage, 
Ebb, is the new supply voltage. 

12.35 What are the practical fac-
tors affecting the frequency response of 
a resistance-coupled amplifier?—Low-
frequency response can be affected by 
any one or more of the components of 
the circuit. The reactance of the cou-
pling capacitor C rises rapidly below a 
frequency of 100 Hz causing a loss at 
the lower frequencies. As an example, 
a 0.10-µF capacitor has a reactance at 
50 Hz of 30,000 ohms and a reactance 
at 20 Hz of 80,000 ohms. This increase 
of reactance reduces the signal voltage 
at the control grid of the second stage. 
Increasing the capacity of the coupling 
capacitor to reduce its reactance in-
creases its physical size adding to the 
shunt capacities of the circuit and re-
ducing the high-frequency response. 
This is particularly true if the coupling 
capacitor is in a metal case. The loss at 
the lower frequencies causes phase shift 
which rises to an appreciable amount. 
One microfarad appears to be the prac-
tical limit of a coupling capacitor. 
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To obtain a uniform frequency re-
sponse at a frequency of 20 Hz will 
require a cathode-bypass capacitor of 
at least 100 irF and preferably 1000 
la'. Such values are practicable as they 
are of low voltage and the units are 
small in physical size. If these values 
are impractical, the cathode-bypass ca-
pacitor may be eliminated, with a re-
sulting loss of gain because of degen-
eration in the cathode circuit. However, 
this will reduce frequency discrimina-
tion and phase shift. In some instances 
it may be desirable to use battery bias 
with the cathode connected to ground. 
Another offender is the screen-grid 

bypass capacitor. If of insufficient size, 
degeneration is induced in both the 
screen and control grid circuits, reduc-
ing the stage gain. The screen-grid by-
pass capacitor should be at least 10 OELF 

and larger if practicable. In any case, 
the reactance of the capacitor should be 
one-tenth the resistance of the screen-
grid dropping resistor. 
Another source of trouble is common 

coupling of the amplifier stages through 
the internal impedance of the power 
supply causing low-frequency motor-
boating. If the power supply is of the 
regulated type, the greater portion of 
the trouble is eliminated. The use of a 
large bypass capacitor at the output of 
an unregulated power supply will re-
duce common coupling. (See Question 
12.36.) 

12.36 What is a decoupling circuit? 
—When three or more resistance-
coupled stages are used, decoupling re-

Rd 

 w.  

DC INPUT LŤJ 

sistors Rd and capacitors Cd are con-
nected in the plate-circuit returns of 
each stage as shown in Fig. 12-36A. The 
purpose of these decoupling networks is 
to prevent common couplings between 
the stages through the common imped-
ance of the power supply. Decoupling 
may be dispensed with if the ampli-
fier consists of only two stages, as the 
plate current for the two tubes is out 
of phase and will not couple through 
the power-supply impedance. 

In a three-stage amplifier, the plate 
currents of the first and third stages 
are in phase and will couple through 
the power supply. This condition mani-
fests itself by a low-frequency oscilla-
tion called motorboating. This unde-
sirable coupling is eliminated by the 
decoupling capacitor Cd which offers a 
low impedance path to ground to the 
signal voltage, while the resistor Rd 
offers a high impedance to ground 
through the power supply route. If the 
ratio of capacitance CI to resistance R I 
is high, the signal is forced to return 

OUTPUT 

Fig. 12-36B. Decoupling circuit in the 
control-grid return circuit of a trans-

former-coupled amplifier. 

Rd 

w.  

COMMON IMPEDANCE 
OF POWER SUPPLY 

Fig. 12-36A. A three-stage, resistance-coupled amplifier with decoupling circuits 
CI, and R1.. 
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INPUT 

Et+ 

Fig. 12-37. A resistance-coupled amplifier with o low-frequency compensating circuit 
consisting of resistor Rd and capacitor Cd. 

to ground through capacitor Cd rather 
than through the power supply. Prac-
tical values of resistance for Rd are 
10,000 to 25,000 ohms. Capacitance val-
ues for Cd are 10 µF or greater. 
The internal impedance of the power 

supply may be lowered by shunting the 
output with a capacitor of 100 micro-
farads; however, this is often imprac-
tical. Another form of decoupling is 
shown in Fig. 12-36B. A resistor Rd and 
capacitor Ca are connected in the grid 
return of the input transformer. The 
capacitor Cd has a low reactance to the 
signal voltage while the resistor Rd of-
fers a high-impedance path forcing the 
signal to return back to the cathode 
circuit. 

12.37 What is a low-frequency com-
pensating circuit in a resistance-coupled 
amplifier?—Elements connected in the 
plate circuit to increase the low-fre-
quency response. The circuit elements 
are those of the decoupling circuit 
shown in Fig. 12-37. By the proper 
choice of values, the circuit may be 
used for both decoupling and compen-
sation. As a compensator circuit it 
serves two purposes; (1) it introduces 
phase shift in the plate circuit, com-
pensating for the phase shift of the 
coupling circuit C and Rd, and (2) it 
effectively increases the plate-load im-
pedance at the lower frequencies, thus 
maintaining the gain at the lower fre-
quencies. 

The resistor Rd should be kept as 
large as practicable, say 10,000 to 20,000 
ohms. The larger the Rd, the lower the 
compensation may be carried; however, 
the value must not be made too great 
or the drop in voltage at the plate will 
be excessive. The most effective com-
pensation is obtained when the time 
constant of the compensating circuit is 

the same as for the coupling capacitor 
C and the grid resistor Rg. 

12.38 How is the time constant for 
the compensating circuit in Fig. 12-37 
contra/ea—For compensation down to 
20 Hz, time constants of 0.02 to 0.5 are 
used. Knowing the time constant de-
sired, the capacitance may be calcu-
lated: 

T 
t..;d= iT; 

where, 
T is the time in microseconds, 
R,OE is the plate-load resistance in 
ohms, 

Cd is the decoupling capacitor in mi-
crofarads. 

The grid resistance may be calculated: 

Ri _ C 

where, 
C is the coupling capacitor, 

is the grid resistor, 
T is the time in microseconds. 

12.39 What is a direct-coupled am-
plifierT—A resistance-coupled amplifier 
in which the coupling capacitor C has 
been omitted. In such amplifiers, the 
plate of the driving tube is connected 
directly to the control grid of the fol-
lowing stage. This type coupling is 
shown in Fig. 12-39. The only function 
of the coupling capacitor is to isolate 
the control grid of the second stage 
from the dc potential on the plate of the 
preceding stage. 

In direct-coupled amplifiers, the 
cathode of the second stage is made 
sufficiently positive above ground that 
the difference in potential between the 
cathode and plate is equivalent to the 
normal grid bias for the control grid of 
the second stage. 
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+100V 

OUTPUT 

320V 

Fig. 12-39. A direct-coupled amp ifier. The negative b as voltage at the control grid 

of V2 is the cathode voltage of V2 minus the plate voltage of Vl. 

In the circuit shown the cathode is 
made plus 105 volts above ground. The 
actual voltage at the plate of VI is 
100 volts positive. The control grid of 
V2 is returned to ground. Subtracting 
the plate voltage of VI from the cathode 

voltage of V2 makes the control grid 
minus 5 volts, its correct bias voltage. 

12.40 What is a Loftin-White direct-
coupled amplifier?—This well known 
amplifier is shown in Fig. 12-40. The 
plate of V1 is directly connected to the 

control grid of V2. The voltage distri-
bution may be traced by starting at the 
negative end of the power supply. The 
grid of VI is connected to ground 
through the grid resistor R.. The proper 
bias for this tube is obtained by con-
necting the cathode to point A on the 
voltage divider so that when the cir-
cuit is in operation, the total current 
flow through the resistance between 
the negative end of the voltage divider 
and point A gives the required voltage 
drop. 

The plate of VI is connected to point 
C on the voltage divider through the 
plate load resistor R which also serves 
as a grid resistor for the following tube 
102. Since plate current flows through 
resistor lip, it must be returned to a 

point on the voltage divider which will 
supply the proper voltage to the plate; 
therefore, it is returned to point C. 
The plate of V2 is returned through 

a suitable load resistance or trans-
former to the positive end of the volt-
age divider. The cathode of V2 is re-
turned to a point on the voltage divider 
where the proper bias voltage is ob-
tained. The bias voltage at the control 
grid will be the voltage drop across the 
plate load resistor R., minus the 53-volt 
drop across the voltage divider between 
points B and C. This results in a nega-
tive voltage (minus 16 volts) at the 
control grid of V2. 

With the proper voltages established 
and the amplifier operating class-A, a 
low-distortion amplifier with a wide 
frequency range is possible. 

Direct-coupled amplifiers of the fore-
going type can be used to amplify very 
low frequencies and are particularly 
suited to pulse amplification, as the 
phase shift is reduced to a minimum. 

12.41 What is a cathode follower? 
—A vacuum-tube circuit in which the 
signal voltage is applied to the control 
grid and the output signal is taken from 
the cathode circuit. The characteristics 
of a cathode follower are high input 

13 Bi 
3.5CW 

Fig. 12-40. The Loftin-White direct-coupled amplifier. 
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impedance and low output impedance. 
Because of degeneration in the cathode 
circuit, the amplification is always less 
than one. The circuit in Figs. 12-41A, B, 
and C are typical cathode-follower cir-
cuits. Cathode followers are practically 
distortionless if they are operated with 
the correct load impedance. However, 
if they are overloaded, limiting occurs 
and the distortion increases. 

Fig. 12-41A. A cathode follower with 
100% negative-current feedback. 

In Fig. 12-41A the output signal is 
taken across the full load resistance R, 
(the load resistance is the cathode re-
sistor). In this circuit, 100-percent feed-
back exists because all of the output 
voltage is fed back to the input. The 
output capacitor C.  is selected on 
the basis of output reactance and fre-
quency. The output capacitor prevents 
the load impedance from shorting the 
bias load resistor R, to ground. 

The circuit in Fig. 12-14B is used 
when the load resistor R, is too large 
for the required bias voltage. The con-
trol grid is returned to a point on the 
load resistor R, where the correct op-
erating bias is obtained. The method 
used to obtain the bias voltage when 
the load resistor R, is too small for the 
correct control-grid bias is shown in 
Fig. 12-41C. A resistor R is connected 
in series with the load resistor R, and 

OUTPUT 

Ng. 12-418. A cathode follower with a 
grid-bias tap on the load resistor. 

bypassed in the usual manner. If the 
bias resistor is not bypassed, negative-
current feedback will take place across 
all the resistance in the cathode circuit. 
In a properly designed cathode follower, 
the signal appears only in the cathode 
circuit. At times, it may be necessary 
to connect a large bypass capacitor 
from the plate to ground to prevent the 
possibility of the signal voltage getting 

Fig. I2-41C. A cathode follower with 
bias resistor Rk. 

into the power supply and causing 
common coupling to other parts of the 
amplifying system. Common coupling is 
discussed in Question 12.36. 

12.42 How are tubes selected for 
cathode-follower circuits?—By first cal-
culating the required transconductance 
using the formula: 

Er 
gm= ž 

where, 
Z is the output impedance desired in 
ohms, 

g. is the transconductance in micro-
mhos. 

12.43 What is the equation for cal-
culating the load resistor Rp for a cath-
ode follower?—For triodes the equation 
is: 

R, Z x r,  
r, — Z (1 -F p) 

where, 
R, is the load resistor, 
Z is the output impedance desired, 
r, is the plate resistance of the tube, 
p. is the amplification factor of the 

tube. 

For pentodes the equation is: 

Z  
R, = 1  (g. X Z) 

where, 
R, is the plate load resistor, 
Z is the output impedance desired, 
g. is the transconductance of the 
tube in micromhos. 
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12,44 What is the equation for cal-
culating the voltage gain of a cathode 
follower?—For triodes the equation is: 

Vg IL X RP  
rp (IL +1) 

where, 
is the amplification factor of the 
tube, 

R, is the load resistor, 
r, is the plate resistance of the tube. 

For pentodes the formula is: 

x R,  
Vg — 1 -I- (g. x ROE) 

where, 
R, is the load resistor, 
g«, is the transconductance in micro-
mhos. 

12.45 Describe a double cathode 
follower.—A double cathode follower, 

+275 

(a) Using a single 12BH7A tube. 

+ 315 

(b) Using two 12B4A tubes. 

Fig. 12-45. Double cathode-follower 
circuits. 

or as nicknamed "Totem Pole," is used 
in circuits where there is a large mis-
match of load impedance, or a very low 
value of source impedance is required. 
The double cathode follower has about 
one-twentieth the output impedance of 
the conventional cathode follower. Typ-
ical circuits for a double cathode fol-
lower are shown in Fig. 12-45. 

12.46 Is it permissible to operate a 
cathode follower with a high load imped-
ance?—Yes; this may be done if high 
output voltage is required. However, it 
will be necessary to use the circuit in 
Fig. 12-41B. The cathode capacitor Ck 
must have a reactance that is negligible 
at the lowest frequency to be amplified. 
With a high resistance in the cathode 
circuit, the amplification factor ap-. 
preaches unity provided the plate volt-
age is increased above normal by the 
value of the grid bias voltage. 

12.47 How far may the output cir-
cuit of a cathode follower be carried?— 
If the output impedance is in the order 
of 1000 ohms or less, 50 feet—more if 

coaxial cable is used. (See Question 
25.212.) 

12.48 Describe the procedure for 
plotting vacuum-tube load lines.—Load 
lines for vacuum tubes are made in the 
same manner as for a transistor de-
scribed in Question 11.139i the princi-
pal difference being the names of the 
elements. In the transistor terminology 
the base corresponds to the control grid 
of a vacuum tube, the emitter to the 
cathode, and the collector to the plate 
element. In the instance of FET's, the 
gate corresponds to the control grid, the 
source to the cathode, and the drain to 
the plate. 

12.49 What are the phase relation-
ships in a cathode-follower circuit?—The 
input and output signals are in phase 
with each other. 

12.50 What is a phase inverter?— 
Two tubes connected as shown in Fig. 
12-50 and used for driving a push-pull 
amplifier stage. With proper design, two 
signals of equal amplitude and 180 de-
grees out of phase with respect to each 
other may be obtained. The incoming 
signal is applied to the control grid of 
tube VI, amplified, and then applied to 
the control grid of the upper tube of the 
push-pull stage V3. A portion of the 
signal at the grid of V3 is taken from 
the grid circuit by means of potentiom-
eter P and applied to the control grid 
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Fig. 12-50. A phase-inverter circuit. 

of a phase-inverter tube V2. The signal, 
after inversion, is applied to the con-
trol grid of the lower push-pull tube 
V4. When the potentiometer P is prop-
erly adjusted, voltages of equal ampli-
tude but 180 degrees out of phase are 
obtained at the control grids of tubes 
V3 and V4. 

The term phase inverter is generally 
associated with a circuit employing two 
tubes, one as an amplifier and the other 
as an inverter, for the purpose of ob-
taining two- voltages which are out of 
phase, although very frequently the 
terms phase inverter and phase splitter 
are used interchangeably. 

12.51 What is a phase splitter?—A 
single-ended amplifier stage with the 
plate load divided between the cathode 
and plate circuits, as shown in Fig. 
12-51. The incoming signal is applied to 
the control grid. Two signals of equal 
amplitude but 180 degrees out of phase 
are obtained from the plate and cathode 
circuits which may be used for driving 
a push-pull amplifier stage. 

To assure that the two driving volt-
ages will be exactly the same amplitude, 
the plate and cathode-load resistors 
must be matched to within one percent 
of their values. It is also equally im-
portant that the coupling capacitors C 
between the phase-splitter stage and 
the push-pull stage be of as nearly the 

INPUT 

Fig. 12-51. A split-load, phase-inverter 
circuit. 

OUTPUT 

OUTPUT 

same value as possible. If the values 
vary over too great a range, voltages 
developed at the control grids of the 
push-pull stage will not be of the same 
amplitude at frequencies below 50 Hz, 
because of the change in the reactance 
of each capacitor with frequency. 

12.52 Can a transformer be used as 
a phase splitter?—Yes; a push-pull in-
terstage transformer is, in reality, a 
phase splitter as shown in Fig. 12-52. 
The transformer delivers to the control 
grids of the output stage two voltages 
which are of equal amplitude and 180 
degrees out of phase. 

12.53 What is a floating paraphase 
inverter circuit?—Two vacuum tubes 
connected to produce two voltages 180 
degrees out of phase as shown in Fig. 
12-53A. The incoming signal voltage is 
fed to the control grid of tube V1, am-
plified, and applied to the control grid 
of V3. The signal voltage for V2 is 
taken from the junction of a voltage-
divider network consisting of resistors 
Re and R. Because of the phase re-
versal of the signal in p.agsing through 
V1, the signal is of the correct phase for 
V2. The signal is again reversed in 
passing through V2 and then applied to 
the control grid of V4. Resistor Re acts 
as a balancing resistor because the out-

Fig. 12-52. A transformer phase splittcr. 
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elPUT 

OUTPUT 

OUTPUT 

Fig. 12-53A. Floating paraphase inverter circuit. 

put signals of both VI and V2 are oppo-
site in phase and flow through Ro to 
ground, thus tending to cancel until a 
push-pull balance is achieved. 

This circuit has good stability and 
low distortion. The common cathode re-
sistor Rk is not bypassed. Without a 
signal at the input of V1, there is no 
feedback in the cathode circuit; how-
ever, for an unbalanced condition, feed-
back is generated. 
A modified floating paraphase phase-

inverter circuit designed to minimize 
out of balance conditions because of 
variations in tube characteristics is 
shown in Fig. 12-53B. 

The plate currents for both halves of 
the tube pass through a common resis-
tor Ito. The grid swing for the second 
half of the tube requires only a frac-
tion of the plate voltage swing to drive 
it; therefore, the control grid of the 
second tube is connected at the junc-
tion of the load resistors and the com-
mon resistor R. With the proper values 

INPUT 

of resistors, the two halves of the cir-
cuit function with the same gain. If the 
plate currents of the two tubes were 
exactly the same, there would be no 
voltage variation across R. The voltage 
variation at this point automatically 
adjusts itself so that the plate currents 
are slightly out of balance, sufficiently 
so to drive the second half of the tube. 

12.54 What is a long-tailed phase 
inverted—It is a phase inverter of a 
type similar to the floating paraphase 
and so called because of the long ex-
tension of the circuits from the plate. 
The inverter is essentially a cathode-
coupled stage which will produce two 
voltages at the output having equal am-
plitudes and 180 degrees out of phase, 
as is shown in Fig. 12-54. 

If a positive-going signal is applied 
to the grid of V1, plate current in this 
section will increase and a larger volt-
age will appear across R1. The signal 
on the plate of V1 will be negative 
going. The increased voltage across Ft' 

RpI 

R 

Ck 

Rk RI:03 

s+ 

C 

0  

Rk 

Ck 

Pp2 

R 

C 

-OUTPUT 
V3 

- +OUTPUT 
V4 

Fig. 12-53B. A floating paraphase inverter designed to minimize the variations in 
tube characteristics. 



AUDIO AMPLIFIERS 541 

Fig. 12-54. A long-tailed phase inverter. 

makes the cathode of V2 more positive 
than its grid. This, in effect, makes the 
grid of V2 more negative, the plate cur-
rent in V2 decreases, and the plate volt-
age increases. 
A common bias resistor Ilk is em-

ployed together with suitable grid-leak 
resistors R,. Capacitor C maintains the 
grid of V2 at ac ground. The size of this 
capacitor is important. If the capacitor 
is not large enough, phase unbalance 
will be introduced at the low frequen-
cies, because then, in effect, the grid 
would not be returned to ground but to 
a tap on the voltage divider. 

12.55 What is a fixed-bias, split-
load phase spfitterP—A tube connected 
as shown in Fig. 12-55A with two 
matched resistors, R,i and R„,, con-
nected one in the cathode circuit and 
the other in the plate circuit. Signal 
voltages of equal amplitude, 180 de-
grees out of phase, are developed in the 
cathode and plate circuits and applied 
through coupling capacitors C to the 
control grids of a push-pull amplifier 
stage. Because of the high resistance in 
the cathode circuit of VI, the cathode 
is approximately 69 volts positive in 
respect to ground. The normal bias for 
a 6SJ7 tube is 9 volts. To obtain this 
bias voltage, a positive voltage is ap-
plied to the control grid through a 
1-megohm resistor R, connected to the 
junction of the decoupling resistor Rd 
and the plate-load resistor Ro. This 
places the grid 60 volts positive. With 
the cathode at 69 volts positive and the 
control grid at 60 volts positive, the 
control grid is 9 volts negative with re-
spect to the cathode. 

This circuit is quite stable and has 
good frequency characteristics with low 

distortion. The disadvantage of this cir-
cuit is that the gain is less than 1 for 
each half of the circuit. The voltage 
gain may be calculated: 

2µR,  

where, 
R, is the plate-load resistance, 
r, is the plate resistance of the tube, 
gt is the amplification factor of the 

tube. 

For best results, the load resistors R, 
and the grid resistors Ft, should be 
1-percent resistors. 
A split-load, phase-splitter circuit 

utilizing the diode-detector circuit of a 
radio receiver is shown in Fig. 12-55B. 
The two signals for driving the push-
pull stage are taken from across the 
two 100,000-ohm resistors connected to 
the cathode of the diode rectifier. The 
capacitors Cl and C2 are small radio-
frequency bypass capacitors and should 
be selected for a value that will not 
affect the high-frequency response. 

12.56 What is an extended cath-
ode-coupled phase inverter?— A self-
balancing cathode-coupled phase in-
verter used for driving a single-ended 
push-pull amplifier such as that de-
scribed in Question 12.126. 

12.57 What is the equation for cal-
culating the values of the coupling, 
screen-grid, and cathode capacitors for 
a resistance-coupled amplifier? 

1 
C 

27rfX 
where, 
f is the lowest frequency to be am-

plified, 
X. is the reactance of the capacitor 

at the lowest frequency. 
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6SJ7 

*MATCHED PAIRS 

_ 3oov + 

Fig. 12-55A. A split-load phase splitter with fixed bias on the control grid. 

C 

• MATCHED PAIR 

Fig. 12-55B. A phase-splitter circuit for a radio receiver using a diode rectifier. 

The latter figure is based on a reactance 
of at least one-tenth the reactance of 
either the cathode resistor, screen-grid 
dropping resistor, or the grid resistor. 

12.58 What is a single-ended am-
plifier?-0ne having a single tube at 
the output. 

12.59 What is a double-ended am-

plifier?—It is an amplifier having two 
tubes at the output; a push-pull ampli-
fier. 

12.60 What is a parallel amplifier? 
—One having two tubes of similar char-
acteristics connected in parallel, such 
as two triodes with their control grids 
and plates connected in parallel, as 
shown in Fig. 12-60. This subject is 
further discussed in Question 12-111. 

12.61 How are amplifiers classified? 
—The classification depends primarily 
on the fraction of input cycle during 
which plate current is permitted to flow 
under full load conditions. The various 
classifications have been standardized 
characteristics and are known as: class-
A, AB, B, and C. The dynamic operat-
ing of these amplifiers is explained in 
Questions 12.64 to 12.69 and 12.226 to 
12.228. 

12.62 What class amplifiers are 
employed for recording and broadcast 
purposes?—For tube-type voltage am-
plifiers, class-A; for power amplifiers, 
class-A and class-AB. Solid-state volt-
age amplifiers are generally class-A, 
with power amplifiers operating class-B. 

, 
Fig. 12-60. Vacuum tubes connected in parallel. 
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BIAS POINT 

INPUT SIGNAL 
VOLTAGE 

LINEAR 
PORTION 
OF CURVE 

OUTPUT SIGNAL 
CURRENT 

Fig. 12-63. Dynamic characteristics of 
a vacuum tube biased to operate class-A. 

Power amplifiers of both types are 
always operated in push-pull. 

12.63 What is a class-A amplifier? 
—An amplifier in which the grid-bias 
voltage is set to approximately one-half 
the cutoff voltage to obtain linear oper-
ation. (See Fig. 12-63.) The peak signal 
voltage at the control grid is limited to 
a value that will not exceed the de 
grid-bias voltage. The control grid is 
never permitted to go positive and plate 
current flows at all times. Amplification 
is high and the harmonic distortion low. 
The efficiency is approximately 20 per-
cent. Class-A amplifiers are used in 

high quality recording and reproducing 
systems. (See Question 12.226.) 

12.64 What is o dass-A8 amplifier? 
—Class-A operation falls midway be-
tween class-A and class-B. Plate cur-

OUTPUT SIGNAL 
CURRENT 

BIAS 
POINT 

CUT OFF I ZERO BIAS 

INPUT SIGNAL 
VOLTAGE 

Fig. 12-65. Dynamic characteristics of a 
vacuum tube biased to operate doss-AB. 

rent flows for more than 180 degrees 

but less than 360 degrees of the signal 
at the control grid. Operating under 
these conditions, greater power may be 
obtained than with class-A and less dis-
tortion than with class-B. The efficiency 
is approximately 40 to 75 percent, de-

pending on the bias voltage employed. 
(See Question 12.227.) 

12.65 What is a dass-AB, ampli-
fier?—It is similar to the class-AB am-
plifier discussed in Question 12.64. The 
subscript indicates that grid current 
does not flow during any part of the 
cycle. The efficiency is approximately 

40 percent. A typical characteristic is 
shown in Fig. 12-65. 

12.66 What is a dass-AB, ampli-
fier?—It is a class-AB amplifier in 
which grid current is permitted to flow 
during some part of the input cycle. 
The efficiency is approximately 40 per-
cent. A typical characteristic is shown 
in Fig. 12-66. Tubes biased for class-
AB, are generally operated push-pull. 

12.67 What is a class-8 amplifier? 
—An amplifier that is biased at or near 
cutoff. Plate current flows during the 
positive half of the input grid signal and 
stops flowing during the negative half-
cycle. The efficiency is from 40 to 60 
percent. A typical characteristic is 
shown in Fig. 12-67. (See Question 

12.228.) Tubes biased for class-B oper-
ation are operated push-pull. 

12.68 Are any of the foregoing am-
plifiers operated as single-ended ampli-
fiers?—Only the class-A and class-AB. 
Class-B amplifiers are always operated 
in push-pull. 

/ OUTPUT SIGNAL 
CURRENT 

INPUT SIGNAL 
CURRENT 

Fig. 12-66. Dynamic characteristics of a 
vacuum tube biased to operate class-AB, 
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BIAS 
POINT 

OUTPUT SIGNAL 
CURRENT 

ZERO BIAS 

Fig. 12-67. Dynamic characteristics of a 
vacuum tube biased to operate class-B. 

12.69 What is a class-C amplifier? 
—One whose operating point is located 
well beyond the plate-current cutoff 
point so that plate current flows for 
appreciably less than one-half cycle. 
(See Fig. 12-69.) Class-C amplifiers are 
used only for radio-frequency ampli-
fiers where large power output and 
high efficiency are required. The effi-
ciency of a class-C amplifier is in the 
order of 60 to 80 percent. The high dis-
tortion of a class-C amplifiers is over-
come by the flywheel effect of the 
tuned circuits used. 

12.70 What is a voltage amplifier? 
—An amplifier employed under condi-
tions where voltage output is more im-
portant than power. Of course, all am-
plifiers produce power, although it may 
be rather small. Voltage amplifiers sel-

INPUT SIGNAL 
VOLTAGE 

Fig. 12-69. Dynamic characteristics of a 
vacuum tube biased for class-C operation. 

dom produce more than one watt of 
power. 

12.71 What is a power amplifier? 
—One which delivers a considerable 
amount of current to the load. The out-
put impedance of a power amplifier is 
low, as a rule (16 ohms or less). How-
ever, many power amplifiers delivering 
a considerable amount of power have 
600-ohm outputs for driving cutting 
heads and similar devices. Power am-
plifiers may be designed to deliver sev-
eral hundred watts and are sometimes 
referred to as current amplifiers. 

12.72 What is a preamplifier?—A 
small voltage amplifier used with pho-
tocells, pickups, and microphones, or 
any place where 30-50 dB of gain is re-
quired with a low-level output. Pream-
plifiers are designed to have extremely 
low noise and distortion, with or with-
out equalization. A typical circuit for a 
microphone preamplifier suitable for 
recording purposes is shown in Fig. 
12-72. 

High-frequency equalization of up to 
8 dB at 10,000 Hz may be introduced 
by varying the size of capacitor Cl and 
resistor R1 in the feedback loop in the 
cathode circuit of Vl. The value of the 
capacitor Cl establishes the takeoff 
point of the equalization, and resistor 
R1 the magnitude of the equalization. 

The amplifier shown has approxi-
mately 44 dB of gain and a frequency 
characteristic flat within 1 dB from 40 
to 10,000 Hz in a nonequalized condi-
tion. The noise level is approximately 
80 dBm. The distortion at plus 10 dBm 
is less than one percent. Preamplifiers 
are sometimes called preliminary am-
plifiers. The high-frequency response 
may also be varied by the value of 
capacitor C2 in the cathode circuit of 
V2. The 5-mli choke is used for elimi-
nating rf interference. 

12.73 What is a booster amplifier? 
—A small voltage amplifier similar to 
a preamplifier. It is used to compensate 
for the insertion loss of equalizers, or 
when a piece of equipment with a high 
insertion loss is inserted into a circuit. 
Also, it may be used in split-mixer cir-
cuits to compensate for the insertion 
loss of master and submaster gain con-
trols. The frequency response is gener-
ally flat. High-power bridging ampli-
fiers used with public address systems 
are sometimes referred to as booster 
amplifiers. 
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K 

Fig. 12-72. A microphone preamplifier. Resistor RI and capacitor CI in the feedback 
loop control the high-frequency rise. The rf choke LI is used to eliminate radio-

frequency interference. 

12.74 What is a line amplified— 
An amplifier following the output of a 
mixer network which, in turn, may feed 
a line or bridging bus. Line amplifiers 
generally are of medium gain, low dis-
tortion and noise with an output level 
of +20 dBm. In recording circuits they 
may be called recording amplifiers. 

12.75 What is an isolation ampli-
fied—An amplifier of medium gain, 
with a variable gain control, consisting 
of several large and small steps so that 
the gain may be set for no-gain opera-
tion. It is used to isolate terminal equip-
ment from a line, or to separate two 
devices to prevent interaction. 

12.76 What is a monitor amplifier? 
—A high-quality amplifier used for lis-
tening to broadcast or recording cir-
cuits. Generally of medium gain with 
considerable power output, it must be 
of low distortion and noise. Input im-
pedance may be matching or bridging. 

12.77 What is a mixer-amplifier?— 
A portable amplifier used for remote 
broadcast purposes. It generally con-
sists of three to four preamplifiers, 
mixer controls, line amplifier, volume 
indicator, and provision for monitoring 
the program. The schematic diagram for 
a typical portable broadcast mixer-am-
plifier is shown in Fig. 12-77. The am-
plifier is capable of producing a plus 22 
dBm signal at the input of the line pad. 
Total gain is approximately 82 dBm. 
The frequency response is plus or 
minus 2 dB from 300 to 10,000 Hz with 
a slow rolloff below 300 Hz; at 100 Hz 
minus 4 dB and at 50 Hz minus 8 dB. 

Center-tapped balanced - to - ground 
repeat coils are connected in each input 

circuit to isolate ground effects from 
external lines or equipment. (See Ques-
tion 23.14.) 

12.78 What is a direct-current am-
plifier?—Although a direct-current am-
plifier may be designed to amplify over 
a wide range of frequencies, its greatest 
use is in medical equipment where fre-
quencies of 3 Hz or less and small 
pulses of direct current must be ampli-
fied. 

Direct-current amplifiers are slow 
acting and rather unstable. Such am-
plifiers are not normally used in audio-
frequency applications. 

12.79 What is a compressor ampli-
fier?—A special amplifier used for re-
cording. Adjustments are available to 
adjust the characteristics for limiting 
the signal to a given output, or to com-
press the signal into a given volume 
range. Either characteristic may be 
used without excessive distortion. 
When set for limiting, the amplifier 

acts as a ceiling control. When set for 
compressing, the o'utput is held to a 
given maximum output level although 
the input signal increases in level. 
When used for film recording, an 

additional circuit called a de-esser is 
switched in to remove or reduce the 
effect of sibilance in dialogue. Com-
pressors are treated in detail in Ques-
tions 18.86 to 18.102. 

12.80 What is an automatic level 
control compressor amplifier?—An auto-
matic volume control amplifier designed 
to function both as an automatic level 
setting and compression amplifier. Such 
amplifiers are used with public address 
and background music systems. When 
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used for background music application, 
it is set to maintain an average level 
relative to the ambient noise level. 
When the level has been established, it 
requires no further attention. The sche-
matic diagram for an Altec-Lansing 
Model 436B compressor amplifier is 
shown in Fig. 12-80A, and its compres-
sion characteristics are given in Fig. 
12-80B. Compressor amplifiers used for 
recording purposes are discussed in 
Questions 18.84 to 18.102. 

12.81 What is a side amplifier?— 
The control amplifier used with a com-
pressor-limiter or expander amplifier. 

3 

§ig 

12.82 Define the term off-set volt-
age or current—The terni off-set is 
generally associated with de or differ-
ential amplifier. It is the potential dif-
ference existing between the output 
with no signal at the input, and is 
caused by unbalance in the flow of cur-
rent from two differential transistors or 
vacuum tubes to ground. Under these 
conditions, two voltages exist that are 
unequal to zero. Also, an off-set voltage 
is present if the two voltages are un-
equal to each other. 

Assume two transistors are used in a 
differential amplifier; the off-set volt-

Ov. 

Fig. 12-77. A typical portable broadcast mixer-amplifier for mixing four inputs and 
feeding a 600-ohm line. 
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Fig. 12-80A. Schematic diagram for Alec-Lansing Model 4368 compressor amplifier. 

age, referred to the input, is simply the 
differential output off-set voltage di-
vided by the double-ended voltage gain 
of the circuit. Using this method, a sig-
nal is applied to one input of the differ-
ential amplifier and varied until the 
differential output voltage is reduced to 
zero. The magnitude of the input volt-

age is then the off-set voltage referred 
to the input. Another method used is to 
reduce the base resistors to zero by 
shortcircuiting the input circuits to 
ground. Output off-set voltages mea-
sured in this manner are restricted in 
that unbalances caused by unequal base 
currents (beta) or by unequal base re-



548 THE AUDIO CYCLOPEDIA 

sistances are excluded. However, other 
unbalances are included in the mea-
surement. 

Unbalance is due to small variations 
in the geometry of the transistors, and 
also to differences in beta, internal re-
sistance, thermal resistance, heat-flow 
paths, external resistances, and the 
leads within the transistor. (See Ques-
tion 12.196.) 

50 
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Fig. 12-808. Compression characteristics 
for the Altec-Lansing Model 4368 com-

pressor amplifier. 

12.83 What is a noise-reduction 
(NRA) amplifier?—A special amplifier 
used for recording optical film to re-
duce the area of exposure on the film 
during periods of low or no modulation. 
It is also called a ground-noise reduc-
tion amplifier. (See Questions 18.55 to 
18.76.) 

12.84 Describe a program-leveling 
amplifier using electroluminescence con-
trol.—In broadcasting program mate-
rial, some type of control system is re-
quired to prevent overmodulation of 
the transmitter. The control device is 
generally set for as near 100-percent 
modulation of the transmitter as possi-
ble, without overmodulation. To do this 
requires a control amplifier that limits 
the program peaks to a predetermined 
value so full advantage may be taken 
of the transmitter output. The use of 
conventional limiters or compressors in 
stereophonic broadcasting has posed 
problems such as unequal limiting be-
tween the left and right sides, causing 
an apparent loss of stereo balance. The 
Model LA-2A leveling amplifier (Fig. 
12-84A) to be described is manufac-
tured by Teletronix Engineering Co., 
and is designed especially for stereo-
phonic and monophonic broadcasting 
and recording systems. 

The description to follow is based on 
its monophonic use. The amplifier has 
essentially instantaneous gain reduction 
over a range of 40 dB, with no increase 
in harmonic distortion. The compres-
sion characteristics are shown in Fig. 

20 

—5 
—35 —30 —25 —20 —15 —10 —5 

INPUT LEVEL dB 

Fig. 12-848. Gain-reduction characteris-
tics of Teletronix Engineering Co. Model 

LA-2A leveling amplifier. 

WITH GAIN REDUCTION 

o 

Fig. 12-84A. Teletronix Engineering Co. Model LA-2A leveling amplifier. 
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Fig. 12.84C. Schematic diagram for Teletronix Engineering Co. leveling amplifier 
Model LA-2A. 

12-84B. Compression action starts at the 
breakaway point at minus 30-dB input 
and continues up to minus 20 dB, at 
which point the curve becomes hori-
zontal or limiting in its action. When 
increasing the input signal another 20 

dB, the output is held to within 1 dB. 
Thus, both compression and limiting are 
combined in its action. The heart of the 
leveling amplifier is an electro-optical 
attenuator system which is connected 
ahead of the voltage-amplifier stages. 
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The advantage of this type attenuation 
system is that the voltage-amplifier 
gain is fixed and not varied as in the 
conventional compressor-limiter. (See 
Question 18.84.) 
The optical attenuator consists of a 

photoconductive cell which is optically 
coupled to an electroluminescence light 
source. This device provides a light in-
tensity which is proportional to the 
audio voltage applied to its terminals. 
The gain or level-controlling element 
is a photoconductive cell. The internal 
resistance of the cell decreases with an 
increase of light intensity impinging on 
the luminous surface. Since light is 
produced by the audio-signal voltage, 
the response of the amplifier is instan-
taneous: Because no electrical filters are 
required in the control circuits, the 
speed of operation is limited only by 
the characteristics of the photoconduc-
tive cell. The cell will provide ex-
tremely fast attack and release times, 
the release time being about 60 milli-
seconds for 50-percent gain reduction, 
then a gradual release over a period of 
1 to 15 seconds to a point of complete 
release. This device is further discussed 
in Question 5.97. 
Referring to the schematic diagram of 

Fig. 12-84C, the input signal is applied 
directly to the optical attenuator from 
input transformer Ti. At this juncture 
the signal is sent in two directions, to 
the input of voltage amplifier WA 
through gain control RI and through 
R2 at V3A from the junction of R6 and 
R7. The signal passes through V3A and 
V3B and is capacity-coupled through 
the limiting-response control R37 and 
stereo control R3 to the control grid of 
V4, the electroluminescence attenuator 
drive amplifier, and back to the lamp of 
the optical attenuator which controls 
the amount of attenuation and signal 
level to voltage amplifier VIA and V1B. 
The signal level to the voltage amplifier 
is also controlled by gain control Rl. 
The voltage-amplifier stages have a net 
gain of 40 dB, with a feedback loop 
from the plate of V2A supplying 20 dB 
of negative-feedback voltage back to 
the cathode of VIA. The output stage 
consists of a single 12BH7A tube con-
nected as a double cathode follower 
(see Question 12.45), providing a very 
low output impedance, and fiat fre-
quency response with low distortion. 

For stereophonic broadcasting, an 

output signal is taken from the junction 
of limiting control R37 and stereo con-
trol R3 and brought out to terminal 6 
on the right hand terminal strip. When 
two leveling amplifiers are used for 
stereo broadcasting, this terminal is 
connected to a similar terminal on the 
second amplifier; thus, the control volt-
age becomes common to both amplifiers. 
A gain-reduction control voltage gen-
erated at either amplifier will cause 
equal gain reduction in both amplifiers. 
The VU meter serves two functions; it 
indicates the output level and the gain 
reduction in dB. 
During periods of no gain reduction, 

the meter reads zero. The scale is cali-
brated in terms of a standard VU meter. 
The VU meter circuitry consists of a 
zero-set control, and a second photo-
conductive cell connected across the 
balance circuit. The cell decreases its 
resistance in accordance with the inten-
sity of the optical attenuator. Thus, the 
VU meter is made to follow the varia-
tions in gain reduction with the attenu-
ation of the voltage amplifier. The NE-2 
neon lamp acts as a voltage regulator to 
stabilize the 65 volts used for energizing 
the balance circuit. 

The device is capable of 30-dB gain 
reduction or limiting, with less than 
0.5-percent harmonic distortion. The 
gain reduction is a function of input 
level and is independent of frequency. 

12.85 Describe a program-distribu-
tion amplifier?—An amplifier or ampli-
fier system for distributing a program 
signal to a number of feeds or services 
simultaneously. Figure 12-85A shows 
such an amplifier with a simple resis-
tive combining network in its output 
for supplying six individual services. 
The combining network is of the con-
ventional balanced type commonly used 
for sound mixers. The design of such 
networks is described in Questions 9.25 
and 9.44. Disadvantage of the circuit 
shown is that little isolation between 
circuits is afforded, and if trouble 
should develop on any one feed circuit, 
the whole transmission may be lost. 

Combining amplifiers have also been 
designed by making the output imped-
ance of the amplifier very low, on the 
order of 1 to 2 ohms. The feed lines are 
then connected across this low output 
impedance using bridging impedances 
of 1000 ohms. If one of the feed circuits 
is shorted using this arrangement, lit-

9 
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tle effect will be noted unless grounding 
troubles develop. This type circuit 
should be used only as a last resort. 
The most desirable type program-

distribution system is that shown in 
Fig. 12-85B, where each feed circuit has 
its own individual amplifier, affording 
complete isolation from the other cir-
cuits. Now if trouble develops, only the 
circuit concerned will be affected. 

The system shown in Fig. 12-85B was 
developed for feeding radio and tele-
vision networks, recording equipment, 
and public address systems simulta-
neously. The program signal is fed from 
the output of a mixer at a level of plus 
4 dBm over a 600-ohm line to the 
bridging bus of the distribution ampli-
fier system. Twenty-two plug-in ampli-
fiers of the type shown in Fig. 12-85C 
are bridged across the bus. Normally, 
the amplifiers are designed to operate 
from a 600-ohm source; however, for 
this particular application a bridging 
resistor of 30,000 ohms is connected in 
series with one side of the 600-ohm in-
put transformer. A 600-ohm resistor is 
connected internally in parallel with 
the 600-ohm input in the amplifier. 
These two resistors form a 30,000-ohm 
bridging input pad as shown in Fig. 
12-85D. Installing the 600-ohm resistor 
in the amplifier and the 30,000-ohm 
series resistor at the bus will permit the 
replacement of any amplifier without 
resorting to the use of a soldering iron. 
Amplifiers 19 and 20 employ a 10,000-
ohm bridging pad. This was done to 

250V 
R01 TO a0,4- 214 OHMS FOR SIX 600 OHMS OUTPUTS 
RI TO R6 = 600 OHMS TERMINATING RESISTORS 

obtain an output level of plus 8 dBm 
for feeding broadcast lines. All other 

outputs are zero dBm. 
For feeds requiring a lower level, 

external pads are used. Connection of 
the pad at the input of the source being 
fed, rather than at the output of the 
program distribution amplifier (if the 
line is long), increases the signal-to-
noise ratio as described in Question 
23.133. 

The method in which this amplifier 
was used on one remote installation to 
feed 22 different sources is shown in 
Fig. 12-85E. The circuit diagram of a 
Langevin Type 5116 plug-in amplifier 
is shown in Fig. 12-85F. Two views of 
the completed program-distribution 
amplifier appear in Figs. 12-85G and H. 
The microammeter in the rear view 
(Fig. 12-85H) is used for measuring the 
plate currents of the tubes and is actu-
ated by small push buttons on each am-
plifier chassis. 
Two power supplies may be seen on 

the lower shelf of Fig. 12-85G. The out-
puts of all amplifiers are terminated on 
binding posts to facilitate the connec-
tion to lines and the connection of at-
tenuator networks. Three Cannon XL 
connectors are provided for the mixer 
output and two output circuits for feed-
ing magnetic recorders. 

The overall noise level of the am-
plifiers is minus 79 dBm. Distortion is 
0.11 percent at 400 Hz. The frequency 

response is fiat within plus or minus 1 
dB from 30 to 16,000 Hz. 

Fig. 12-85A. Program-distribution amplifier using a resistive network in the output. 
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Fig. 12-858. Program distributing amplifier system employing 22 separate ampli-
fiers, one for each feed circuit. Amplifiers 19 and 20 employ 10,000-ohm bridging 

pads to raise the output level to plus 8 dBm. 

12.86 Describe a differential ampli-
fier.—The term differential associated 
with an amplifier may be rather mis-
leading; in reality, it is a difference 
amplifier. Such amplifiers are used in 

Fig. 12-85C. Langevin type 5116 plug-
in amplifier. 

oscilloscopes for displaying a voltage 
difference that exists at every instant 
between the two signals applied to its 
inputs. When such an amplifier is used 
with an oscilloscope and two signals 
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Fig. 12-85D. Bridging pad configuration. 
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Fig. 12-85E. Block diagram for program-distribution amplifier system. 

differing in both amplitude and coinci-
dence are applied, the oscilloscope will 
display a complex waveform that rep-
resents the instantaneous difference be-
tween the two signals. On the other 
hand, when the two signals are identi-
cal in every respect, no display will ap-

pear on the oscilloscope cathode-ray 
screen. 

The term differential implies a re-
jection of equal amplitude and coinci-
dent signals. However, the degree of re-
jection depends on the two amplifiers 
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being identical. As this cannot be ob-
tained in practice, the amount of rejec-
tion for a particular design is stated as 
a ratio between the two amplifiers, and 
is called the common-mode rejection 
ratio. Ratios of 20,000:1 are not uncom-
mon. The design of such amplifiers is 
discussed in Question 22.72. 

12.87 What is a bridging amplifier? 
—An amplifier having an input imped-
ance of 10,000 ohms or greater and em-
ploying a special input transformer. 
Such amplifiers are designed to operate 
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Fig. 12-85F. Circuit diagram of Langevin type 5116 plug-in amplifiers. 
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Fig. 12-85G. Front view of program-distribution amplifier showing the bridging bus 

and output terminals. (Courtesy, Lookout Mountain Air Force Station ) 

from a low-impedance source, such as 
600 ohms or less. Standard bridging 
impedance are: 10,000, 20,000, 25,000, and 
30,000 ohms. 

12.88 What is a cascaded ampli-
fier?—An amplifier tube or tubes con-

nected in such a manner that unusually 
low internal noise is obtained with high 
gain. A typical cascoded amplifier, as 
might be used in a piece of test equip-
ment, is shown in Fig. 12-88A. The am-
plifiers consist of three tubes: a 12AT7, 

Fig. 12-85H. Rear view of program-distribution amplifier showing the 22 plug-in 

amplifiers. The power supplies are at the bottom of the case. (Courtesy, Lookout 
Mountain Air Force Station ) 
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ASCOEED STAGE 

Fig. 12-88A. A cascaded amplifier. 

VIA and V1B, an output tube V2, and a 

6C4 medium-mu triode. 
Tube VIA acts as a conventional 

voltage-amplifier stage. The plate load 
for this stage is supplied by the plate 
resistance of V1B and the 22,000-ohm 
resistor in the plate circuit of V1B. The 
signal voltage is amplified by VIA and 
direct-coupled to the cathode of V1B. 

The gain in V1B is obtained by con-
necting its control grid through an 
0.05-µF capacitor to ground and isolat-
ing the control grid from the cathode of 
V1B by means of a 390,000-ohm resis-
tor. Thus, the control grid of V1B re-
mains at a fixed potential while the 
cathode voltage is varied. This causes 
V1B to act as a grounded-grid amplifier. 

Plate loading for V1B is supplied by 
a 22,000-ohm resistor in the plate cir-
cuit. The output signal voltage is cou-
pled from the plate of V1B through an 
0.05-µF capacitor and applied to the 
control grid of V2. The output signal is 
coupled through a 0.1-µF capacitor and 
returned to the cathode of VIA, creat-
ing a negative-feedback loop. 

Current changes in the cathode cir-
cuit of VIA cause a change in the feed-
back voltage; consequently, the gain is 
changed. In this manner, gain stability 
is achieved. The variable resistor in the 

cathode circuit of VIA may be used to 

05 

22K 
4.7 
MEG 

6C4 

1-1.1 
OUTPUT 

 e 

vary the gain over a limited range. A 
vacuum-tube voltmeter using a cas-
coded amplifier is described in Question 
22.101. 
A cascode preamplifier circuit devel-

oped by H. Wallman which has unusu-
ally low internal noise is shown in Fig. 
12-88B. 

12.89 What is an expander ampli-
fierP—A reproducer amplifier with a 
nonlinear characteristic designed to in-
crease its output level during loud pas-
sages of recorded music for the purpose 
of increasing the dynamic range. The 
amount of expansion is controlled by a 
rectifier in the side amplifier which 
utilizes the input signal to control the 
rate of expansion. 

Volume-expansion amplifiers are, in 
reality, variable gain amplifiers that 
amplify the louder passages louder but 
have little effect on the low-level pas-

sages. Thus, an approach is made to 
the original volume range of the pro-
gram material. Volume expansion is not 
used in professional recording and re-
producing equipment because of the 
difficulty in maintaining the correct 
ratio between the recording compres-
sion and the reproducing expansion. 

Volume expansion has seen some use 
in home reproducing equipment; how-
ever, unless it is carefully controlled, 

Fig. 12-88B. The Wellman cascade preamplifier. 
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Fig. 12-89. A volume-expander amplifier. 

volume expansion introduces distortion 
and will produce listening fatigue. Also, 
with the modern methods of recording, 
volume expansion is not required be-
cause of the wide dynamic range re-
corded in the original masters. 

The circuit for a typical volume ex-
pander is shown in Fig. 12-89. The in-
put signal is applied to the control grid 
of VI, a phase inverter, and then to the 
control grids of the push-pull stage, 
V2 and V3. Simultaneously, the input 
signal is applied to the control grid of 
a side amplifier V4 and then to V5 
which is transformer-connected to a 

full-wave rectifier V6. The output from 
V5 is rectified and applied to the con-
trol grids of the 6SK7 variable-mu tubes 
in the output stage. An initial bias volt-
age is set by pot P1 in the rectifier cir-
cuit which establishes the amount of 
volume expansion. The changing value 
of the rectified dc signal at the output 
of V6 controls the amount of amplifica-
tion of the variable-mu tubes V2 and 
V3. Thus, volume expansion controlled 
by the amplitude of the program signal 
is achieved. 

12.90 What is a compander?—An 
amplifier similar to an expander, except 
for this important difference—the music 
in the original recording is compressed 
within a given range. When reproduced 
by the compander amplifier, the pro-
gram material is expanded in the same 
ratio as recorded. Because of the diffi-
culty in controlling the recording and 
reproducing characteristics, this system 
has not been used to any great extent. 

12.91 What is a tuned amplifier?— 
An amplifier designed to pass only a 
given band of frequencies. It is used in 
audio test equipment and radio-fre-
quency amplifiers. 

12.92 What is a transformer-cou-
pled amplifier?—An amplifier in which 
the stages are coupled by transformers, 
as shown in Fig. 12-92. 

12.93 What is an impedance-cou-
pled amplifier?—An amplifier coupled 
between stages by means of large choke 
coils in both the plate and grid circuits, 
as shown in Fig. 12-93. 
The disadvantage of this type cou-

pling is that the choke in the plate cir-
cuit must have a reactance at least 
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INPUT OUTPUT 

Fig. 12-92. A two-stage, transformer-coupled amplifier. 

Fig. 12-93. A two-stage, impedance-coupled amplifier. 

twice that of the plate resistance of the 
tube at the lowest frequency to be am-
plified. The choke in the grid circuit 
must also be of large proportions, which 
complicates the design, because the dis-
tributed capacity in the windings affects 
the high-frequency response. 

12.94 What is a video amplifier?— 
A wideband, resistance-coupled ampli-
fier with a frequency response from a 
few hertz up to several megahertz. 
They are used as picture amplifiers in 
television sets, radar equipment, oscil-
loscopes, and many similar types of 
equipment requiring extremely wide 
frequency characteristics. 

12.95 What are in-phase amplifiers? 
—Amplifiers using cascode, grounded-
grid, and inverted-input circuits. The 
input and output signals are in phase 
with each other. 

12.96 What does the term rollo fl 
mean?—The frequency response is 
slowly tapered off at either end of the 

B 

frequency response curve for the par-
ticular device. 

12.97 How many times does the 
phase of a signal reverse in an amplifier? 
—The number of phase reversals will 
depend on the number of tubes, trans-
formers, etc. A typical two-stage ampli-
fier is shown in Fig. 12-97 with the 
phase reversals shown by the instanta-
neous sines above the circuits. The total 
phase reversal for the amplifier shown 
is 720 electrical degrees. 

For a single-stage transistor ampli-
fier, the only configuration that will 
provide 180 degrees phase reversal be-
tween the input and output circuit is 
the grounded-emitter circuit. (See 
Question 11.60.) 

12.98 What are considered good 
engineering practices in the design of 
audio amplifiers?—When practical, the 
power-output capabilities of an ampli-
fier should be 6 to 10 dB higher than 
the working output level. The total rms 

Fig. 12-97. Phase reversals in a two-stage, transformer resistance-coupled amplifier. 
Total phase reversals equal 720 electrical degrees. 
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harmonic distortion should not exceed 
two percent at the maximum power 
output level, and one percent in the 
operating level. The internal noise 
should not be less than 40 dB below 
the maximum power output for monitor 
and sound reinforcement systems. For 
recording systems, it should be at least 
60 dB. 

12.99 Is it practical to couple a 
tetrode or pentode by means of a trans-

former?--No; the plate impedance is too 
high. Such tubes are generally resist-
ance-coupled. This statement should not 
be applied to a beam-power tube which 
is a power-output tube and may be 
classed as a tetrode or a pentode, de-
pending on its internal structure. (See 
Question 11.25.) 

12.100 What is parallel-plate cou-
pling a transformer?—Many times the 
manufacturer of a high quality trans-
former will specify that the transformer 
is to be operated with zero direct cur-
rent in the primary winding to prevent 
saturation of the core. Referring to Fig. 

12-100, the primary of the transformer 
is fed from the plate of the driver tube 
through a large coupling capacitor and 
the lower end of the transformer is re-
turned either to the cathode of the 
driver tube or to ground. A resistor or 
an inductance is connected in the plate 
circuit of the tube to carry the plate 
current. Thus, only the ac signal cur-
rent flows through the primary of the 
transformer. The coupling capacitor C 
must be of such a value that it does not 

INPUT 

INPUT 

(a) Resistance coupled. 

(b) Impedance coupled. 

Fig. 12-100. Transformers parallel-
coupled to the output of a triode. 

resonate with the primary of the trans-
former at the low frequencies; other-
wise, a severe resonant peak may re-
sult. For triode operation the value of 
the resistance (RL) generally falls be-
tween 25,000 and 50,000 ohms. If an in-
ductance is used, it must have an in-
ductive reactance twice that of the plate 
resistance of the tube at the lowest fre-
quency to be amplified. 

12.701 If a de milliammeter is con-
nected in the plate circuit of a class-A 
amplifier, how does it react when a sig-
nal is applied?—If the tube is correctly 
biased, the meter will indicate a steady 
current, either with or without a signal 
at the input. As the signal amplitude 
is increased above the normal operating 
range, the plate current will start to 
fluctuate and, at the point of overload, 
will fluctuate quite rapidly over a wide 
range of current. If the tube is over-
biased, the current will drop consider-
ably and, if under-biased, the plate cur-
rent swing will be the greatest in the 
positive direction. 

Operating with the correct bias volt-
age and not overloaded but near the 
maximum signal voltage, the plate cur-
rent will swing through a small arc of 
equal amounts of current, plus and 
minus the steady current (no signal). 

12.102 -What happens when the 
control grid of a class-A amplifier is 
driven into the positive region of grid 
voltageT—Grid current is caused to 
flow. The tube is driven into saturation 
causing it to draw excessive plate cur-
rent generating harmonic distortion. 

12.103 What is a zero-biased oper-
ated tube?—A circuit in which the con-
trol grid and cathode circuits of a tube 
are both returned to ground. Such cir-
cuits are discussed in Question 11.62. 

12.104 What is a push-pull ampli-
fier?—An amplifier circuit employing 
two tubes connected as shown in Fig. 
12-104. The tubes may be operated 

either class-A, -AB, or -B (class-C is 
used for radio-frequency amplifiers 
only). Push-pull amplifiers afford 
greater output power with lower dis-
tortion and are used extensively in 
high-quality sound recording and re-

producing systems. Referring to the 
diagram, it will be noted the upper half 
of the circuit is similar to the lower 
half; therefore, the tubes must be of the 
same type with the same static and 
dynamic characteristics. A common bias 
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resistor may be used for both tubes. 
Transformer T2 supplies the load im-
pedance to the plates of tubes V1 and 
V2 and couples them to the external 
load circuit. The primary of the output 
transformer is continuously wound and 
tapped in the exact impedance center of 
the winding and then connected to the 
plate supply voltage Ebb. The symbols 
for the various signal currents and volt-
ages are indicated by the subscripts, 
which indicate which tube it is associ-
ated with. 

It will be noted the control grid volt-
ages E.ig-1 and Et I g-2 are of the same 
amplitude but 180 degrees out of phase 
with respect to each other. This same 
condition prevails for the signal output 
voltages E., and E.: but, in addition, 
they are 180 degrees out of phase with 
the signal voltages on the control grids. 
The plate currents and 1,2 are also 
of equal amplitude and 180 degrees out 
of phase. The instantaneous voltage 
across the entire primary winding of 
the output transformer is The 
instantaneous current in the output 
winding is designated I. and, without a 
signal at the control grids, is zero. 

The dc path of tube V1 is from the 
cathode to the plate through the upper 
half of the output transformer T2 
(points B to A) and back through the 
power supply to the cathode. For V2 
the path is from the cathode to the 
plate through the lower half of T2 
(point C to point A) and back through 
the power supply to the cathode. Points 
B and C are equally negative (no sig-
nal) with respect to point A, since the 
steady plate current is equal in both 
halves of the primary. Thus, total mag-
netizing force in the primary is zero 
and de saturation of the core is avoided. 
When sinusoidal signals E.14-1 and 

E.ig-3 are applied to the control grids, 

sinusoidal plate currents I.L and I.: flow 
in the primary of transformer T. Cur-
rent is 180 degrees out of phase with 
I.: since the two control grid voltages 
are 180 degrees out of phase with each 
other. During positive swings of 4,, 
point B on the primary becomes more 
negative with relation to point A. At the 
same time, the fall in I.: causes point C 
to become less negative with respect to 
point A by an equal amount. Therefore, 
the voltage across the entire primary 
Feri. is twice the value of either E., or 
E.:. A half-cycle later all polarities will 
be reversed. 

Again the voltage E.r« across the 
primary is equal to Eoi plus E.:. The 
relationship of E.H., in terms of E., 
and E.: will hold true for all instanta-
neous values of plate current. 

It is of importance that the signal 
voltages supplied to the control grids 
be of equal amplitude and exactly 180 
degrees out of phase with respect to 
each other. These voltages may be ob-
tained by means of a center-tapped 
transformer or a phase inverter similar 
to that described in Question 12.50. The 
dynamic characteristic of a class-A 
push-pull amplifier is described in 
Question 12.226. As a rule, for high 
power dass-AB amplifiers, a self-bias 
resistor is not used but a fixed-bias 
voltage is employed as described in 
Question 12.229. 

12.105 What are the advantages of 
operating tubes in push-pull?—Broadly 
speaking, a greater power output is 
possible with less harmonic distortion. 
More specifically, triode tubes which 
predominate in even harmonic distor-
tion products can be operated at load 
values which will result in an increased 
power output and cancellation of the 
even harmonics. Under the proper load 
conditions, output powers up to 2.5 

Fig. 12-104. Basic principles of a push-pull amplifier. 
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to 3 times that possible with a single 
tube may be obtained, with distortion 
components less than those of a single 
tube. 
Because the odd harmonics predomi-

nate in a tetrode (four element tube) 
or a pentode (five element tube), they 
are not cancelled when operated in 
push-pull. However, if a pentode is 
operated into a higher than normal load 
impedance, the power output can be 
increased (with an attendant increase 
of second harmonic distortion). Opera-
tion of pentodes in push-pull will result 
in the cancellation of the second har-
monic, leaving only odd harmonics. By 
the use of the proper load impedance 
and the addition of negative feedback, 
the push-pull connection may be used 
to lower odd harmonic distortion to 
negligible proportions. 
Push-pull operation eliminates the 

dc magnetization of the transformer 
core material, preventing core satura-
tion and distortion caused by the non-
linear magnetization of the core mate-
rial. Power-supply ripple is cancelled 
by the fact that the plate currents in 
the amplifier are balanced; therefore, 
any ripple in the plate circuits caused 
by ripple voltage from the power sup-
ply will be cancelled. This reduces the 
amount of filtering in the power supply 
compared to that required for a single-

13 

12 

ended amplifier. In certain types of 
push-pull amplifiers, the efficiency is 
quite high. 
Beam-power tubes, although they 

may be considered to be pentodes, are 
treated differently; as a rule, the load 
impedance is roughly one-fifth that of 
the plate resistance. The value of the 
load impedance is determined by the 
class of operation and the type bias 
(self or fixed). Negative feedback is 
also recommended for operation with 
these tubes. 

12.106 Why is it necessary to by-
pass the cathode resistor in a push-pull 
amplifier?—Because it is next to im-
possible to maintain a perfect balance 
at all times between the two halves of 
the amplifier. If the tubes are perfectly 
balanced, the current flow through the 
cathode resistor for each tube is exactly 
the same. The odd harmonics cancel 
and only the even harmonics remain. 
This condition will cause the phase re-
lationships to be such that the even 
harmonic components create a nega-
tive-current feedback, reducing the dis-
tortion by degeneration. When the 
tubes are not matched and the plate 
currents are out of balance, the phase 
relationships become such that odd har-
monics are generated. This causes posi-
tive feedback with the odd harmonics 
predominating. Therefore, it is advis-
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Fig. 12-106. Effect of cathode-bypass capacitor as intermodulation distortion in a 
Williamson ultralinear amplifier. 
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able to bypass the bias resistor with a 
large capacitor of 40 to 100 F. How-
ever, one of 500 to 1000 µF is often used. 
As the voltage across a cathode resistor 
rarely exceeds 50 volts, these are not 
impractical values. The effects of a 
cathode-bypass capacitor relative to the 
interrnodulation distortion in a William-
son amplifier using a pair of well-
balanced tubes is shown graphically in 
Fig. 12-106. Using one-percent inter-
modulation as a reference distortion, it 
will be noted the power output for one 
percent distortion is 16 watts without 
a cathode-bypass capacitor. Connecting 
a capacitor of 50 µF across the bias 
resistor increases the power output to 
19 watts for one-percent distortion. 
Increasing the capacitance to 100 µF, 
the power output is increased to 24 
watts for the same distortion. Increas-
ing the capacitance to 200 µF increases 
the output only one-half watt for the 
same distortion, because the amplifier 
has reached its maximum power output. 

If the amplifier is designed for sepa-
rate bias resistors, one in each cathode, 
each resistor is bypnssed separately. If 
this is not done, the output plate im-
pedance will be increased because of 
degeneration. Mitchell concludes, "In a 
class-A amplifier, the use of a bypass 
capacitor across the output cathode 
generally reduces intermodulation dis-
tortion although it may either decrease 
or increase the harmonic distortion." 

12.107 How is the self-bias resistor 
calculated for a push-pull amplifier?— 
By the use of Ohms law: 

E 
R = 

where, 
E, is the desired bias voltage, 
I, is the plate current for the two 

tubes. 

The bias voltage is that required for 
one tube. If the tubes are pentodes or 
beam-power tubes, the screen-grid cur-
rent must be included in the total cur-
rent flow through the bias resistor. 

For calculating the value of a bias 
resistor for beam power, tetrode, and 
pentode tubes, the minimum plate and 
screen currents as stated by the manu-
facturer are used. For fixed-bias appli-
cations see Question 12229. 

12.108 If a phase-splitter is used 
for driving a push-pull stage, how critical 
are the grid resistors and coupling ca-

pacitors?—The grid resistors should be 
within one percent and the coupling 
capacitors as close to the required val-
ues as possible. If the two coupling 
capacitors vary in capacitance in oppo-
site directions, at frequencies below 
50 Hz the capacitive reactance varia-
tion with frequency will be consider-
able. Thus, the two voltages produced 
by the phase-splitting circuit will not 
be of the same amplitude at the lower 
frequencies, resulting in an unbalance 
and an increase in harmonic distortion. 
Capacitive reactance balance at higher 
frequencies is not important, as reac-
tance of the capacitors is small; how-
ever, if excessive stray capacitance 
exists in the wiring, it may cause un-
balance and subsequent distortion. 

12.109 What are the impedance re-
lations of a push-pull output transformer 
relative to the plate resistance of the 
tubes?—Because the tubes in a push-
pull amplifier are effectively in series 
and parallel with the primary of the 
output transformer, the plate-to-plate 
impedance of the transformer must be 
twice that of the plate resistance of the 
tubes. (The above statement applies to 
triodes only.) 

It appears that each tube in a push-
pull amplifier sees only one-fourth its 
plate resistance on the basis of turns 
ratio. However, a push-pull transformer 
is a three-winding device and the reac-
tion of one-half the primary winding to 
the other half is such as to cause each 
tube to see one-half the plate-to-plate 
impedance. Removing one tube from 
the circuit will result in the remaining 
tube seeing one-fourth the plate im-
pedance. 

12.110 What is the equation for 
calculating the plate-to-plate load im-
pedance for a push-pull amplifier?—The 
two tubes in a push-pull amplifier may 
be considered to be two generators in 
series working into a load impedance 
of equal values. (See Fig. 12-110.) The 

Fig. 12-110. Plate-to-plate load im-
pedance equivalent circuit of a push-

pull amplifier stage. 
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F:f 

BIAS B+ 

Fig. 12-112. A push-push frequency-doubling circuit. The plate circuit is resonated 
to the second harmonic of the fundamental frequency. 

plate-to-plate impedance is equal to the 
reflected secondary load impedance. 
The primary winding is continuous and 
tapped at its exact electrical center. 
The plate-to-plate impedance may be 
calculated: 

or 

12N, \' 
Zp/p = ELL 

N2 

(2 2 RI.= 1.1 

where, 
Zp/p is the reflected load impedance 
seen by the plates of the tubes, 

RL is the external load impedance, 
N, is the number of turns in one-half 

the primary winding, 
N2 is the number of turns in the sec-
ondary winding, 

ri, is the plate resistance of each tube. 

12.171 What is a push-pull parallel 
amplifier?—A push-pull amplifier in 
which two tubes are connected in par-
allel in each side of the circuit as shown 
in Fig. 12-111. For this type operation, 
the impedance of the output trans-
former primary, plate-to-plate, is one-
half that normally used for two tubes. 
The power output is increased approxi-
mately six times that of a single tube. 

To prevent parasitic oscillation, a 
47-ohm resistor is connected in the 
plate circuit of each tube and a 47,000-

ohm resistor is placed in series with 
each control grid. The plate currents of 
each tube should be approximately the 
same to secure the lowest distortion. 
The amplifier shown will produce 30 
watts of power with approximately 0.75 
percent rrns distortion. 

12.112 What is a push-push ampli-
fier?--An amplifier with an input cir-
cuit similar to a push-pull amplifier. 
The control grids are operated 180 de-
grees out of phase. The plates are con-

nected in parallel. It is used for fre-
quency doubling. 

The amplifier is operated class-C. 
The plate circuit is tuned to the second 
harmonic of the frequency applied to 
the control grids. The bias is adjusted 
for a maximum output. (See Fig. 
12-112.) 

12.113 What are the phase shift 
characteristics of an amplifier?—Phase 
shift is a problem that exists in almost 

any equipment that must pass complex 
waveforms, and amplifiers are no ex-
ception. In modern wide-range high-
quality amplifiers, phase shift is a very 

important characteristic. Phase shift as 
discussed here should not be confused 
with phase reversal discussed in Ques-
tion 12.97 and Question 11.60. 

If one frequency component of a 
complex waveform takes longer to pass 
through an amplifier than another, a 
time delay or displacement occurs and 
the output waveform is not an identical 
reproduction of the input waveform. 
This is phase distortion. In general, 
phase distortion causes a loss of articu-
lation and a decrease in the intelligi-
bility of speech. 

(a) Fundamental and third harmonic. 

(b)Distorted waveform. 

Fig. 12-113A. The appearance of a fun-

dementol frequency and its third har-
monic after being distorted by passing 
through an amplifier with phase shift. 
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«ci 

Fig. 12-113B. Phase-shift characteristics 
of an amplifier. (a) Constant phase shift 

(ideal). (b) With phase shift. 

A signal consisting of a fundamental 
frequency and its third harmonic is 
shown at part (a) in Fig. 12-113A. 
Although the amplitudes of both com-
ponents are increased in identical ratios 
as they pass through the amplifier, the 
resultant waveform at the output, 
shown at (b) is considerably different 
from that of the input, because the 
phase of the third harmonic has been 
shifted with respect to the fundamental 
frequency. Phase distortion is intro-
duced in amplifiers because of the re-
actance in the circuits, and the type 
coupling used between the stages. A 
typical phase-shift characteristic is 
shown in Fig. 12-113B. 

In an amplifier using negative feed-
back, unwanted phase shift may be 
caused by the components in the feed-
back loop or the output transformer. 
The measurement of phase shift is dis-
cussed in Question 23.111. 

12.114 What are the effects of non-
linearity in an amplifierP—Nonlinearity 
in an amplifier is generally the result 
of operating the amplifier tubes in the 
nonlinear portion of the characteristic 
curve (Fig. 12-114A). Operating vac-

OUTPUT SIGNAL 
+ CURRENT 

INPUT SIGNAL 
VOLTAGE 

Fig. 12-114A. Dynamic characteristics of 
a vacuum tube incorrectly biased and 
operating on the nonlinear portion of its 

dynamic transfer characteristic. 

(\, N AMPIJFIER 
ro 

Fig. 12-1148. An amplifier with a fun-
demental frequency ft applied to the 
input, and a second harmonic f2 gen-
erated within the amplifier because of 
internal distortion. The output waveform 
is distorted because it contains both the 

frequencies ft and f2. 

uum tubes in the nonlinear portion of 
the characteristic curve causes genera-
tion of unwanted harmonic distortion 
and intermodulation products, and as 
the harmonics are not a part of original 
program material, they cause distortion 
of the output signal waveform. 
As an example: If a fundamental 

frequency fl (Fig. 12-114B) is applied 
to the input of an amplifier, and be-
cause of its nonlinearity characteristic it 
generates a strong second harmonic f, 
and the output waveform will be dis-
torted. This is caused by the combining 
of the generated second harmonic with 
the fundamental frequency. 

Fig. 12-114C is a plot showing the 
characteristics of a linear and non-
linear amplifier. It will be noted for 
the linear plot (a) the output voltage 
rises directly in proportion to the am-
plitude of the input signal, resulting in 
a straight line between input and out-
put voltages. 

Plotting the input signal amplitude 
versus the output voltage for a non-
linear amplifier results in a character-
istic as shown by the dashed line (b). 
As may be seen, the output voltage does 

100 

80 

1— 60 
O-
40 

20 

k 

(a) 

-.-

40 60 80 100 
E OUTPUT 

Fig. 12-114C. Input and output char-
acteristics of an amplifier with a linear 
response (a) and one with a nonlinear 

response (b). 
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not rise in the same proportion as the 
input signal. Although the nonlinear 
characteristic is shown as a straight 
line, it will generally bend near the 
upper limits. 

The measurement of nonlinearity in 
amplifiers is discussed in Question 23.94. 

12.115 What is frequency distortion 
in on amplifier?—If the gain frequency 
characteristics of an amplifier are not 
uniform, certain frequencies will be 
amplified to a greater or lesser degree 
causing the ratio between frequencies 
to be changed from the original wave-
form ratios. Thus, when frequencies 
passed through an amplifier are not 
amplified with their original amplitude 
ratios, this is called frequency distor-
tion. If the high frequencies are ampli-
fied excessively, the harmonic distortion 
will be increased. (The foregoing state-
ment does not apply to an equalized 
amplifier.) 

12.116 Define the term intermodu-
lotion distortion.—In amplifiers and 
other electrical devices designed to pass 
a multiple frequencies, sum and differ-
ence frequencies may be generated 
inducing intermodulation distortion. In-
termodulation distortion may be de-
fined as the production in a nonlinear 
circuit element of frequencies corre-
sponding to the sum and differences of 
the fundamentals and harmonics of two 
or more frequencies which are trans-
mitted through that element. 

Designating two fundamental fre-
quencies fi and f., the intermodulation 
products will consist of second and 
third order terms. In general none of 
these terms is harmonically related to 
either of the fundamental frequencies. 

Intermodulation distortion will man-
ifest itself as a harsh or rough unpleas-
ant reproduction, or by a buzz at the 
higher frequencies. This type of distor-
tion is not directly related to harmonic 
distortion and cannot be measured 
using a conventional harmonic analyzer 
or meter. Therefore, special intermodu-
lation analyzers have been developed 
for this express purpose. (See Ques-
tions 22.129 and 23.117.) To date, no sig-
nificant psychological tests have been 
made to determine just how much in-
termodulation distortion can be toler-
ated by the human ear. (See Question 
1.118.) However, it is sufficient to say 
that amplifier systems having a low 
order of intermodulation distortion 
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sound much cleaner than an amplifier 
of comparable harmonic distortion. It is 
generally agreed that sound recording 
and reproducing systems must have less 
than 1-percent intermodulation distor-
tion. 

Other forms of distortion aside from 
that just mentioned are harmonic, 
phase-shift, frequency, and noise. Dis-
tortion may also be caused by magnetic 
fields from power transformers and 
chokes, and the overloading of the out-
put transformer which causes satura-
tion of the core material. 

12.117 What is random noise?— 
Spurious frequency signals which are 
amplified with the program material. 
Random noise is caused by thermal agi-
tation produced by the movement of 
electrons in a material. This movement 
of electrons causes minute pulses which 
are intermixed with the signal voltage 
and amplified. Random noise covers the 
entire frequency band and is the limit-
ing factor in the design of a low-level, 
high-gain amplifier. 

12.118 What is the shot effect?— 
Noise in a vacuum tube caused by the 
movement of electrons between the 
cathode and plate elements. This effect 
causes unsteadiness in the plate current 
and is amplified with the signal voltage. 

BRIDGING 
BUS 

AMPLIFIER 600 11 VU OR VI 
TERMINATION METER 

Fig. 12-119. VU or VI meter with an 
amplifier connected ahead of the meter 

to increase the voltage level. 

12.119 Describe the use of a VU or 
VI meter amplifier.—When the voltage 
level of a sound circuit is too low for 
the use of a standard VU meter, an 
amplifier may be connected ahead of 
the meter, and the signal amplified be-
fore it is applied to the meter (Fig. 
12-119). 

The disadvantage of this method is 
gain variations in the amplifier caused 
by tube variations and operating volt-
ages. However this may be overcome to 
a great extent by the use of a semicon-
ductor amplifier highly stabilized by the 
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use of a generous amount of negative 
feedback and regulated operating volt-
ages. Even then, the calibration should 
be frequently checked if the meter is 
connected in a critical part of the sys-
tem. Whenever possible, the meter 
(without amplifier) should be connected 
across a circuit impedance of 600 ohms 
and of the correct voltage level. The 
frequency response of the amplifier 
must be uniform across the frequency 
band of interest. (See Question 12.196.) 

To calibrate the meter with the am-
plifier, a plus 4-dBm signal is applied 
to the amplifier input and the amplifier 
gain adjusted for a 100-percent reading 
on the meter (100 percent on a standard 
meter is plus 4 dBm), with the meter 
atienuator set to plus 4 dBm. (See 
Questions 10.17 and 10.24.) 

12.120 What is a buffer amplifier? 
—A stage of amplification between an 
oscillator or other device to isolate it 
from succeeding stages. 

12.121 What is a frequency-doubler 
stage?—An amplifier stage having a 
resonant circuit in its plate circuit 
tuned to a harmonic of the fundamental 
frequency at the input. They are used 
in radio transmitting equipment and in 
test equipment. A push-push amplifier 
is a frequency doubler. (See Fig. 12-
112.) 

12.122 What is a grounded-grid 
amplifier?—A vacuum tube connected 
as shown in Fig. 12-122. The incoming 
signal is applied to the cathode across 
a low resistance while the output signal 
is taken across a high-resistance load 
in the plate circuit. The control grid is 
tied directly to ground. The input and 
output signals are in phase. 

Grounded-grid amplifiers are often 
used to couple a low-impedance source 
to a high-impedance load, thus provid-
ing gain as well as an impedance match. 

INPUT 

(a) Resistance-coupled. 

OUTPUT 

(b) Transformer-coupled. 

Fig. 12-122. Grounded-grid amplifiers. 

The theoretical gain of a grounded-grid 
amplifier may be computed: 

where, 
r, is the plate resistance, 
Z2 is the load impedance including the 

capacity between the grid and 
plate, neglecting the capacity be-
tween plate and cathode. 
p. is the amplification factor of the 
tube. 

In some respects it may be said a 
grounded-grid is the reverse of a cath-
ode-follower amplifier. 

12.123 What is a grounded-plate 
amplifier?—This is another name of a 
cathode-follower amplifier as described 
in Question 12-41. 

72.124 What is a gas-tube coupled 
amplifier?—An amplifier using a gas-
filled tube as a coupling medium be-

B 

Fig. 12-124. A two-stage, RC amplifier using a gas-filled tube in place of the usual 
coupling capacitor. 

OUTPUT 
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Fig. 12-125. A two-stage, autotransformer-coupled amplifier. 

tween stages. A typical circuit is shown 
in Fig. 12-124. The first stage is a con-
ventional amplifier with a resistive 
plate load. Instead of the usual coupling 
capacitor, the control grid of the second 
stage is fed from the plate of the first 
tube through a small neon tube. Volt-
age-regulator tubes, as a rule, are not 
satisfactory because of their high oper-
ating potentials. The purpose of such 
coupled amplifiers is to reduce the 
phase shift generally associated with 
resistance-coupled amplifiers at the ex-
tremely low frequencies. Gas coupling 
is only practical at fairly high signal 
levels because of the high internal noise 
level of a gas tube. The frequency re-
sponse and stability may be improved 
by the use of negative feedback by 
eliminating the usual cathode-bypass 
capacitors. 

12.125 What is an autotransformer-
coupled amplifier?—An amplifier as 
shown in Fig. 12-125 which uses an 
autotransformer rather than the con-
ventional two-winding coil to step up 
the voltage between stages. The auto-
transformer is parallel-coupled to the 
plate of the first tube to eliminate the 
flow of direct current through the 
winding. There is no particular advan-

INPUT   

tage to autocoupling, therefore it is 
seldom used. 

12.126 What is a series or single-
ended push-pull arnplifier?—An output 
stage in which two tubes are connected 
in series across the direct-current 
plate-voltage supply, as shown in Fig. 
12-126. The output tubes are driven 
from a phase-inverter stage which pro-
duces two voltages of equal amplitude 
but 180 degrees out of phase. 

The unique feature of this phase-in-
verter circuit is that it drives each tube 
from its own control grid to its own 
cathode circuit, driving the tubes in a 
balanced fashion. 

The advantages of this circuit are 
that it has a single-ended output and is 
capable of driving a two-terminal load 
such as a loudspeaker voice coil, and 
requires no output transformer. The 
advantages of eliminating the output 
transformer are manifold; also, large 
amounts of negative feedback may be 
applied with a high degree of stability, 
enabling very low distortion character-
istics to be obtained. With modifications 
this circuit is used extensively in tran-
sistor output stages. 

12.127 What is a eathamplifier?— 
A push-pull amplifier circuit in which 

r —PI4ASE INVERTER-4.---OUTPUT STAGE— ' 
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Fig. 12-126. 12-126. Basic circuit of a single-ended push-pull amplifier. 
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Fig. 12-127. A push-pull eathamplifier. 

the push-pull input transformer is con-
nected to the cathodes, as shown in Fig. 
12-127. The input signal is applied di-
rectly to the control grid of tube Vl and 
to the secondary of transformer Ti. 
Transformer T2 is a conventional push-
pull output transformer. 

12.128 What is an ultralinear am-
plifier?—An amplifier circuit designed 
for high quality sound reproduction 
which was developed by Hafler and 
Keroes and employs a special output 
transformer. (See Fig. 12-128A.) 
When a pentode tube is operated 

with the screen grid and the plate ele-
ments at the same positive potential, 
pentode operation is obtained. If the 
screen grid is connected to the plate 
element and fed from the same end of 
the output transformer, triode operation 
is obtained. 

In the ultralinear method of opera-
tion, the screen-grid element is re-
turned to a tap on the primary of the 

output transformer at a point about 
18.5 percent of the primary impedance 
(measured from the center tap of the 
primary winding). This provides an in-
termediate operating point between a 
pentode and a triode, with the power 
output of a pentode and the low inter-
nal output impedance of a triode. Under 
the above operating conditions, the tube 
functions as a pentode with negative 
feedback applied to the screen grid, re-
sulting in lower distortion products at 
the higher levels of operation. When the 
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Fig. 12-128A. An ultralinear output 
transformer designed for use with 5881 

or 6L6 beam-power tubes. 

16. 

C 

Fig. 12-128B. An ultralinear amplifier using 6L6 or 5881 tubes. 
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ultralinear circuit is used in conjunc-
tion with the well-known Williamson 
amplifier circuit (Fig. 12-232A), a power 
output of over 20 watts is possible from 
a pair of 5881 tubes, with less than one 
percent intertnodulation distortion. 

The impedance of the output trans-
former for ultralinear operation is 
shown in Fig. 12-128A. The impedance 
from plate-to-plate is 6600 ohms and 
from screen grid to screen grid is ap-
proximately 1300 ohms. 

Referring to Fig. 12-128B, negative-
feedback voltage is taken from the sec-
ondary winding of the output trans-
former and carried back to the cathode 
circuit of the first tube, through a 5600-
ohm resistor shunted by a 120 pF 
capacitor. The capacitor assists in main-
taining a smooth frequency response 
above 100 kHz and also helps maintain 
a constant 180-degree phase shift at the 
higher frequencies. The total feedback 
is 20 dB. The frequency response has 
been extended to more than two oc-
taves above the usual 20 to 20,000 Hz. 
This wide frequency response is neces-
sary to maintain a constant phase shift 
and improve transient response. 

The weakness of the amplifier lies in 
the fact that its negative feedback be-
comes a positive feedback at ultrasonic 
and subsonic frequencies, leading to a 
considerable amount of distortion at the 
lower frequencies, unless it is very 
carefully designed. The amount of neg-
ative feedback applied to the first stage 
should not exceed 20 dB. 

Tests for oscillation at inaudible fre-
quencies may be made by the applica-
tion of a square wave to the input while 
observing the output waveform on an 
oscilloscope. 

In some circuit designs of the Wil-
liamson amplifier using the ultralinear 
output stage, high-frequency oscillation 
will occur when a capacitive load such 
as an electrostatic loudspeaker is con-
nected across the output, or the leads 
of the loudspeaker have considerable 
distributed capacity. The measurement 
of capacitive load effects is discussed in 
Question 23.125. 

12.129 What is a Cirelotton ampli-
fier?—An amplifier circuit developed by 
Wiggins, and manufactured by Electro-
Voice Inc., using a specially designed 
output stage employing two 6V6 beam 
power tubes which develop an unusu-
ally large amount of power with low 

distortion. One of the fundamental re-
quirements of a high-quality amplifier 
is that it have an output transformer 
with negligible leakage reactance. This 
leakage reactance must be low to avoid 
the transient distortion resulting from 
collapsing currents such as those en-
countered in class-AB or -B push-pull 
amplifiers when the tubes are driven 
beyond cutoff. Transient distortion ap-
pears as a parasitic oscillation in the 
waveform at the instant of cutoff. A 
high value of leakage reactance will 
also cause the output transformer of a 
conventional amplifier to lose efficiency 
at the high frequencies; therefore, the 
distributed capacitance of the output 
transformer should be very low, in 
order to minimize high-frequency at-
tenuation and phase shift. It is claimed 
for the circuit of Fig. 12-129A, a Wig-
gins Circlotron amplifier, that this ob-
jectionable feature of the conventional 
amplifier is overcome. 

Fig. 12-129B is a simplified version 
of the above amplifier. Two power sup-
plies are indicated as batteries. Each 
power supply is connected from the 
plate of one tube to the cathode of the 
other. The plate current of each tube 
circulates through both power supplies 
without traversing the windings of the 
output transformer. Because any pair 
of opposite points in this configuration 
is equipotential, the circuit is a bal-
anced bridge under no-signal condi-
tions. 
The total primary impedance of the 

output transformer presents a load to 
each of the two output tubes. One-half 
of this load is in the cathode circuit and 
the other half is in the plate circuit. The 
plate load of one tube is the cathode 
load of the other. Because each tube 
looks into the same load as the other, 
the result is unity coupling between the 
tubes. Despite the residual leakage re-
actance in the transformer, no switch-
ing transients can occur during the op-
eration of the amplifier, for both halves 
of the transformer primary winding 
have the same signal current flowing in 
them; thus, switching transients are 
eliminated 
The impedance of the primary wind-

ing is one-fourth that of the conven-
tional amplifier; therefore, the distrib-
uted capacitance is less. Also, the leak-
age reactance makes a wide frequency 
range more easily attained. The quies-



570 THE AUDIO CYCLOPEDIA 

cent current being low results in higher 
efficiency and produces more power 
without exceeding the dissipation rating 
of the tubes. 

The gain of the Circlotron output 
stage is approximately unity; thus, it 

INPUT 

LEVEL 

requires a high signal driving voltage. 
This higher signal voltage is obtained 
by means of a technique called "boot-
strapping." By this method, the B-plus 
supply voltage to the driver stage is 
dynamically changed as the signal volt-
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age changes. This permits linear opera-
tion over a wide range. 

Variable damping is also provided in 
the output to present a means of match-
ing the impedance characteristics of the 
loudspeaker system to the amplifier at 

z 

the lower frequencies. The values of 
the critical damping resistance vary 
widely with different type speakers and 
are dependent upon the flux density, 
type of enclosure in which the speaker 
is mounted, the length of the conductor 
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in the air gap, and, to some extent, the 
position of the speaker enclosure in the 
room. 

The variable-damping control circuit 

is so designed that varying amounts of 
reactive voltage and current feedback 
are combined to match the effective im-

pedance while maintaining the total 
feedback at a constant value. (Vari-
able damping is discussed in Question 
12.242.) The maximum power output 
available is independent of the damping 
factor and remains constant for all set-
tings of the damping control. Referring 
to Fig. 12-129A, the incoming signal is 
applied to the control grid of VIA 
which is coupled to a split-load phase 
splitter VlB which, in turn, drives a 
push-pull driver stage V2A and V2B. 
The output stage V3 and V4 is cathode 
coupled to the external load circuit by 
means of transformer T2. The primary 
of the output transformer is connected 

to the cathodes of the output tubes and 
center tapped to ground. A fixed bias 
voltage is applied to the control grid of 

the output tubes. This is supplied by a 
half-wave rectifier M2. (Fixed bias cir-
cuits are discussed in Question 12.229.) 

Negative-feedback voltage is obtained 
by taking voltage from the 16-ohm tap 
of the output winding and returning it 
to the potentiometer R2A in the cathode 
circuit of V1A. Negative-current feed-
back is obtained by connecting the 
ground side of the output winding to 
the junction of R2A and R2B in the 
cathode circuit of V1A. These two con-
trols are mechanically connected and 
operate as a unit. 

The power output is rated at 20 watts 
(40 watts on peaks), at less than 0.5-
percent harmonic distortion, or less than 
one-percent intermodulation. Hum and 
noise are rated 85 dB below 20 watts 
or minus 42 dBm. The feedback is 19 dB 
in the output circuit, 16 dB in the feed-
back loop, and 2 dB positive feedback 
in the driver circuits, making a total of 
33 dB total negative feedback. The fre-
quency response is plus or minus 1 dB 
from 20 to 60,000 Hz at 20 watts output. 
The damping factor is adjustable from 
0.1 to 15. The input impedance is 250,000 
ohms with a 0.1-SF isolation capacitor 
in the input. 

12.130 What is an extended class-A 
amplifier?—A push-pull amplifier em-
ploying a triode and a beam-power tube 
in parallel on each side of a push-pull 

VI 

OE, OE 

POWER 
SUPPLY DRIVE 

VOLTAGE 

OUTPUT 
TRANSFORMER POWER 

SUPPLY 

V2 

Fig. 12-129B. Basic circuit for Wiggins 
Circlotron power amplifier. 

circuit. (See Fig. 12-130.) At low levels 
the amplifier operates as a triode am-

plifier with the beam-power tubes at 
cutoff. At the higher levels, the output 
is almost entirely from the beam-power 
tubes. The plate dissipation is about 
one-third that of a normal class-A am-
plifier for the same power output. 

In the circuit shown, a power output 
of 47 watts may be obtained with low 
distortion. The input signal may be 
supplied from either a transformer or a 
phase splitter. 

12.131 Are the frequency charac-
teristics of a power amplifier the same 
at all power levels?—Unless the output 
transformer is of unusually good de-
sign, frequency response will show a 
loss at both the high and low ends at 
higher output levels. Typical power 
curves are shown in Fig. 12-131. 

12.132 Describe an output trans-
formerless amplifier (OTA).—It is an 
amplifier that does not use an output 
transformer. The external load circuit 
is generally connected to the cathode of 

the output tubes, through a 100- to 
1000-SF capacitor, to the external load 
circuit, such as a voice coil of a loud-
speaker. The capacitor is only required 
if the external load circuit will cause a 
current flow between the output point 
and ground. A typical OTL circuit is 
shown in Fig. 12-132. 

12.133 What is a preliminary am-
plifier?—This is another name for a 
preamplifier. (See Question 12.72.) 

72.734 What is a dielectric ampli-
fier?—An amplifier requiring no vac-
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Fig. 12-130. A push-pull parallel, extended class-A amplifier using o combination 
triode and pentode connection. 

uum tubes but employing a device sim-
ilar to a capacitor using polycrystalline 
dielectric which exhibits a ferromag-
netic effect. Ceramics using barium 
titanate, barium zirconate, strontium 
titanate, and lead zirconate are among 
the materials used. The device has a 
frequency range running into the meg-
ahertz. Its characteristics are nonlinear. 
It is caused to operate on the linear 
portion of its characteristic curve by 
the use of a dc bias voltage in con-
junction with a high-frequency power 
supply. This type amplifier is used in 
computers and similar devices. 

12.135 What is a program ampli-
fied—An amplifier connected in the 
main program channel of a broadcast 
station speech-input system. It must be 
capable of developing an output level of 
at least plus 18 dBm. It is also called a 
line amplifier. 

12.136 What is a negative-feedback 
or degenerative amplified—An ampli-
fier in which a portion of the output 
signal voltage is fed back 180 degrees 
out of phase to the input. Two types of 
negative feedback are in common use— 
voltage and current. 

12.137 Describe a nyquist curve.— 
It is a graphical method, devised by H. 
Nyquist of the Bell Telephone Labora-
tories, for plotting the relationship be-
tween amplification and feedback in an 
amplifier employing either negative or 
positive feedback. Such curves are gen-
erally plotted in polar form and are 
used as a criteria for determining the 
stability of an amplifier to which feed-

4 

Fig. 12-132. Output stage for trans-
formerless (OTL) amplifier. 
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back is applied. Nyquist curves can also 
be used for plotting oscillators and 
other circuit data critical to stability. 
A typical Nyquist plot is shown in Fig. 
12-137. The reader is referred to the 
references at the end of this section. 

50 

Fig. 12-137. Typical Nyquist plot used 
for determining the stability of an 

amplifier or other device. 

12.138 What are the advantages of 
using negative feedback in an amplifier? 
—Negative feedback lowers the har-
monic and intermodulation distortion 
components( assuming the amplifier 
does not have excessive distortion be-
fore the negative feedback is added); 
the frequency response may be made 
quite uniform over a very wide range; 
the stability may be increased and is 
less subject to variation in tubes and 
operating voltages; lower hum and in-
ternal noise; constant gain for a given 
response; lower internal output imped-
ance providing a high factor of internal 
output damping; and less phase shift. 

12.139 Explain how a negative-
feedback amplifier functions.—In the 
conventional audio amplifier, the inter-
nal resistance of the output tube shunts 
the external load impedance. When the 
plate resistance is less than the load 
impedance, variations in the load im-

pedance have very little effect on the 
output voltage, because the load-im-
pedance variations are shunted by the 
low resistance of the output tube. This 
indicates that a tube of low plate re-
sistance is desirable in the output stage. 
When the plate resistance is high (as 

is the case of a pentode or beam-power 
tube), the effect of a variable load im-
pedance is to increase the distortion 
components, producing strong peaks, 
and thus impairing the quality of repro-
duction. Amplifiers employing pentodes 
or beam-power tubes in the output 
stage may make use of a resistance-
capacitance network in the plate cir-
cuit as described in Question 12.169 to 
compensate for the effects of the vari-
able load impedance. However, using 
this method, some loss of power is to 
be expected, particularly at the higher 
frequencies. 

Amplifiers employing pentodes or 
beam-power tubes may be designed to 
have the characteristics of a low plate 
resistance tube, yet have the advan-
tages of the increased power sensitivity 
afforded by the pentode. This advantage 
is obtained by the use of negative feed-
back in the output stage. The addition 
of negative feedback is accomplished at 
the expense of sacrificing a portion of 
the amplifier gain. However, the bene-
fits gained by the use of negative feed-
back offset the loss of gain in the im-
proved performance of the amplifier. 
The loss of gain may be compensated 
for by increasing the gain in the volt-
age-amplifier section. A typical two-
stage RC amplifier employing negative 
feedback is shown in Fig. 12-139A. The 
feedback voltage is obtained by feeding 
back to the input of the amplifier a por-
tion of the output voltage in such a 

Fo 

LOAD 

Fig. 12-139A. A two-stage RC amplifier employing negative-voltage feedback. In 
this circuit the characteristics of the output transformer are not included. To include 
the output transformer, the feedback voltage is taken from the top of the trans-
former secondary. The lower end is returned to ground (feedback voltage must be of 

the correct polarity.) 
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Fig. 12-139B. A two-stage RC amplifier using negative-voltage feedback from the 
plate of the output tube to a portion of the cathode resistance of the first stage. 

phase relationship as to oppose the in-
put signal. Assume an instantaneous 
positive pulse of 1 volt is applied to the 
control grid of tube Vl. At the plate 
will appear a negative pulse because of 
the 180-degree phase reversal within 
the tube as described in Question 11.60. 
This negative pulse is transferred to the 
control grid of V2 through the coupling 
capacitor C, causing a decrease of plate 
current in V2. The signal is again am-
plified, reversed 180 degrees, and ap-
pears as a positive pulse at the plate of 
V2. This pulse is transmitted through 
capacitor Cl and resistor R1 in the neg-
ative-feedback loop to the upper end of 
the cathode resistor R. of V1, applying 
a positive pulse to the cathode. This 
effect is the same as biasing the control 
grid more negatively. When the feed-
back voltage increases, the gain of VI 
is decreased. As an example: with 
100,000 ohms in the feedback loop and 
1000 ohms in the cathode circuit of VI, 
a voltage divider is formed with the 
cathode of VI at the junction of the 
two resistors (for this illustration it 
will be assumed the reactance of ca-
pacitor Cl in the negative-feedback 
loop is negligible). 

With a signal voltage of 100 volts at 
the plate of V2, 10 volts will be fed back 
to the cathode of Vl. Now to obtain 100 
volts of signal at the plate of V2 will 
require the signal voltage at the input 
of VI be increased to 11 volts. In other 
words, the signal voltage must be in-
creased the amount of the feedback 
voltage in the cathode circuit plus the 
original signal voltage at the control 
grid of Vl. By definition, the foregoing 
illustration is called 10-percent negative 
feedback. 

Negative feedback may also be ap-
plied as shown in Fig. 12-139B. Here 

the feedback voltage taken from the 
plate of V2 is applied to only a portion 
of the cathode resistor RKFK of Vl. 
Under these conditions the dc bias volt-
age for the tube is the voltage drop 
across RK and RKFB, while the negative-
feedback voltage is formed across only 
the lower portion of the resistor. As the 
feedback voltage is confined to the 
lower portion of the cathode resistor, 
the upper portion is used only for bias 
voltage and may be bypassed to pre-
vent current feedback, thus increasing 
the actual gain of the stage. This sys-
tem of applying negative feedback per-
mits the correct value of 'feedback volt-
age to be applied to the tube, while 
maintaining the correct value of resist-
ance for the cathode circuit. 

Gain controls cannot be connected in 
the area encompassed by the feedback 
loop, but must be removed to a position 
outside the feedback loop, as shown in 
Fig. 12-217B. Negative feedback may be 
utilized to increase the output imped-
ance (negative-current feedback) or to 
reduce the impedance by the use of 
negative-voltage feedback. This subject 
is discussed in Questions 12.142 and 
12.154. 

12.140 How is harmonic distortion 
reduced by means of negative feedback? 
—All amplifiers, regardless of design, 
have some distortion and will have 
some component in the output signal 
,that was not present in the input signal. 
The feedback voltage taken from the 
output of the amplifier contains both 
the original signal and the distortion 
component added by the amplifier. That 
part of the feedback voltage C. OEnsisting 

only of the original signal will be can-
celled at the input by the applied signal 
voltage. However, any distortion origi-
nating within the amplifier, when fed 
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Fig. 12-140. Waveforms indicating how 
negative feedback tends to cancel dis-
tortion generated within an amplifier. 

back will not be cancelled by anything 
present in the input, since the distor-
tion is not present in the input but is 
developed within the amplifier. There-
fore, the distortion voltage is passed 
through the amplifier from the input 
and arrives at the output with a polar-
ity opposite to the distortion produced 
within the amplifier. The result is that 
the total distortion is reduced because 
it cancels itself. To better understand 
how the distortion is reduced by the 
application of negative feedback, Fig. 
12-140 shows a single-stage, resistance-
coupled amplifier with negative feed-
back, with the various voltage wave-
forms as they appear at different points 
in the circuit. At point (a) is shown 
the signal voltage which is of sine-wave 
character. It will be assumed that the 
signal in passing through the tube is 
distorted and this distortion appears as 
a small pip on the negative half of the 
output signal waveform as shown at 
point (b). A portion of this voltage (c) 
is fed back to the grid circuit. This volt-
age is 180 degrees out of phase with the 
grid voltage and has the same wave 
shape as the voltage at (b) but at a 
fraction of the output amplitude. Ap-
plied to the control grid, it acts to can-
cel the original distortion. At the output 
(d) is shown the relationship of the 
various waveforms. Curve (1) of wave-

form (d) is the plate-current component 
due to the feedback voltage applied to 
the control grid. Curve (2) of (d) is the 
plate-current component developed by 
the signal voltage at the control grid. 
Curve (3) of (d) is the algebraic sum 
of curves (1) and (2) and is the result-
ant plate current, clearly indicating a 
considerable reduction in the original 
distortion shown at point (b). The 
same principles apply to any amplifier 

in which negative feedback is used, in-
cluding push-pull amplifiers class-A, 
class-B, and dass-AB,. 
As a rule, negative feedback is not 

used with the power-output triodes 
such as the 2A3, because of its low plate 
impedance (800 ohms) and the fact that 
it is not too greatly affected by changes 
in the load impedance, such as might 
be encountered with a loudspeaker. 
However, negative feedback is highly 

desirable with pentodes and beam-
power tubes. 

12.141 How is noise reduced by 
negative feedback?—Any noise induced 
by the amplifier is fed back to the input 
and appears at the output with reversed 
polarity, effecting an overall reduction 
of noise. (See Fig. 12-140.) 

AMPLIFIER 

 j 25011 

Fig. 12-142. Building-out resistors in the 
output of a negative-feedback amplifier, 
with a 100-ohm internal output imped-

ance. The resistors build-out the im-
pedance to 600 ohms. 

12.142 Describe the effect of nega-
tive feedback on the internal impe-
dances of on amplifier, and the use of 
building-out resistors.—As a majority of 
present day amplifiers employ a con-
siderable amount of negative feedback 
to reduce distortion and noise, this low-
ers the internal output impedance. The 
effect on input impedance is not deter-
mined by the type of feedback (voltage 
or current), but by the method it is 
applied. If it is applied in series with 
the input-signal voltage, the input im-
pedance is increased. Applied in shunt 
with the input voltage, the input re-
sistance is decreased. Negative-voltage 
feedback reduces the internal output 
impedance, while negative-current 
feedback increases the internal output 
impedance. (See Question 12.139.) 

Although the amplifier may be rated 
to operate with a given load impedance, 
the internal output impedance of the 
amplifier may be on the order of 100 
ohms or less. This lower impedance can 
seriously affect the operating character-
istics of equipment following the ampli-
fier, particularly if it is a filter or an 
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equalizer. A typical example would be 
the case where an Amplifier is rated to 

operate with a 600-ohm load impe-
dance, but has an internal output im-

pedance of 100 ohms (in some instances 
it could be as low as 4 ohms). To effect 
a proper impedance match, series resis-
tors are connected in each side of the 
output circuit (Fig. 12-142). The value 
of the resistors are such that they sup-
ply a match between the amplifier and 
the load impedance, which in the in-
stance of a 100-ohm internal output im-
pedance, would be 500 ohms divided 
equally between the two sides. It should 
be remembered, the insertion of the 
resistors decreases the output in the 
ratio of the internal output impedance 
to load impedance. Using the example 
of the 100-ohm internal output impe-
dance terminated in 600 ohms, the ratio 
is 6:1. Building-out resistors are used 
extensively in preamplifier circuits 
when used in sound mixers. Referring 
to the graph of Fig. 5-50, the incurred 
loss is 3dB; therefore, if the amplifier is 
capable of producing plus 26 dBm for a 

given amount of distortion, the maxi-
mum output level for the same value of 
distortion, using one 250-ohm resistor 
in each side of the output, would be 
reduced to 23 dBm. 

12.143 How does negative feedback 
affect the frequency characteristics of 
an amplifier?—Negative feedback tends 
to maintain a uniform output resem-
bling a constant-voltage generator. 
When the output voltage increases, the 

feedback voltage is increased, which 
has the effect of reducing the output. If 
the output level is reduced, the reverse 
takes place; thus, the output is held 
constant. Therefore, for a constant in-
put of any frequency within the fre-
quency range of the amplifier, output 
voltage will be constant. 

12.144 What does the term open-
loop gain mean?—It is the gain charac-
teristics of an amplifier before the ap-

plication of negative feedback. Thus, an 
amplifier using 20-dB feedback could 
have a closed loop gain of 40 dB, but 
with the loop open, a 60-dB gain. 

12.145 What are the advantages of 
a low internal output impedance?—If an 
amplifier is used to drive an electro-
mechanical transducer, a reduction in 
the internal output impedance is desir-
able, because a mechanical vibratory 
system continues to vibrate even after 

the exciting force is removed. In a 
loudspeaker, cutting head, or light 
modulator, this is an undesirable con-
dition as it causes hangover effects, 

resulting in a fuzziness and lack of 
definition. 

If the internal output impedance is 
lower than the load impedance, a 
damping effect is obtained and the un-
wanted vibrations are damped out. It 
is not uncommon for an amplifier hav-

ing a 600-ohm output impedance to 
have an internal output impedance of 

100 ohms or less, and for one rated 16 
ohms, less than 1 ohm. In the case of 
a voltage amplifier (preamplifier) driv-
ing a filter or equalizer, building-out 
resistors, discussed in Question 9.24, 
may be required. (See Questions 12.142 
and 20.103.) 

12.146 What is the gain-reduction 
factor of a negative-feedback amplifier? 
—A factor used in the design of nega-
tive-feedback amplifiers. This factor 
may be calculated: 

dB 20 Logio (1 — Aß) 
where, 
A is the gain without feedback, 
Beta (ß) is the fraction of the output 

voltage fed back to the input. 

Because of the gain reduction, the in-
put-signal level must be increased by 
the amount of the feedback voltage to 
obtain the same level signal at the out-
put obtained without feedback. (See 
Question 12.139.) 

12.147 Does negative feedback af-
fect the power output of on amplifier? 
—No. However, the power sensitivity is 
reduced and a greater input signal is 
required to drive the amplifier to pro-
duce the same amount of power for a 
given input signal without feedback. 
As a rule, greater power is obtained for 
a given amplifier when using negative 
feedback because the distortion is re-
duced; therefore, more useful power is 
available. 

12.148 What does the term decibels 
of feedback mean?—It designates the 
amount of negative feedback induced 
in an amplifier, and is equivalent to the 
gain reduction caused by the applica-
tion of the feedback. (See Question 
12.139.) 

12.149 Show an equivalent circuit 
for a simple negative-feedback ampli-
fier.—A simple resistance-coupled am-
plifier employing negative feedback is 
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Fig. 12-149A. A two-stage RC coupled 
amplifier with negative feedback applied 

to the output stage only. 

shown in Fig. 12-149A. In this circuit 
negative feedback is used only in the 
second tube; however, certain factors 
of the first tube enter the configuration 
of the equivalent circuit. Examining 
the equivalent circuit in Fig. 12-149B, it 
will be noted the grid resistor R, is 
paralleled by the plate-load resistor R, 
of tube Vl. This, in turn, is paralleled 
by the plate resistance r, of Vl. The 
total impedance seen by the control 
grid of V2 is these three impedances in 
parallel and is designated R., (equiva-
lent resistance). 

- 
Fig. 12-149B. Equivalent circuit for the 
plate load of the negative-feedback am-

plifier shown in Fig. 12-149A. 

12.150 Is it practical to include 
several amplifier stages in the feedback 
loop?—Yes, because negative feedback 
reduces the distortion only within the 
feedback loop; therefore, it is desirable 
to include as many stages as can be 
operated with good stability. If the am-
plifier contains several stages and has a 
tendency to become unstable, individ-
ual feedback loops may be used cover-
ing a single or several stages. 

If the amplifier stages include cou-
pling transformers, the proper polarities 
must be observed or positive feedback 
may be the result. If several feedback 
loops are used, the total feedback is the 
sum of the feedback in each individual 
loop. 

12.151 How are the polarities de-
termined for an am. plifier in which the 
feedback loop encompasses several 
stages?—For an odd number of stages, 
the feedback loop is connected from the 
plate of the output tube to the control 
grid of the first stage. If taken from an 
output transformer secondary, the feed-
back loop is connected to the cathode 
of the first stage. For an even number 
of stages, the feedback loop is con-
nected from the plate of the last tube 
to the cathode of the first stage. 

12.152 Are special output trans-
formers required for use with negative-
feedback amplifiers?—No. Standard 
high-quality transformers may be used; 
however, they must have the correct 
impedance ratios as specified for a par-
ticular circuit operation. Output trans-
formers should have a high degree of 
coupling between output winding and 
primary winding to reduce the effects 
of leakage reactance and insertion loss. 

12.153 Does the method used for 
interstage coupling in an amplifier af-
fect the phase-shift characteristics?— 
Yes, the interstage coupling has a pro-
nounced effect on the phase-shift char-
acteristics. This is particularly true of 
resistance-coupled amplifiers at very 
low frequencies. 

12.154 What is negative-current 
feedback?— Negative-current feedback 
is obtained by connecting a resistor in 
series with the output load of the am-
plifier, as shown in Fig. 12-154. The 
feedback voltage is taken from across 
this resistor and returned to an earlier 
part of the circuit. Negative feedback 
is proportional to the output current 
and may be likened to a constant-
current generator with infinite internal 
impedance, because it delivers a con-
stant current regardless of the load im-
pedance. If the output current increases, 
the feedback voltage is increased, tend-
ing to reduce the output current to its 

FS 
— 

5+ 

Fig. 12-154. Negative-current feedback. 
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former value. Negative-current feed-
back is not generally used in audio am-

plifiers except in the case where vari-
able damping is used. 

Negative-current feedback can also 
be obtained by omitting the cathode-
bypass capacitor C. across the cathode 
resistor R.. This method decreases the 
gain and the distortion, but increases 
the internal output impedance. Conse-
quently the output voltage rises, and if 
a loudspeaker is being driven, the reso-
nant frequency of the speaker system 
and hangover effects are accentuated. 
Current feedback increases the internal 
output impedance, while negative-feed-
back voltage decreases the internal out-
put impedance. 

12.155 What is the procedure for 
designing an amplifier using negative 
feedback?—Referring to the amplifier 
schematic in Fig. 12-155, assume the 
gain of each stage is 20 or a total volt-
age gain of 400 (20 x 20). To determine 
the amount of negative feedback that 
will be required, assume the overall 
harmonic distortion of the two stages 
is 10 percent, and that it is desired to 
reduce this distortion to a value of 2 
percent. This is a gain reduction of five, 
therefore: 

(1 — Aß) = 5 

—Aß =4 

4.0 
= 

where, 
A is the voltage gain of two stages 
before the application of negative 
feedback. 

Substituting the voltage gain: 

4.0 
= 744 

= 0.01 

To obtain the value of the feedback 
resistor Rn,, beta is used as a positive 
number. 

All values are known except Rib; there-
fore, solving for Rfb: 

R. 
Rfb = Rk 

500 
= 0.01 —  500 

= 49,500 ohms. 

The feedback capacitor Cn, is selected 
for a value that will have a reactance 

equal to one-tenth of 49,500 ohms or 
4950 ohms at the lowest frequency to 
be amplified. The capacitor may be 
calculated: 

1 
C — 27rfx, 

where, 
f is the lowest frequency to be am-

plified, 
X. is its reactance at the lowest fre-
quency. 

To express the feedback voltage in 
decibels use the formula: 

dB = 20 Log,. (1 — Aß) 

= 20 Log,. 5 

= 14 dB. 

The foregoing does not include the 
current feedback applied to the first 
stage because of the unbypassed cath-
ode resistor. To determine beta for the 

current feedback use the formula: 

ß = 
where, 
R. is the cathode resistor, 
R., is the load impedance of the tube. 

(The load impedance is the par-
allel combination of R, and the 
following grid resistor R..) 

Therefore: 

500  
ß — 100 >< 10' 

= 5 X 10' 

= 0.005 

To express the current feedback in 
decibels, use the formula: 

dB = 20 Log,. (1 — Aß) 
where, 
A is the gain of the stage to which 
current feedback is applied (for 
this example, 20). 

dB = 20 Log,. 1 — (20) (-0.005) 

= 20 Log,. 1 — (-0.1) 

= 20 Log,. 1.1 

= 0.84 dB. 

In performing calculations involving 
beta for negative-feedback amplifiers, 
beta is always negative. However, when 
calculating the feedback resistor Rn., it 
is used as a positive number. 

12.156 What is the effect of reduc-
ing the size of the feedback-loop capaci-
tor C,5?—Less feedback is obtained at 
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Fig. 12-155. A two-stage RC negative-feedback amplifier 

the lower frequencies, resulting in more 
gain at the lower frequencies. This re-
sults in a rising frequency character-
istic and is sometimes used to increase 
the low-frequency response in pream-
plifiers. 

12.157 Can the feedback-loop cir-
cuit be used for equalizationt—Yes, if 
precautions are taken to prevent exces-
sive phase shift and the amplifier is not 
overloaded at the maximum frequency 
of equalization. Fig. 12-157 shows how 
the equalization (equalizer components) 
may be connected in a feedback loop to 
secure a particular frequency response. 
Resonant circuits may be inserted in 
the feedback loop; however, the coils 
should be of fairly high Q to permit the 
shunting of resistors across them, and 
thus control the shape of the resonant 
curve. Resistors may be connected in 
series or shunt with the capacitors to 
obtain a particular shape of the reso-
nant curve. For the initial adjustment, 
the coils are resonated to their midf re-
quency; then resistors are adjusted in 
value for desired response. 

 B + 

for design problems. 

The use of tuned circuits in a feed-
back loop is rather risky, as oscillation 
may be induced because of phase shift. 
After final adjustment the amplifier 
should be tested for oscillation by con-
necting an oscilloscope across the out-
put and applying short pulses or tone 
bursts to the input. Also, the frequency 
response should be limited to about 
8000 Hz. If bridged-T equalizer config-
urations are used in the feedback loop, 
it is less likely to develop oscillation. 
(See Question 6.96.) 

12.158 Is it permissible to equalize 
an amplifier stage within the feedback 
loop?—No. Equalization is always con-
nected in the stages outside the feed-
back loop because the feedback at-
tempts to flatten out the frequency 
response of the stages within the feed-
back loop. Fig. 6-96 shows the various 
positions where equalization may be 
induced in an amplifier circuit. 

12.159 What are the disadvantages 
of taking the feedback voltage from the 
primary or top of the output trans-
former?—Although phase shift is re-

Fig. 12-157. Equalizer components in a negative-feedback loop. A parallel-resonant 
circuit is formed by Li and C3. A series-resonant circuit is formed by L2 and C2. 
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Fig. 12-161. A push-pull amplifier with negative feedback. 

duced to a minimum, some loss of high 
frequencies may result due to the 
shunting effect of the feedback loop. 
Also, the characteristics of the output 
transformer are not included in the 
feedback loop. 

12.160 What are the advantages of 
taking the feedback voltage from the 
output winding of an output trans-
former?—The characteristics of the out-
put transformer are included in the 
feedback loop. 

12.161 Is it practical to use feed-
back in both sides of a push-pull ampli-
fier?—Yes; it may be done as shown in 
Fig. 12-161. However, the feedback 
loops must be carefully balanced to 
secure exactly the same amount of 
feedback in each side of the circuit. 
The transformer characteristics are not 
included in the feedback loop. 

12.162 Describe a tertiary winding 
and its use.—It is the practice of some 
manufacturers to use a tertiary winding 
(third-winding) in the negative-feed-
back loop of an amplifier to eliminate 
the ground connection required to com-
plete the feedback loop circuit when 
the characteristics of the output trans-
former are to be included in the feed-

Fig. 12-162. Negative feedback using a 
tertiary or third coil on the output trans-

former. 

back loop. Fig. 12-162 is a typical exam-
ple of such design. 

Tertiary windings are also used on 
interstage transformers for driving 
auxiliary equipment and on output 
transformers for the same purposes. In 
designing such transformers, specified 
loads are given for each winding to 
prevent upsetting the impedance rela-
tionship of the windings relative to 
other portions of the circuitry. 

12./63 How can a negative-feed-
back amplifier be used with 20 dB of 
feedback if it becomes unstable with 
18 dB of feedback?—By introducing 
phase-shift networks or by staggering 
the time constants in the feedback loop. 
The time constants must also take into 
consideration the output transformer. 
Because of manufacturing variations, 
the output transformer is often the 
cause of instability and the duplication 
of a given circuit may be difficult. 

The time constant of the output 
transformer will also vary with the de 
balance of the tubes, core material, 
windings, and the excitation level of 
the output stage. All these factors will 
cause instability, particularly at the 
low-frequency end of the spectrum. 

In a well designed negative-feedback 
amplifier, it should be possible to in-
crease the feedback at least 6 dB before 
the amplifier becomes unstable over a 
frequency range one octave below the 
lowest frequency, and two octaves 
above the highest frequency. 

12./64 What type amplifier is rec-
ommended for driving a cutting head, 
loudspeaker, light modulator, and simi-
lar devices?—.One using negative feed-
back in the output stage, because of the 
damping offered by its use. (See Ques-
tion 12.145.) The internal output impe-
dance of the amplifier should be ap-
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proximately one-tenth that of the load 
impedance. This would be a damping 
factor of 10:1. Damping factors below 
1.0 are generally hard to obtain, because 
of the dc resistance of the output wind-

-FB 

FB 

FB 

ing. The measurement of internal out-
put impedance is discussed in Question 
23.138. 

12.165 Show several methods of 
connecting the negative-feedback loop 

R, 

Rk 
Ck Ck 

Rk 

B • 

Cfb FB 

B+ 8+ 

Fig. 12.165. Various methods of applying negative feedback to an amplifier. 
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in an amplifier.—Various methods used 
for applying negative feedback to an 
amplifier are shown in Fig. 12-165. In so 
doing, care must be taken that the volt-
age fed back from the output to the in-
put is always 180 degrees out of phase 
with the voltage at the input circuit 
where the feedback loop is connected. 
The simplest way to determine the 
polarity of the voltage is to assume an 
instantaneous positive voltage at the in-
put and then follow the phase reversals 
through the amplifier to the point from 
which the negative-feedback voltage is 
to be taken. 

12.166 What is a balanced nega-
tive-feedback amplifierP— An amplifier 
employing both negative and positive 
feedback as shown in Fig. 12-166. The 
advantage of such circuitry is the wide 
frequency range possible without the 
loss of gain suffered with the conven-
tional negative-feedback circuits. The 
amplifier is first designed for use with 
conventional negative feedback and 
then the positive feedback loop is added 
to bring the gain back to its original 
value before the negative-feedback loop 
was added. Although this type amplifier 
is called a balanced amplifier it is not 
necessary that the two feedback loops 
balance each other. The disadvantage 
of this circuit is that if the negative 
loop should open, the amplifier will go 
into violent oscillation. 

12.167 How may a negative-feed-
back amplifier be tested for stability?— 
By connecting a capacitor across the 
output winding in parallel with a re-
sistive load and observing with an os-
cilloscope the effect on a square wave 
applied to the input, as described in 
Question 23.125. 

Negative-feedback amplifiers are gen-
erally thought of as being quite stable 

POSITIVE FEEDBACK LOOP 

C fbjt... ' ',Rfb 

INPUT,  

and little attention is given to the idea 
that they may oscillate at an inaudible 
frequency when a signal is applied to 
the input. Although the stability of an 
amplifier may appear to be satisfactory 
using a resistive termination, when a 
reactive load is substituted for the re-
sistive termination the story may be 
quite different. This is particularly true 
of some types of amplifiers when a 
capacitive load, such as an electrostatic 
loudspeaker, is connected across the 
output. Such devices reflect a high 
capacitive reactance to the plates of 
the output tubes, equivalent to several 
microfarads; the exact amount will de-
pend on the impedance ratio of the 
output transformer and the internal 
capacitance of the loudspeaker. The 
transformation of capacitance is dis-
cussed in Question 8.34. 
As an example, assume an electro-

static loudspeaker with an internal ca-
pacitance of 0.0025 ILF is connected 
across the output of a push-pull trans-
former with a ratio of 6600/16 ohms. 
This is an impedance ratio of 412:1. The 
equivalent reflected capacitance to the 
plates of the output tubes will be in 
the order of 1.03 F. Unless the am-
plifier is of very stable design, it will 
oscillate violently. In some instances, if 
the capacity of the cable connecting 
the loudspeaker is high, it may reflect 
enough capacitive reactance to cause 
the amplifier to oscillate. When making 
tests for stability, capacitors ranging 
from 0.0025 to 1.0 pOEF should be con-
nected in parallel with a resistive ter-
mination across the output and the ef-
fect observed as described in the fore-
going. 

Negative-feedback amplifiers in 
which the feedback voltage is taken 
from the top of the output transformer 

NEGATIVE FEEDBACK LOOP 

Cf b R ib 

OUTPUT 

 8 + 

Fig. 12-166. A balanced amplifier using both negative and positive feedback. 
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primary are, as a rule, quite stable. 
Those supplying the feedback voltage 
from an output winding are more prone 
to oscillation at inaudible frequencies, 
because of the phase shift induced by 
the output windings at the high fre-
quencies. 
The stability of a negative-feedback 

amplifier may be increased by stagger-
ing the cutoff frequency of the various 
stages to vary the time constant be-
tween stages. The calculation of time 
constants is discussed in Question 25.106. 
To assure the maximum stability in 

an amplifier, the design should be such 
that the feedback voltage can be in-
creased at least 6 dB and preferably 
10 dB over that normally used in the 
circuit over a frequency range of two 
to three octaves above and below the 
normal operating frequency range. This 
means that for an amplifier of 20 to 
20,000 Hz, the frequency response must 
be extended from 10 to 60,000 Hz. 
When an amplifier is oscillating at an 

inaudible frequency, the high frequen-
cies become hard and rasping and will 
quickly cause listener fatigue. If the 
amplifier is near the point of oscillation 
and is shock-excited by the input sig-
nal, it will break into oscillation at sub-
harmonic frequencies, causing the low 
frequencies to be distorted and have a 
lack of definition. 

12.168 What are the phase-shift 
characteristics of a high-quality nega-
tive-feedback amplifierT—To obtain a 
flat frequency response in an amplifier 
from 20 to 20,000 Hz, with low distor-
tion characteristics and phase-shift, re-
quires that the bandwidth be 7 to 10 
times the usable frequency response. 
Phase shift becomes apparent and mea-
surable at values of one-seventh to 
one-tenth the frequency where the re-
sponse falls off 2 dB, with respect to the 
reference frequency. Small changes in 
the frequency response of only 0.1 dB 
can cause phase shift up to 10 degrees, 
and a change of 3 dB can cause a shift 
of 45 degrees. Therefore, the negative 
feedback is reduced in proportion to the 
cosine of the phase-shift angles. This 

Fig. 

+20* 

-20* 
ID 20 50 100 1000 10,000 100,000 1,000,000 

12-168. Phase-shift characteristics for an amplifier with a frequency response 
of 20 to 20,000 Hz. 

indicates the necessity for such a wide 
bandwidth. The phase-shift character-
istics for an amplifier having a fre-
quency response of plus or minus 1 dB, 
at 20 Hz to 100,000 Hz, are shown in 
Fig. 12-168. 

12.169 What is the purpose of con-
necting a resistor and capacitor from 
plate to plate in a push-pull amplifier 
employing beam-power tubes in the out-
put?---To improve the output impedance 
characteristics and frequency response 
when the tubes are terminated in a 
load such as a loudspeaker, cutting 
head, light modulator, or similar device 
in which the reflected impedance is not 
constant. 
A network connected in the plate 

circuits of a push-pull amplifier using 
beam-power tubes without negative 
feedback is shown at part (a) in Fig. 
12-169. It will be noted the network 
consisting of resistor R and capacitor C 
is connected in parallel with the re-
flected impedance to the tubes. 

The equivalent circuit for the net-
work shown at part (a) is given at part 
(b). When the reactance of the trans-
former primary and the resistor, R, 
are equal, the combined impedance seen 
by the plates of the tubes will equal R.. 
As the frequency is increased, the re-
actance of capacitor C decreases; thus, 
at the higher frequencies, only the re-
sistor R is left in the circuit. At the 
lower frequencies, the reactance of C 
is quite high which is equivalent to 
removing resistor R from the circuit. 
A network more suitable for push-

pull amplifier operation is shown at 
part (c) in Fig. 12-169. Resistors R1 and 
R2 are about 1.3 times the recommended 
plate-to-plate impedance and are con-
nected in series with capacitors Cl and 
C2 to ground. The capacitor is selected 
for a value that will result in the same 
voltage gain at 3000 Hz as that at 400 
Hz. Generally, a capacitor of 0.03 to 
0.06 i.z.F will suffice for the average am-
plifier. If the components of the above 
networks are selected properly, a fairly 
uniform impedance is reflected to the 
plates of the output tubes resulting in 

PHASE SHIFT 
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LOAD 

(a) Push-pull amplifier (without nega-
tive feedback). 

(b) Equivalent circuit for (a). 

LOAD 

(c) Push-pull amplifier with network 
returned to ground. 

LOAD 

5+ 

(d) Single-ended amplifier. 

Fig. 12-169. Using a resistor and ca-
pacitor in the plate circuit to improve 
the output impedance characteristic and 

frequency response. 

a considerable improvement in per-
formance. 

The same type of network may also 
be used in a single-ended amplifier as 
shown at part (d) in Fig. 12-169. In this 
instance, the resistance is also 1.3 times 
the recommended plate-load impedance. 
As a rule, the foregoing networks are 
not used in amplifiers employing nega-
tive feedback, although they have been 
used to some extent in the past. 

12.170 Is it advisable to terminate 
the secondary of an input transformer 
in a microphone preamplifier?—No, be-

cause of the reduced signal voltage at 
the control grid. In the circuits of Fig. 
12-170 are shown an unterminated in-

put, also called an open-circuit input 
in part (a) and a terminated input in 
part (b). 

MICRO-
PHONE 

(a) Unterminated input (maximum 
voltage). 

MICRO-
PHONE 

(b) Terminated input (signal voltage 
50% lower). 

Fig. 12-170. Preamplifier input circuits. 

To illustrate the difference between 
the two circuits, assume the input 
transformer has an impedance ratio of 
30 to 50,000 ohms (1666/1). Using the 
unterminated circuit in part (a), the 
primary does not terminate the output 
of the microphone because the second-
ary winding is unloaded. In this in-
stance, it may be said the transformer 
is terminated by the microphone on the 
primary side. Therefore, the secondary 
presents to the control grid of the tube 
a 50,000-ohm impedance and the maxi-
mum signal voltage of the secondary is 
applied to the control grid. (Actually, 
the input impedance of the tube termi-
nates the secondary of the transformer; 
however, unless the input capacitance 
is considerable and the secondary very 
high, the effect of the tube capacitance 
may be neglected.) For the terminated 
secondary in part (b), only half the 
signal voltage is applied to the control 
grid. This is a 6-dB reduction of signal 
voltage, which also reduces the signal-
to-noise ratio by 6 dB. This may be 
explained as follows: Connecting a 
50,000-ohm resistor across the second-
ary of the input transformer is the same 
as having a 50,000-ohm generator 
working into a 50,000-ohm load. There-
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fore, the voltage at the secondary of the 
transformer is divided, with one-half 
across the internal impedance of the 
generator (50,000-ohm secondary) and 
the other half across the load (50,000-
ohni resistor). Because the control grid 
is connected to the top of the secondary 
and the other end of the secondary is 
grounded, the control grid sees only 
one-half of the signal voltage—that 
across the 50,000-ohm resistance. 
As a rule, microphone input trans-

formers are designed to be operated 
open circuit (unterminated) and, be-
cause the grid circuit of a vacuum tube 
may be considered to be an open cir-
cuit, the secondary is said to be un-
terminated or working into an open 
circuit. 

TERMINATING 
RESISTOR 

600 
30K 

LINE 
AMP 

BRIDGING 
BUS  

30 K 

BA 

37K 

BA. 

BA 

Fig. 12-171. Line amplirer with a 600-
ohm output bridged by three 30,000-

ohm inputs. 

12.171 What is a bridging input?— 
A device with a high input impedance, 
designed for connection across an im-
pedance of low value. Bridging inputs 
are used with amplifiers, volume indi-
cator meters, and similar devices that 
may be required to bridge another cir-
cuit without drawing appreciable power 
from the circuit bridged. Standard 
bridging impedances used in the broad-
casting and recording industries are: 
7500, 10,000, 25,000, and 30,000 ohms. 
A 600-ohm circuit being bridged by 
three 30,000-ohm inputs is shown in 
Fig. 12-171. Bridging transformers are 
discussed in Question 8.62. 

12.172 How can a low-impedance 
input transformer be used as a bridging 
coil?—This problem is discussed in 
Question 8.63. 

12.173 How is the loss for a low-

impedance transformer computed when 
it is used as a bridging transformer? 

Br 
dB loss .= 10 Logo —  

R 

where, 
B, is the impedance of the bridging 

transformer, 
R is the impedance of the circuit 
bridged. 

This equation should not be used for an 
impedance ratio less than 10. 

12.174 What is the purpose of con-
necting a resistor in series with each 
plate of a push-pull parallel amplifier? 
—To balance the plate currents and to 
prevent parasitic oscillation. The value 

of these resistors is generally on the 
order of 47 ohms. 

12.175 What is the purpose of con-
necting a resistor in series with each 
control grid of a push-pull amplifier?— 
The resistor serves two purposes: (1) if 
a sudden overload occurs, grid current 
will be caused to flow and the series re-
sistor tends to reduce distortion by 
causing the bias on the control grid to 
be increased by the flow of grid current 
through it, and (2) the resistor also 
tends to prevent parasitic oscillation by 
acting as a damper in the grid circuit. 
The use of grid-limiting resistors is 

not entirely confined to use in push-
pull amplifiers but they are used in 
many vacuum-tube circuits. Generally, 
the value of such resistors will vary be-
tween 100 and 10,000 ohms. There are 
no set rules as to the exact value; how-
ever, a rule of thumb indicates that 
tubes with high values of G. will have 
a tendency to become unstable, partic-
ularly tubes such as 6L6, 1614, 5881, 
6146, 6550 and similar type tubes, unless 
grid-stopping resistors are employed. 
This instability is due to wiring and 
socket capacitance, causing the tubes to 
oscillate at very high frequencies. Stop-
ping resistors of 500 ohms are used in 

screen-grid circuits, and sometimes a 
47-ohm resistor is connected in the 

plate circuit, which helps to balance the 
plate currents. The resistor must be 
connected at the socket terminal to be 
effective. The use of stopping resistors 
is illustrated in Fig. 12-130. 

12.176 What does the term plate-
to-plate mean?—It is the total impe-
dance seen by the plates of the two 
sides of a push-pull amplifier. (See 
Question 12.110.) 
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12.177 How is the damping factor 
of an amplifier calculated?—By the use 
of the equation given below: 

Di ..._ ZL  

where, 
ZL is the rated load impedance, 
Z.., the internal output impedance of 
the amplifier, 

11., the de resistance of the voice coil 
as measured by an ohmmeter. 

The subject of damping is discussed in 
detail in Questions 12.183, 20.103, and 
23.138. 

12.178 What is a driver stage?— 
The amplifier stage preceding the out-
put—the power-amplifier stage. 

12.179 What does the term "look-
ing into" mean?—An expression used to 
designate the point from which a cir-
cuit is to be considered. Example: The 
impedance seen when looking into the 
output of an amplifier. 

12.180 What is source impedance? 
—The impedance of a device or line 
that is the source of a signal voltage. 

72.181 What is input impedance?— 
The rated input impedance of a device. 

12.182 What is internal input im-
pedance?—The actual impedance seen 
when looking into the input terminals 
of a device. The actual internal impe-
dance may be different from that speci-
fied for the source impedance. As an 
example, an amplifier with a bridging 
input impedance of 10,000 ohms may 
be specified to work from a 600-ohm 
source. Or, an amplifier designed to 
work from a 250-ohm source may have 
an actual input impedance of 1000 ohms. 

12./83 What is internal output im-
pedance?—The actual impedance seen 
when looking into the output terminals 
of a device. The internal impedance 
may be only a fraction of the specified 
load impedance. This is particularly 
true of negative-feedback amplifiers. A 
typical case is an amplifier using nega-
tive feedback which is specified to work 
into a 16-ohm load, although the inter-
nal output impedance may only be 1.6 
ohms. (See Question 12.145.) 

12.184 What is load impedance?— 
The specified load impedance a device 
is designed to work into. Many times 
the load impedance is higher than the 
internal output impedance. (See Ques-
tion 12.183.) 

12.185 What is nominal impe-
dance?—The impedance specified by the 

manufacturer which will produce a 

given set of results. Amplifiers may be 
designed to operate from several dif-
ferent values of source impedance; 
thus, the overall gain will vary with 
different values of source impedance. 
It is customary for the manufacturer to 
specify the gain and other characteris-

tics for a given source and load impe-
dance. 

12.186 What is the maximum un-
distorted power output of an amplifier? 
—The maximum power output obtain-
able with the lowest possible harmonic 
distortion. 

12.187 Under what conditions is the 
maximum power transmitted from a gen-
erator to an external load?—When the 
external load is equal to the internal 
impedance of the generator. This is 
shown graphically in Fig. 12-187. 
As the load impedance is increased 

from a low value the transmitted power 
is increased until a point is reached 
where the internal impedance of the 
generator and the external impedances 
are the same. At this point, a maximum 
transfer of power is effected. The volt-
age across the load and the generator 
will be equal. If the load impedance is 
increased to a value greater than the 
generator impedance, the power will 
drop off as shown by the right-hand 
portion of the curve. 

Although maximum power is trans-
mitted when the load is equal to the 
generator, this does not always hold 
true for amplifier design. It is not un-
common to find the internal output im-
pedance (generator) of an amplifier 
considerably different from that of the 
specified load impedance. 

12.188 What should the load impe-
dance be to obtain the maximum undis-
torted power output from a vacuum 
tube?—For triodes, the plate-load im-
pedance should be twice the plate re-
sistance of the tube at the lowest fre-

cc 
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wo 

o cc F_ 

O ZL 

LOAD IMPEDANCE 
IN OHMS 

Fig. 12-187. Variation in power transfer 
for different values of load resistance. 
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quency to be amplified. For pentodes 
and beam-power tubes, the plate-load 
impedance is generally in the order of 
one-fifth to one-tenth the plate resist-
ance. Under these conditions, the maxi-
mum power is obtained with the lowest 
harmonic distortion. In the latter in-
stance, the manufacturer generally 
states the load and distortion for a 
given set of conditions in the tube data 
sheet. 

12.198 What type tubes are gener-
ally selected for a voltage amplifier?— 
Tubes having a high transconductance 
with low internal noise. 

12.190 What type tubes are used in 
power amplifiers?—Tubes which will 
deliver a high signal current rather 
than voltage. Typical power tubes are 
the 2A3, 6V6, 6L6, 5881, and the KT-66. 
All of the above, except the 2A3 are of 
the beam-type construction. 

12.191 What is the Miller effect? 
—It is the effect on the high-frequency 
response of a vacuum tube caused by 
the internal capacitance existing be-
tween the various elements used in its 
construction. 

Input capacitance exists in all vac-
uum tubes between the control grid and 
the plate, screen grid, and cathode ele-
ments. The value of this capacitance 
will vary with the internal construction 
and the amplification factor. This effect 
is known as the "Miller effect" and was 
named for its discoverer. 
An interesting fact regarding the 

control grid-to-plate capacitance is that 
its apparent value is controlled by the 
amplification factor of the tube. When 
an input signal changes the voltage at 
the control grid, the cathode potential 
remains stationary and the internal 
capacity is charged to a given value. 
However, the capacitance existing be-
tween the control grid and the plate 
elements is not only charged by the 
control grid signal but also by the plate 
variation in voltage which is opposite 
in direction to the control grid change 
and larger by the voltage gain of the 
tube involved. These considerations 
lead to an equation for the input 
capacitance: 

CI. = C.._. + (A + 1) 

where, 
A is the voltage gain of the tube. 
C is the capacitance between the tube 

elements. 

The static values of interelectrode 
capacitance may be obtained from the 
tube manufacturer's data sheets. If the 
plate load consists entirely of resistance, 
the input impedance of the tube ap-
pears as a capacitance. If the plate load 
consists of a reactance, such as an in-
ductance, the input of the tube appears 
as a resistance. 
A capacitive input tends to reduce 

the high-frequency responses of the 
stage. Pentodes which have smaller in-
put and output capacitance show con-
siderably less Miller effect and are 
preferred where the frequency response 
must cover a wide range. (See Ques-
tion 11.63.) 

12.192 At what points are the sig-
nal voltages in a vacuum tube mea-
sured?—The input voltage is measured 
between the control grid and ground, 
and the output signal between the plate 
and ground. This statement will only 
hold true for conventional tube cir-
cuits, as there are instances where the 
signal is measured between other points 
and elements. 

12.193 What does the term motor-
boating mean and what is its cause?— 
Motorboating is a low-frequency oscil-
lation in an amplifier caused by com-
mon coupling between the stages of a 
multistage amplifier. The result is a 
low-frequency sound similar to the 
putt-putt of a motorboat; hence, its 
name. 
Generally, this type of oscillation is 

caused by the lack of adequate decou-
piing between the amplifier stages, un-
wanted coupling being provided by the 
internal impedance of the power sup-
ply. In equipment which has been 
known to be functioning properly, 
motorboating may be caused by an 
open, or a changing in value of a by-
pass capacitor or grid resistor. Decou-
piing circuits are discussed in Ques-
tion 12.36. 

12.194 What is the purpose of sup-
plying direct current to the heater cir-
cuit in a preamplifier?—Because a pre-
amplifier is generally operated in a low-
level circuit such as at the output of 
a microphone, photocell, or pickup, it 
is subject to hum pickup created by the 
ac operation of heater circuits. The use 
of direct current will eliminate this 
difficulty. . 
As a rule, most professional magnetic 

recorders use dc on the heaters of the 
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record and playback amplifiers. The dc 
voltage may be obtained from small 
silicon or selenium rectifiers. This sub-
ject is discussed further in Question 
21.64. 

HEATER 
WINDING 

KeK 

10 TO 
60V 

40 
uF 

L__40v 

Fig. 12-195. Cathode-leakage reduction 
by the use of a dc bias connected to the 

center tap of the heater winding. 

12.195 What is the purpose of con-
necting the center tap of cui ac heater 
winding to a source of dc potential?— 
To reduce the difference of potential 
between the cathode and heater cir-
cuits. In this manner, leakage between 
these elements is eliminated resulting 
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in a much lower noise level. A typical 
circuit for this use is shown in Fig. 
12-195. 
The de potential is adjustable and 

is made positive by the same amount 
or a slightly higher amount than the 
cathode bias. Potentiometer P is ad-
justed while observing the noise level 
at the output of the amplifier, on a 
vacuum-tube voltmeter. 

12.196 Describe an operational 
amplifier, its circuitry, and use.—Func-
tionally speaking, an operational ampli-
fier is a device which by means of 
negative feedback (and other ele-
ments), is capable of processing a sig-
nal voltage with a high degree of ac-
curacy, limited only by the tolerances 
of the passive elements used in the 
amplifier and feedback networks. Elec-
tronically, it is a simple high-gain am-
plifier of high stability with large 
amounts of negative feedback con-
nected between the input and output 
circuits. The external feedback ele-
ments may be resistive, reactive, non-
linear, or linear. 

V+ Fi G • GAIN AJUST 
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D JK C 

Fig. 12-196A. Circuitry for a monolithic operational amplifier, and its equivalent. 
(Courtesy, Motorola Semiconductor Products, Inc.) 
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12-196B. Physical dimensions of module. (Courtesy, Motorola 
Products, Inc.) 

Operational amplifiers are of such de-
sign that an open-loop gain of several 
million may be reduced to one-tenth 
the gain by the application of negative 
feedback. This would be impossible us-
ing conventional amplifier circuitry. To 
achieve these results, the internal am-
plifier circuits are direct-coupled, the 
gain rolled-off before unity gain occurs, 
and before phase shift can cause oscil-
lation. Its frequency characteristics are 
determined entirely by the external 
feedback loop and other elements. As a 
rule, most operational amplifiers are 
constructed using integrated circuit sol-
id-state devices, although they may 
consist of vacuum tubes; however, tube 
amplifiers are not as versatile for this 
purpose as those employing transistors. 
(See Question 12.144.) 
Although originally developed for use 

in computers, operational amplifiers 
find many uses in the electronic field, 
and are generally purchased for a par-
ticular application. They are available 
as booster amplifiers, phase inverters, 
noninverters, voltage regulators, oscil-
lators, nonlinear amplifiers, and many 
other types. 
Design requirements for operational 

E1 RI 

Rf 

E. 

- 24 VDC 

E. Rf 
R2 K - 1.7 

RI 

Fig. 12-196C. Basic de-
sign circuit for inverting-

gain amplifier. 

Rf 

RI 

Semiconductor 

amplifiers are: high-gain, low output 
impedance, zero ground potential (with 
respect to dc), direct-coupling low dc 
drift, with the high-frequency response 
rolled-off before phase shift reaches 
180 degrees. 
The circuitry for a monolithic-type 

operational amplifier is given in Fig. 
12-196A, with its physical dimensions 
given in Fig. 12-196B. This particular 
circuit is designed to be used as a 
summing amplifier, integrator, or its 
operating characteristics as a function 
of the external feedback components. 
The open-loop gain iš on the order of 
60,000 (75.5 dB) with an output voltage 
of 13 volts, using a 15 Vdc power 
source. The internal output impedance 
is approximately 100 ohms. 

In Figs. 12-196C to R, are given the 
design considerations for differential 
operational amplifiers, developed by 
B. J. Losmandy of Opamps Laborator-
ies, and will be of considerable interest 
to the audio engineer, as they are simi-
lar to the design of solid-state devices 
used in sound-mixing consoles. 
Operational amplifiers may be pow-

ered from a conventional single-voltage 
power supply, or from a bipolar type 

Cl 

-24VDC 

E. 
R2 K • - • - + 

Ei RI 

E. 

- NOTE - ALL AMPLIFIER CIRCUITS ARE 
OPERATED FROM -24VDC AND +24VDC 

Fig. 12-196D. Basic de-
sign circuit for nonin-
verting-gain amplifier. 

Fig. 12-196E. Basic de-
sign circuit for an ac 

amplifier. 
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Rf 

o 

Fig. 12-196F. Microphone preamplifier. 

(Fig. 12-196R). As a rule, a regulated 
supply is not required since the ripple 
voltage is a disturbance within the neg-
ative-feedback loop, and is reduced by 
a factor equal to the open-loop gain 
divided by the closed-loop gain. Thus, 
if the amplifier has an open-loop gain 
of 500, and the gain is reduced to ten, 
the ripple voltage is reduced by a factor 
of 50. 
Referring to Fig. 12-196C, a differen-

tial de gain-inverting amplifier, the 
closed-loop gain (K) for this circuit is 
equal to minus feedback resistor R1 
value, divided by the value of input re-
sistor Rl. Resistor R2 is used to balance 
the input current to the positive input. 
Its value is the parallel combination of 
R1 and Rf. The frequency response for 
this circuit ranges from dc to the upper 
limit of the particular amplifier em-
ployed. Input voltage E, is equal to the 
difference of the positive input voltage 
and the negative input voltage, times 
the open-loop voltage gain of the am-
plifier. 
A noninverting-gain amplifier is 

given in Fig. 12-196D. Here the closed-
loop gain (K) is equal to resistor It/ 
divided by R1 plus one. The additional 
value of one is required because of cer-

RIAA NAB 

30K .0i I)F 

—440pF 22011-

47K 

3.6K .015pF 

.0018 

220K 

MAGNET 
HEAD 

Fig. 12-196G. Magnetic-type playback 
amplifier. 

tain mathematical relations in the dif-
ferential-amplifier circuitry. The de 
path for the positive input is through 
ground; thus, bias current is supplied 
to the positive base of the transistor. 
The amplifier of Fig. 12-196E is a 

typical ac amplifier. At very low fre-
quencies, capacitor Cl approaches in-
finity at unity gain. Increasing the input 
until a point is reached where R1 
frequency reduces the reactance of Cl 
equals 1/orCl. At this point (breakaway 
frequency) the gain is reduced to a 
value of two, then increases with fre-
quency to full gain (R,/R1) and is then 
maintained over the balance of the 
passband. The low-frequency breaka-
way point f, = 1/2orR1C1. Capacitor Cl 
in the input circuit prevents the input 
off-set voltage from being multiplied 
by the gain of the amplifier (see Ques-
tion 12.82) since the gain at dc is unity. 
This is an advantage, as each stage of a 
system connected in this manner will 
always have a minimum of de off-set 
voltage in the output. Furthermore, this 
configuration has no phase reversal of 
the input signal. Therefore, when used 
in sound mixing circuits, the signals 
are not out-of-phase with respect to 
each other. (See Question 12.82.) 

Fig. 12-196H. Phono playback, RIAA 
equalization. 

Fig. 12-1961. Line amplifier. 
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Fig. 12-196J. Compressor amplifier. 

Illustrated in Fig. 12-196F, is a mi-
crophone preamplifier with approxi-
mately 60-dB (1000) gain, capable of 
developing plus 22 dBm into 600 ohms. 
A transformer is used in the input be-
tween the output of the microphone and 
the input of the positive amplifier to 
step-up the voltage and match impe-
dances. The overall noise is reduced 
since the total noise is equal to the in-
ternal noise of the transformer, plus the 
noise of the amplifier divided by the 
step-up ratio of the transformer. With 

the closed loop adjusted for a gain of 
50, the overall gain is 60 dB. For this 
particular configuration, this is accom-
plished by adjusting feedback resistor 
R1 to 47,000 ohms, and the series input 
resistor R1 to 1000 ohms. The low-fre-
quency minus 3-dB point is set by the 
combination of the 15-µF capacitor and 
the 1000-ohm resistor in the input, re-
sultiwrg in a low-frequency cutoff point 
of approximately 10 Hz. This circuit 
may also be employed as a playback 
amplifier for a variable reluctance 
pickup, by connecting the pickup be-
tween the positive input and ground. 

For use as a magnetic playback am-

CI RI 

R R 

Fig. 12-196K. Bandpass amplifier. 

plifier, the configuration of Fig. 12-196G 
is employed. Here, the magnetic head is 
connected between the positive input 
and ground, with an RC network con-
sisting of a 100-ohm resistor and a 
0.005-SF capacitor in parallel to prevent 
self-oscillation. The network will not 
affect the frequency response of the 
head. It will be observed, the input se-
ries resistor R1 has been omitted; thus, 
a full open-loop gain of 54 dB (500) is 
realized. 
An amplifier equalized for phono-

graph reproduction (RIAA) is given in 
Fig:12-196H. The low-frequency break-
away point is set by the 40-µF capaci-
tor and 220-ohm resistor connected in 
series with the negative input. For fre-
quencies below 20 Hz, the slope is 6 dB 
per octave downward. The feedback re-
sistor network has a breakaway point 
of 50 Hz, dropping 6 dB per octave up 
to 2000 Hz, then continuing out to about 
30,000 Hz, then again dropping off at the 
rate of 6 dB per octave. The gain at 
30 Hz is 60 dB, and 22 dB at 10,000 Hz. 
(See Question 13.95.) This same config-
uration also may be used for NAB tape 
equalization (playback) by changing 

R3 Rf 

MIXER 
AMPLIFIER 

Fig. 12-196L. Basic circuit for the design of solid-state graphic equalizer sections. 
Only two inputs are shown here. 
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Fig. 12-196M. A 50-watt operational power amplifier. 

the component values in the feedback 
loop given in the same diagram. For 
this configuration, the low-frequency 
breakaway point is 20 Hz, and the first 
high frequency is 50 Hz, then dropping 
6 dB per octave to 500 Hz. From this 
point on, the response remains flat out 
to 2000 Hz, then again decreasing at a 
rate of 6 dB per octave. The gain at 
30 Hz is 60 dB. (See Question 17173.) 
A line amplifier (Fig. 12-1961) differs 

from the foregoing circuits, as it makes 
use of both an input and output trans-
former. The configuration shown has a 
gain of 40 dB (100), with a maximum 
output level of plus 22 dBm. Decreasing 
the primary impedance of the output 
transformer from 600 ohms to 150 ohms 
will increase the output level to plus 
30 dBm. The overall frequency response 
is limited by the frequency response of 
the transformers. 

Compressor amplifiers are an abso-
lute necessity in sound recording. (See 
Questions 18.84 to 18.101.) A simple 
configuration is given in Fig. 12-196J. 
This amplifier has adjustable attack and 
release-time controls with a maximum 
compression of 20 dB. The circuit 
makes use of a p-channel junction 
field-effect transistor (FET) connected 
across resistor Rl. With the output level 
set to minus 20 dBm, the FET in the 

GAIN 

C 

f 2 'T RC 

Fig. 12-196N. A 1000-Hz audio oscil-
lator. Amplitude of oscillation is con-
trolled by the variable resistor in the 

input circuit. 

on condition, it presents an equivalent 
source-to-drain resistance of about 
1000 ohms. Therefore, the overall gain 
is high. Increasing the output level and 
rectifying the signal through diode 
IN4001, it appears as a positive voltage 
at the gate of the FET (see Question 
11.145). When the output level reaches 
about 0.8 V, the FET is then fully off, 
and the gain drops to a value of two. At 
low levels, the gain is about 10, result-
ing in a dynamic range of 10:1 (20 dB). 
Resistor R4 controls the charging rate 
of capacitor C2, thus the attack time. 
Variable resistor R2 determines the dis-
charge time of C2, thus the release time. 
It will he noted the FET is connected 
inside the negative-feedback loop and 
automatically adjusts the gain of the 
amplifier as a function of output level. 

Quite often a bandpass amplifier is 
required. Referring to Fig. 12-196K, this 
may be accomplished by the use of a 
notch filter connected in the feedback 
loop. The gain is controlled by the 
10,000-ohm variable resistor in the in-
put also serving as a "Q" control for 
the circuit, permitting the bandwidth of 
the filter circuit to be varied over a 
limited range (see Question 7.12). 

The basic configuration for develop-
ing graphic equalizers is given in Fig. 
12-196L. Here, each input (up to 20, 

Fig. 12-1960. High-frequency equalizer. 
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although only two are shown) has for 
its feedback elements reactive-tank cir-
cuits fi and f2, or a notch filter. Each 
input is resonated at a selected fre-
quency. Potentiometers R3 and R4 are 

connected in the output circuits of each 
channel and set to their midpoints. 
Controls R1 and R2 are adjusted to re-
sult in a broad, fiat frequency response 
after being summed into the mixer-
amplifier stage. To accentuate or atten-
uate either one of the selected frequen-
cies (fi or f2) potentiometers R3 and R4 
are adjusted for the desired response in 

a particular stage. With high-Q LC 
resonant circuits, about 20-dB boost and 

20-dB attenuation may be expected. The 
operation of graphic equalizers is dis-
cussed in Questions 6.108 to 6.128. 

Configuration in Fig. 12-196M is an 
operational 50-watt amplifier, consisting 
of two silicon 2N3055 transisitrs. The 
upper output transistor is driven from a 
2N2102 transistor connected as an emit-
ter follower, resulting in a Darlington 
circuit. The lower transistor is a com-
bination Darlington quasi-complemen-
tary configuration. The four base-to-
emitter junctions of the drivers and 
power stages are forward-biased for 
class-AB operation by zener diode 
1N702. Negative pull-down current is 
supplied by the 47,000-ohm resistor. 
The power stages are fed from an oper-
ational amplifier, given in Fig. 12-196E. 
Stability is assured by rolling-off the 
positive and negative input response at 
320 kHz, using a 100-ohm resistor and 
a 0.005-µF capacitor across the two in-
puts. (See Questions 12.251 to 12.253.) 

Power amplifiers as shown are gen-

Fig. 12-196P. Low-frequency equalizer. 

erally operated with a closed-loop gain 
ranging between 2 and 20. If necessary, 
the power output may be increased by 
paralleling additional 2N3055 transistors 
across the output stages. In this latter 
instance, 0.5-ohm resistors are con-
nected in each emitter element of the 
2N3055 transistors. 

Fixed frequency oscillators may be 
designed using the configuration of Fig. 
12-196N, consisting of a 1000-Hz notch 
filter (or any other frequency) con-
nected in the feedback loop. The ampli-
tude of oscillation is controlled by 
means of a 10,000-ohm variable resistor 
in the input circuit, and operates simi-
lar to the bandpass filter of Fig. 12-196K. 
Configurations for high- and low-fre-
quency equalization are given in Figs. 
12-1960 and 12-196P. The high-fre-
quency configuration employs a capaci-
tor connected to a potentiometer across 
the negative and positive input circuits. 
The gain of the positive amplifier is 
only two (feedback loop adjusted for a 
gain of one). The positive input employs 
a voltage divider to reduce the gain to 
unity. A potentiometer is connected 
across the positive and negative inputs, 
with a capacitor between the swinger 
and ground. Moving the swinger from 
one side to the other provides an ad-
justable bypass from either one of the 
input circuits. The range of attenuation 
or equalization is 20 dB each, at 
10,000 Hz. 

Setting the potentiometer to the neg-
ative input, the upper 10,000-ohm series 
resistor to ground is completely by-
passed and the gain is maximum. When 
the swinger is placed at the positive in-

117V 
RMS +24VDC 

5000pF 

5000pF 

24VDC 

Fig. 12-196Q. Mixer-amplifier (active 
combining network). 

Fig. 12-196R. Bipolar power supply for 
operational amplifiers. 
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put, the input signal is also bypassed to 
ground. Increasing the frequency passes 
less signal to the amplifier input, thus 
the signal is attenuated. The parallel 
combination of the 0.02-gF capacitor 
and the values of resistance employed 
determines the frequency of turn-over. 
For the values given, the turn-over fre-
quency is 800 Hz. 

For control of low frequencies, the 
configuration in Fig. 12-169P may be 
used. Here the circuit is much the 
same, except an LC rather than an RC 
circuit is used. With the potentiometer 
at the negative input, the inductance 
would short-circuit this point through 
the de resistance to ground, thus driv-
ing the amplifier into saturation. This is 
avoided by the connection of a 100-OELF 
capacitor in series with the inductor. 
The LC circuit should be resonated at 
the low-frequency end of the system 
in which it is employed. For the values 
given, the resonant frequency is 50 Hz. 
The operation of this circuit is similar 
to the high-frequency configuration. 
The turnover frequency is 1600 Hz. 
A mixing circuit, capable of handling 

up to 20 inputs, presenting no insertion 
loss, is given in Fig. 12-196Q. Since this 
circuit has uniform frequency charac-
teristics, it may be operated as an am-
plifier with gain, depending on the ratio 

OFF-SET 
VOLTAGE ADJ. 

of Rf to series resistor Rl. For mini-
mum cross-talk conditions, the lowest 
source impedance, highest input series 
resistor, and highest gain amplifier 
should be used. Cross talk for the values 
given is on the order of 80 dB, when 
operating from a source and load impe-
dance of 600 ohms. The gain equals one, 
with an output level of plus 22 dBm. 
Such circuits are often referred to as 
active combining networks. (See Ques-
tion 5.99.) 
Shown in Fig. 12-196S is the internal 

circuitry for a Motorola Model MC-
1533 integrated circuit operational am-
plifier. The input stage consists of Dar-
lington differential amplifiers Ql, Q2, 
Q3 and Q4 which provide a high input 
resistance of 1 megohm. Separate 
sources of current are used for Q1 and 
Q2 rather than a single source for the 
whole stage. Thus, a constant collector 
current is provided, making the Dar-
lington amplifier characteristics inde-
pendent of beta. Temperature compen-
sation is provided by the feedback cir-
cuit from the second stage Q8 and Q9, 
through a 28,000-ohm resistor. 

Q10 is a pnp low-gain transistor, 
driving emitter follower Q11. Transis-
tors Q10 and Q11 shift the quiescent dc 
level applied to driver Q12 to almost 
zero. Negative feedback taken from the 
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Fig. 12-1965. Internal circuitry of Motorola Model MC1533 IC operational ampli-
fier. Negative feedback is applied between terminals 3 and 9. 
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output is applied to these stages to re-
duce the effects of crossover distortion. 
Output transistors Q13 and Q14 are con-
nected complementary-symmetry biased 
for class-AB operation, and driven by 
transistor Q12. Bias voltage is supplied 
by the voltage drop across diodes D2 
and D3, providing a small quiescent for-
ward current to Q13 and Q14. Temper-
ature compensation is provided by diode 
Dl. 

This circuit will provide an open-
loop gain of 60,000 (75.5 dB). Maximum 
gain is attained when pin 7 is tied to 
pin 6. With pin 7 open, the gain is re-
duced approximately 6 dB because of 
degeneration in the emitter circuit of 
Q10. The input offset current is adjusted 
to zero by adjusting the voltage be-
tween pin 8 and 6. With a 15-volt sup-
ply, the output signal is 13 volts. Output 
impedance is 100 ohms. Common-mode 
rejection is 100 dB. 

/2397 How may radio-signal pick-
up be avoided in a preamplifier stage? 
--By connecting a 5-millihenry radio-
frequency choke coil in the upper end 
of the cathode in the first stage as 
shown in Fig. 12-19; The choke coil 
must not be bypassed. As the dc resist-
ance of such choke coils is generally 
quite low, the bias voltage is not greatly 
affected; however, if the de resistance 
does affect the bias voltage the value 
of the bias resistor may be decreased 
to compensate for the dc resistance of 
the choke. (See Question 24.71.) 

12.198 What is a cross-coupled am-
plifier?—A two-stage, push-pull ampli-
fier as shown in Fig. 12-198 used for 
driving a push-pull output stage. A 
balanced signal is applied to the control 
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Fig. 12-197. An rf choke connected in 
the cathode circuit of a preamplifier 

stage to prevent radio interference. 

grids of tubes V1 and V2. The output 
signal is taken from the plates of V3 
and V4. The advantages of the above 
circuit are low distortion and balanced 
output voltages. 

12.199 If two amplifiers are con-
nected in tandem, what is the overall 
frequency responseT—It is the algebraic 
sum of the individual frequency-re-
sponse characteristics of the two am-
plifiers. This is true regardless of the 
type of coupling or whether the ampli-
fiers are individual units, as might be 
found in a recording system. 

12.200 If two amplifiers of 20-d8 
gain each are connected in tandem, 
what is the overall gain?— Assuming 
all impedance matches are satisfied, the 
overall gain is the sum of the individ-
ual amplifiers, or 40 dB. 

12.201 If two amplifiers of the 
same power output are connected in par-
allel, what is the total power output?— 
Assuming the amplifiers are similar in 
design and the output impedances are 
the same, the power output will be 
double that of a single amplifier, pro-

TO 
PUSH-PULL 
STAGE 

Fig. 12-198. A cross-coupled amplifier designed to take a balanced signal and 
supply a balanced output for driving a push-pull power amplifier. 
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vided the outputs are connected in 
phase. The output impedance will be 
halved. 

12.202 How are the output circuits 
of parallel-connected amplifiers phased? 
—Each amplifier is adjusted for the 
same gain by sending a constant-level 
signal through both amplifier inputs 
simultaneously. The output circuits are 
then connected in parallel. If the output 
circuits are in phase, the output voltage 
will be maximum; if they are out of 
phase, the voltage will drop to a low 
value. These tests should be conducted 
at a low power output in an untermi-
nated circuit. When the two output cir-
cuits are in phase, the output imped-
ance is one-half of the normal output 
impedance of one amplifier. 

12.203 If two amplifiers of the 
same power output are connected in par-
allel, how much is the output level in-
creased?—Three dB and may be com-
puted: 

10 Logio 2 = 10 >< 0.301 

= 3.01 dB. 
where, 
the output impedances are the same, 
the outputs are in phase. 

12.204 What does the term opti-
mum plate load mean?—The ideal 
plate-load impedance for a given tube 
and set of operating conditions. 

12.205 What type resistors are 
recommended for high-gain, low-level 
amplifier construction? — Noninductive 
wirewound types, as they have ex-
tremely low internal noise levels. Wire-
wound resistors are recommended for 
grid, plate, screen, and cathode use. 
Amplifiers using such resistors gener-
ally have a much lower internal noise 
level. The resistors must be noninduc-
tive if the amplifier is to cover a very 
wide band of frequencies. (See Ques-
tion 5.16.) 

12.206 How should the power-out-
put rating of an amplifier be stated?— 
The power output should be stated for 
a power at which the harmonic or in-
termodulation distortion is not objec-
tionable. A typical example would be: 
Maximum continuous power output 30 
watts; total rms harmonic distortion 0.30 
percent at 400 Hz, intermodulation dis-
tortion 0.5 percent for peaks less than 
60 watts, using 40 and 7000 Hz mixed 
four to one; high frequency 12 dB lower 
in amplitude than low frequency. 

When power amplifiers are rated in 
music power output, they are tested and 
rated in accordance with the Institute 
of High Fidelity (11-1F) Standard A-201-
1966, as discussed in Question 23.208. 

12.207 How should the internal 
noise and hum of an amplifier be stated? 
—It should be stated in two ways: 
(1) with reference to the maximum 
power output, and (2) with reference 
to a 1-milliwatt reference level. 
The mere statement that the noise 

level is so many dB below the maxi-
mum power output is often misleading 
unless correctly interpreted. If the noise 
level is stated to be 90 dB below 20 
watts output, the actual noise level is, 
with reference to 1 milliwatt, a minus 
47 dBm. This figure is obtained by sub-
tracting the power output level, 20 
watts (plus 43 dBm), from the stated 
noise level of 90 dB. 

This interpretation is important be-
cause the amplifier is not always oper-
ated at its maximum power output. If 
the internal noise and hum are high, 
in a small room they can become quite 
objectionable. For high-quality repro-
duction, the internal noise of an am-
plifier should be at least 40 dB below 
a reference level of I. milliwatt. 

12.208 What causes the internal 
noise in an amplifier?—The components 
which make up the amplifier such as 
the resistors, tubes, capacitors, trans-
formers, gain controls, and ripple volt-
age from the power supply. Magnetic 
coupling through the metal chassis also 
can be a cause of hum. (See Question 
23.59.) 

12.209 What is a class-D amplifier? 
—The term class-D applied to an am-
plifier was proposed by Crowhurst to 
classify a pulsed-type transistor audio 
amplifier. The theory behind its design 
being that the transistors can be oper-
ated close to 100-percent efficiency by 
switching at an ultrasonic frequency. 
The effects of switching are filtered out 
of the program signal. 

12.210 What is magnetic coupling 
in an amplifier?—It is hum and noise 
induced in the low-level stages caused 
by the close proximity of the power 
transformer or filter chokes mounted on 
the same chassis. Hum and noise may 
also be induced by the wiring and 
ground loops. The subject of magnetic 
coupling is discussed further in Ques-
tion 23.59. 
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12.211 What precautions should be 
taken when connecting equalization net-
works in an amplifier stage?—Measure-
ments should be made to determine 
that the stage in which the equalization 
has been connected is not being over-
loaded when the maximum equalization 
is used. It should be remembered that 
an equalizer induces a loss. The ampli-
fier must be capable of developing suf-
ficient output to overcome the loss of 
the equalizer. If this precaution is not 
observed, serious distortion will be the 
result. (See Question 23.13.) 

12.212 What is the purpose of ex-
tending the frequency range of an audio 
amplifier into the inaudible frequency 
range?—To obtain a frequency response 
covering a range of 20 to 20,000 Hz, with 
low distortion, fiat frequency response, 
and low phase shift, requires a very 
wide frequency band for the following 
reasons: Phase shift becomes apparent 
and measurable at values of one-sev-
enth to one-tenth the frequency where 
the amplifier response is down 2 dB 
with respect to the reference frequency. 
To obtain the foregoing frequency 

response with less than 1-percent total 
harmonic distortion, the bandwidth 
must be 7 to 10 times the usable fre-
quency range. This means that for an 
amplifier to reproduce 20 to 20,000 Hz, 
the frequency range of the amplifier 
must extend from 2 to 200,000 Hz. This 
frequency range is not unusual for 
modern high-quality amplifiers. (See 
Question 12.231.) This wide frequency 
range also permits high frequency sum 
and difference frequencies generated by 
the instruments in the original program 
material to be reproduced in their nor-
mal frequency bands. 
A wide frequency range must exist 

without any trace of oscillation either 
in a static or dynamic condition, as os-
cillation at the subaudible and inaudi-
ble frequencies adds distortion to the 
reproduction. Oscillation at the extreme 
ends of the frequency response may be 
checked by means of a square wave 
generator and an oscilloscope as de-
scribed in Question 23.49. 

72.213 If an amplifier is oscillating 
at an inaudible frequency, what is the 
effect on the reproduction?—Harshness 
of the high frequencies and a rasping 
type distortion which induces listening 
fatigue. 

/2.214 Is the efficiency of an am-

plifier output stage important?—No, the 
efficiency of an output stage is of little 
importance compared to the overall 
current consumed by the amplifier. The 
greatest portion of the power consumed 
by an amplifier is used to heat the fila-
ments or heaters of the tubes. 

The efficiency of an amplifier stage 
may be calculated: 

Eft 
E.. 

where, 
P is the developed power, 
E., is the average voltage at the plate, 
I.,. is the average plate current. 

However, this is not true of transistor 
amplifier output stages, as efficiency is 
important particularly if the amplifier 
is battery operated. 

/2.215 What is a starvation am-
plifier?—An amplifier employing pen-
tode tubes with the screen voltage set 
10 percent below the plate voltage and 
the plate-load resistance increased 10 
times that normally used for a par-
ticular tube. In this manner the am-
plification factor is greatly increased, 
although the transconductance is de-
creased. A stage gain of 2000 or more is 
possible with a circuit of this kind. 

12.216 How should the gain of a 
bridging amplifier be stated?—The ac-
tual gain when the amplifier is bridging 
a given impedance. As an example; 
assume a bridging amplifier is being fed 
from a 600-ohm bridging bus. The in-
put impedance of the amplifier is 30,000 
ohms. The bus level is a plus 4 dBm 
and the output level of the amplifier is 
a plus 22 dBm, what is the gain of the 
amplifier? 

The gain is obtained by subtracting 
the bus level (plus 4 dBm) from the 
output level (plus 22 dBm) or 18 dB. 
There is a bridging loss of 17 dB be-
tween the input of the amplifier and 
the bridging bus which is the ratio of 
600/30,000 and may be calculated: 

30,000 
— 50 

600 

10 Log,' 50 = 10 >< 1.699 

= 17 dB. 

The actual gain of the amplifier when 
fed from a 30,000-ohm source is 35 dB. 

The gain is stated as being 18 dB 
when operating from a 600-ohm source 
impedance. (See Question 8.62.) 
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12.217 Describe the procedure for 
designing a small single-ended amplifier 
with negative feedback.—Assume it is 
desired to design a small single-ended 
power amplifier which is capable of 
producing 6.5 watts with a maximum of 
3 percent total rms harmonic distortion. 
The input and output impedances are to 

be 600 ohms. The maximum signal-input 
level is plus 4 dBm. 

The first step is to block diagram the 
amplifier as shown in Fig. 12-217A. The 
various factors of design will be entered 
in these blocks as the design progresses. 

For an amplifier of the foregoing 
proportions, a single beam-power tube 
such as a 6L6 will be satisfactory. Re-
ferring to the operational data for this 
tube, operating class-A, 6.5 watts may 
be obtained under the following oper-
ating conditions: 

Plate voltage 
Screen grid 
Grid bias 
Cathode resistance 

Peak audio-frequency 
voltage 

Maximum plate-signal 
current 

Maximum screen-
signal current 

Load resistance 
Total rills harmonic 

distortion at 6.5 
watts output 

Maximum power 
output 

250 volts 
250 volts 
14.5 volts 
170 ohms 

14.0 volts 

78 mils 

7.5 mils 
2500 ohms 

10 percent 

6.5 watts 

It will be noted the distortion is stated 
to be 10 percent; this is without nega-
tive feedback. By the use of feedback, 
the distortion is to be reduced to a 

maximum of 3 percent. 
The amplifier is first designed with-

out feedback, and then feedback is 

added as explained later in the proce-
dure. If the distortion is 10 percent 
without feedback and the final distor-
tion is to be 3 percent, the distortion 
reduction factor is 3.33. Allowing a 
margin of safety, a factor of 4 will be 
used; thus, the gain factor is also 4. 

I—GAIN 35 dB-1 

T 1 
+ 4 dBm 0 
• I.23VRMS ill 30K 
I.74V PEAK 

0_4 

70V PEAK 
AVAILABLE 

With a signal of 14 volts without feed-
back, 56 volts will be necessary with 

feedback since to maintain the same 
signal-to-power output, the signal at 
the control grid of the 6L6 must be in-
creased by a factor of 4. This value is 

entered at the input of the output stage 
on the block diagram. The next step is 
to determine the gain required to drive 
the output stage from an input signal 
level of plus 4 dBm. The power at the 
input in watts is: 

dB 
P = Antilog —10 X ref. level 

where, 
dB is the input level of plus 4 dBm, 
the reference level is 0.001 watt (1 

milliwatt). 

The input power may now be calcu-
lated: 

Antilog 0.4 X 0.001 = 2.51 x 0.001 

= 0.00251 watt 

To find the voltage required at the 
input: 

E V WZ 

= V0.00251 x 600 

= V1.51 

= 1.23 volts rins 
where, 
W is the watts as determined from 
the foregoing, 

Z is the input impedance of the input 
transformer (600 ohms). 

It is desirable at this time to convert 
the above voltage to peak volts, since 
the signal voltage at the input of the 
power stage is in peak volts. 

Peak volts = 123 x 1.414 

= 1.74 volts 

The required voltage gain between the 
input of the voltage amplifier and the 
control grid of the power stage is: 

56 
VG = 

= 32.2 

The next step is to select an impe-
dance ratio for the input transformer. 

56V PEAK 
REQUIRED 

1--GAIN 12.76 dB-1 

6L6 

T2 

I I 
600 11. OUT 
126.4 V RMS 
I78.7V PEAK 

Fig. 12-217A. Block diagram for amplifier design problem. 
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For this problem, an impedance ratio of 
600/30,000 ohms will be used, although 
a ratio of 50,000 to 100,000 ohms is com-
mon. The turns ratio for an impedance 

ratio of 600/30,000 ohms is: 

Turns ratio = V Z, 

= V50 

= 7.07 
where, 

Z, is the impedance ratio. 

This means that the signal voltage at 
the primary of the input transformer 

will be increased by a factor of 7.07. 
As this amplifier is to present a 600-

ohm impedance to the source, the sec-
ondary is terminated in a 30,000-ohm 
gain control. This reduces the signal 
voltage at the secondary to one-half the 
voltage obtained without the termina-
tion. Thus, the increase in signal voltage 
is one-half of 7.07 or 3.5. (See Question 
12.170.) From the previous calculation, 
it was determined that 32 dB of gain 
was required in the first stage. To per-

mit a small margin of safety, the gain 
will be taken as 35 dB. 

Gain is achieved by the amplification 
of the first tube and the step-up ratio 
of the input transformer. The tube for 
the first stage is now selected for a 
voltage gain of ten or more, that will 
produce a peak signal voltage of 56 or 
greater at its plate. A medium-mu tri-

ode, such as the 6C5, resistance-coupled 
will produce about 70 volts rms at its 
plate. Therefore this tube will be used 
for the first stage. Referring to a resist-
ance-coupled data chart for the 6C5, 
70 volts rms signal voltage may be ob-
tained under the following conditions: 

Plate supply voltage 
Plate load resistance 
Following grid 

resistance 
Cathode resistor 
Coupling capacitor 

300 volts 
50,000 ohms 

100,000 ohms 
2600 ohms 
0.04 AF 

6C5 

Voltage gain 
Peak output volts 
Cathode bypass capacitor 

11 
70 volts 
2.3 p.F 

Both the cathode and coupling capaci-
tors will be multiplied by a factor of 4 
to extend the low-frequency response 
as explained in Questions 12.19 to 12.21. 
The next portion of the problem will be 

devoted to the design of the negative-
feedback loop. Negative feedback will 
be taken from the plate of the 6L6 to 
its control grid through resistor Rob and 
capacitor Cn, (Fig. 12-217B). 
To calculate the feedback circuit, the 

gain of the power stage must be de-
termined. As the stage develops 6.5 
watts into a load impedance of 2500 
ohms, the signal voltage at the plate is: 

E= V WZ 

= V6.5 >< 2500 

= 

= 126.4 rms 
where, 
E is the signal voltage developed at 

the plate, 
W is the power developed by the 

tube, 
Z is the load impedance. 

To convert the rms plate voltage to 
peak voltage it is multiplied by 1.414, 
resulting in a peak voltage of 178.7 
volts. The voltage gain is the peak out-
put voltage divided by the peak input 
voltage (14) which is 12.76. Beta may 
now by calculated: 

(1 — Aß) = 4.00 

—Aß = 3.00 

3.00  
= 12.76 

= 0.235 

The equivalent resistance from the con-
trol grid of the 6L6 to ground is the 
resistance across which the feedback 
voltage is delivered and consists of the 

grid resistor Rg, the plate-load resistor 

2500/60Qm 

250V 

Fig. 12-21713. Power amplifier and driver stage for design problem. 
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11,, and the plate resistance r, of the 
preceding tube, all in parallel. The 
values of these components are: 

R, 100,000 ohms 

R, 50,000 ohms 

rp 10,000 ohms 

The equivalent resistance R.  of the 
above is 7700 ohms. 
The feedback resistor Ri, may be 

calculated: 

R.  
ß Rib -I- R., 

R.., 
Rfb = 11.0 

7700 „,„„ 
— — gut; 
— 0.235 

= 32,750 — 7700 

= 25,050 

where, 
R., is the equivalent resistance, 
Rib is the feedback resistance. 

The feedback loop extends from the 
plate to the control grid of the output 
tube. The resistor Rib establishes the 
correct feedback voltage at the control 
grid. The capacitor Cib is included to 
isolate the plate voltage from the grid 
circuit. This capacitor must have a re-
actance at least one-tenth the value of 
the total resistance in the feedback loop 
at the lowest frequency to be amplified. 
The total resistance R., is 7700 ohms 

and Rib 25,050 ohms making a total of 
32,750 ohms. Therefore, the reactance of 
Cn, should be approximately 3300 ohms 
at the lowest operating frequency 
which, for this problem, is assumed to 
be 40 Hz. This will result in a capaci-
tance of 2.0 µF. 

The cathode resistor is 170 ohms and 
bypassed with a 40- to 50-µF electrolytic 
capacitor. The total plate current drawn 
by the amplifier will be the maximum 
plate and screen currents of the output 
tube, plus the current drawn by the 
first stage. 

12.218 If the size of the capacitor 
in the feedback loop in the previous 
question is altered, what effect will it 
have on the frequency response?—Nor-
mally, the reactive element in a feed-
back loop is of such value it has little 
or no effect on the frequency response 
of the amplifier. This is accomplished 
by using a value of capacitance which 
has negligible reactance at the lowest 

z 

CD 

LARGE - 

Fig. 12-218. The effect of decreasing the 
value of the feedback capacitor in a 

negative-feedback amplifier. 

frequency to be passed by the amplifier. 
However, if desired, the value of the 
capacitor in the feedback loop may be 
changed to obtain a rising characteristic 
at the lower frequencies. 

Assuming the value of the capaci-
tance in the original design was selected 
for a flat frequency response, reducing 
the value of the capacitor results in less 
feedback at the lower frequencies; 
therefore, the gain of the amplifier at 
the lower frequencies is greater, result-
ing in a rising low-frequency charac-
teristic. The effect of varying the value 
of capacitance in a feedback loop for a 
given set of conditions is shown in Fig. 
12-218. 

12.219 What is the purpose of con-
necting small capacitors from the grid 
or plate circuit to ground in a push-pull 
amplifier stage?—To prevent the gener-
ation of parasitic oscillations. If the am-
plifier stage employs a push-pull driver 
transformer, small capacitors may be 
connected across each half of the sec-
ondary, or from the control grid to 
ground. Both of these methods will af-
fect the high-frequency response. How-
ever, if the amplifier is used only for 
paging or other services not requiring a 
wide frequency response, either method 
will be satisfactory. In either case, only 
enough capacity is used to prevent 
oscillation. 

p ::OEr- • 

Fig. 12-219. Methods of connecting 
small capacitors in a push-pull amplifier 

to prevent parasitic oscillations. 
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Capacitors connected in the plate cir-
cuits may be somewhat larger in value 
than those used in the control-grid cir-
cuit because of the lower impedance 
of the circuit. At times, only a single 
capacitor connected from plate-to-plate 
will be necessary to prevent oscillation. 

Parasitic oscillation is often caused 
by unbalances in the output trans-
former windings due to a greater 
amount of capacity existing between 
windings in one-half of the primary to 
ground. The connection of a single 
capacitor from one of the plates to 
ground to compensate for transformer 
unbalance will prevent oscillation. The 
proper plate must be found by trial. 
A well-designed amplifier should not 

require compensation to prevent para-
sitic oscillation; however, because of 
manufacturing tolerances, this may be 
necessary at times. Typical methods of 
installing capacitors for the prevention 
of parasitic oscillations are shown in 
Fig. 12-219. 

The values for the grid circuit vary 
from .00001 to .0005 id. The value used, 
for the plate circuit is generally about 
.001 F. Usually a .001 /3.F-capacitor is 
used if a single capacitor is connected 
from plate-to-plate. For a single capac-
itor from one plate to ground, use only 
as large a value as needed to prevent 
oscillation. The voltage ratings for the 
plate capacitors must be such they will 
stand the full de plate voltage, and the 
peak signal voltage. Generally, 1000-
volt mica capacitors are used for this 
purpose. 

12.220 How should beam-power 
tubes be operated for the lowest har-
monic distortion without negative feed-
back?— Beam-power tubes without 
negative feedback generally have from 
7 to 13 percent total rms harmonic dis-
tortion, the greater part of the distor-
tion being third harmonic. If the output 
load varies, as would be the condition 
when terminated by a loudspeaker, a 
capacitor and series resistor may be 
connected from plate to ground as de-
scribed in Question 12.169, to help 
maintain a more constant load to the 
tubes. 
A further reduction of harmonic dis-

tortion is obtained by operating the 
tube into a plate impedance one-fifth, 
or less, the plate resistance of the tube. 

/2.221 Why is the harmonic distor-
tion increased when using high-frequency 

equalization?—Because the harmonic 
frequencies are accentuated and even 
small percentages of distortion may be-
come objectionable. This type distortion 
is independent of any distortion in-
duced by the equalized stage. 

If the high frequencies are attenu-
ated, the distortion is reduced. A good 
rule to remember is if the frequency 
response is to be extended, distortion 
must be reduced to a negligible amount. 

12.222 How does the efficiency of 
an output transformer affect the power 
output of an amplifier?—At low-output 
powers the efficiency of the output 
transformer can be ignored; however, 
at powers of 10 watts and greater, the 
insertion loss of the transformer may 
become the limiting factor in the design 
of an amplifier. As an example, assume 
an output transformer of conventional 
design induces a power loss of 0.25 dB. 
For 20 watts of output power, the 
power loss between the primary and 
secondary amounts to approximately 
1 watt. 

If this same insertion loss occurred 
in an amplifier developing 100 watts of 
power, the loss between the primary 
and secondary would amount to about 
5 watts of power. Therefore, it is ex-
tremely important that an output trans-
former used in an amplifier developing 
any amount of power have a low inser-
tion loss or an efficiency as high as pos-
sible. This means that the transformer 
must have low leakage reactance. 

Interstage transformers, as a rule, 
have about 1-dB insertion loss but, as 
these transformers are used in low-level 
circuits, it is of no particular conse-
quence and the loss may be overcome 
by increasing the gain in the voltage 
amplifier stages 1 dB. The efficiency of 
an output transformer may be calcu-
lated: 

... 
E P f = X 100 

rfnt 
where, 

Pp,' is the power at the primary, 
P..', is the power at the secondary, 
operating with its normal load im-
pedance. 

Several new designs in output trans-
formers have appeared in the last few 
years, in which the power loss is quite 
low. One of these designs is the McIn-
tosh described in Question 12.231. The 
measurement of transformer loss is dis-
cussed in Question 23.71. 
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12.223 How is the insertion loss of 
a transformer calculated?—It may be 
calculated in two different ways—power 
or decibels. For the loss of power in 
watts, the equation is: 

P ri 
Watts = . 

dr-11. 

For the loss in decibels: 

dB = 10Logio 

where, 
P1 is the power at the primary, 
P. is the power at the secondary, 
when operating into its normal load 
impedance. 

12.224 Can the frequency response 
of an amplifier be judged by its response 
to a square wave?—Yes. It may be said 
that if a square wave is applied to the 
input of an amplifier and not distorted 
by passage through the amplifier, the 
frequency response is uniform from 
f/10 to 10 f, where f is the fundamental 
frequency. 

The square-wave generator is set to 
different fundamental frequencies and 
the shape of the square wave observed 
on an oscilloscope connected across the 
output of the amplifier. The frequency 
response of the oscilloscope must be 
such that it does not distort the square 
wave. 

This can be checked by comparing 
the image at the output of the amplifier 
with that at the output of the square-
wave generator. Square-wave testing is 
discussed in Question 23.154. 

12.225 How are wideband vacuum-
tube amplifiers compensated for fre-
quency response?—As a rule, audio 
equipment requires a frequency re-
sponse between 20 and 20,000 Hz. How-
ever, many devices used for testing au-
dio-frequency equipment such as an 
oscilloscope, distortion-measuring sets, 
and vacuum-tube voltmeters require an 
extremely wide frequency response, 
ranging from 10 hertz to 1 megahertz in 
width. The conventional resistance-cou-
pled amplifier will not amplify all fre-
quencies equally over this wide band 
without special frequency compensating 
circuits. 

The loss of low frequencies is due 
principally to the impedance of the by-
pass capacitor Ck in the cathode circuit 
rising as the frequency is decreased. 
This may he overcome to some extent 

by making the capacitor quite large, say 
150 to 1000 F. 

Low-frequency response is also af-
fected by the value of the coupling 
capacitor and the grid resistor used to 
couple the following stage or located 
at the input of the wideband stage. The 
time constant of this combination is also 
of importance. If the time constant is 
made long to pass very low frequen-
cies, serious phase shift is caused which 
results in distortion of the lower fre-
quencies. Phase shift at the lower fre-
quencies may be avoided by using a 
direct-coupled circuit as described in 
Question 12.39. 

The bypassing of the screen dropping 
resistor is also quite important, as it 
also affects the low-frequency response. 
To assure that the power supply im-
pedance is low, a large capacitor should 
be connected across the de output. As 
some of these capacitors would become 
rather impractical because of the large 
value required, it is more satisfactory 
to compensate the amplifier at the low 
frequencies. 

High-frequency loss is due to the 
Miller effect, internal capacities of the 
tube, and the distributed capacities of 
the circuit which are difficult to over-
come; therefore, compensation is also 
used for extending the high-frequency 
response. (See Question 12.191.) 

Whenever compensation circuits are 
used, a loss of gain takes place, which 
may be compensated for by the use of 
tubes of high transconductance, such as 
the 6AC7. 
An RC coupled stage with both a 

low-frequency and a high-frequency 
compensating circuit is shown in Fig. 
12-225. Compensation is obtained by 
designing the time constants of the low-
frequency compensating circuit to equal 
the time constant of the cathode circuit 
elements Rk and Ck. The compensating 
circuit consists of capacitor C. and re-
sistor R. which increases the plate load-
ing at the low frequencies and compen-
sates for the phase shift which is caused 
by coupling capacitor C and grid resis-
tor R. 

To properly compensate the circuit, 
resistor R. must have a value greater 
than the cathode resistor R. by an 
amount equal to the voltage gain of 
the amplifier stage. Capacitor CIL in the 
cathode circuit must also be greater 
than C. by the same amount, to obtain 
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equal time constants in two parts of 
the circuit. Therefore: 

R, x C, =-  Rk X Ck 
where, , 
R, is greater than R, by the voltage 
gain of the stage. 

To illustrate the design procedure, as-
sume the amplifier stage has a gain of 
18 at the midfrequencies, the cathode 
resistor is 150 ohms, bypassed by a - 
250-µF capacitor. The value of R, is 
then: 

18 >< 150 = 2700 ohms 

250 
C, _--

= 13.9 µF. 

At the low frequencies, the plate load 
consists of the plate-load resistor R, 
and R, in series, and at the higher fre-
quencies principally R,. At frequencies 
of 50 to 10 Hz, the compensating capac-
itor C, will have a reactance of approx-
imately 230 and 1200 ohms, respectively. 
In practice, the compensating resistor 
R, is adjusted by applying a square 
wave signal to the input while observ-
ing the output waveform on an oscillo-
scope. 
The high-frequency compensating 

circuit consists of a 70 to 250 millihenry 
slug-tuned peaking coil connected in 
the plate circuit. The frequency re-
sponse at the high frequencies is ad-
justed in a similar manner to that used 
for the low-frequency circuit. When 
both circuits are properly adjusted, the 
waveform at the output of the amplifier 
should be the same as the waveform at 
the input. The compensating circuits, 
because of their design, are indepen-
dent of each other. 

12.226 Describe the dynamic char-
acteristics of a class-A push-pull ampli-

fier.—The dynamic characteristics of 
two tubes connected to operate in 
class-A push-pull are shown, in Fig. 
12-226. The characteristic curve has 
been constructed from the individual 
dynamic characteristics of each tube. 
The characteristics of the individual 
tubes may be identified as VI and V2. 
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Fig. 12-226. Dynamic characteristics of 
two tubes operating class-A, push-pull. 

The plot of the two tubes is the same 
because they are caused to operate 180 
degrees out of phase. When operating 
as a single tube, class-A, little distor-
tion exists because the grid signal op-
erates in the most linear portion of the 
dynamic characteristic. In push-pull 
operation, the distortion is even less be-
cause of the increased linearity. 
By projecting the signal at the con-

trol grid to the push-pull characteristic, 
the output waveform is obtained. As a 
rule, a greater grid voltage swing is 
possible in push-pull because the dy-
namic characteristics are linear over a 
greater voltage range. Thus, more 
power output is obtained. 

200V 

_ 

Fig. 12-225. A wideband RC amplifier compensated to cover a frequency band from 
10 Hz to 1 MHz. 
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Efficiencies up to 30 percent are com-
mon with push-pull amplifiers where, 
with one tube only, 20 percent is aver-
age. Operating two tubes in class-AB 
can result in efficiencies up to 55 per-
cent. 

12.227 What are the dynamic char-
acteristics of a class-AD, and -AR, push-
pull amplifiera—The dynamic charac-
teristics are similar in appearance to 
that of the class-B, (Fig. 12-228A). The 
actual characteristic is a function of the 
bias voltage. As a rule, the output stage 
of a transistor amplifier is operated 
class-AB., class-B, or class-Ba. 

12.228 Describe the dynamic char-
acteristics of a class-B push-pull ampli-
fier.—Although vacuum-tube amplifiers 
operating class-B and its subscripts are 
not as a rule used for driving recording 
equipment, extensive use is made of 
transistors operating in this mode. 
However, precautions must be taken to 
reduce crossover or notch distortion to 
a negligible amount. Amplifiers operat-
ing class-B are always designed for 
push-pull operation, as discussed in 
Question 12.67. 
Two types of class-B amplifiers are 

in general usage, class-B, and class-B.. 
In the class-131, grid current is not per-
mitted to flow, while in the class-B, 
grid current is permitted to flow for a 
fraction of the input signal cycle; there-
fore, the harmonic distortion is higher 
than for the class-Ba amplifier. 

The dynamic characteristics of a 
typical class-Ba push-pull amplifier are 
shown in Fig. 12-228A. A higher value 
of bias voltage is used than for the 

INPUT 
SIGNAL 

Fig. 12-228A. Dynamic characteristics 
of a push - pull amplifier operating 

class-131 

dass-AB,. It will be noted the dynamic 
curve for the class-B, amplifier (Fig. 
12-228B) has a bend at the crossover 
point which induces harmonic distor-
tion. Class-B amplifiers require very 
stable power supplies with good voltage 
regulation because the tubes in their 
quiescent state draw very little current; 
however, when a signal voltage is ap-
plied to the control grids, the plate cur-
rent rises quite rapidly to a rather 
large value. 

It is again emphasized that in the use 
of class-B amplifiers, crossover or notch 
distortion must be reduced to a negligi-
ble value for high quality recording 
and reproduction. 

In  

BIAS 

OUTPUT SIGNAL 
(PLATE CURRENT) 

Fig. 12-2286. Dynamic characteristics of 
a push-pull amplifier operating class-L. 
Tubes are biased to plate-current cutoff. 

12.229 How is fixed bias obtained? 
—Fig. 12-229A shows a fixed-bias cir-
cuit using a resistor R1 in the common 
negative return of a full-wave rectifier 
circuit normally used for supplying 
plate current. Because the total plate 
current drawn by the amplifier flows 
through resistor R1, a voltage drop is 
created which is used for a bias voltage. 
Only a small amount of filtering is re-
quired which may be obtained with a 
100,000-ohm resistor (R2) and a 1O-$F 
electrolytic capacitor. The fixed-bias 
may also be obtained by means of a rec-
tifier connected to one-half of the high-
voltage winding of the power trans-
former in Fig. 12-229B. Filtering is 
obtained by means of resistor (R) and 
a 20-11F capacitor C. The circuit in Fig. 
12-229C is similar, except the ac voltage 
is obtained from a separate winding on 
the power transformer. 
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w.  
- E9 + 

BIAS RESISTOR 

Fig. 12-229A. A fixed-bias circuit using o resistor in the 
wave rectifier circuit. 

12.230 Define the terms crossover 
and notch distortion.—When operating 
vacuum-tube amplifiers class-B or any 
of its subscripts, the bias voltage is ad-
justed for a condition of near plate-cur-
rent cutoff. This type of operation is the 
cause of considerable distortion termed 
crossover or notch distortion, and occurs 
each time the signal passes through the 
zero plate-current point. This distortion 
is aggravated also by the imperfect 
coupling existing between the primary 
and secondary windings of the output 
transformer. 

Crossover distortion can be corrected 
to a great extent by the application of a 
small amount of bias voltage applied in 
the cathode circuit of the individual 
tubes. For a 6L6 tube, this amounts to 
about 0.6 to 1.5 volts, and can be ob-
tained by the use of a resistor of 5 to 
10 ohms in each cathode circuit. After 
reducing the distortion in this manner, 
the remaining distortion can be further 
reduced by the use of a generous 
amount of negative feedback. As a rule, 
special class-B interstage transformers 
are employed to drive the output stage, 
with a low-impedance secondary be-
cause of grid-current flow. 

BIAS 
VOLTAGE 

Fig. 12-229B. A fixed-bias circuit using 
a half-wove rectifier. 

FILTER 
SECTION 

negative return of a full-

Values of 1-percent or less THD are 
not difficult to obtain in a transistor am-
plifier for power outputs of 50 to 100 
watts. What is important is the distor-
tion at power output levels of 1 watt or 
less. Distortion at these levels can be up 
to five times greater than at full power 

output because of crossover or notch 
distortion. Distortion at the lower levels 
is usually generated in the output stage 
because of class-B operation. Therefore, 
it is highly important that several mea-
surements be made at low power output 
to check for this type of distortion. The 
making of such measurements is dis-
cussed in Question 23.208. 

Since an output transformer is sel-
dom used with transistors, its contribu-
tion to the overall distortion is elimi-
nated, and only the notch distortion has 
to be considered. The efficiency of a 
class-B push-pull stage ranges from 60 
to 70 percent. (See Questions 11.143 and 
23210.) 

12.231 Describe the McIntosh am-
plifier circuit—The McIntosh circuit is 
a highly efficient beam-power tube 
push-pull amplifier circuit, using a spe-
cial output transformer, developed and 
patented by Frank H. McIntosh. The 

BIAS 
VOLTAGE 

Fig. 12-229C. A fixed-bias circuit using 

a half-wave rectifier with a separate 
winding on the power transformer. 
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output stage attains its high efficiency 

through a combination of the output 
transformer and working approxi-
mately class-AB.. 

The transformer has four sets of 
windings, one connected in the cathode, 
one in the plate circuit, and two output 
windings, one of which is used for sup-
plying a negative feedback voltage. A 
schematic diagram of the McIntosh 
MC-40 power amplifier is shown in Fig. 
12-231A. 

OZO SZči 

MI 

1911 

„9092 „9029 OZZ 

Orli 91" 

11. I" 

The output transformer of Fig. 
12-231B provides two load impedances, 
one for the cathode and one for the 
plate. The primary and cathode wind-
ings are billar wound; that is to say, 
the two windings are made by winding 
the wires side-by-side, providing for all 
practical purposes unity coupling; thus, 
the leakage is greater than 80,000:1; 
which reduces the leakage inductance 
(lack of coupling) to a negligible 
amount. After the coils are wound, 

tOE 

o 4 

Fig. 12-231A. Schematic diagram for McIntosh MC40 power amplifier. 



608 THE AUDIO CYCLOPEDIA 

.= 
Fig. 12-2318. Impedance relations for 
McIntosh unity-coupled bifilar-wound 

output transformer. 

grain-oriented steel "C" type cores are 
inserted in the coils, resulting in a 
shell-type construction as seen in Fig. 
12-231C. (See Fig. 8-105.) The two cores 
weigh approximately five and one-
half pounds each. The power bandwidth 
is thus increased to over 100,000 Hz. 

In operating tubes push-pull class-A, 
class-B2, and class-B distortion is gener-
ated, termed notch or crossover distor-
tion. (See Question 12.230.) This distor-
tion is particularly bad in the class-B 
modes. Notch distortion is generated at 
the instant the current is cut off during 
the idle period, and again when current 
starts to flow. This is caused by the im-
perfect coupling in the conventionally 
wound transformer. The use of a bifilar 
winding provides an extremely tight 
coupling between windings, removing a 
condition which aggravates notch dis-
tortion. Furthermore, the tubes are con-
nected as partial cathode followers, half 
of the circuit being in the cathode and 
half in the plate circuit of each tube. 
This provides a local feedback loop 
which reduces distortion and generator 
impedance, and eliminates the need for 
balancing the circuits. The primary and 
secondary windings of the coils are in-
terleaved no less than five times, to im-
prove the coupling. Interleaving is 

Fig. 12-231C. Interior construction of 
McIntosh output transformer. The coils 
are wound on grain-oriented steel "C" 

cores. 

accomplished by winding groups of pri-
mary layers, then secondary layers, un-
til the whole transformer is completed. 

Referring again to Fig. 12-231B, the 
small 5-ohm winding supplies a nega-
tive-feedback voltage, while the fourth 
winding is employed for coupling to the 
external-load circuit. Taps are provided 
at 4, 8, and 16 ohms. A 600-ohm output 
is also provided by the winding in the 
cathode circuit. Because of a small 
amount of dc current flow between the 
cathode and the center-tap ground con-
nection, this winding cannot be used 
with grounded circuits. Only a sym-
metrical or balanced-to-ground circuit 
may be used. (See Question 8.25.) The 
small voltage drop across this winding 
has the effect of reducing the notch or 
crossover distortion mentioned earlier. 

It will be observed in Fig. 2-231A 
that the screen grids are connected to 
the top end of each half of the primary 
winding, but the plate of a given tube is 
fed from the opposite end of the pri-
mary winding. Thus, the signal voltage 
at the cathode and the screen grid for a 
given tube is the same. Connected as 
shown, the screen grids are bypassed to 
the cathode providing ideal conditions 
for beam-power tube operation. The 
impedance relationship existing be-
tween the several windings is shown in 
Fig. 12-231B. It will be noted the impe-
dance of the primary from plate-to-
plate is 1000 ohms, which is quite low 
compared to the conventional push-pull 
amplifier where the plate-to-plate im-
pedance may range from 4000 to 10,000 
ohms. The impedance from cathode-to-
cathode is also 1000 ohms. Because the 
signal voltage at the cathodes is quite 
high, the circuit requires tubes in the 
output stage that will withstand a high 

Fig. 12-231D. McIntosh MC40 power 
amplifier. 
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Fig. 12-231E. Schematic diagram for McIntosh MC275 stereophonic amplifiers. 

heater-to-cathode potential. The 6L6G 
beam-power tube meets these require-
ments. 

Referring again to Fig. 12-231A and 
tube VIA the input signal is applied to 
a single-ended amplifier stage, consist-

ing of one-half of a 12AX7 tube, fol-
lowed by a "long-tailed" phase inverter 
comprised of a 12AU7 tube. This stage 
is followed by a second push-pull stage, 
12BH7 tube which drives a third push-
pull stage, a 12AX7 tube connected as a 
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cathode follower. The cathodes of this 
stage are direct-coupled to the control 

grids of the 6L6G beam-power tubes in 
the output stage. 

Negative-feedback voltage is taken 
from a 5-ohm winding and carried back 
to the cathode circuit of the first stage. 
The 6L6G tubes in the output stage are 
operated with fixed bias supplied by a 
series half-bridge employing two silicon 
diode rectifiers, and two capacitors. 
(See Question 21.98.) Small radio-fre-
quency chokes of approximately 2 mi-

crohenries are connected in the plate of 
each output tube to prevent parasitic 
oscillation. An input control and atten-
uator complete the circuit. The rated 
continuous power output is 40 watts, 
with less than 0.5-percent harmonic 
distortion at 20 to 20,000 Hz, and in the 
midfrequencies a 0.10-percent distor-
tion. Intermodulation distortion is less 
than 0.5 percent for any combination of 
frequencies between 20 and 20,000 Hz, 
if the instantaneous peak power is less 
than 80 watts. Hum and noise is 90 dB 
below the output of 40 watts (plus 46 
dBm). The internal output impedance 
is less than 10 percent of the load impe-
dance. If the amplifier is to be used 
with a 70.7-volt distribution system, the 
load is taken from taps A and B on the 
600-ohm winding in the cathode circuit 
of the output tubes. Phase shift is less 
than 8 degrees at 20 to 20,000 Hz. The 
completed amplifier appears in Fig. 
12-231D. 
To provide large amounts of power 

with good frequency response requires 
that an amplifier have a wide frequency 
range. To provide low distortion with 
a large amount of power requires a 
uniform frequency response with small 
amounts of phase shift. This design as-
sures that the feedback voltage at fun-
damental high frequencies will main-

Fig. 12-231F. McIntosh MC275 stereo-
phonic power amplifiers. Each channel 

develops 75 watts of power. 

tain the proper phase relationship with 
the higher harmonics, thus permitting 
the maximum use of the feedback volt-
age loop to cancel distortion and im-
prove the linearity. Small changes in 
the frequency response such as 0.10 dB 
will cause a phase shift of 10 degrees, 
and a change of 3 dB will cause a phase 
shift of 45 degrees. Therefore, the effect 
of the feedback is reduced in propor-
tion to the cosine of the phase shift 
angles. As a rule, phase shift becomes 
apparent and measurable at one-sev-
enth to one-tenth the frequency where 
a 2-dB change in the frequency re-
sponse takes place. This indicates quite 
clearly that a bandwidth 7 to 10 times 
the highest frequency to be reproduced 
is necessary. 

The schematic diagram for a dual 75-
watt version, the McIntosh MC275, is 
shown in Fig. 12-231E. Except for the 
values of certain components, and the 
output tubes being changed to KT-88 or 
6550 tubes, the theory and operation of 
the circuit is the same as for the MC40. 
An additional winding appears on the 
output transformer, which is fed from 
the plates of the driver stage V4, and 
is &War wound, improving the power 

Fig. 12-231G. McIntosh Model C24 solid-state stereophonic preamplifier. 
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bandwidth. The output power rating for 
this amplifier is 75 watts continuously 
for each channel, or 150 watts mono-
phonic. The frequency response, har-
monic and intennodulation distortion, 
and phase-shift are the same as for the 
MC40. The complete amplifier is pic-
tured in Fig. 12-231F. Either of the de-
scribed amplifiers are designed to oper-
ate with any type preamplifier or 
stereo center. 

In Fig. 12-231G is shown a solid-state 
preamplifier (stereo center) Model 
C24, especially designed to operate 
with the previously described ampli-
fiers. In the schematic diagram of Fig. 
12-231H, the preamplifier employs a 
total of 18 silicon planar transistors, 
eight in each side, with one in a third 
L ± R channel (for driving an addi-
tional amplifier and loudspeaker) and 
one in the voltage regulator circuit in 
the power supply. The preamplifier sec-
tion of the phono pickup and magnetic 

tape head employs three of the eight 
transistors. Standard RIAA or LP 

equalization may be selected by a slide 
switch. This is followed by a mode-
selector switch, loudness control, chan-
nel balance, the first section of the 
volume control, and an emitter-fol-
lower transistor driving a Baxandall-
type tone-control circuit. (See Question 
6.86.) This is followed by two more am-
plifier stages, rumble and noise filter, 
and an output stage using two transis-
tors. The second section of the volume 
control is next, followed by a voltage 
divider network feeding the L ± R 
third channel. 

The power supply consists of two sil-
icon diodes in a full-wave rectifier cir-
cuit. The output voltage is regulated to 
75 volts and further regulated by a 
zener diode to 10 volts. A second zener 
diode is connected in the emitter of the 
voltage-regulating transistor. An un-
usual feature of this unit is that the out-
put circuits of the power amplifiers are 
returned to this unit before going to the 
loudspeaker voice coils. This permits 
the user to reverse the phasing of one 
speaker if required, and feed a pair of 
stereo headphones from a network con-
nected between the left and right chan-
nels. The frequency response of the 
complete unit in the flat position is 
within 0.5 dB, from 20 to 20,000 Hz. The 
output is rated 2.5 volts for less than 
0.10-percent distortion, with a slight in-

crease to 0.30 percent at 10-volts output. 
The hum and noise is 78 dB below 2.5-
volts output. 

12.232 Describe a Williamson cir-
cuit using ultralinear operation.—In Fig. 
12-232A is shown a schematic diagram 
for the well-known Williamson power 
amplifier using ultralinear operation. 
Starting at the left, the signal from a 
preamplifier is applied to the input con-
trol grid of tube V1, through a network 
consisting of a 15,000-ohm resistor, 
0.10-µF capacitor, grid resistor, and a 
15,000-ohm grid-limiting resistor. The 
15,000-ohm series resistor in the input 
increases the input impedance of the 
amplifier. The 0.10-µF capacitor pre-
vents any de component in the signal 
from the preamplifier from affecting the 
control-grid circuit of the power ampli-
fier, as would be the case if the pream-
plifier did not include a dc isolating 
capacitor. The 15,000-ohm grid-limiting 
resistor in the control grid prevents 
overloading of input stage if too great 
an input signal voltage is applied from 
the preamplifier (as would be the case 
if the signal were taken from the plate 
circuit of the output tube in a pream-
plifier). 

The output of V1 is direct-coupled 
to the control grid of V2, a phase split-

ter employing equal values of load re-
sistance in both the plate and cathode 
circuits. Because of the large value of 
resistance in the cathode circuit of V2, 
an 88-volt positive potential is devel-
oped at the cathode. The control grid of 
this tube, being connected to the plate 
of V1, is also 88 volts positive. This 
means the control grid is operating at 
a zero potential. By direct-coupling to 
the input of the phase-inverter tube V2, 
phase shift at the lower frequencies due 
to the presence of a coupling capacitor 
is avoided. 

The signal at the cathode of V2 is in 
phase with the signal at the control 
grid, while the plate signal swings in 
the opposite direction. These two sig-
nals are of equal amplitude but 180 de-
grees out of phase. This balanced signal 
is applied to the control grids of the 
driver stage V3 and V4, through cou-
pling capacitors of 0.10 pOEF each. Two 
signals of equal amplitude and 180 de-
grees out of phase are again available 
at the output of V3 and V4 and are ap-

plied to the control grids of the 5881 or 
6L6G push-pull output tubes through 
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1.0-SF coupling capacitors. The use of 
large coupling capacitors increases the 
low-frequency response, besides pro-
viding a 10:1 ratio of time constants 

'ow 

r AUX 
TAPE 

LMONITOR 

TAPE 
OUTPUT 

TUNER 

PHONO I 

PHONO 

TAPE NO 

rTAPE 

TUNER 

a 
5 
5 

1. MONITOR 
TAPE 
OUTPUT 

PNONO I 

PIORO t 

TAPE NO 

10. -It! V AC 
50-110 CPI 

.0v 

between the two amplifier stages and 
thus reducing the tendency to oscillate 
at the low frequencies. The signal is 
finally amplified by the output tubes 
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12-231H. Schematic diagram of the McIntosh 
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and applied to the output load by 
means of the output transformer Ti. 

Negative-feedback voltage is taken 
from the output winding of Ti and car-
ried back to the cathode of the first 
stage VIA, through a 4700-ohm series 
resistor shunted by a 240-pF capacitor, 
which increases the high-frequency re-
sponse above 50,000 Hz and assures a 
180-degree phase shift at the higher 
frequencies around 100,000 Hz. 

To obtain the lowest distortion with 
this circuit, the plate currents of the 

e 

o N-
e 

output tubes must be balanced as 
closely as possible. To achieve this bal-
ance, a network consisting of potenti-
ometer Pl and several fixed resistors 
is connected in the control-grid re-
turn circuit of the push-pull input 
circuit. A pin jack is connected to the 
upper end of each cathode element. To 
balance the plate currents, a de volt-
meter is connected across the pin jacks 
and the potentiometer Pl adjusted for 
a minimum or zero indication on the 
voltmeter. The accuracy of the volt-
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Fig. 12-232A. Schematic diagram of a 25-watt power amplifier using the William-
son circuit for ultralinear operation. 
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Fig. 12-232B. Schematic diagram for Williamson 25-watt ultralinear 
power supply. 

meter does not enter into the adjust-
ment, as it is used only as a null indi-
cator. When a balance is achieved, the 
voltage drop across each cathode re-
sistor is the same; therefore, the plate 
current in each tube is the same. The 
potentiometer Pl minimizes the un-
balanced de in the primary of the out-
put transformer, reducing the core 
saturation. Thus, the low-frequency re-
sponse is increased and the distortion 
below 50 Hz reduced. (See Question 
23.45.) 
A limiting circuit, consisting of a re-

sistor and capacitor connected in series 
and in parallel with the secondary of 
the output transformer Ti, prevents 
damage to high-frequency speaker 
units caused by transient disturbances. 
The values of resistance and capaci-
4ance will not affect the frequency re-
sponse in the normal frequency spec-
trum. 

Although the power supply for the 
above combination is shown in a sepa-
rate diagram, Fig. 12-232B is actually a 
part of the power amplifier assembly, 
and consists of a power transformer, 
two diode rectifiers, and an LC and RC 
filter section. The high voltage for the 
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amplifier 

output tubes is taken at point B and 
for the preamplifier at point A. To ob-
tain a high value of filter capacitance in 
the filter circuits and still have a large 
margin of safety relative to the operat-
ing voltage, electrolytic capacitors of 
40 µF are connected in series at the in-
put and output of the filter choke, with 
resistors of 100,000 ohms connected 
across each capacitor, to assure an even 
voltage distribution across each capaci-
tor. The 8-pin plug at the right of the 
diagram is for providing power to the 
preamplifier. 

Fig. 12-232C is a plot of power output 
versus interrnodulation distortion. The 
frequency response for 5 and 25 watts 
is given in Fig. 12-232D, with the 
phase-shift characteristics given in Fig. 
12-232E. Hum and noise is 99 dB below 
the output level of 25 watts (plus 44 
dBm), or 45 dB with reference to 
1-milliwatt. 

12.233 How is the bandwidth of an 
amplifier designated?—It is stated as 
the difference between the half-power 
point at the upper and lower frequen-
cies, or the frequency of 3 dB loss with 
respect to the fiat portion of the pass-
band as shown in Fig. 12-233. 
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Fig. 12-232C. Power output versus intermodulation distortion. 
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Fig. 12-233. Bandwidth of a transformer. 
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12.234 What is the purpose of con-
necting a small capacitor in parallel with 
the resistor in a negative-feedback loop. 
—It is employed as a phase-shifting 
device to assure the signal being 180 
degrees out of phase at the midrange 
frequencies. Phase shift at the high fre-
quencies is maintained by the stray 
capacitance due to components and in-
ternal wiring. 

12.235 What precautions should be 
observed when mounting coupling ca-
pacitors in a wide-range amplifier?— 
They should be mounted up and away 
from the metal chassis to prevent the 
distributed capacity from affecting the 
high frequencies. Metal bathtub type 
capacitors should be avoided for inter-
stage coupling. 

12.236 What is the purpose of par-
alleling an electrolytic capacitor with a 
paper or mica capacitor?—To nullify the 
inductive effect of electrolytic capaci-
tors, thus providing better bypassing at 
the higher frequencies. Generally, about 
0.10 to 0.025 pl" will suffice for frequen-
cies up to 50,000 Hz. 

12.237 How does a hum potentiom-
eter across a heater winding reduce the 
hum frequencies in the output?—When 
the pot is in balance, equal voltages but 
opposite in sine are fed to the control 
grid by induction from the heater cir-
cuit cancelling out the induced hum 
frequencies. 

12.238 What is the principal cause 
of distortion in an output transformer? 
—When the maximum operating flux is 

Li-
Z +100 

+so 
a. 

rsi —50 
C 
— 10 0 

1kHz 10kHz 00k Hz 

of the power amplifier in Fig. 12-232A. 

reached, the core material cannot pro-
duce any more lines of force because 
of saturation. Under these conditions 
strong harmonics are produced, the or-
der being dependent on the amplifier 
design. 

12.239 How is the input level of an 
amplifier calculated to drive it to full 
output?—Assume an amplifier is stated 
to have 64 dB gain and to be capable of 
developing a plus 43 ciBm at the output, 
what level at the input is required to 
drive it to plus 43 dBm? 

dBi. = (dB — 

= (64 — 43) 

= 21 or — 21 dBm.. 

Thus a signal level of minus 21 dBm at 
the input will drive the amplifier to a 
plus 43 dBm. 

12.240 What is the equation for 
calculating the voltage gain in decibels 
when an ideal transformer of a given 
impedance ratio is inserted between a 
generator and the load?—The gain in 
decibels may be computed: 

dB = 20 Logo, V 

or = 20 Log» T,, 

or -= 10 Log., Z,, 

where, 
Z, is the impedance ratio of the 
transformer, 

T, is the turns ratio of the trans-
former. 

12.241 If the output stage of a 
voltage amplifier employs a screen-grid 
tube and must be transformer-coupled at 
the output, what type transformer is 
recommended?—lf the tube is a 6J7 or 
similar type, an output transformer 
with a 30,000-ohm impedance primary 

10 100 

Fig. 12-232E. Phase shift of the 

IK oc 100K 

power amp ifier in Fig. 12-232A. 
IMEG 
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Fig. 12-242. Variable damping circuits. 

may be used, with a secondary impe-
dance to suit the requirements. The 
load supplies the terminating impe-
dance. 

12.242 What is variable damping 
and how is it used?—Variable damping 
is used in the output circuit of an am-
plifier for the purpose of matching the 
loudspeaker impedance to that of the 
amplifier. The damping factor of the 
amplifier is varied by means of a con-
trol which permits the use of either 
negative voltage or current feedback. 
Three typical variable damping control 
circuits are shown in Fig. 12-242. It is 
claimed by the designers of these cir-
cuits that the various effects noted in 
loudspeakers because of impedance 
variations are eliminated by the use of 
variable damping. Also, that when 
properly adjusted, the amplifiers will 
present the correct impedance match to 
the loudspeaker voice coil at all times. 
Variable damping circuits have been 
the subject of much discussion but have 
not yet been accepted as the remedy for 
the mismatch between the amplifier 
output and the loudspeaker. Measure-
ments of amplifiers using variable 

VOLTAGE 
FEEDBACK 

OUTPUT 
TRANSFORMER 

(h) David Bogen. 

I6n 

8 A% 

damping are discussed in Question 
23.139. 

12.243 Show the circuit for a class-
», push-pull amplifier using fixed bias. 
—Such a circuit is shown in Fig. 12-243 
for an amplifier capable of producing 
30 watts of audio frequency power. The 
output stage is driven from a cathode-
coupled phase inverter. It will be noted 
the negative bias is obtained from a 
small half-wave rectifier and is applied 
to the cathode return of the inverter 
stage. The amplifier, although it has 
considerable harmonic distortion, is 
quite suitable for public address work. 

12.244 How are harmonics gener-
ated in a nonlinear amplifierP—Har-
monic distortion in an audio amplifier 
may be caused by several factors, such 
as the tubes not operating on the 
straight portion of their characteristic 
curve, operating in an overloaded con-
dition caused by applying too great a 
value of signal voltage to the input re-
sulting in a flow of grid current, im-
proper operating voltages, or poor reg-
ulation in the power supply. 

Amplitude distortion is caused by the 
nonlinear action of the tubes. If a pure 
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Fig. 12-243. A cathode-follower phase-inverter and push-pull amplifier operating 
dass-A82 using fixed bias. 

sine wave (a single frequency which 
contains no harmonics) is applied to the 
input of a vacuum tube which is sup-
plied with the correct operating volt-
ages and the amplitude of the sine wave 
is such that it does not overload the 
input, a pure sine wave may be ex-
pected at the output or plate circuit. 
The only departure from the original 
waveform at the input will be the in-
crease of amplitude and a phase rever-
sal of 180 degrees. 
To illustrate the cause of nonlinear 

NORMAL 
OPERATING 

POINT 

OUTPUT 

_92.4.68 10.12. 

- I 

SIGNAL VOLNIE 

NORMAL 
OPERATNG 
BOUNCRES 

Fig. 12-244A. Plate current for a 
medium triode that is biased for class-A 

operation. 

distortion, the plot of the grid-voltage 
plate-current characteristics of a gen-
eral purpose triode biased for class-A 
operation is shown in Fig. 12-244A. The 
tube selected for this illustration re-
quires a normal bias voltage of minus 
6 volts. This point is indicated on the 
plate curve as the normal operating 
point. 

Operating under the foregoing condi-
tions, if a sine wave is applied to the 
control grid, a sine wave is reproduced 
in the plate circuit. However, this will 

NORMAL 
OPERATING 

POINT 

NEW 
POINT 

OUTPUT 
WAVE FORM 

112 

SIGNAL 
VOLTAGE 

6 0 2 4 6 8 10 
— + 

BIAS VOLTAGE 

Fig. 12-2248. Output waveform distor-
tion caused by overbiasing. 
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Fig. 12-244C. Output waveform distor-
tion caused by underbiasing. 

only hold true if the applied signal 
voltage does not exceed the normal 
operating boundaries. These boundaries 
are the points on the straight portion 
of the curve starting at minus 12 volts 
bias and continuing up to the zero bias 
point. If the signal voltage does not ex-
ceed these limits, a sine wave will be 
reproduced in the plate circuit; hence, 
no distortion of the input signal will 
occur. 
Now consider an amplifier in which 

the bias voltage is incorrect, or too 
large, as shown in Fig. 12-244B. Here 
the negative bias voltage has been in-
creased until the operating point (value 
of plate current) has been shifted down-
ward towards the toe or bend in the 
plate current curve, or to the minus 
12-volt point. Under these conditions, 
if a sine wave is applied to the control 
grid there will be a greater flow of plate 
current for the positive half of the grid 
swing than for the negative half, re-
sulting in an unsymmetrical output 
waveform in the plate circuit. 

If the bias voltage is reduced to a 
value of minus 2 volts, as shown in Fig. 

Fig. 12-244E. A fundamental frequency 
Fi, and its second and third harmonics 

F, and Fa. 
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II 
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o 

Fig. 12-244D. Distortion in a correctly 
biased tube caused by the application 
of too large a signal voltage at the con-

trol grid. 

12-244C, the operating point will be 
shifted upward. Now when the control 
grid swings positive, the amplitude of 
the positive half of the plate-current 
waveform will be less than the negative 
half because of being driven into the 
saturation region of the plate-current 
characteristic. When the control grid 
is driven above the zero point, it will 
draw grid current because the grid is 
now positive with respect to the cath-
ode. This flow of grid current causes a 
voltage drop across the load in the grid 
circuit, and as this voltage is in opposi-
tion to the signal voltage, the amplitude 
of the positive peak of the signal volt-
age is reduced. This region is indicated 
by the dotted line in the positive half of 
the signal voltage at the control grid. 
Conditions as described in the foregoing 
cause strong second harmonics to be 
generated within the tube, distorting 
the output waveform in the plate cir-
cuit. Thus it is apparent the control-
grid bias voltage and the amplitude of 
the applied signal play an important 
part in controlling the distortion in a 
vacuum tube. 
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Fig. 12-244F. Adding the fundamental frequency Fi and the second harmonic F2. of 
Fig. 12-244E produces a new frequency-designated resultant. 

The effect of overdriving the control 
grid by applying too great a signal volt-
age is shown in Fig. 12-244D. In this 
illustration the tube is again biased to 
operate at its normal operating point 
using a minus 6 volts at the control grid. 

For the sake of illustration, the sig-
nal voltage has been increased to a 
point where it drives the control grid 
into the positive region or saturation 
and cutoff, the negative toe of the plate 
current curve. Driving the grid so far 
negative practically cuts off the plate 
current on the negative swings of the 
control grid. This action flattens off the 
negative peak, while the positive peak 
is driven into saturation and flattened 
off. (Saturation is a point where the 
plate current is increased to such pro-
portions that no further output is ob-
tained.) The slightest flattening or dis-
tortion of either the negative or positive 
peak will cause distortion of the output 
waveform producing both even and odd 
order harmonics. 

Harmonics generated in a vacuum 
tube because of overloading is the re-
sult of inherent characteristics of the 
tube. First the plate resistance is not 
always uniform and secondly, the so-
called straight portion of the plate cur-
rent curve is not really straight, but 
has some curvature. The most objec-
tionable harmonics are the second, 
third, fifth, and seventh because they 

are generally of higher amplitude and 
fall in the audible band. 
To further illustrate the generation 

of harmonics within an amplifier, in Fig. 
12-244E are shown three superimposed 
sine waves. F1 is a fundamental fre-
quency, F2 the second harmonic, and FH 
the third harmonic. Adding the second 
harmonic and fundamental frequency 
algebraically (Fig. 12-244F) results in 
a new frequency indicated as the re-
sultant. This new frequency is the same 
as the fundamental except the ampli-
tude of the negative peak has been in-
creased, while the amplitude of the 
positive peak has been reduced. Under 
these conditions the second harmonic 
will predominate, and is similar to a 
condition where the bias is too low. 

The fundamental frequency and the 
second harmonic in a different phase 
relationship are shown in Fig. 12-244G. 
For this condition, the positive or re-
sultant peak has a greater amplitude 
than that of Fig. 12-244F. It is of inter-
est to note that for the condition in Fig. 
12-244G the second harmonic is gener-
ated as if too great a grid bias voltage 
has been used, and is similar to the 
conditions in Fig. 12-244B. 

In Figs. 12-244F and G a horizontal 
line has been added to indicate the 
shifted operating point. This line repre-
sents a dc component caused by self-
rectification within the tube. Self-recti-

OE" '„.-RESULTANT 

/OE 

SHW TED 
OPERATING / 
POINT "•-

o 0 NORMAL 
OPERATING 
POINT 

Fig. 12-244G. Resultant waveform when the operating point has been shifted due 
to self-rectification. 
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fication shifts the operating point on the 
plate curve of the tube, moving either 
upward or downward depending on the 
conditions to which the tube is being 
subjected at the moment. 

The operating point has shifted up-
ward due to the increase of the positive 
half-cycles and the decrease of the 
negative half-cycles in Fig. 12-244G, 
causing the introduction of second har-
monics. When large values of second 
harmonics are present, there is an in-
crease in plate current for an increase 
of signal voltage. In Fig. 12-244F the 
reverse has taken place. 
When the distortion consists of a flat-

tening of only one peak in the output 
waveform, the principal distortion is 
second harmonic. This is accompanied 
with a change in the average plate cur-
rent and is called self-rectification. 

Whenever both peaks are flattened, 
third harmonics predominate and if the 
distortion is considerable, a fourth har-
monic will be generated, particularly 
if the control grid is driven positive. 
When the control grid is driven posi-

tive, grid current will flow and a volt-
age drop is caused by the flow of cur-
rent through the input load impedance, 
which may be a transformer or resistor 
in the grid circuit. This voltage drop 
flattens off the peaks of the input signal 
which is in turn reflected in the output 
waveform, along with the distortion 
caused by driving the tube into satura-
tion. 
When the voltage drop caused by the 

flow of grid current is 20 percent of the 
peak signal voltage, a second harmonic 
of 5 percent will be generated. As a rule 
when second harmonics are generated, 
third harmonic distortion is also gener-
ated at an amplitude approximately the 
same as second harmonic. 

It is important in the design of 
class-B amplifiers (in which grid cur-
rent flows an appreciable part of the 
input cycle), that the input load resist-
ance be small and that the voltage drop 
caused by the load impedance in the 
grid circuit be small, as the voltage 
drop caused by the flow of grid current 
increases the bias voltage at the con-
trol grid, making it more negative than 
normal. This is why an input trans-
former designed to drive a class-B 
stage always has a low resistance sec-
ondary. 
When a triode is overloaded, second-

order harmonics are generated, while 
pentodes generate third-order harmon-
ks. Even-order harmonics may be elim-
inated or reduced to a negligible value 
by the use of push-pull circuits. Odd-
order harmonics generated by pentodes 
may be reduced by the use of push-pull 
circuits and the selection of the proper 
load impedance. 

The addition of negative feedback 
will reduce the odd harmonics to a neg-
ligible value. As a rule a pentode is 
operated into a load impedance %th to 
%th the plate resistance of the tube. 
As the value of the load impedance is 
rather critical for a given harmonic 
distortion, the manufacturer's recom-
mendations relative to load impedance 
and operating voltages should be closely 
adhered to. 

12.245 What are the basic reasons 
for the difference in sound reproduction 
between transistor and vacuum-tube am-
plifiere—The difference in sound re-
production of a transistor amplifier and 
a vacuum-tube amplifier of comparable 
power and frequency characteristics has 
long been a subject of contention be-
tween advocates of the two types of 
amplifiers. 
As most transistor power amplifiers 

employ class-B operation in a push-
pull power-output stage, the greater 
part of the distortion is generated 
within this stage. The disadvantage of 
using class-A output stages with tran-
sistors (single-ended or push-pull) is 
that collector current flows continu-
ously. As a result, transistor dissipation 
is highest when no signal is present. 
Dissipation can be greatly reduced by 
the use of class-B push-pull operation. 
When two transistors are connected 
class-B push-pull, one transistor ampli-
fies half of the signal and the other 
transistor amplifies the other half. 
These half-signals are combined in the 
output circuit to restore the original 
waveform. 

Ideally, transistors used in class-B 
operation should be biased to collector 
cutoff so that no power is dissipated 
under zero-signal conditions. At low 
signal inputs, however, the resulting 
signal would be distorted, because of 
the low forward-current transfer ratio 
of the transistor at very low currents. 
This distortion is termed crossover or 
notch distortion, as discussed in Ques-
tion 12.230. 
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In early designs of transistor ampli-
fiers this type distortion was over-
looked because the amplifiers were 
tested at their maximum power output, 
similar to vacuum-tube amplifiers; thus, 
crossover distortion was missed. Cross-
over distortion has a faculty of generat-
ing high-order odd harmonics, which 
are more annoying than second or third 
harmonics. Such reproduction leads to 
listening fatigue. 

Another very important point is that 
transistors change their characteristics 
with temperature (contrary to the gen-
eral belief); therefore, temperature-
compensating circuits may have to be 
included and means taken to keep the 
amplifier at a reasonable operating 
temperature. Amplifiers are also af-
fected by line voltage changes as dis-
cussed in Question 23.210. Several other 
factors also enter, such as the time-con-
stant of the coupling circuits, and the 
bandwidth of the transistors which has 
a very definite effect on the feedback 
loop and can also induce distortion. 
Many other factors enter into the de-
sign, which are more or less in common 
with vacuum-tube amplifiers. 
One of the features of a transistor 

amplifier is that it will deliver more 
power into a reactive load than appears, 
using a resistive termination, because 
it is a current amplifier. Therefore, the 
harder it is driven, the more current it 
delivers (assuming the load impedance 
is of low impedance). This is one of the 
reasons why transistors in the output 
stage can be easily damaged. 

Transistors adapt themselves easily 
to direct coupling, thus eliminating 
components and phase shift. By the use 
of opposite type transistors (pnp and 
npn), phase inverters are eliminated. 
Also, because of the low impedance of 
transistors, stray capacitance is reduced 
and therefore phase shift at the higher 
frequencies is reduced. These helpful 
factors permit the use of more negative 
feedback, increasing the stability and 
lowering the distortion and noise. To 
summarize, the difference in transistor 
sound has in the past been principally 
because of certain types of distortion 
being overlooked, and other design 
problems. Transistor amplifiers, al-
though basically similar to vacuum-
tube amplifiers, require special treat-
ment in design concept and in testing 
procedures. 

vcc 

OUTPUT 

Fig. 12-246. Bias-voltage network for 
design problem. 

12.246 Describe the procedpre for 
designing a transistor bias network.— 
Assume a bias voltage network for a 
transistor is to be designed, using the 
network configuration in Fig. 12-246, 
for a low-level application operating at 
near-room temperature. The collector-
to-emitter voltage V.., collector supply 
voltage V.., and emitter current I. are 
selected by the designer, using values 
taken from the manufacturer's data 
sheet for small-signal parameters. The 
base current Ib equals I./hr. + the 
voltage at point V. then equals (I. X 
R6) + V. (dc). The base to emitter 
voltage Vb. is approximately 0.2 volt for 
germanium and 0.7 volt for silicon. The 
voltage drop across R6 should be at 
least five times greater than Vb.. The 
current through R3 is chosen to be at 
least five times Lb. Resistor R3 is then 
V./I., and R3 may be computed: 

R3 = 
Is. ± Is 
Vee VIR  

The load resistance R., may be com-
puted: 

V.. ••• IISR6  Yee VCP 
or R6 

Ire 

Several other methods for developing 
bias voltage for transistors are dis-
cussed in Question 11.133. Voltage sta-
bilization using thermistors is discussed 
in Question 11.157. 

12.247 What effect does negative 
feedback have on transistor circuitry?— 
Negative feedback is discussed in some 
length in this section, as applied to vac-
uum-tube circuitry. Negative feedback 
may also be used with transistors for 
equalization and to reduce distortion 
and noise. The feedback voltage can be 
made proportional to the output current 
or voltage, and may be applied to either 
the input voltage or current. If the 
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feedback voltage is proportional to the 
output current, the output impedance 
will be increased. If the feedback volt-
age is proportional to the output volt-
age, the output impedance will be de-
creased. A negative-feedback signal 
applied to the input current decreases 
the input impedance, while a negative 
voltage applied to the input voltage in-
creases the input impedance. If the 
feedback voltage is positive, opposite 
effects take place. As a rule, most of the 
information relative to negative feed-
back for vacuum tubes is applicable to 
transistor circuitry, when care is taken 
to observe the proper signal polarities. 

12.248 Describe a solid-state plug-
in microphone preamplifier.—The Model 
AT240 microphone solid-state pream-
plifier, manufactured by McCurdy 
Radio Industries, Ltd. (Canada) is typi-
cal of high-quality amplifiers designed 
for recording and broadcast use. The 
amplifier employs silicon transistors, 
and because of its low noise character-
istics and wide input dynamic range, it 
will permit input levels of minus 60 
dBm to minus 29 dBm to be used with 
very low distortion. The input imped-
ance is quite high to prevent loading the 
microphone circuit, and its output im-
pedance is low to provide maximum iso-
lation against cross talk, when it is used 
in a mixer console or similar complex 

• • 
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Fig. 12-248A. Model AT240 solid-state 
plug-in preamplifier manufactured by 
McCurdy Radio Industries (Canada). 

system. The mechanical assembly con-
sists of glass-epoxy card design, using 
gold-plated printed circuitry. Because 
of its small physical size, 12 amplifiers 
may be plugged into a mounting tray of 
standard rack dimensions. Its outward 
appearance is shown in Fig. 12-248A. 

Referring to the schematic diagram 
in Fig. 12-248B, the input is coupled 
through matching transformer Ti to the 
base of the common-emitter amplifier 
Ql. This transistor provides a large 
portion of the amplifier gain, while 
presenting a sufficiently high input 
impedance to avoid loading the source 
impedance. The output of Q1 is direct-
coupled to Q2, which operates in 

RI4 
13+136V) 

91 I 

cs 

250 
25V 

750 RI3 150 

t3-0 9 

A r, 010 

Fig. 12-2488. Schematic diagram for McCurdy Radio Industries Ltd. (Canada) 
Model AT240 plug-in solid-state microphone preamplifier. 
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Fig. 12-248C. Distortion characteristics 
AT240 solid-state 

an emitter-follower configuration and 
feeds the output amplifier. The gain-
control circuit comprising potentiom-
eter R4 provides a limited gain ad-
justment of approximately plus or minus 
1 dB, by varying the negative feedback 
to the base of Q1 via Ti. The signal de-
veloped at Q2 emitter is coupled 
through C4 to the base of Q3. Transistor 
Q3 functions as a phase splitter, since 
signals of opposite polarities appear at 
its collector and emitter. The outputs of 
Q3 are direct-coupled to the base of Q4 
and Q5 respectively. Transistors Q4 and 
Q5 form a single-ended push-pull out-
put stage, with the signal at the emitter 
of Q4 in phase with that appearing at 
the collector of Q5. These signals are 
added in the common output circuit and 
the resultant signal is coupled to the 
load resistance through C6. Transistors 
Q3, Q4, and Q5 operate class-A, with 
the dc operating point set by resistors 
R11 and R8. Resistor R11 also provides 
negative feedback from the output to 
the base of Q3 to reduce distortion and 
stabilize the gain. Additional feedback 
is provided by the unbypassed emitter 
resistors R2, R7, R10, and R13. Transis-
tors requiring heat sinks are shown in 
dotted lines. 

Specifications are: Gain is 40 dB 
plus-minus 1 dB; with frequency re-
sponse from 20 to 20,000 Hz, plus-minus 
0.5 dB. Input noise unweighted 10 to 
100,000 Hz, minus 124 dBm, or minus 
127 dBm, 10 to 20,000 Hz (bandwidth 
specified at the minus 3-dB point). 

5000 10,000 20,000 

for McCurdy Radio Industries Ltd (Canada) 
microphone preamplifier. 

Maximum output is plus 20 dBm. 
Source impedance is 37.5 and 150 ohms. 
Input impedance is greater than ten 
times the source impedance. Internal 
output impedance is 25 ohms. The dis-
tortion characteristics are given in Fig. 
12-248C. 

72.249 Describe a solid-state mixer 
(booster) plug-in amplifier.—In Fig. 
12-249A is shown the schematic dia-
gram for the Model AT241 McCurdy 
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Fig. 12-249A. Schematic diagram for 
McCurdy Radio Industries Ltd. (Canada) 
Model AT24I plug-in solid-state mixer 

amplifier. 
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Fig. 12-249B. Distortion characteristics for McCurdy Radio Industries Ltd (Canada) 
AT241 solid-state mixer or booster amplifier. 

Industries Ltd. (Canada) silicon tran-
sistor mixer or booster amplifier. Nor-
mally a mixer or booster amplifier is 
used after the mixer network to com-
pensate for network-insertion loss. The 
amplifier is similar in mechanical con-

struction to the AT240 amplifier, de-
scribed in Question 12-248. 

Referring to the schematic diagram, 
transistors Q1 and Q2 form a direct-
coupled pair, with Q1 operating as a 
common-emitter amplifier, and Q2 op-

erating as an emitter-follower. The in-
put signal is coupled through Cl to the 
base of Ql, where it is amplified and 
direct-coupled to the base of Q2. Tran-

sistor Q2 provides the necessary power 
gain and its low output impedance pro-
vides optimum isolation when working 
into a 600-ohm load. 

Resistors R1 and R2 supply voltage 
feedback to the base of Q1 to set the 
impedance of this stage at 600 ohms. 
Unbypassed emitter resistors R4 and R6 
at Q1 supply negative feedback to re-
duce distortion and stabilize the gain, 
with R5 providing for a small gain ad-
justment. Transformer Ti is normally 
connected in the output; however, its 
position may be reversed and used as 
an input transformer by re-strapping. 

Specifications are: Gain 35 dB, plus-
minus 1 dB. Frequency response 20 to 
20,000 Hz, plus-minus 0.25 dB. Input 
noise unweighted, minus 120 dBm to 
100,000 Hz (bandwidth specified at 
minus 3-dB points). Harmonic distor-
tion is less than 0.2 percent at zero dBm, 

output 20 to 20,000 Hz. Maximum out-
put is plus 10 dBm. Source impedance 
is 600 ohms. Internal input impedance 
is plus-minus 10 percent of source im-
pedance. Internal output impedance is 
50 ohms; with transformer connected 
for 600-ohm load, it is 150 ohms. Load 
impedance is 600 ohms. Distortion char-
acteristics appear in Fig. 12-249B. 

12.250 Describe a transistor moni-
tor amplifier operating class-A.—Many 
times a small monitor amplifier is re-
quired, having an output between 1 and 
10 watts. A monitor amplifier operating 
within this range, using transistors and 
operating class-A, is shown in Fig. 
12-250A. This amplifier manufactured 
by Langevin, may be used as either a 
program or monitor amplifier. Provision 
is made for reducing the power output 
to 1 watt, by removing a single strap 
connection. The Model AM17, to be de-
scribed, is unusual in its design as most 
transistor amplifiers are operated as 
class-AB or class-B. 

Starting at the input, the secondary 
of the input transformer is split and a 
balancing control R10 is inserted for ad-
justing the balance of the output stage, 
which is measured by connecting a 
voltmeter between the emitters of 
transistors Q9 and Q10. Transistors Q1 
to Q6 are voltage amplifiers, with the 
outputs of Q5 and Q6 coupled to Q7 and 
Q8, through diodes DI and D2. The 
purpose of these diodes is to prevent 
the output stage from drawing exces-
sive current. With the output stage bal-
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anced, there is no appreciable current 
change in Q9 and Q10 with a change of 
signal level, which is normal for a 
proper class-A amplifier stage. (See 
Question 12226.) Choke Li and capaci-
tor C7 comprise an interference filter 
which attenuates any rf interference 
that may be picked up on the incoming 
de power-supply connections. It will 

4 CO 0  

001.. 

also remove video vertical-sync pulses 
when used around video equipment. 

With the amplifier strapped for 1-
watt operation, plus 30 dBm, the cur-
rent demand is about 1 ampere, and for 
8 watts (plus 39 dBm), it is 2 amperes. 
The lower power connection is used 
when it is operated as a program ampli-
fier. All transistors are silicon. The fre-
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Fig. 12-250A. Langevin Model AMU transistor power amplifier. 
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Fig. 12-250B. Langevin Model AM17 

transistor class-A power amplifier. 

quency response is plus-minus 0.5 dB, 
20 to 20,000 Hz, with a gain of 57 dB. 
Harmonic distortion is 1 percent at plus 
24-dBm output. Equivalent noise is 
minus 115 dBm. The appearance of the 

complete device is pictured in Fig. 
12-250B. A separate power supply is re-
quired. Four of the units shown may be 
plugged into a supporting tray. 

12.25 1 Describe the basic principles 
of a transistor complementary-symmetry 
amplifier operating class-D.—Due to the 
nature of the pnp and npn transistors, 
they may be connected to have all the 
benefits of the conventional push-pull 
amplifier circuit, without the need of a 
phase-inverter stage, driving trans-
former, or output transformer. The 
basic circuit for this type amplifier is 
shown in Fig. 12-251A. Input-coupling 
capacitor C charges through one tran-
sistor during the positive half-cycle of 
the input signal, and discharges through 
the other transistor during the negative 
half-cycle of the input signal. This ac-
tion eliminates the need for discharge 
diodes with capacitance coupling, as 
required in conventional transistor 
class-B push-pull amplifiers. 

The circuit of Fig. 12-251A shows 
two transistors connected in a comple-
mentary-symmetry circuit. Transistor 
Q1 is an npn type and Q2 is a pnp type. 
If a negative-going input signal is ap-

_L 

Fig. 12-251A. Basic circuit for a com-
plementary-symmetry transistor ampli-

fier operating with zero bias. 

R2 

(02) 

4 

°OFF 

Fig. 12-251B. Simplified circuit of a 

transistor complementary-symmetry am-
plifier. 

plied to capacitor C, transistor Q1 is 
forward biased and it conducts. With a 
positive-going signal, Q2 is caused to 

conduct. As one transistor is conducting, 
the other is nonconducting. The result-
ing action in the output circuit may be 
better understood by referring to Fig. 
12-251B. The external emitter-collector 
circuit of transistor Q1 is represented 
by variable resistor R1 and that of Q2 
by resistor R2. 

With no input signal and the ampli-
fier biased for class-B operation (zero 
emitter-base bias), the variable arms of 
the resistors can be considered to be in 
the off position. As the arm of R2 moves 
toward point 3, current passes through 
the series circuit consisting of battery 
Vey:, resistors RL and R2. The amount of 
current flow depends on the magnitude 
of the incoming signal, the variable arm 
moving towards point 3 for increasing 
forward bias, and toward point 4 for 
decreasing the bias. Current flowing in 
the direction of the arrows produces 
voltages with the indicated polarities. 
When the input signal goes negative 

Q1 conducts and Q2 becomes noncon-
ductive. The same action is repeated as 
for resistor Rl. Current flows through 
Vein, resistor R1, and load resistor RL 
in the direction shown by the solid line 
arrow and produces a voltage across RL 
with the indicated polarities. 

12.252 Describe a complementary-
symmetry transistor amplifier operating 

class-A.—To operate a complementary-
symmetry amplifier class-A, a forward 
bias voltage is applied to both transis-
tors, so the collector current is not cut 
off at any time. Referring to Fig. 
12-251B, under class-A operation the 
variable resistors will not be in the off 
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position at any time. The de bias cur-
rent in the output flows out of the neg-
ative battery terminal We:, into the 
positive terminal of battery \Ten 
through resistors R1 and R2, and into 
the positive terminal of battery VCC2. No 
current flows through the load resistor 
RI,. Under these conditions the output 
circuit may be considered to be that of 
a balanced bridge, consisting of resis-
tors R1, R2 and batteries \reel and VCC2. 
With a positive-going input signal, 
transistor Q2 conducts more, and Q1 
conducts less. 

In the simplified circuit of Fig. 
12-251B the ann of resistor R1 moves 
toward point 1, and that of resistor R2 
moves toward point 3. This results in an 
unbalanced bridge condition and elec-
trons flow through resistor RL, in the 
direction of the dashed-line arrows, 
producing the indicated polarities. With 
a negative-going input signal, transistor 
Q1 conducts more and Q2 conducts less. 
The variable arm of R1 moves to point 
2, and that of R2 moves toward point 4. 
Again the bridge is unbalanced, and 
electrons flow through RI, in the direc-
tion of the solid-line arrows, producing 
voltage with the indicated polarities. 
For either class-A or -B operation there 
is no direct current flow through load 
resistor Rt.; therefore, a loudspeaker 
voice-coil winding may be directly con-
nected in place of load resistor RL. 

/2.253 Describe a direct-coupled 
complementary-symmetry amplifier.—A 
common-emitter complementary sym-
metry circuit is shown in Fig. 12-253A. 
In this circuit, transistors Q3 and Q4 
are driven directly by another com-
mon-emitter complementary-symmetry 
stage, Q1 and Q2. The signal for Q1 and 
Q2 is taken from a single-ended stage. 
When the input goes positive, Q1 con-

Fig. 12-253A. Common-emitter direct-
coupled complementary-symmetry am-

plifier. 

Fig. 12-2538. Common-collector direct-
coupled complementary-symmetry am-

plifier. 

ducts and Q2 is nonconductive because 
of the 180-degree phase reversal in the 
common-emitter configuration, the col-
lector of Q1 goes negative which causes 
Q3 to conduct, and Q3 collector goes 
positive. With a negative input signal, 
Q2 conducts and its collector goes pos-
itive, which causes Q4 to conduct and 
its collector to go negative. Transistors 
Q1 and Q3 are nonconductive during 
this period. Battery VEE1 supplies the 
required biasing for Q1 and Q3, and 
battery VEE, biases Q2 and Q4. The 
emitter-base junction of Q3 is in series 
with the collector-emitter circuit of Q1 
and battery \rem. As a result the emit-
ter of Q3 is positive with respect to its 
base (forward bias) and the collector of 
Q1 is positive with respect to its emit-
ter as is required for electron flow. A 
similar arrangement exists for Q2, Q4, 
and battery VEX!. 
A common-collector configuration is 

shown in Fig. 12-253B. As for a single 
transistor, maximum voltage, current, 
and power gain are obtained with the 
common-emitter connection; however, 
its input resistance is low. The com-
mon-collector configuration will pro-
vide higher input resistance with less 
current, voltage, and power gain. 

12.254 What is a compound-con-
nected transistor amplified—By the use 
of a compound configuration, the drop-
off of collector current or the reduction 
in audio feedback at higher emitter 
currents can be made negligible. Fig. 
12-254A shows a variation of collector 
currents versus emitter current for a 
single transistor, and two transistors in 
a compound configuration. Compound-
connected transistors can be single-
ended, push-pull, or in a complemen-
tary-symmetry configuration; the latter 
circuit appears in Fig. 12-254B. This 



AUDIO AMPLIFIERS 629 

C
O
L
L
E
C
T
O
R
 C
U
R
R
E
N
T
 (
m
A
)
 

1000 

BOO 

600 

400 

200 

COMPOUND 
CONNECTED 

SINGLE 
TRANSISTOR 

0 200 400 600 800 1000 
EMITTER CURRENT (mA) 

Ng. 12-254A. Variation of collector cur-
rent with emitter current for a single 
transistor and for compound-connected 

transistors. 

circuit is somewhat similar to that of 
Fig. 12-253A. Transistor Q1 is replaced 
by the compound connection of Q1A 
and Q1B. The gain for such a configura-
tion is greater than that of the comple-
mentary-symmetry configuration. Such 
circuits are used in power-amplifier 
output stages. 

12.255 Describe an 80-watt transis-
tor power amplifier, using a half-bridge 
output stage.—The basic design for a 
half-bridge push-pull power amplifier 
given in (a) of Fig. 12-255 is capable 
of developing 80 watts of audio power, 
with less than 2.0-percent total har-
monic distortion (TU])) up to full out-
put. The general form is that of a two-
stage transformer-coupled half-bridge 
push-pull output circuit, direct-coupled 
to an 8-ohm load. This arrangement 
allows considerable design latitude in 
achieving high sensitivity and high val-

Fig. 12-254B. Compound - connected 
transistors in o complementary-sym-

metry configuration. 

ues of negative feedback, with the least 
number of active components, as com-
pared to the symmetry approach. In ad-
dition, the circuit is thermally stable 
relative to the bias for the output tran-
sistors. The use of a driver transformer 
presents no particular problems, as the 
design is quite simple. 

The output circuit is of standard 
half-bridge configuration, which drives 
the load directly from a balanced plus-
minus power supply. Because of the 
balanced power supply, there is only a 
negligible de component across the load, 
caused by bias-voltage tolerances. This 
de component and the ac ripple accom-
panying it are easily nulled out by 
small bias pots, if desired. The bias net-
work itself is a stable voltage divider 
which presents a fixed voltage to the 
base of each power transistor to allow 
an idling current determined by the in-
herent transconductance characteristics 
of the device. The 0.47-ohm emitter 
resistor provides a small amount of de-
generation, enhances the stiff bias volt-
age to present a thermally stable cir-
cuit, and offers a small amount of local 
ac feedback. The output circuit em-
ploys the driver-transformer secondary 
de resistance as a part of the bias net-
work, since it can be held to tighter 
tolerance than a separate resistor. This 
arrangement minimizes the total drive 
voltage required from the transformer 
secondary so that the emitter diode 
of the power transistor is avalanched 
only a minute amount. 

Shunt-bias networks are only practi-
cable when the output transistors are 
driven from the low-impedance source 
(as reflected through the transformer) 
to minimize the effects of the shunt 
negative-voltage feedback loop, which 
degrades the input impedance and in-
creases the required driving power. Ex-
tensive tests have indicated this type 
voltage drive optimizes the basic lin-
earity throughout the whole bandwidth 
and extends the frequency range of the 
output circuit. The low source impe-
dance provides a constant voltage to 
the output transistors, as their input 
impedance changes with load and fre-
quency. This permits a low distortion 
gain through the exceptionally linear 
transconductance characteristic. 
The driver section consists of two 

common-emitter stages, direct-coupled 
and feedback-biased for maximum sta-
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Fig. 12-255. Schematic circuits for 100-watt half-bridge transistor power amplifier. 

(Courtesy, Delco Radio Division ) 

bility. The dc feedback bias is derived 

from the emitter of Q2 and applied 
back to the input of Ql. This provides 
good thermal stability and compensates 
for dc parameter variations between the 
two transistors. About 16 dB of ac nega-
tive feedback is derived from the col-
lector of Q2 to reduce the output impe-
dance of the driver stage, thereby 
providing a low-impedance (voltage) 
source to drive the output stage. 

The driver transformer is of split-
primary design, using grain-oriented 
steel core material. The split-primary 
is bifilar wound and permits a high de-
gree of coefficiency between the pri-
mary and secondary, resulting in a flat 
frequency response throughout the au-
dio spectrum, and rolling-off in a fre-
quency range most beneficial to the 
total gain-phase behavior of the com-
posite amplifier. This favors maximum 
driver efficiency. (See Question 8.109.) 

A 6:1 turns ratio was chosen, for the 
driver transformer (Goslin Corp. TAD 
3257) so that a large drive voltage 
swing from a low current signal device 
would drive the DTG 110A's (Delco) 
output transistors to full output. The 
GED28A13 transistor is quite satisfac-
tory for this purpose when mounted on 
a 1" X 1" X %e" aluminum plate insu-
lated from the chassis. The circuit 
shown provides exceptional sensitivity 
for the rated output of 80 watts, with 
34 dB of total negative feedback. This is 
achieved by staggering the frequency-
response characteristics of the silicon 
planar transistors Q1 and Q2, the low 
impedance of the driver transformer, 
and the DTG 110A output transis-
tors. 

The power supply is capacitor fil-
tered, which provides sufficient regula-
tion for full continuous output of two 
80-watt amplifiers. A simple feedback 
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regulator Q5 and Q6 provides the driver 
bias supply with very low ripple con-

tent for optimum noise and power-
supply feedback rejection. 

The amplifier will deliver up to 80 
watts to an 8-ohm load from an input 
signal of 0.10 volt from an input ůnpe-
dance of 10,000 ohms, or driven from a 
1-volt source with a 100,000-ohni input 
impedance. Bandwidth is plus or minus 
1 dB, 20 to 20,000 Hz at 1 to 20 watts 
output. Total harmonic distortion is less 
than 2 percent at 1 kHz up to full out-
put. Intermodulation distortion is less 
than 2 percent up to full output, using 
60 and 6000 Hz in a 4:1 ratio. Signal-to-
noise ratio (thermal) is 80 dB below 
rated output. Internal output impedance 
is 0.5 ohm and rise time is 10 microsec-
onds to full output. 

The output transistors must be 
mounted on heat sinks with at least 165 
square inches of surface, with mica 
washers using silicon oil, or mounted 
directly on the heat sinks, then insulat-
ing the heat sink from the chassis for 
greater dissipation of heat. When mak-
ing square-wave tests, the waveform at 
the output can be improved (if neces-
sary) by trimming the 390- and 820-pF 
capacitors. The output may be reduced 
to 50 watts by reducing the operating 
voltage to 35 volts, rather than the 50 
volts called for. This will require 
changing the values of the 750-ohm re-
sistors in the output stage to 550 ohms 
each. 

12.256 Describe a 200-watt stereo-
phonic transistor amplifier, using the 
Sharma circuit.—The attainment of high 
power output in transistor amplifiers is 
rather difficult and has been the subject 
of much research. An interesting circuit 
has been developed by Madan M. 
Sharma, of Mattes Electronics Inc., 
using a double class-B or totem-pole 
output-stage configuration (Fig. 12-
256A). It has been found that the pres-

ence of bias voltage in the output stage 
does not entirely eliminate notch dis-
tortion common to class-B amplifiers, 
and imposes limitations on the driver 
stage. Therefore, the power-output 
stage of the Sharma circuit does not use 
bias voltage. Referring to Fig. 12-256B, 
the basic circuit, the output stage em-
ploys simulated negative-impedance 
characteristics driven by a low-power, 
low-distortion driver amplifier, which 
is basic in design. 

The low output of the driver stage 
stabilizes the power stage and provides 

the drive signal. Near the zero crossing, 
when the power transistors are below 
the threshold of conduction, the output 
load is driven entirely by the driver 
stage. When the signal rises, the parallel 
combination of the load impedance and 
the negative output impedance of the 
power stage appears across the output 
of the driver as a very high impedance. 
The driver stage drives the load when 
the signal is low, but drives a high im-
pedance when the signal level is high. 
In either condition, the driver stage is 
required to supply only a small amount 
of power. 
To achieve maximum power output, 

this circuit was modified (Fig. 12-256C) 
to use two latching diodes, DI and D2, 
and resistors R1 and R2. The combina-

tion is called a latching circuit and 
disconnects the power stage from the 

output of the driver stage when the in-
stantaneous voltage across the output 
terminals is greater in magnitude than 
the driver power-supply voltage. This 
action isolates the two amplifiers when 
isolation is required, yet permits the 
system to operate as a basic circuit dur-
ing the balance of the time. At low lev-
els, the drive is connected to the output 
terminals through latching diodes D1 
and D2, permitting de feedback to 
stabilize the de output at the output 
terminals. High-level signals are trans-
former-coupled, offering the best im-

pedance match between the driver and 
the output transistors. Using separate 
power supplies, the power stage may be 
operated at any voltage. 

The driver stage also supplies power. 
The proportion of power delivered by 
the two amplifier stages depends on the 
signal level. The two amplifiers continue 
to drive the load collectively until a sig-
nal level is reached when the power 
amplifier supplies the power_ At this 
point, the driver stage supplies no 
power but acts as a control. signal. At 
the higher levels, when the power 
transistors are supplying all the output 
power, they tend to drive themselves 
through the driver transformer. Since 
the driver stage presents a low output 
impedance (lower than the impedance 
of the power stage), the excess current 
which would have caused oscillation re-
turns to ground through the driver 
stage. When the output is larger than 
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Fig. 12-256A. Schematic diagram for Mattes Electronics, Inc. 

the supply voltage of the driver, the 

latching diode stops conduction. This 
isolates the two amplifiers. Now the 
signal flow is maintained through the 
driver transformer only, and the ampli-
fier operates like any transformer-cou-
pled amplifier. Because of the negative 
feedback, transients between the dif-
ferent modes are smoothed out and 
linearity established throughout. 

The complete circuit with its voltage 

amplifier stages is shown in the overall 
schematic diagram in Fig. 12-256A. It 
will be observed a driver amplifier lim-
iter has also been included. The two 
amplifiers are each capable of develop-
ing 100 watts of continuous power into 
a load of either 4 or 8 ohms. For a load 
of 16 ohms, the maximum power output 
drops to 60 watts per channel. The in-
termodulation distortion, working into 
4 or 8 ohms is 0.07 percent, using the 
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200-watt stereophonic transistor amplifier using the Sharma circuit. 

SMPTE test method as set forth in Sec-
tion 23. The harmonic distortion is 0.5 
percent maximum at 100 watts. Fre-

quency response is plus-minus 0.5 dB, 
15 to 30,000 Hz. Damping factor is 250, 
with an effective internal output impe-
dance of 0.04 ohm. Hum and noise are 
90 dB below the rated output, or 1 mil-
livolt. One of the important features of 
the Sharma circuit is that the output 
terminals may be operated with a direct 

short circuit without damaging the out-

put transistors. Also, because of the de-
sign capacitive loads of 0.5 microfarad 
may be driven; however, maximum 
power output cannot be achieved. 

To summarize, at very low signal 
levels, the power transistors are below 
the threshold of conduction, the driving 
power being supplied by the driver 
stage. As the signal level is increased, 
the power transistors begin to conduct 
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and supply power to the external load 
circuit. 

The output stage has an efficiency of 
78 percent, the theoretical maximum for 
a class-B amplifier. The driver trans-
former has a turns ratio of 3:1, using 
pentafilar windings of low de resistance. 
The output transistors are rated 15 am-
peres collector current. If a lower rating 
is used, it is possible for them to be 
damaged, if the output terminals should 
become short-circuited. Balanced com-
ponent values are not necessary, stan-
dard 10-percent resistors are quite sat-
isfactory. 

NPR 

DRIVE AMP 

+45V 

OUTPUT 
STAGE 

TR• 3,1 

-45V 

Fig. 12-256B. Basic circuit of Sharma 
circuit used in the Mattes Electronics, 
Inc. stereophonic solid-state amplifier. 

Because of the 100-watt output capa-
bilities of the amplifier, a test switch 
has been incorporated to decrease the 
power output to about 12 watts when 
setting up for testing. The 10-micro-
henry chokes and the capacitors in the 
output circuit constitute a low-pass fil-
ter which removes very high frequency 
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RI 
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components from the iignal, that are 
not entirely eliminated by the feedback 
circuit due to transient-time effects 
present in all power transistors. The 
cutoff frequency is high enough to not 
affect the response of the amplifier as a 
whole. Suggested specifications for the 
driver transformer are given in Ques-
tion 8.109. 

Connected across the output of each 
power transistor stage is a protective 
circuit consisting of 5 transistors and 
5 diodes. It is a fact, but not generalized, 
that the internal input impedance of a 
loudspeaker system at the very low fre-
quencies may present a dead short cir-
cuit to the output power transistors. 
If they are not adequately protected in-
stant failure is the result. 

With the protective circuitry shown 
at the lower right of Fig. 12-256A, the 
output transistors of each channel are 
protected against changes in phase 
angle (caused by the speaker charac-
teristics), and against a short circuit 
across the output. If the built-in limits 
set by the manufacturer are exceeded 
even by a partial short circuit, the am-
plifier will cease operating instantly, 
then sample the load impedance every 
second for a few milliseconds duration 
to determine if the amplifier load im-
pedance has returned to normal. 

It will be noted that the actuating 
signal is taken from across a 0.15-ohm 
resistor connected in series with the 
output line, at points A and B in the 
left channel and C and D in the right 
channel. The outputs of the protective 
circuits are returned to the driver stage 
at points X and Y. Thus for a malfunc-
tion in the output circuit, the driver 
circuits instantly become inoperative, 

+45 

OUTPUT STAGE 

TR-3,1 

Fig. 12-256C. Modification to basic circuit of Fig. 12-256B used in the Mattes 
Electronics, Inc. stereophonic solid-state amplifier. 
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Fig. 12-257A. 15-watt Williamson ultralinear amplifier used in FET conversion. 
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and damage to the output transistors is 
prevented. The operation of the sensing 
control circuit produces a characteristic 
sound in the speaker system, warning 
the listener of difficulties in the output 
circuit. When trouble has been cleared, 
the amplifier returns to normal opera-
tion. (See Question 20.138.) 

12.257 Can a field-effect transistor 
(FET) be directly substituted for vacuum 
tubes in an amplifier?—Yes, under cer-
tain conditions and if they are used 

_ •-OEVNA,--e-s- NE B 
22K 

only for voltage-amplifier stages. Con-
siderable work in this direction has 
been done by Rheinfelder. All tubes, 
except the power output stage were re-
placed, and only a slight modification 
to the power supply circuitry was made 
to reduce the voltage. The output stage 
of a typical 15-watt Williamson ultra-
linear amplifier is shown in Fig. 
12-257A, with its conversion in the 
voltage stages to FET's shown in Fig. 
12-257B. After conversion, measure-

+160 

II 7 VAC 

_ 

Fig. 12-2578. 15-watt Williamson ultralinear amplifier voltage 
splitter after conversion to FET's. 

stage and phase-



636 THE AUDIO CYCLOPEDIA 

ments indicated the same overall gain, 
improved frequency response, lower 
hum and noise for over a 10-percent 
increase in power output for 1-percent 
distortion. The rectifier tube in the 
power supply was replaced with two 
diode rectifiers, and the voltage was 
dropped by the use of a 150,000-ohm re-
sistor in the high-voltage lead to the 
voltage amplifier stages, rather than the 
22,000-ohm resistor in the original cir-
cuit. The FET's were soldered directly 
to the tube sockets. The original values 
of the components in the negative-feed-
back Joop were retained. (See Ques-
tions 12.128 and 12.232.) 

12.258 Describe a source follower, 
using a field-effect transistor (FET).— 
A source follower is quite similar in 
nature to the cathode-follower circuit 
used with vacuum tubes. In the circuit 
of Fig. 12-258A, the output voltage is 
taken from the source element and fol-
lows the input (gate) due to the action 
of the negative series-voltage feedback, 
because the output voltage is applied 
in series with the input signal voltage. 
Therefore, the gain is: 

A  
A' — 

(1+A) 
where, 
A is the gain before feedback, 
A' is the gain with feedback. 

The input impedance (It%) with feed-
back is derived: 

Ri.  
R.In 

1 — A' 
where, 

rig. is the input impedance without 
feedback, 

A' is the voltage gain of the source 
follower. 

The output impedance may be approxi-
mated: 

1 
R.= 

where, 
G. equals the effective circuit trans-
conductance. 

A typical example: A gain of (A) 
equal to 70 results in a net gain of 0.985, 
with feedback, and an impedance multi-
plying factor of 666 (666 megohms with 
a gate impedance of 10 megohms). Un-
der these conditions, the output imped-
ance is 1000 ohms, depending on the 
type FET employed. The output capa-
bilities for a source follower are identi-

D 

INPUT 

.05i, 

3K 

mire 50pF 

100K 

+120V 

120V 

Fig. 12-258A. Field-effect transistor 
(FET) source follower. Signal polarities 
are given to indicate the phase reversals 

between input and output signals. 

cal to a conventional source amplifier 
stage; however, the distortion below 
overload is considerably better because 
of the negative feedback. The source 
follower finds its greatest use where an 
extremely high input impedance is re-
quired, with a low output impedance. 
It should be operated into a load im-
pedance of 100,000 ohms minimum, and 
from a source impedance higher than 
the input resistance, before the feed-
back was applied (10 megohms). 
Optimum performance is obtained 

with the source element set to 65 per-
cent of the voltage applied to the drain, 
which may be obtained for the circuit 
shown, using the specified FET, with a 
3000-ohm resistor in the source circuit. 
This resistor may be left bypassed as 
little effect is noted with it unbypassed. 
The frequency response of the follower 
circuit shown is down 3 dB at 290 kHz, 
using a source resistance of 100,000 
ohms, and with a total capacitance of 
5.3 pF at the input, including the socket. 
The optimum gate voltage for a 

source follower is close to one-half the 
supply voltage, the same as for the con-
ventional source amplifier. A direct-

Fig. 12-258B. Direct-coupled field-effect 
transistors (FET) signal polarities are 
given to show the phase reversals be-

tween the input and output signals. 
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DNL I. 8A 

0 

INPUT 

+120V 

47K 

e 
D .05pF 

I-0 e 
.05 pr 

3K 

47K 

120V 

Fig. 12-259A. Phase-splitter circuit 
using a single FET (after Rheinfelder). 

coupled source follower is shown in 
Fig. 12-258B. The characteristics for 
several different values and source re-
sistance are given below. 

Drain Source 3-dB 
resist- resist- band-
ance - anee Gain width 

100K 6.8K 35.6 dB 30 kHz 
220K 15K 39.0 dB 23 kHz 
470K 39K 41.2 dB 15 kHz 

The above values are for a Dickson 
DNL 3.9A FET. (See Question 11.145.) 

12.259 Describe a phase-splitter cir-
cuit using a field-effect transistor (PET). 
—The FET phase splitter performs the 

same function as its vacuum-tube 
counterpart. The circuit shown in Fig. 
12-259A is an adaptation of the source 
follower shown in Fig. 12-258A. Resis-
tors of 47K in both the drain and the 
source were found to be quite satisfac-
tory, regardless of the supply voltage. 
As the signal is split at the output, only 
half the input voltage is available at 

INPUT 

R3 

637 

+120V 
47K 

1-0 e 
05pF 

(—° e 
.05pF 

47K 

120V 

NEGATIVE FEEDBACK 

Fig. 12-25913. Direct-coupled phase 

splitter using two FET's (after Rhein-
(elder). 

each output; however, the feedback is 
nearly as effective in reducing distor-
tion as in the source follower. Greater 
output may be obtained by increasing 
the supply voltage until the breakdown 
is reached. In this manner, sufficient 
signal-output voltage may be obtained 
to drive a pair of EL 34 tubes in push-
pull to 100-watts output, with only 23.4 
volts for each grid. An FET operating 
with 160 volts can easily supply this 
voltage with less than 1-percent distor-
tion. 
A direct-coupled phase splitter is 

shown in Fig. 12-259B, and a source-
coupled phase inverter is shown in Fig. 
12-259C. Signal polarities have been in-
dicated to show how phase-splitting 
and inversion is obtained. Referring to 
Fig. 12-259B, in this circuit the biasing 
is adjusted in favor of the phase split-
ter. As a rule, optimum performance is 
achieved with the drain-to-source volt-
age at 45 percent of the supply voltage; 
the gate voltage should run about plus 
33 volts dc. The optimum drain voltage 

DNL3.9A 

INPUT 

.05pF 

I MEG 

-1 
25 • 25 

75K 7.5K 

100K 

 0 +120V 

IMEG 

1 0 120V 

Fig. 12-259C. Source phase inverter using two FET's (after Rheinfelder). 
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for the first stage is plus 55 volts dc. 
Therefore, improved performance may 
be obtained by lowering the supply 
voltage at the first stage by the inser-
tion of resistor R3 and capacitor Cl. 

These components also aid in decou-
piing the two stages. Lowest distortion 
is obtained when resistor RI equals 
2100 ohms unbypassed, and R2 is 100,000 
ohms. The distortion for these values is 
0.97 percent, with an output signal volt-
age of 15 volts each side, and a gain of 
20 dB. It should be realized that the 
distortion figures for this and other cir-
cuits are those without the benefit of 
negative feedback, which would be nor-
mally used in a high-quality amplifier. 
Changing the value of R1 to 7500 ohms, 
R2 to 220,000 ohms, and with R3 at zero 
ohms, and the supply voltage at 200 
volts, the signal voltage on each side for 
1-percent distortion is 23 volts. Increas-
ing the input sufficiently to obtain 30 
volts at the output results in a distor-
tion of 3.4 percent, with a gain of 43 dB. 
If negative-feedback is used, it is ap-
plied to the top of R1, which is not by-
passed. (See Question 11.145.) 

SWAMPING 
RESISTOR 

Fig. 12-260. Configuration of o swamp-
ing resistor connected in the emitter 

circuit of a transistor. 

12.260 Describe a swamping resis-
tor.—This term is used with resistors 
employed for several different purposes. 
One of the most common uses of such 
resistors is its connection in the emitter 
circuit of a transistor (Fig. 12-260). The 
base-emitter junction generally has a 
negative temperature coefficient; that is, 
the resistance decreases with the in-
crease of temperature, permitting leak-
age currents to increase. Typically, the 
V.. will rise about 2.5 millivolts per 
degree centigrade, forward biasing the 
transistor, with the possibility of caus-
ing thermal runaway. If the swamping 
resistor is large in comparison to the 
emitter-base junction resistance, it will 
effectively swamp out the negative-re-

sistance effect. This resistor is generally 
referred to as an emitter resistance, and 
for the average small transistor equals 
about 200 ohms. 

12.261 Describe the construction of 
an integrated circuit element. —Inte-

grated circuitry is a technology devel-
oped over the past decade by several 
companies whereby a single tiny mod-
ule can contain several transistors, di-
odes, and passive elements on a single 
substrate. The most striking property is 
their microscopic size. A single module 
may contain up to 10 to 20 transistors 
and 40 to 60 resistors on a single piece 
of silicon %c, to 1/40-inch square. Arrays 
of resistors and capacitors are created 
in the form of thin-film. 
The fundamental requirement of an 

integrated circuit is that its components 
be processed simultaneously. By the 
use of sophisticated thin-film tech-
niques, active as well as passive com-
ponents are formed. However, most 
integrated circuits are not based on 
thin-film techniques. Silicon planar 
techniques similar to the manufacture 
of transistors are used. 
A typical integrated circuit is shown 

in Fig. 12-261A. The circuit for a typical 
element is given in Fig. 12-261B. 
Employing conventional construction 
methods, this circuitry would require 
very many external connections. As 
shown here, the external connections 
are reduced to 10. In addition to the 
tremendous reduction in size, the oper-
ating characteristics are greatly im-
proved. 

The basic procedure for the manu-
facture of an integrated circuit is given 
in Figs. 12-261C to I. The process is 
started by diffusing two n-type crystals 
in a single uniform crystal of p-type 
characteristics (Fig. 12-261C) from a 
uniform p-type crystal (Fig. 12-261D), 
using the masking properties of silicon 
and photochemical techniques with the 
control of time and temperature. In this 
manner isolated nodes are achieved. 
Diodes are thus formed by the p-type 
substrate and n-type nodes. Transistors 
are formed by the addition of p-type 
and n-type regions (Fig. 12-261E). The 
silicon wafer is then coated with an in-
sulating oxide layer, and the oxide 
opened to permit the metalization and 
interconnections (Fig. 12-261F). 

Resistors are formed by omitting the 
n-type emitter diffusion and two con-
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Fig. 12-261A. A typical hybrid IC circuit, used as an fin sound system module. 
(Courtesy, Texas Instruments, Inc.) 

tacts are made to a p-type region (Fig. 
12-261G). For capacitors, the oxide is 
used for the dielectric (Fig. 12-261H). 
A typical combination of three different 
elements is shown on a single wafer 
(Fig. 12-2611). 
By employing the above mentioned 

techniques for the formation of an in-
tegrated circuit, the circuit elements 
thus formed are similar to discrete ele-
ments. However, integrated resistors 
are quite different from those of dis-
crete design, as these are normally 
manufactured to a standard form factor, 
with the value of resistance obtained 
by a variation in the resistive material. 
In the design of integrated circuits the 

I-F 
INPUT 

VCCr 18V 

value of the semiconductor resistor de-
pends on its geometry. Large values of 
resistance are long and narrow 
whereas small values are short and 
squat. 

The value of a capacitor is equal to 
the product of its area, the ratio of the 
dielectric constant of the diffused ma-
terial, and the thickness of the oxide. 
In practice, the area is kept constant 
and the capacitance varied directly with 
the area. 
An important factor in the design of 

semiconductor resistors is operating 
temperature, making it rather difficult to 
achieve a close tolerance. Therefore, the 
ratios of the photolithographic masks 

I-F DETECTOR AUDIO 
OUTPUT INPUT INPUT INPUT 

GROUND 

I-F OUTPUT 

GROUND 

AUDIO 
AMPLIFIER 

FM DETECTOR 

HIGH-LEVEL 
AUDIO 
OUTPUT 

LOW-LEVEL 
AUDIO 
OUTPUT 

HC 1001 CIRCUIT SCHEMAT IC 

Fig. 12-2618. Interior circuit of IC module shown in Fig. 12-261A. 
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121 Hs 
Fig. 12-261C. Diffusion 
of n-type areas in order 
to provide isolated cir-

cuit nodes. 

UNIFORM SINGLE 
CRYSTAL 

Fig. 12-261D. Starting 
material for an inte-
grated circuit, using a 

silicon wafer. 

used in the manufacture are closely 
controlled. 

Where several transistors are in-
cluded on the same chip, they have a 
number of operating advantages over 
that of the discrete unit design. Because 
of their proximity, they receive almost 
identical processing, are closely 
matched and because of the close spac-
ing, suffer from minimum temperature 
differences. Thus a close match is pos-
sible over a wide range of operating 
temperatures. In addition, many more 
transistors can be included in a given 
area with their circuit elements than 
could be with the discrete element 
design. 

12.262 Describe a magnetic ampli-
fier and its purpose.—Magnetic ampli-
fiers are used in servomechanisms for 
the control of electromechanical de-
vices. They are also known as direct-
current transformers, current trans-
formers, saturable reactors, and ampli-
stats. Such amplifiers consist of one or 
more saturable reactors, the controlling 

BE 

JI 
N 

N N 

N 

R 
o o 

Fig. 12-2611. Completed integrated 
chip, containing a transistor, resistor, 

and capacitor. 

C B E CB E C BE 

I J  

N 

N 
LJ 

Fig. 12-261E. P-type and 
n-type regions to form 

transistors. 

voltage being from a dc source. Mag-
netic amplifiers can be designed to de-
liver almost any amount of power in 
the 60 to 400 Hz range. 

Magnetic amplifiers can also be de-
signed to operate at radio frequencies; 
however, their frequency range is lim-
ited by the transformers and rectifier 
elements. 

DC 
CONT 

LOAD 

AC 

(a) Ac output, dc control voltage. 

LOAD 

(b) Rectified ac output controlled by dc. 

Fig. 12-262. Magnetic amplifiers. 

Time-constants play a large part in 
the design of magnetic amplifiers. To 
reduce the time-constant to a minimum, 
large amounts of both negative and 
positive feedback are employed. To in-
crease the gain several stages may be 
cascaded, the total gain being that of 
the individual stages. In such systems a 
gain of one million is not uncommon; 
however, a low time-constant can only 

J  

Fig. 12-261F. Metalized Fig. 12-261G. Contact 
contacts for transistors. connection to p-type re-

gion to form integrated 
resistor. 

C BE 

J1 

N 
N 

Fig. 12-261H. Diode used 
as a dielectric to form 
an integrated capacitor. 
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be achieved with low gain. Typical cir-
cuits are shown in Fig. 12-262. 

12.263 Describe a three-terminal 
amplifier.—It is a European expression 
to denote a stereophonic amplifier 
where two amplifiers are combined on 
a common chassis. As there are two 
plus-minus terminals and the ground 
common to both, it is termed a three-
terminal amplifier (Fig. 12-263). 

12.264 What is a fluid amplifier?— 
Fluidic amplifier systems are composed 
of devices employing aerodynamic and 
mechanical principles, and are designed 
to operate similar to an electronic am-
plifier. Such devices may be constructed 
to produce the action of a gate, resistor, 
flip-flop, binary counter, and many 
other devices similar to their electronic 
counterparts. They require no moving 
parts, and have very low wear factor, 
and are not affected by nuclear radia-
tion. 

The fluid use for their operation is 
air maintained at a constant pressure. 
The amplifier devices consist of chan-
nels and passages. The advantages of 
such devices are they are free from 
vibration and have been operated up to 
15,000 G's with few adverse effects. 

72.265 Give a block diagram for a 
typical stereophonic control center.— 
Stereophonic control centers consist of 
a group of control circuits and pream-
plifiers for the reproduction of phono-
graph records, microphones, magnetic-
tape reproducers, radio, and any other 
source of electrical pickup. Stereo cen-
ters do not contain power amplifiers for 
driving loudspeakers; these are sepa-
rate units. Stereophonic-amplifier as-
semblies containing power amplifiers 
are called integrated stereo amplifier 
systems. In some instances the center 

CHASSIS 

GND 

LIS 

L/S 

Fig. 12-263. Three-terminal amplifier. 

may include an additional output cir-
cuit for driving a center or remote 
speaker derived from the left and right 
channels. 

Referring to the block diagram in 
OE' Fig. 12-265A, the signal will be traced 

for the left channel. The right channel 
is the same in all respects, except for 
one slight modification. Assume the sig-
nal is from pickup unit A, which is fed 
to selector switch B. This switch selects 
the desired input signal and equaliza-
tion (magnetic or ceramic pickup, re-
sponse flat for microphone and radio) 
and applies it to preamplifier C, then 
to switch D. This switch permits the 
user to select the proper circuitry for 
balancing the left and right channels, 
reproduction for either stereo or mono-
phonic records, and the reversing of the 
right and left sides. 

The signal is next applied to a rum-
ble filter E for reducing turntable rum-
ble (or rumble recorded in the record), 
then to high- and low-frequency equal-
izers F and G (tone controls). This sig-
nal then passes to a scratch filter H for 
reducing surface noise. This is followed 
by an overall gain control I (volume 
control), in combination with a switch 
for converting the volume control to a 
loudness control. In this latter position, 
the frequency response is equalized to 
compensate for the human ear charac-
teristic, when reproducing at low levels 
(see Question 5.65). The signal is now 
sent through amplifier J and on to the 
output terminals, an external power 
amplifier, and loudspeaker. 

The right channel is the same except 
for the additional amplifier stage L. 
This stage operates in combination with 
switch K, a phase-reversal switch, for 
reversing the phase of the signal fed to 
the right power amplifier. This may be 
necessary when reproducing stereo-
phonic records that were recorded be-
fore the phasing standard for recording 
stereo records was initiated. 

Connected across the left and right 
output circuits is potentiometer 0 and 
amplifier stage N for deriving a center 
or remote-amplifier signal. Potentiome-
ter G is for achieving a balance be-
tween the two sides for the best stereo-
phonic reproduction, and is adjusted 
using a monophonic or special balanc-
ing record. 

It will be observed that switches B 
and D are two-section ganged switches 
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with identical circuitry in both chan-
nels. The overall gain control I is also 
a two-gang component. The two sec-
tions of the control must track within 
1 dB over their entire range to assure 
that the balance between the two sides 

•  

is maintained as the volume control is 
adjusted. Also, precautions must be 
taken that initially the left and right 
power amplifiers and loudspeakers are 
in phase. This latter subject is discussed 

• in Section 20. 

--* 

.  

9 

Fig. 12-265A. Block diograrn For a typical stereophonic control center. 
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Fig. 12-265B. Stereophonic control center Quad 22, manufactured by Acoustical 
Manufacturing Co., Ltd. (England) 

The block diagram does not represent 
any particular manufactured unit. The 
circuits shown are only to illustrate the 
controls and components found in an 
average stereo center and may vary 
considerably from that shown. In addi-
tion, a circuit is generally provided for 
driving a magnetic tape recorder, and 
for monitoring the program material 
being recorded. 

Pictured in Fig. 12-265B is a stereo-
phonic control center manufactured by 
Acoustical Mfg. Co. (England). At the 
left is the master volume control, with a 
stereo balance control in the slot below 
the knob. Along the bottom is a group 
of push-button switches for selecting 
the type of reproduction with the de-
sired input and the correct equalization. 
Above the push buttons are four knobs. 
The, first two are the conventional 
treble and bass controls. The remaining 
two are controls not found on all stereo 
centers. The right control of this pair 
is an m-derived low-pass filter with 

cutoff frequencies of 5, 7, and 10,000 Hz, 
which may be switched in half-octave 
steps. This permits the high end to be 
adjusted for surface noise of the best 
reproduction within the scope of the 
program material. The remaining knob 
is for adjusting the effectiveness of the 
filter. There is a choice of four playback 
characteristics, obtained by pressing a 
combination of buttons in accordance 
with a chart supplied by the manufac-
turer. 

At the rear are provided facilities for 
connecting the sources of signal inputs, 
tape recording, and outputs for power 
amplifiers and miscellaneous facilities. 
The overall frequency response of the 
unit is 20 to 20,000 Hz; distortion is 0.10 
percent at 1.4 volts output; noise is 
minus 70 dB below 1.4 volts; crosstalk 
is 40 dB, 20 to 20,000 Hz. 
Shown in Fig. 12-265C is an inte-

grated solid-state stereophonic ampli-
fier assembly, manufactured by Sher-
wood Electronic Laboratories, Inc. In 

Fig. 12-265C. Integrated stereophonic amplifier assembly Model S-9000A manu-
factured by Sherwood Electronic Laboratories, Inc. 
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this assembly are included two solid-
state power amplifiers capable of devel-
oping 120 watts of continuous sine wave 
power, and 160 watts of music power, 
both at 8-ohms output impedance. The 
front panel controls include an input 
selector switch, stereo-monophonic 
switch, bass and treble controls, and 
loudness and balance controls. In this 
unit, the base and treble controls are 
common to both channels, which is 
quite satisfactory if the speakers are 
matched. At the lower portion of the 
panel are a group of switches for moni-
toring, high- and low-pass filters, loud-
ness control, and speaker on-off switch. 
Also included is a headphone jack 
which cuts off the speakers when it is 
used. 

The specifications for this unit are: 
harmonic distortion at sine-wave rated 
output 0.25 percent, below 10 watts 0.05 
percent; intermodulation distortion at 
rated output 0.25 percent, below 10 
watts, 0.10 percent; damping factor is 
40; hum and noise is 70 dB below rated 
output, using a weighted response 
curve. Power bandwidth for 0.5-percent 
THD is 12 to 25,000 Hz. 

The solid-state components consist of 
23 silicon transistors and 4 silicon di-
odes. (See Question 12.231 and Fig. 
12-231H.) 

INPUT 

OUTPUT 

C. v cc 

Fig. 12-266A. Basic circuitry for a Dar-
lington pair transistor preamplifier. 

12.266 Describe the basic design 
principles of a Darlington circuit pair.— 
The Darlington circuit (Fig. 12-266A) 
is a direct-coupled transistor pair, 
whereby an emitter-follower Q1 is 
used as the load for a previous emitter-
follower. The gain of this circuit is ap-
proximately unity, with a current gain 
equal to the product of the beta's of the 
transistors involved. The two transistors 
may be viewed as a single unit. The re-
sistor in the emitter of Q1 is also across 
the emitter-base circuit of Q2. The volt-
age drop across R1 is equal to its own 
voltage drop, plus that of R2 in the 
emitter of Q2. 
A second version of a Darlington pair 

is given in Fig. 12-266B. Here a diode 
D1 having the same voltage characteris-
tics as the base-emitter junction of Q2 
is connected. Assuming that the voltage 
across the diode and resistor R2 are the 
same, the currents through both resis-
tors are the same. Such circuits are 
often used in integrated circuitry (IC), 
where a high input resistance is re-
quired. The input resistance is the in-
put resistance of Q2 multiplied by the 
beta of Ql. In some instances, resistor 
R1 (Fig. 12-266A) is omitted. 
A Darlington pair (General Electric 

D16P4 I/C) connected for use with a 

v cc 

Fig. 12-2668. Basic circuitry for another 
version of a Darlington pair transistor 

preamplifier. 

C 22V 

Fig. 12-266C. Ceramic-pickup preamplifier using a General Electric D16P4 inte-
grated circuit. 
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ceramic phonograph pickup is given in 
Fig. 12-266C. In this circuit, the input 

resistance is on the order of 2.7 meg-
ohms at 50 Hz. The frequency response 

is 40 to 12,000 Hz within -±-2 dB, with a 
THD of 0.2 percent, 1 to 15kHz. Inter-

modulation distortion is approximately 

1.5 percent, using 60 and 6000 Hz in a 
4:1 ratio for a 1.9-volt output. This level 
is 10 dB below clipping. The unweighted 
noise level is 80 dB, referred to 1.9 volts. 
An input signal level of 250 millivolts is 
required to produce an output of 1.9 
volts. 
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Section 13 

Disc Recording 

The invention of the cylindrical phonograph and record by Thomas A. Edison in 
1877 resulted in a method of recording sound using a constant groove-velocity 
vertical sound track, without tangent error. However, because of the nature of the 
record, each had to be a master; therefore, large production became rather a 
problem. 

Emil Berliner, with his invention of the laterally recorded flat disc record, sacri-
ficed the feature of constant groove-velocity recording; thus, tangent error and a 
loss of high-frequency response resulted as the smaller diameters were approached, 
However, the disc record was more practical and economical and could be easily 
reproduced in great quantities by stamping from a metal master. Because of these 
features, the disc record became the standard for the phonograph industry. 
Eldridge Johnson, a machinist with Berliner, contributed many improvements to 
the original reproducing machine of Berliner. 

Since the introduction of electrical recording in 1927, the search has been endless 
for a better recording media, mechanical drives, speed stability, less tangent error, 
recording heads, pickups, reproducing machines, and materials for pressing the 
final disc. 

Although Blumlein, in 1931, first proposed the 45/45-degree stereophonic method 
of recording, it has only been in recent years confirmed as standard by the record-
ing industry. 

Stereophonic and microgroove recording demonstrate the mutability of the 
overall disc record industry, all the way from foil to vinyl. Coarse pitch to micro-
groove, pickup arms weighing from pounds to grams, and frequency ranges ex-
tending beyond audibility are all part of the progress of the industry. 

Various types of disc recording and the techniques are discussed in this section, 
with descriptions of recording lathes and their associated equipment. 

13.1 What is an electrical transcrip-
tionT—A disc recording used in radio 
broadcasting for the transmission of 
program material, recorded on 10- or 
12-inch discs, using microgroove tech-
niques. Before the advent of micro-
groove recording, transcriptions were 
recorded in 16-inch disc records, using 
either lateral or vertical recording at 
96 to 150 lines per inch. Many of the 
transcriptions heard today are actually 
magnetic tape. 

13.2 Describe a disc recording 
lathe.—A commercial recording lathe, 
manufactured by Neumann of West 
Germany, is pictured in Fig. 13-2A, 
with its principal components indicated. 
Basically the recorder consists of a 
heavy steel base, mounted on shock 

mounts supported by a steel cabinet A. 
Turntable B weighs 65 pounds, with 
three stroboscopic rings on its outer rim 
for three speeds which are illuminated 
by a neon light. The turntable is iso-
lated from the drive system below by 
means of an oil-filled coupling, thus 
preventing rumble and flutter being 
transmitted from the drive to the turn-
table. The turntable is driven by a film 
of oil between two concentric cylinders 
at C. The lathe bed D is of the slide 
type, with two ball-bearings riding on 
top the bed to relieve strain placed on 
the sled E by the weight of the cutter 
suspension and cutting head F. 

Directly below the lathe bed is a cal-
ibrated scale on which are mounted the 
starting cams and end-groove stop. 

647 
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Fig. 13-2A7Neumann master disc recording lathe Model AM-32b with automatic 
pitch and depth control. (Courtesy, Gotham Audio Corp.) 

Three cams for 7-inch, 10-inch, and 12-
inch discs are provided. An adjustable 
end-groove stop for the three standard 
RIAA groove diameters cause the cut-
ting head either to lift immediately 
(with eccentric grooves) or with an 
adjustable delay to provide for a locked 
groove. A lead screw engaging lever G 
is interlocked in such a way that the 
cutter will lift at any time it is not be-
ing driven by the lead screw, with a 
braking assembly to prevent the lead 
screw from coasting when the end is 
reached. A vacuum system provides a 

means of holding down blank discs 
from 10- to 171/4 -inches in diameter on 
the turntable, with a disabling valve to 
shut off the vacuum holes when they 
are not in use. 

Cutting-head connections are brought 
to the rectangular box H on the trans-
port sled E by means of a plug to 
permit the exchange of cutting heads 
without disturbing the alignment. The 
connector plugs (for stereo) consist of 
6 pins which carry the audio signal, 
feedback loop, and de for the stylus 
heating coil. A release solenoid lifts the 

k  

Fig. 13-28. Microphoto of groove action, showing the variation in pitch and depth. 
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Fig. 13-2C. Scully Recording Instruments Corp. master disc recording lathe with 
automatic pitch and depth control. 

cutting head whenever the stop button 
I is depressed, when the sled hits the 
end groove-stop, or when the lead 
screw is disengaged. A dash pot on the 
front of the cutting-head suspension 
mechanism is equipped with a perfo-
rated piston, with an adjustable shield 
over the perforations, to allow a wide 
latitude of adjustment. A tilting mecha-
nism is connected to a moving-coil sys-
tem which, together with the depth-of-
cut control, provides electronic-depth 
variation, thus eliminating the advance 
ball generally used. 

The depth-of-cut control supplies di-
rect current to a moving-coil system in 
the cutting-head suspension mecha-
nism, thus relieving the cutting-head 
pressure on the disc. This operation is 
controlled by a potentiometer, which is 
adjusted while observing the cut 
through a microscope J. A second con-
trol presets the increased depth used 
with the lead-in, lead-out, and spiral-
ing grooves. The variable-pitch control 
K is a separate piece of equipment sit-
uated at the right end of the lathe. The 
pitch-control mechanism is self-driven 
and coupled to the lead screw by a 
four-way shock-isolated coupling. The 

variable-pitch motor is connected by 
means of a belt, and through an oil-
filled flexible coupling to the lead 
screw. A copper disc on the shaft of this 
motor runs over the pole of an electro-
magnet, in which a direct current flows, 
producing a braking action, which sta-
bilizes motor revolutions. A second 
motor, identical to the belt-connected 
motor, connected to an overdrive in the 
gear train, serves for the speed-up of 
pitch for lead-in and lead-out spiraling. 

The turntable motor is of the syn-
chronous type. The motor consists of 
a gearlike armature about 10 inches in 
diameter, rotating inside a similar in-
side gear. By means of a winding, a 
rotating magnetic field is set up, causing 
the armature to rotate. The wow and 
flutter of this particular machine is 
0.035 total rms. 

For automatic pitch control, three 
control amplifiers are necessary, and 
are mounted in the lower portion of the 
cabinet. A preview head is mounted on 
the magnetic-tape playback transfer 
machine to provide the control ampli-
fiers with advance knowledge of the 
modulation to be fed to the cutting 
head. The output of the control ampli-
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fiers associated with the preview head 
is fed to the control amplifiers. For 
monophonic recording, the depth of cut 
is held constant, while the pitch is var-
ied as a function of the preview infor-
mation. In stereophonic recording, the 
pitch control is actuated by the sum of 
the left and right channel signal, while 
the depth of cut is varied according to 
the difference signal obtained from a 
stereophonic preview head. It is the 
function of the pitch-control amplifier 
to translate the preview signal through 
an equalizer into variations of braking 
current, which in turn are applied to 
the pitch-control motor to vary its 
speed and, with it, the lines per inch of 
recording. 

The depth-control amplifier is iden-
tical to the pitch-control amplifier; 
however, its output to the solenoid in 
the cutting-head suspension produces 
a varying relief of cutting-head pres-
sure, acting against a counterbalancing 
spring on the cutting-head mounting 
mechanism. A microphotograph of a 
group of recorded grooves, showing the 
action of the variable pitch and depth 
control appears in Fig. 13-2B. In the 
recording of both lateral and vertical 
modulation (stereo), increased depth 
requires increased pitch, so any deep-

ening of the groove caused by the 
depth-control amplifier must be trans-
lated into increased pitch. This is ac-
complished by an integrating amplifier, 
which adds to the pitch-control current 
whenever increased depth is required. 
It is claimed that such a system, when 
properly adjusted, can add up to 6 min-
utes of recording time on a 12-inch 
record. 

The microscope is 156 power with 
concentric illumination, brightly light-
ing the groove and leaving the land be-
tween the grooves dark, and is moved 
across the turntable by means of a rack 
and pinion gear. The microscope sup-
port arm also acts as the vacuum con-
ductor for the vacuum-chuck turntable. 
The microscope graticule is calibrated 
to read in 0.001-inch graduations. The 
chip collector is contained in the lower 
portion of the cabinet. A pickup arm is 
generally mounted at the left for play-
back purposes, and may be used for 
simultaneous monitoring of the play-
back signal, while also monitoring the 
signal from the negative-feedback loop 
to the cutting head. A half-speed con-
verter permits the turntable to be ro-
tated at 16% rpm, and half-speed for 45 
or 78 rpm for experimental work or for 
cutting frequency discs. 

Fig. 13-2D. Scully Machine Co. recording lathe. 
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A second recording lathe, manufac-
tured by the Scully Recording Instru-
ment Corp., appears in Fig. 13-2C. Like 
the Neumann lathe, it also has variable 
pitch and depth control and many of 
the features previously described. At A 
and B is the microscope and its light, C 
the turntable, D a vacuum-suction pipe 
for removing the chip from the disc, E 
the cutting head, F depth-control ad-
justment, H cutting-head dash pot, I 
plug connection for the cutting head, K 
sled, L leveling screws, M push-button 
control panel, 0 carriage hand knob, P 
recorder base, Q feed-nut adjustment, 
R carriage-limit stop, and S line-per-
inch indicator scale. The motor with its 
gear box and mechanical filter are 
mounted below the table. 

In Fig. 13-2D is shown an overall 
view of a similar recorder with a mono-
phonic cutting head. The letter symbols 
correspond to the previous view. By 
means of the control T, the lines per 
inch may be varied over a range from 
70 to 400 lines per inch. At U is a lead-
screw hand wheel. Automatic control of 
pitch and depth are accomplished in a 
manner somewhat similar to the Neu-
mann lathe. Anticipation amplification 
is approximately 20-dB greater in the 
50 to 60-hertz range, returning to nor-
mal frequency response around 750 Hz. 
A gain control adjusts the amplitude of 
the original signal from the control 
head on the magnetic-tape reproducer. 
An excursion control determines the 

amount of decrease in the number of 
lines per inch for a particular recording. 
A return control adjusts a time-delay 
network in the output of a signal-con-
trol amplifier. Delay in returning the 
feed from coarse to fine permits the 
continuance of sufficiently coarse lines 
to prevent post-groove over-cuts. 

13.3 Define the term lateral record-
ing.—Lateral disc recording was in-
vented in 1888 by Berliner and Johnson 
for engraving a sound track on a disc 
record. A stylus mounted in a cutting 
head (recording head) is actuated by 
the sound modulations and moves at 
right angles to the direction of travel of 
the recording blank. In lateral record-
ing, the dept of cut and groove width 
are nearly constant. Both monophonic 
and stereophonic sound may be re-
corded by this method. 

13.4 What is vertical recording?— 
Vertical recording is the principle used 
by Thomas A. Edison in his original 
cylinder recorder pictured in Fig. 13-4. 
The sound waves are picked up by a 
small metal horn and directed to a 
metal diaphragm to which is attached 
a stylus. Pressure changes in the horn, 
caused by the sound waves, moved the 
diaphragm causing the sylus to indent 
a sound track in a vertical direction on 
the surface of a revolving tin-foil cyl-
inder. The sound track recorded on the 
tin-foil cylinder was reproduced by the 
same stylus riding in the indented 
sound track. The movement of the sty-

Fig. 13-4. Thomas A. Edison with his original tin-foil phonograph. Taken in Wash-
ington, D.C., April 18th, 1887, where he demonstrated the machine before the 

National Academy of Science. (Courtesy, Smithsonian Institute ) 
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lus caused the diaphragm to which it 
was attached to vibrate, disturbing the 
air column in the horn. Thus, sounds 
were generated which were similar to 
the waveforms inscribed on the tin-foil 
cylinder. 

In a modern vertical-recording head, 
the actuating mechanism is designed to 
eliminate any lateral motion. Thus, dis-
tortion caused by the combination of a 
lateral and a vertical motion is elimi-
nated. The sound track made by a ver-
tical recording head varies in both 
depth and width. Because the variation 
in width of the groove is small, a 
greater number of lines per inch may 
be recorded in a given space. 
At one time, vertical recording was 

considered to be superior to lateral re-
cording; however, with the develop-
ment of microgroove lateral recording, 
vertical recording is now considered to 
be obsolete. 

In the original Edison cylinder re-
corder shown, the record revolved at 
a constant speed; therefore, the machine 
recorded with a constant-groove veloc-
ity. In the present day recorders, the 
angular velocity of the turntable is con-
stant and the groove velocity decreases 
as the smaller diameters are ap-
proached. (See Question 13.22.) 

13.5 What is hill and dale record-
ing?—It is another name for vertical 
recording. 

13.6 What is a long-playing record? 
—A disc record having a playing time 
longer than 5 minutes, 10 to 12 inches 
in diameter and turning at 33% rpm, 
recorded with approximately 150 to 300 
lines per inch. 

13.7 Define a microgroove record-
ing.—A microgroove recording has from 
200 to 300 or more lines per inch, with 
a groove width in the pressing suitable 
for reproduction, using a stylus having 
an included angle of 40 to 55 degrees 
and a tip radius of 0.001 inch. 

For stereophonic recording the lines 
are the same, but the groove width in 
the pressing must be such that it may 
be reproduced using a stylus of 45 to 
55-degrees with a tip radius of 0.5 to 
0.7 mil. Styli dimensions are discussed 
in Section 15. 

13.8 What are the advantages of 
microgroove recording?—Longer playing 
time with low surface noise, wider fre-
quency range, lower distortion and 
greater dynamic range. The weight of 

the pickup on the record has been re-
duced from 27 grams for older type re-
cordings to 0.5 to 3 grams. This lower 
playback weight results in longer life 
of the record, lower distortion, and bet-
ter tracking, and removes the pressure 
from the side walls of the groove. Be-
cause of the light pressure, it is im-
portant that the playback turntable be 
level; otherwise, the pickup will skate 
across the record if jarred. 
The reproducing stylus for micro-

groove recordings has a tip radius of 
1 mil (or less) and the included angle is 
45 degrees. (See Question 15.5.) 

13.9 What are standard turntable 
speeds?—Standard speeds are 33% and 
45 rpm. It is recognized that both 78.26 
rpm and 16-inch coarse-pitch tran-
scriptions running at 33% rpm are still 
in limited use; however, these two 
latter speeds are no longer considered 
standard. A speed of 16% rpm is also 
used for special recording purposes, but 
it also is not considered standard. 

13.10 What medium is used for re-
cording disc records?—Originally soft 
wax was employed, but in the early 
1930's this was replaced with the mod-
ern acetate disc, which has also under-
gone several changes in its material 
composition since its introduction. 

13.11 What materials other than 
acetate ore used for recording on disc 
records?—For purposes where quality 
of recording is not of prime importance, 
materials other than acetate are alumi-
num, paper, and many different types of 
plastics. 

13.72 What is a pregrooved record-
ing blank?—A disc with a prepared 
groove in which the recording stylus 
rides. This type of blank was used in 
early-day home recording equipment 
to eliminate the costly lead screw and 
half-nut. 

13.13 What is a recording lathe?— 
It is another name for a disc recording 
machine. (See Question 13.2.) 

13.14 What is a direct-drive disc 
recorder?—One in which the power is 
transmitted to the turntable from the 
motor by means of gears. (See Question 
3.71.) 

13.75 What is a rim-driven turn-
table?—One in which the motive power 
is transmitted to the turntable by a 
puck on the motor shaft in contact with 
either the inside or outside edge of the 
turntable. When driven on the outside 
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(a) Outside. 

TURNTABLE 

Fig. 13-15. Rim-driven turntables. 

edge, a rubber tire is placed on the 
outer edge of the turntable which 
makes contact with a metal puck on the 
motor shaft. These two methods are 
used more than any other type of drive 
system. Typical rim drives are shown 
in Fig. 13-15. 

13.16 What is an idlerP—A wheel 
placed in the mechanical transmission 
system between the driving member 
and the turntable in a recorder or re-
producing machine. 

13.17 Does an idler between the 
motor and the driving puck have any 
effect on the speed?—No. It only serves 
as a means of transmitting the power 
from the driving source to the turn-
table. The turntable size and the diam-
eter of the driving puck on the motor 
determine the speed. (See Question 
3.71.) 

13.18 What is a puck?—A circular 
piece of metal or fiber used to transmit 
power from the driving source to the 
driven member. 

13.19 What is linear speed?—A 
constant velocity in a given direction. 

13.20 What is a constant angular 
velocity device?—A device driven at a 
constant speed in rpm. 

13.21 What is a weight-driven re-
corder?—Because of the lack of constant 
speed drives, early recorders were 
driven by means of a weight mecha-
nism similar to that of a clock. The re-
corder was set on a tripod about six 'feet 
above the floor. Heavy weights, wound 
up by means of a windlass, supplied the 
motive power which was controlled by 
a centrifugal governer. 

13.22 What is a constant-groove 
velocity recorder?—A disc recording 
machine so designed that as the record-
ing progresses across the surface of the 
record toward the smaller diameters, 
the turntable speed is increased. In this 
manner, the groove velocity is held 
constant throughout the whole record-
ing and is the same for any given diam-

eter. The steady increase of speed is 
accomplished by a planetary drive sys-
tem contacting the underside of the 
turntable. The design of this machine 
permits a greater number of lines per 
inch to be recorded, thereby increasing 
the playing time. Twenty-seven min-
utes may be recorded at 300 lines per 
inch on an 8-inch disc. 
The principal drawback to this type 

recording is that the playback machine 
must be of the same design as the re-
corder in order to obtain exactly the 
same increase of speed as when re-
corded. Generally, such machines are 
used with embossing-type recording 
heads using a constant-amplitude re-
cording characteristic as described in 
Question 14.5. It has often been stated 
that the combination of constant-groove 
velocity recording and constant-ampli-
tude recording is the classical system 
of recording. 

Constant-groove velocity recorders 
use an embossing-type stylus with a 
1-mil tip radius. The groove velocity is 
generally around 2 inches per second, 
at 300 lines per inch. This slow velocity 
is used only for dialogue recording and 
will give 93 minutes of recording time 
on an 8-inch disc. For music recording 
the groove velocity is increased to 10 
ips. The frequency range is approxi-
mately 80 to 5500-Hz. (See Questions 
13.204 to 13.206). 

13.23 Describe a monogroove re-
cording.—In an early attempt to record 
stereophonic sound in a single record 
groove, the groove carried both lateral 
and vertical modulation and employed 
a cutting head based on the design 
shown in Fig. 13-23. With the develop-
ment of the 45/45-degree cutting head 

... and pickup by Charles C. Davis of 
Westrex Corp., almost all stereo re-
cordng system have adopted this latter 
system. Stereophonic cutting heads 
are discussed in Questons 13.217 and 
142. 
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Fig. 13-23. Magnetic structure for a 
monogroove pickup or recording head. 
Sound waves are recorded in both the 
lateral and vertical directions simul-

taneously. 

13.24 What is a variable-pitch re-
corder?—A disc recorder designed in 
such a manner that the lines per inch 
may be varied as the recording pro-
gresses. When the program material is 
of low amplitude, the speed of the cut-
ting-head carriage is slowed down, 
thereby increasing the number of lines 
cut per inch. For high amplitudes, the 
carriage is speeded up to reduce the 
number of lines per inch. In this man-
ner, greater amplitudes may be re-
corded and a longer recording time 
secured. 

In the early days of motion picture 
recording when disc records were used, 
a 10-minute, 16-inch disc was reduced 
to a 12-inch disc in this manner. This 
type recording is also called margin 
recording and many present day high-
quality, long-playing records are made 
using margin recording with a hot sty-
lus, resulting in superior recordings. 

13.25 What is a lead screw?—A 
threaded shaft used to move the cut-
ting-head carriage across the face of 
the recording blank on a disc or cylin-
drical recorder. (See Question 13.2.) 

13.26 What is cutting ratel—The 
number of lines per inch the lead screw 
moves the cutting head carriage across 
the face of the recording blank. Before 
the advent of microgroove recording, 
the lines per inch for coarse-pitch re-
cording were 96, 104, 112, 128, 136 or 
greater, increasing in multiples of eight 
lines per inch. For microgroove record-
ing, 200 to 400 lines per inch are used, 
265 lines being average. 

13.27 How are the lines per inch "OE" 
changed in a recorder?—In nonprofes-
sional recorders, the lines per inch are 
fixed. In professional equipment, the 
lead screw is changed or the gears that 
drive it. In a variable-pitch machine as 

described in Question 13.24, the lead 
screw is rotated by a separate motor 
and the lines per inch are increased or 
decreased by controlling the speed of 
the driving motor. 

13.28 In what direction are disc re-
cordings recorded?—From the outside in 
and rotated in a clockwise direction as 
viewed from the side being reproduced. 
In the early days of making broadcast 
transcriptions (before diameter equali-
zation), if the program material con-
sisted of several records, they were re-
corded to start outside-in on the first 
record, with the next record recorded 
inside-out to compensate for the loss of 
high frequencies at the smaller diäme-
ters. This procedure was followed to 
the last record, and the listener was 
often unaware of the loss of high fre-
quencies as the program changed to the 
next record; however, the increase in 
high-frequency response was quite no-
ticeable as the larger diameters of the 
second record were approached. 

13.29 What does the term coarse-
pitch recording mean?—To distinguish 
recordings using less lines than that 
used for microgroove recording, they 
are referred to as coarse-pitch record-
ings. The lines for coarse-pitch record-
ing vary between 96 and 150 lines, while 
those of a microgroove recording range 
from 200 to 300 lines per inch or more, 
the average being about 265 lines. Vari-
able-pitch techniques may be applied to 
either type recording. 

13.30 What is the angle of the re-
cording stylus relative to the surface of 
the recording discP—This subject has 
been under discussion for considerable 
time and to date no standard has been 
set for the angle of the recording stylus. 
The Westrex 3C and 3D cutting heads 
are operated at an angle of 23 degrees; 
however, different recording activities 
may set them to a different angle. Ex-
perimental work by Bauer indicates 
that increasing the angle of the cutting 
head beyond 23 degrees will reduce the 
discrepancy between the recorded 
groove and that of the pressing, and re-
sult in a recorded groove of 15 degrees. 
The principal cause of the discrepancy 
in the groove is the spring-back of the 
lacquer, and the recording stylus. 

In the normal recording of records 
the groove walls form an angle of 90 
degrees, which is particularly impor-
tant in recording stereophonic records 
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Fig. 13-30A. Because of the stylus 
suspension in a 45/45-degree stereo-
phonic cutting head, the stylus inscribes 
an arc in the vertical mode because of 

the tilt from vertical. 

using the 45/45-degree system. For 
records cut before the advent of stereo, 
lateral records were cut using an 87-de-
gree included angle stylus, on the as-
sumption that after processing the 
groove grew to 90 degrees. This was 
controlled in the finished product by 
the recording engineers, experienced 
with lacquer-disc recording. 

Because of the nature of the stylus 
suspension in a stereophonic cutting 
head, the stylus describes an arc in the 
vertical mode, and because of this mo-
tion the cutting face is tilted back from 
the vertical (Fig. 13-30A). This results 
in an increase of the included angle of 
the groove (Fig. 13-30B). In view of 
this fact, and that the reproducing sty-
lus rides on the wall of the groove and 
not the bottom, the waveform is dis-
torted and increases with an increase in 
the recorded level. For the Westrex 
stereo system, the recording angle is 
specified to be 23 degrees; however, 
several activities have studied the angle 
problem and recommended that the an-
gle of the recording stylus be changed. 
It is hard to predict the final angle, 
since factors other than stylus angle in-
ject themselves into the study. Among 
these factors are: fit of the recording 
stylus in the recording head, stylus 
shank material, and the bonding of the 

EXPANDED 
ANGLE 

Fig. 13-30B. Increase in the groove in-
cluded angle because of the tilting 

action of the recording stylus. 

jewel in the stylus shank. Any shifting 
of the jewel tip because of the bonding 
will cause resonance and also affect the 
vertical angle. The jewel and stylus 
shank must act as an integral part. 
When reproducing a record cut at a 

23-degree angle (or greater), the re-
producer stylus angle is set to an angle 
of 15 degrees to reduce the distortion 
caused by the difference in the angle 
of the recorded groove. It has been 
agreed by the RIAA, NAB, and the 
manufacturers of sound-reproducing 
equipment in both the United States 
and most of Europe that the angle for 
the reproducing stylus is to be 15 de-
grees. At the present time, this leaves 
the record manufacturer with thé prob-
lem of establishing the correct angle for 
the recording stylus to produce a 15-
degree groove in the finished product. 
Certain recording activities using 
coarse-pitch and microgroove tech-
niques still use the 3-degree to 5-de-
gree drag angle, discussed in Question 
13-32. (See Questions 16.58 and 16.59.) 

13.31 How is a recording stylus 
aligned laterally?— By observing the 
reflection of the recording stylus on the 
surface of the recording blank as shown 
in Fig. 13-31. When the reflected image 
is in perfect alignment with the actual 
stylus shank, the alignment is correct. 
(See Question 23.78.) 

CUTTING 
HEAD 

RECORDING 
BLANK 

; 
REFLECTED 
' IMAGE 

Fig. 13-31. Vertical alignment of stylus 
by observing its reflection on the surface 

of the disc. 

13.32 What is the drag angle of a 
recording stylus?—ln coarse-pitch re-
cording used before the advent of mi-
crogrove recording and hot-stylus tech-
niques, the recording stylus was given a 
slight angle relative to the surface of 
the recording disc (Fig. 13-32). The re-
cording head was tilted backward about 
3 degrees to 5 degrees against the mo-
tion of the disc. This was to prevent the 
stylus from digging into the recording 
blank aluminum base, as might occur 



656 THE AUDIO CYCLOPEDIA 

DIRECTION OF ROTATION 

Fig. 13-32. Drog angle of early recorder 
cutting heads. The stylus angle is deter-
mined by observing the image of the 

stylus on the surface of the disc. 

if the stylus had been set vertical. For 
stereophonic microgroove recording 
using a hot stylus, the stylus is set to 
about 23 degrees perpendicular to the 
surface of the disc surface. The stylus 
in the reproducing pickup is set with a 
drag-angle of 15 degrees. (See Question 
13.30.) 

13.33 What is flutter?--A waver in 
the reproduction of a tone or group of 
tones, caused by the irregularities in 
the speed of a turntable which results 
in frequency modulation of the tones. 
(See Fig. 13-33.) High rates of flutter 
are on the order of 10 Hz. Low rates of 
flutter occur one per revolution and are 
often referred to as once-arounds, or 
wow, because of the frequency charac-
teristic. Typical resulting flutter wave-
forms are shown in Fig. 23-149. 

13.34 How is flutter measured?— 
With a flutter bridge as described in 
Question 22.41. 

13.35 What is the standard for wow 
and flutter in o recorder turntable?—The 
average deviation measured over a 
range of 0.5 to 200 Hz, from the mean 
speed of the turntable while recording, 
shall not exceed 0.04 percent of the 
mean speed. The average deviation is 
measured, using a meter having the 
same dynamic characteristics of a stan-
dard VU meter. The term "average" is 
defined to mean the average of the 
measuring device rather than the pe-
riod of time over which the measure-
ment is made. 

(a) 

The measurement is conducted using 
a stroboscope disc illuminated by either 
a 50- or 60-Hz lamp operating from the 
normal power source. For 33% rpm, the 
stroboscope is to have 216 bars or spots 
in 360 degrees; for 45 rpm, 160 bars or 
spots are required. For a recorder, not 
more than 7 bars or spots may pass a 
given reference point (either direction) 
in one minute. 

13.36 What is the standard for wow 
and flutter in a reproducer turntable?— 
The average deviation from the mean 
speed of the reproducing turntable 
when reproducing shall not exceed 0.1 
percent of the mean speed. The term 
"average" is defined to mean the aver-
age of the measuring device rather than 
the period of time over which the mea-
surement is made. 

The measurement is conducted using 
a stroboscope disc illuminated by a 
lamp operated form the normal 50- or 
60-Hz power source. For 33% rpm, the 
stroboscope disc is to have 216 bars or 
spots in 360 degrees; and for 45 rpm, 160 
bars or spots. For a reproducing turn-
table, not more than 21 bars are to pass 
a given reference point in one minute, 
for either direction. 

13.37 Describe a magnetically sup-
ported turntable.—The turntable about 
to be described is manufactured by 
Stanton Magnetics Inc., and is unusual 
in its design because the turntable is 
supported entirely by magnetic repul-
sion at the main bearing (Fig. 13-37A). 
The repulsion or suspension system 
consists of two flat circular magnets 
which are charged so that their force-
fields are in the vertical plane. One 
magnet is placed around the bearing 
well and the other on the under side of 
the turntable, surrounding the shaft. 
The magnetic force-field provides an 
air suspension; in other words, the 
turntable rides on air. Therefore, the 
turntable has no mechanical contact 
with the rest of the structure, the turn-
table shaft is only used for rotational 
guidance. The turntable is driven 
through a soft idler wheel, which in 
turn is driven by a capstan on the 

Undistorted sine (b) High - frequency 
wave. flutter. 

Fig. 13-33. The effects of irregular speed on a waveform. 

(c) Wow (once around) 
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UNIFIED PLATTER AND 
ARM SUSPENSION 

RUBBER BALLS 

CARTRIDGE 
COUNTERWEIGHT 

SEPARATE 
MAGNETIC ARM 

MOUNTING BOARD 

Fig. 13-37A. Cross-sectional view of Stanton Magnetics 
cally suspended turntable. 

motor shaft. This structure aids materi-
ally in the reduction of transmission of 
mechanical vibration to the turntable. 
The motor is a four-pole synchronous 
type, with sufficient power to quickly 
bring the platen up to speed. 

The pickup arm is mounted on a sep-
arate structure, isolated by rubber 
balls, which affords acoustic isolation 
between the turntable and the pickup 
arm. The pickup arm is supported on a 
single pivot bearing for both vertical 
and lateral motion. The motor board 
section supporting the pickup arm is 
held in place magnetically and aligned 
with guide pins. This permits easy re-
moval of the arm for experimental 
work. The arm resonance is below 10 
Hz; flutter is less than 0.15 percent; 
rumble is minus 43 dB below the stan-
dard reference of 7 centimeters per sec-
ond. A view of the complete turntable 
is shown in Fig. 13-37B. 

13.38 What is the effect of flutter 
on recorded program material?—The 
music and voices will waver, becoming 
more noticeable at the higher frequen-

Inc. Model 80013 mogneti-

cies. A piano will take on the quality 
of a harp. Flutter is, in reality, fre-
quency modulation of the program ma-
terial because of the irregular turntable 
speed. 

13.39 What causes flutter in a disc 
recorder?-.-Some of the causes of flutter 
in a disc recorder are: slippery driving 
pucks, binding in the drive system, off-
center hole in the disc, cutting-head 
carriage bind on the guide bars, chip 
brush dragging, and high spots in the 
drive gears. 

13.40 Define the term "once-
around."—It is a variation in the sound 
that occurs once per revolution of the 
turntable. (See Question 13.33.) 

13.41 What causes a pattern or 
spokes in a disc record?—Vibration in 
the recorder or excessive alternating-
current hum in the amplifier. The pat-
tern resembles wheel spokes when 
observed under a light. During repro-
duction, patterns cause a low-frequency 
rumble and high background noise. 

73.42 What is a moiré pattern?—A 
shadow pattern on a disc record caused 

Fig. 13-376. Stanton Magnetics, Inc. Model 800B turntable using magnetic repul-
sion to support the platen. 
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by vibration. It is so named because of 
its resemblance to moiré cloth. 

13.43 What is the cause of rumble 
in a recording?—Rumble is generally a 
low-frequency sound caused either by 
the reproducing turntable drive mecha-
nism, or it was recorded in the original 
master recording. Low-frequency noise 
and rumble is sometimes induced in the 
recording lathe by earth noises, drive 
gears, and the cutting-head carriage 
rails. (See Question 23.76.) 

13.44 How does turntable rumble 
affect the reproduction of stereophonic 
records?—Turntable rumble has a pro-
nounced effect since most of the rumble 
is in the vertical plane. Turntables em-
ployed for the reproduction of stereo-
phonic recordings must have a low 
rumble factor, at least 10, and prefer-
ably 20 dB below that of a turntable 
used to reproduce laterally-cut records. 

13.45 What is a drive hole?—An 
offset hole in a recording blank for set-
ting over a pin in the recorder turn-
table to prevent slippage. 

13.46 What is a recording medium? 
—Any material used for the purpose of 
recording a sound track. Common ma-
terials are: photographic film, acetate 
discs, magnetic tape, and plastics. 

13.47 What does the term groove 
velocity mean?—The amount of disc 
surface passing under the stylus tip in 
one second. For constant-angular re-
cording, the groove velocity is contin-
ually changing with the diameter of the 
record groove, decreasing as the center 
or smaller diameters are approached. 
For constant-groove velocity recording, 
the groove velocity is the same at any 
point on the disc, regardless of the 
diameter. (See Question 13.22.) 

13.48 What are the average groove 
velocities for different recording speeds? 
—See Fig. 13-48. 

13.49 Describe the effect of a hot 
and cold stylus on the frequency re-
sponse of a microgroove recording.—The 
results from a study by Jackson of this 
effect are tabulated below. With a ref-

Recording-speed 

*Pnt 
33% 
33% 
45 
78.26 

erence level of 5 centimeters per sec-
ond, unfiltered output measurements 
were taken of the signal frequencies 
from 30 Hz to 15,000 Hz, using both a 
hot and cold stylus. The tests were con-
ducted by turning the stylus heater 
current on and off, and each frequency 
recorded from an 8-inch diameter to 7.5 
inches on the same disc. There was no 
noticeable difference from 30 Hz to 1000 
Hz. The first noticeable change occured 
at 2000 Hz, with larger differences oc-
curing as the frequency was increased 
up to 15,000 Hz. The hot-stylus record-
ing measured an increased output over 
the cold stylus as tabulated below. 

2000 liz + 0.2 dB 10,000 Hz + 1.3 dB 
4000 Hz + 0.2 dB 12,000 Hz + 1.6 dB 
6000 Hz + 0.5 dB 15,000 Hz + 2.0 dB 
8000 Hz + 0.6 dB 

Signals of 50,000, 100,000, 10,000 and 
15,000 Hz were recorded, each on a sep-
arate disc at various diameters, using 
both a hot and a cold stylus. The re-
sults of these tests are given in the chart 
in Fig. 13-49. It will be noted, even at 
50,000 Hz and at diameters of 4 inches, 
that there is a slight increase in the 
output. As in the preceding measure-
ments, the output level was either the 
same or slightly higher. However, an 
exception to this last statement oc-
curred only at 4-inch diameter, where 
50,000 Hz, 100,000 Hz and 15,000 Hz read 
plus with a cold stylus, while 10,000 Hz 
read plus with a hot stylus. All these 
measurements were repeatable. 

The tests tabulated were made using 
a Westrex Corp. 3C stereophonic re-
cording head, a Cappscoop 90-degree 
prewired stylus, and a Scully recording 
lathe. The discs were manufactured by 
the Audiotape Corp. 

13.50 What effect does changing 
the diameter and groove velocity have 
on a 78.26 rpm record?—Very little, the 
losses at the smaller diameters are neg-
ligible compared to the same frequency 
at a diameter of 11.5 inches. (See Ques-
tion 13.49.) 

Recording-blank 
diameter 

16-inch coarse pitch 
12-inch microgroove 
7-inch microgroove 
12-inch coarse pitch 

Groove velocity 
inches per second 

10 to 25 
8.5 to 20 
9 to 19 
16 to 48 

Fig. 13-48. Average groove velocities for recording speeds. 
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Diameter 

11.5 inch 
8 inch 
6 inch 
4 inch 

11.5 inch 
8 inch 
6 inch 
4 inch 

50,000 Hz 

Same hot and cold 
Same hot and cold 
Same hot and cold 
+ 0.2 dB cold 

10,000 Hz 

+ 0.2 dB cold 
+ 1.0 dB hot 
+ 2.5 dB hot 
+ 4.7 dB hot 

100,000 Hz 

Same hot and cold 
Same hot and cold 
Same hot and cold 
+ 0.1 dB cold 

15,000 Hz 

+ 0.9 dB hot 
±18 dB hot 
+ 2.0 dB hot 
+ 2.3 dB cold 

Fig. 13-49. Effects of hot and cold stylus on frequency response. 

13.51 What are the diameter losses 
for 45-rpm recordings?—See Question 
13.49. 

13.52 What is the formula for cal-
culating linear velocity? 

Velocity X f 
where, 

). (lambda) is the wavelength in 
inches, 

f is the frequency in hertz. 

13.53 How are lacquer discs manu-
factured?—Basically, the disc consists of 
an aluminum base, which after visual 
inspection for defects and flatness, is 
cleansed and washed in a detergent so-
lution. The disc is then passed through 
the coating machine, using a modified 
curtain-coating method. A carefully 
controlled film of lacquer is laid on the 
disc surface as it passes through the 
curtain. The disc is then dried by pass-
ing through a heated tunnel, followed 
by a cure for a specified period of time. 
The process is then repeated on the 
second face, followed by a controlled 
temperature cure. Finally, quality grad-
ing is done through 100-percent visual 
inspection of both sides. They are then 
packaged for shipment. Throughout the 
manufacturing process, white-room 
conditions must prevail. 
The final quality of the disc is de-

pendent on the extreme flatness of the 
aluminum substrate. The manufacturer 
must be concerned with minute pits or 
pimples on the aluminum surface, 
which result in defects of equal degree 
in the lacquer coating regardless of the 
thickness. In addition, during the coat-
ing process, the temperature and hu-
midity must be closely controlled and 
the air supply filtered to remove 99 per-
cent of particles of 0.30 microns or 
larger. The viscosity of the lacquer 
must be kept within 5 percent of the 
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coating viscosity, and the temperature 
to within 2 degrees Fahrenheit, with the 
pressure of the lacquer entering the 
coating head absolutely constant. 

13.54 What is an instantaneous re-
cording?—A recording made on an ace-
tate disc. See Question 13.53. 

13.55 Define the term, "coarse-
pitch recording."— Recordings made 
using 96 to 120 lines per inch are termed 
coarse-pitch, contrasted to microgroove 
recordings made using 250 to 400 lines 
per inch. To differentiate between these 
two recording techniques, dimension 
and equipment used in the first cate-
gory are termed coarse-pitch and will 
be. referred to as such throughout this 
work. 

13.56 What is the cosmetic effect 
in a lacquer disc?—The aluminum used 
for making recording discs is stretched 
to obtain as near as flat a surface as 
possible, which causes a cosmetic effect. 
Since the lacquer is not completely 
opaque, certain cosmetic effects on the 
surface of the aluminum disc manifest 
themselves by two flashes per second 
as the disc revolves. To the recordist 
unaware of this effect, the disc may be 
rejected as unsuitable for recording. 
Discs of this nature are quite satisfac-
tory for recording if they meet the 
other requirements for a good recording 
disc. 

13.57 What are the recommended 
disc sizes for recording masters?—See 
Fig. 13-57. At least one unin,odulated 
groove is to be recorded at both the 
start and end of the recorded area. The 
diameter of the innermost modulated 
groove is to be not less than 4% inches 
for 33%-rpm discs and not less than 414 
for 45-rpm discs. The center hole must 
be concentric with the recorded groove 
spiral within 0.005 inch and has been 
standardized as follows; 
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Nominal 

12 inches 
10 inches 
7 inches 

Fig. 

Finished Disc 
(pressing or instantaneous) 

11% -± %2 inches 
%2 inches 

6713 -± %2 inches 

Outer Modulated Groove 
Diameter (outside start) 

11%6 inches maximum 
9%6 inches maximum 
6%6 inches maximum 

13-57. Recommended disc sizes for master recordings. 

33% rpm 0.286 inch -I- 0.001, — 0.002 inch 
diameter 

45 rpm 1.504 inches ± 0.002-inches di-
ameter 

The warp of the disc, when measured 
using a surface indicator, is to be not 
greater than %6 inch and within any 
45-degree segment not greater than %2 
inch. Following the innermost recording 
groove, a leadout spiral and a concen-
tric locking groove are provided. 

13.58 What is the cause of surface 
noise using cold-stylus recording tech-
niques?—The causes of surface noise in 
cold-stylus recording are many and 
varied. Among them are dull recording 
stylus, improper alignment, hard re-
cording blank, and many of the effects 
noted in Questions 13.65 to 13.68. Sur-
face noise may also be induced in the 
reproduction because of vertical pres-
sure of the pickup, improper tracking 
angle, pickup stylus at an improper an-
gle with respect to the disc surface, and 
pinch effect. 

13.59 What causes noisy pressings? 
—Generally speaking, a pressing can be 
no quieter than the original recording; 
however, finger prints on the master 
and poor compounds used for pressing 
can cause a considerable amount of 
surface noise. 

13.60 How does the signal to noise 
vary for hot- and cold-stylus recording? 
—Studies made by Jackson show the 
s'gnal-to-noise ratios for a master disc 
in Fig. 13-60A. Older type discs will 
measure between 2 and 4 dB less signal-
to-noise ratio. 

Diameter 

Hot stylus 
Cold stylus 

—68.5 dB 
—67.0 dB 

12-inch 10-inch 

—69 dB 
—66 dB 

A disc with a once-around, warp, 
bump, or unevenness produces a swing-
ing-type noise, and the signal-to-noise 
ratio under these conditions may mea-
sure as given in Fig. 3-60B. 

The measurements were made using 
a constant velocity of 5.5 cm/sec at 1000 
Hz, using a Westrex 3C recording head, 
a Cappscoop prewirecl stylus, Scully re-
cording lathe, and Audiotape Corp. re-
cording disc. The signal-to-noise mea-
surements as given in Figs. 13-60A and 
B apply to both 45 and 7826-rpm re-
cording, assuming a hot stylus is used. 
(See Question 13.49.) 

13.61 Is it permissible to play back 
a master to be processed?—No. Masters 
are never played back for fear of dam-
aging the sound track. As a rule, two 
discs are cut simultaneously, a master 
and a playback for checking quality 
and cues. The master is checked by 
visual inspection only. 

13.62 How does the hardness of an 
acetate disc affect the frequency re-
sponse?—For cold-stylus techniques, 
the high-frequency response is in-
creased at the expense of background 
noise. Generally speaking, all discs re-
gardless of manufacture have the same 
frequency characteristics at the larger 
diameters. However, this is not true for 
smaller diameters, as high frequencies 
fall off at different rates, depending on 
the degree of hardness. 

In addition, the situation is further 
complicated by the diminishing groove 
velocity at the smaller diameters. This 
may be partially compensated for by 
the use of a diameter equalizer or a hot 
stylus. (See Questions 13.111 and 13.153.) 

8-inch 6-inch 5-inch 4-inch 

—69.5 dB —69.5 dB —70 dB —70 dB 
—63 dB —60 dB —57 dB —53 dB 

Fig. 13-60A. Signal-to-noise ratios for a master disc. 

Diameter 12-inches 10-inches 8-inches 6-inches 4-inches 

Hot stylus —66/58 dB —66/58 dB —66/60 dB —67 dB —67 dB 

Fig. 13-6013. Signal-to-noise ratios for a deformed master disc. 



DISC RECORDING 661 

13.63 h there an appreciable dif-
ference between recording discs of dif-
ferent manufacture?—There is very lit-
tle difference among those of good 
manufacture. Experience indicates the 
frequency response of a particular disc 
is the combination of cutting-head fre-
quency response, length of the record-
ing stylus, diameter of the recording 
area, the electronics of the recording 
system, and if the recording is made 
using a cold or hot stylus. Using hot-
stylus recording techniques, the resist-
ance of the disc to the stylus is practi-
cally nonexistent with regard to fre-
quency response. (See Question 13.49.) 

13.64 What is white noise?—When 
the noise spectrum is uniform over a 
wide frequency band, it is referred to 
as white noise because it is analogous 
to white light. (See Question 1.140.) 

13.65 What is orange peel?—A 
term applied to the surface of a record-
ing blank which looks similar to orange 
peel. Such surfaces have high back-
ground noise. 

13.66 What is a buzz?—A rasping 
noise heard in the background of a 
record and is generally caused by hum 
or noise in the system. 

13.67 What is chatter?—A rattle in 
the reproduction caused by improper 
seating of the reproducing stylus in the 
sound track. 

13.68 What is a chip?—The mate-
rial removed from a record during the 
recording process. 

13.69 What is an unmodulated 
groove?—A groove cut in a record 
without modulation. Such grooves are 
used at the start and ending of a re-
cording and also to measure the signal-
to-noise ratio. 

13.70 What is an undulation?—A 
rising or falling appearance of the 
groove. 

13.71 What is a dry eut?—A bad 
groove in a disc record. The chip is 
kinky and brittle because of a dull or 
improperly aligned recording stylus. It 
may also be caused by recording blanks 
which have become hardened with age. 
This effect is noticed when using cold-
stylus recording techniques. 

13.72 What is a cutover? — A 
breaking through the wall of one groove 
into the wall of the next groove. It is 
caused by overmodulation. 

13.73 What causes a stylus to 
whistle when recording?—The stylus 

may be dull or out of alignment. Also, 
the disc may be old and dry. This effect 
is related to cold-stylus recording. 

13.74 What causes a gray cut?—A 
cold stylus that is dull or a disc that is 
dry and hard. 

13.75 What is the depth of cut?— 
The distance from the surface of the 
recording blank to the bottom of the 
groove. (See Question 13.150.) 

13.76 What is a spiral out?—A 
groove at the inside end of a recording 
for the purpose of tripping an automatic 
record changer. 

13.77 What is a locked grooveT— 
A spiral groove at the inside end of a 
recording, closed by a concentric groove, 
for the purpose of tripping an auto-
matic record reproducing machine. The 
locked groove provides a groove for the 
pickup stylus to ride in until the mech-
anism trips. 

13.78 What is twinning?—When 
two grooves overlap or touch as a re-
sult of overrnodulation. Twinning is also 
caused by improper groove-to-land 
ratios or a defective lead screw. (See 
Question 13.25.) 

13.79 What is land?—The space 
between adjacent recording grooves. 

13.80 What causes an echo effect 
in a blank groove?—A sound from an 
adjacent groove caused by overmodula-
tion. Although the groove wall is not 
damaged, it is deformed by the exces-
sive modulation in the adjacent groove. 
If the relationship is just right, with 
respect to the original modulation, what 
appears to be an echo is heard. 

13.81 What is skating?—A condi-
tion existing when a reproducing stylus 
is pinched out of the groove and moves 
rapidly across the face of the record. 
Skating is also caused by the repro-
ducing turntable not being level. It is 
particularly important, for microgroove 
reproduction, that the turntable be level 
in all directions. 

13.82 What are horns in a sound 
track?—Raised edges on the sides of 
the groove (Fig. 13-82), caused by the 

•  

Fig. 13-82. Cross-sectional view of a 
sound track in a disc record showing the 
small horns raised at the upper edges by 
the recording stylus, caused by cold flow 

in the recording medium. 
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cutting stylus. The horns are small in 
size and very delicate; therefore, they 
are easily damaged by rubbing the sur-
face of the record. The use of the hot 
stylus technique (see Question 13.153) 
eliminates this difficulty. 

13.83 What is an advance bunt— 
A rounded sapphire support mounted 
on the cutting head, either beside or 
ahead of the stylus, and bearing on the 
surface of the record. Its purpose is to 
maintain a constant depth of cut re-
gardless of irregularities in the surface 
of the record. 

Advance balls were originated for 
soft-wax recording, before the advent 
of the acetate disc, and are still used in 
some instances for acetate-disc record-
ing. However, with the use of automatic 
depth control and hot-stylus recording, 
advance balls are not used to the extent 
they were once used. If the recording 
disc has been stored for several hours 
at a temperature of 130-degrees Fahr-
enheit, it can be scored by the advance 
ball. In this instance, a hard deposit 
adheres to the advance ball, and if not 
removed, will score all succeeding discs. 
Lacquer discs should not be stored in 
a temperature exceeding 100-degrees 
Fahrenheit. (See Question 13.49.) 

The placement of the advance ball in 
relation to the cutting-head stylus is 
shown in Fig. 14-21. 

13.84 What is the formula for cal-
culating the wave length of a recorded 
sound wave? 

V 
Wavelength = — 

F 
where, 
V is the velocity of the record groove 

in inches per second at a given 
diameter, 

F is the frequency of the recorded 
wavelength. 

13.85 What is the standard signal-
to-noise ratio for monophonic record re-
production? —For monophonic record 
reproduction the low-frequency noise 
voltage generated by the turntable, 
pickup, and equalizer, when playing an 
essentially rumble-free silent groove, 
shall be at least 40 dB below a reference 
level of 1.4 centimeters per second peak 
velocity at 100 Hz. (See Question 
23.130.) 

The frequency response of the 
pickup and its equalizers shall conform 
to the NAB standard reproducing 
curve, as shown in Fig. 13-95. The am-

plifier and indicating meter shall have 
uniform frequency response, within 
plus-minus 1 dB between 10 and 250 Hz, 
with the 500-Hz response 3 dB below 
the 100-Hz response, and an attenuation 
rate of at least 12 dB per octave at fre-
quencies above 500 Hz (this may be 
obtained by means of a low-pass filter). 
The amplifier and indicating meter shall 
decrease at a rate of at least 6 dB per 
octave below 10 Hz. 
The meter is to have the same dy-

namic characteristics as a standard VU 
meter USASI (ASA) C16-1961. (See 
Question 10.3.) If the meter fluctuates, 
the maximum values are used. In mak-
ing these measurements, the pickup-
arm resonance must fall outside the 
prescribed passband or be sufficiently 
damped to remove any possibility of 
affecting the measurement. The results 
are the electrical measurement, and not 
the aural annoyance value of low-fre-
quency noise, such as rumble at fre-
quencies below audibility. A strong 
low-frequency noise such as rumble, 
can cause severe intermodulation dis-
tortion with the low-frequency re-
sponse of modern sound reproducing 
systems. The inaudible noise can be 
more serious than the indicated noise. 

High-frequency noise is measured 
with the same meter characteristics 
when reproducing on a flat velocity 
basis, over a frequency range of 500 to 
15,000 Hz, and shall be at least 55 dB 
below the level obtained under the 
same conditions of reproduction, using 
1000 Hz recorded at a peak velocity of 
7 centimeters per second. The fre-
quency response at 500 Hz shall be 3 dB 
below the response at 1000 Hz, and shall 
fall off at a rate of at least 12 dB per 
octave below 500 Hz (using a high-pass 
filter). The response of the system at 
15,000 Hz shall be 3 dB below the re-
sponse at 1000 Hz and shall fall off at a 
rate of 12 dB per octave above 15,000 Hz. 

13.86 What is the standard signal-
to-noise ratio for stereophonic record re-
productionT—For stereophonic record 
reproduction, the low-frequency noise 
voltage in each channel generated by 
the turntable, pickup, and equalizer— 
when playing an essentially rumble-
free silent groove—shall be at least 35 
dB below a reference level of 1 centi-
meter per second peak velocity at 100 
Hz in the plane of modulation (vertical 
or lateral). The frequency response of 
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the pickup and preamplifier shall con-
form to the NAB standard reproducing 
curve (Fig. 13-95), and the test equip-
ment as stated in Question 13.85. The 
reference level of 1 centimeter per sec-
ond peak velocity at 100 Hz corresponds 
in amplitude to 5 centimeters per sec-
ond peak velocity at 500 Hz as it is in 
the constant-amplitude portion of the 
recording characteristic. 

The high-frequency noise is mea-
sured with the same meter characteris-
tics when reproducing on a flat veloc-
ity basis, over a frequency range of 500 
to 15,000 Hz, and shall be at least 50 dB 
below the level obtained under the 
same conditions of reproduction, using 
1000 Hz and fall-off rate of at least 12 
dB per octave below 500 Hz. The re-
sponse of the system at 15,000 Hz shall 
be 3 dB below the response at 1000 Hz 
and fall off at a rate of at least 12 dB 
per octave above 15,000 Hz. 

13.87 What are the standard re-
cording reference levels used for mono-
phonic and stereophonic recording?—The 
NAB standard specifies that for mono-
phonic microgroove recording, the re-
corded program level is to produce a 
reference level (using a standard VU 
meter) equivalent to a 1000-Hz tone, 
recorded at a peak velocity of 7 cm per 
second. 

For stereophonic program material, 
the reference level is to be equivalent 
to a 1000-Hz tone, recorded at a peak 
velocity of 5 cm per second, as indicated 
on a standard VU meter. This is ap-
proximately 3 dB below the level for 
monophonic recording. 

13.88 What percentage distortion 
is permissible for microgroove recording 
at 33 1/4  rpm?—The distortion at 400 Hz 
should not exceed 1 percent total rms 
harmonic distortion. The intermodula-
tion distortion should not exceed 3 per-
cent using 100 and 7000 Hz mixed in a 
ratio of 4:1. Intermodulation measure-
ments are discussed in Question 23.113. 

13.89 What percentage distortion is 
permissible for microgroove recording at 
45 rpm?—The distortion at 400 Hz 
should not exceed 1 percent total rms 
harmonic distortion. The intermodula-
tion distortion using 100 and 7000 Hz 
should not exceed 4 percent mixed in a 
ratio of 4 to 1. 

13.90 What are the recommended 
land-to-groove ratios?—For other than 
microgroove recording the ratio is set 

by the width of the groove, which is 
generally less than 4 mils and not 
greater than 5 mils, with a land-to-
groove ratio of 60:40. 

For 33%-rpm microgroove recording, 
the groove width is approximately 2.75 
to 3.0 mils, with a groove-to-land width 
ratio of 70:30. For 45-rpm microgroove 
recording, it is the same. If variable-
pitch recording is used, the groove-to-
land ratio is constantly changing. 

13.91 What is the appearance of a 
vertical-recorded groove?— Its appear-
ance is as shown in Fig. 13-91. In verti-
cal recording the depth of the cut and 

its width are constantly changing with 
the percentage of modulation. The 
sound track is engraved in the bottom 
of the groove. The unmodulated groove 
width is maintained at 0.003 inch for 
125 to 150 lines per inch. 

STYUJS 

Fig. 13-91. Cross-sectional view of a 
vertical-cut sound track. 

13.92 What is the appearance of a 
lateral-recorded groove?—It is as shown 
in Fig. 13-92. The groove depth and 
width remain almost constant with the 
grooves moving in a lateral direction or 
from side to side. The amount of lateral 
movement is dependent on the percent-
age of modulation of the audio signal. 

Fig. 13-92. Modulated lateral groove 
showing how the reproducing stylus is 
pinched by the narrowing of the groove. 
The dotted line indicates the center line 

of the groove. 

13.93 Why was the NAB standard 
changed from a recording characteristic 
to a reproducing standard?—In the orig-
inal Standard (1949 and 1953) only the 
recording characteristic was specified. 
However, it was found from experience 
that it was more practical to supply the 
manufacturer of record-reproducing 
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Fig. 13-94. Recording and reproducing characteristics for vertical records. This is the 
standard characteristic used in 1953, when such records were still in use. Each 

major vertical division is 5 dB. 

equipment a test record with a standard 
reproducing characteristic than to spec-
ify the recording characteristic for the 
record manufacturer. Therefore, in the 
NAB Standard, March, 1964, only the 
reproducing characteristic is specified, 
with the understanding that the record 
manufacturer will adjust his recording 
characteristic to an inverse characteris-
tic of the reproducing standard. On this 
basis, a reproducing standard was spec-
ified. 

13.94 What h the recording and re-
producing characteristic for vertical re-
cording?—Although it is recognized that 
vertical recording is no longer used, the 
characteristics for both recording and 
reproducing are given in Fig. 13-94 for 
reference. It will be noted that the turn-
over frequency is 400 Hz. 

13.95 What is the standard repro-
ducing characteristic for disc recordings? 
—It is shown graphically in Fig. 13-95. 
This characteristic is known as the 
RIAA standard and was originally 
adopted by the disc recording industry 
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in June, 1953, and was reaffumed in 
March, 1964, by both the RIAA and 
NAB. It is used for the reproduction of 
33%-, 45-, and 7826-rpm recordings. 
The recording characteristic is an in-
verse of the reproducing characteristic, 
and it is used for both monophonic and 
stereophonic reproduction. This charac-
teristic may be obtained by the use of 
three networks, consisting of an L/R 
parallel network having a time constant 
of 3180 microseconds, a series R/C net-
work having a time constant of 318 mi-
croseconds, and an R/C parallel net-
work of 75 microseconds. 

13.96 What is the standard refer-
ence level for monophonic recording?--
For monophonic recording the recorded 
program level shall produce the same 
deflection on a standard VU meter as 
that reproduced by a 1000-Hz tone re-
corded at a peak velocity of 7 centi-
meters per second. A margin of 10 dB is 
required between the sine-wave load 
handling capabilities of a system and 
the level of the program material mea-

3180ps 

318p4 
75An 

20 50 100 200 500 1000 2000 5000 10,000 20,000 

FREOLENCY IN HERTZ 

Fig. 13-95. NAB (RIAA) standard reproducing characteristic. 
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sured on a standard VU meter. (See 
Question 10.3.) 

13.97 What is the standard refer-
ence level for stereophonic recording?— 
For stereophonic recording, the refer-
ence program level shall, for each chan-
nel in its plane of modulation, produce 
the saine reference deflection on a stan-
dard VU meter as that produced by a 
1000-Hz tone recorded at a peak veloc-
ity of 5 centimeters per second. This is 
approximately 3 dB below the level of 
the monophonic reference level. 

Experience indicates that at least a 
10-dB margin is required between the 
sine-wave load handling capabilities of 
a system and the level of the program 
material, measured on a standard VU 
meter. This would then contemplate 
program material running as high as a 
velocity of 21 centimeters per second 
and is believed to be the maximum 
velocity that can be traced without ex-
cessive distortion at the smaller diam-
eters of a disc turning at 33% rpm. 

13.98 What is a minigroove record-
ing?—A 78.26-rpm recording made 
using microgroove techniques, includ-
ing hot-stylus and variable-pitch re-
cording. Although'Ihe number of lines 
per inch is greater than is normally 
used for 78-rpm recording, it is not 
enough so that the record may be called 
long playing, or extended play. The fre-
quency characteristic used is that of 
Fig. 13-95, known as the RIAA record-
ing characteristic. 

13.99 What is an orthocoustic re-
cording?—It is a recording character-
istic introduced by RCA Victor several 
years ago for recording 16-inch tran-
scriptions at a speed of 33% rpm. This 
characteristic, shown in Fig. 13-99, had 
been used by the broadcasting and re-

+ 

cording industries for many years until 
the advent of the RIAA recording char-
acteristic. 
The orthocoustic characteristic makes 

use of pre-equalization in the recording 
circuits and post-equalization in the 
reproducing circuits as described in 
Question 6.11. The principal advantage 
gained by the use of such equalizers is 
the increased signal-to-noise ratio 
above 2000 Hz. 

13.100 What is on orthophonie re-
cording characteristic?—A reproducing 
characteristic introduced by RCA Vic-
tor some years ago; it is similar to the 
RIAA characteristic. The orthophonic 
recording and reproducing characteris-
tic employs both pre- and post-equali-
zation, discussed in Question 6.11. 

13.101 Define constant-amplitude 
recording.—Constant-amplitude record-
ing indicates a mechanical recording 
characteristic for a fixed amplitude of 
a sine-wave signal; the resulting re-
corded amplitude is independent of fre-
quency. This subject is discussed in 
Question 14.5. As a rule, this method of 
recording is used with nonprofessional 
recording equipment employing a crys-
tal cutting head, as it requires no 
equalization in either the recording or 
reproducing system. 

13.102 Show the original Audio En-
gineering Society reproducing character-
istic.—This characteristic is shown in 
Fig. 13-102. The original charactreistic 
has now been modified and corresponds 
to the RIAA curve shown in Fig. 13-95. 

13.103 What is the RIAA reproduc-
ing characteristic? — A reproducing 
characteristic adopted by the Record 
Industry Association of America as a 
standard for reproduction of disc rec-
ords. It is a modification of the original 
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Fig. 13-99. Orthocoustic recording characteristic, introduced by RCA several years 
ago for the recording of 16-inch transcriptions, using D crossover frequency of 700 

Hz; now superseded by the RIAA-NAB standard. 
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Fig. 13-102. The original AES reproducing characteristic, now 
RIAA characteristic. 

reproducing characteristic recom-
mended by the Audio Engineering So-
ciety (Fig. 13-102). The present stan-
dard is shown in Fig. 13-95. 

13.104 What is the standard groove 
shape for a monophonic pressing?—The 
groove shape shall have an included 
angle of 90 degrees, plus-minus 5 de-
grees, with a top width of not less than 
0.0022 inch. For these groove dimen-
sions, it is recommended that the repro-
ducing stylus have a tip radius of 0.001 
inch, plus 0.0001 inch, minus 0.0002 inch, 
with an included angle of 40 to 50 de-
grees. (See Question 13.180.) 

13.105 What is a flat recording 
characteristic?—One which uses no pre-
equalization in the recording circuits. 
Equalization is used in the reproducing 
equipment to compensate for the con-
stant-amplitude constant-velocity char-
acteristics of the recording head. This 
method of recording is seldom used, 
except in home-recording systems, be-

oPoo 20,000 

superseded by the 

cause of the low signal-to-noise ratio 
above 2000 Hz. 

13.106 What is the purpose of a 
low-frequency equalizer in a reproducer 
circuit?—To compensate for the con-
stant-amplitude characteristic of the 
recording head below the turnover fre-
quency. The equalizer has an inverse-
frequency characteristic to the record-
ing characteristic. 

13.107 What is the turnover fre-
quency?—The frequency at which a 
cutting head changes from a constant-
velocity characteristic to a constant-
amplitude characteristic. This is illus-
trated in Fig. 14-9. 

13.108 What is the purpose of re-
cording disc masters at half-speed?— 
Because of the high levels recorded on 
present-day disc records, certain re-
cording activities in both the United 
States and Europe are recording their 
masters at half the normal recording 
lathe speeds. Reduced speeds decrease 

5 10 20 50 100 200 500 
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Fig. 13-108. Equalization characteristic for transferring tapes recorded at 15 ips 
and reproduced at 7.5 ips for recording disc masters at half-speed. 
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the load on the cutting-head stylus and 
reduce the elastic spring-back charac-
teristics of the acetate recording blank, 
thus reducing the distortion. The result 
of recording at half-speed (or one oc-
tave lower) is the cutting-head system 
response extends to only one-half the 
normal frequency range, or about 7500 
Hz. The additional octave is retrieved 
by adjusting the equalization in the 
negative-feedback circuit of the cut-
ting-head amplifier circuit. 

Reducing the recording lathe speed 
by one-half shifts the pre-equalization 
characteristics by one octave. To re-
store the final recording to the RIAA 
standard special equalization is re-
quired between the master tape and the 
disc-recording amplifier, so that when 
the disc is played back at its normal 
speed, it has the RIAA standard char-
acteristics. To accomplish this, the fol-
lowing conditions must prevail: 

Tape recorder equalized for NAB 
standard characteristic at both 7.5 
and 15 ips. 

Disc-recording system equalized for 
RIAA recording characteristic. 

Tape originally recorded at 15 ips, 
using standard NAB characteristic, 
played back at 7.5 ips. 

PAMP 

PREAMP 

The recording lathe is rotated at 16% 
rpm for recording 33%-rpm masters, 
or 2214 for 45-rpm masters, and 39.13 
for 78.26 rpm. 

Although this method of recording is 
generally confined to 45-rpm record-
ings, it may be used successfully with 
any system if due consideration is given 
to the intervening equalization. 

Pressings made from half-speed re-
cordings are played back at their nor-
mal speed of 33% rpm or 45 rpm. A 
typical equalization curve suitable for 
connection between the master tape 
machine and the disc-recording chan-
nel is given in Fig. 13-108. (See Ques-
tion 17228.) 

13.109 What ore the methods used 
for recording from one characteristic to 
another?—They are as shown in Fig. 
13-109. At (a) the pickup is shown feed-
ing a preamplifier with a fixed low-fre-
quency equalizer and variable high-
frequency equalizer at its output. This 
circuit may be used to rerecord one 78-
rpm recording to another 78-rpm re-
cording. The low-frequency equalizer 
is set for the proper low-frequency 
compensation and the high-frequency 
equalization is used to boost or atten-
uate the high frequencies as required. 
If possible, the high frequencies should 

LOW FREQ 
EQUALMER 

VARIABLE HIGH 
FREQ EQUAL. 

(a) 78 rpm to 78 rpm. 

LOW FREQ 
EQUALIZER 

HIGH 
FREQ EQUAL. 

RECD. CHNL 

(b) 33% rpm to 33% rpm. 

PREAMP 
LOW FREQ. 
EQUALIZER 

HIGH 
FREQ. EQUAL. 

CHNL. 

-«-e. RECD. CHNL 

(c) 33% rpm to 78 rpm. 

Fig. 13-109. Various methods used for transferring disc records of one characteristic 
to another. 
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be increased from 4 to 6 dB, surface 
noise permitting. 
A 33%-rpm recording being trans-

ferred to a similar type recording is 
shown at (b). The regular equalization 
used for reproducing such records is 
used. The recording equalization is that 
which is regularly used for such type 
recordings. 
A 33%-rpm recording being trans-

ferred to a 78-rpm disc is shown at (c). 
Again, the regular reproducing equal-
izers are used; however, the equaliza-
tion in the recording circuits is that re-
quired for normally recording 78-rpm 
records. 
An important point to remember is 

that the original recording is repro-
duced in a normal manner, except for 
a slight increase of high frequencies to 
compensate for transfer losses. The re-
cording circuits are normal for the type 
recording being made. 

13.110 What are the actual values 
in decibels of equalization used for the 
RIAA standard reproducing characteris-
tic?—The actual values in decibels are 
tabulated below and are values from 
which the curve of Fig. 13-95 is plotted. 
The recording characteristic is the in-
verse of this curve. The original stan-
dard specified the frequency response 
of the recording system, but later it 
was found to be more practical to 

Hz dB 

30 
50 
70 
100 
200 
300 
400 
700 

1,000 
2,000 
3,000 
4,000 
5,000 
6,000 
7,000 
8,000 
9,000 

10,000 
11,000 
12,000 
13,000 
14,000 
15,000 

*Reference frequency. 

—18.61 
—16.96 
—15.31 
—13.11 
—8.22 
—5.53 
—3.81 
—1.23 

0.00* 
+2.61 
+4.76 
+6.64 
+8.23 
+9.62 
+10.85 
+11.91 
+12.88 
+13.75 
+14.55 
+15.28 
+15.95 
+16.64 
+17.17 

specify the reproducing characteristic. 
(See Question 13.93.) The characteristics 
of this curve may be obtained by the 
use of three networks having 3180, 
318, and 75 microseconds each. 

13.111 What is diameter equalize-
tion?—The use of a variable equalizer 
in the recording circuit to compensate 
for the loss of high frequencies at the 
smaller groove diameters caused by the 
decreasing groove velocity. The equal-
izer consists of a bridged-T network of 
constant insertion loss as described in 
Question 6.15. The shaft of the equalizer 
attenuator is mechanically connected to 
the cutting-head carriage on the re-
corder as shown at R in Fig. 13-2. The 
loss of the attenuator is controlled by 
the position of the cutting-head car-
riage relative to the diameter of the re-
cording surface. Thus, the correct 
amount of equalization is inserted for a 
particular diameter. 

Generally, for 16-inch transcriptions, 
the equalization begins to take effect at 
a diameter of 12 inches and continues 
in steps of 0.5 dB for a total of 6 to 8 
dB to a diameter of 5 inches. The reso-
nant frequency of the equalizer depends 
on the bandwidth of the recording. 
Diameter equalization is not practical 
at diameters less than 6.5 inches, as the 
intermodulation and tracking problems 
in the finished record increase quite 
rapidly below 7 inches. 
A typical diameter equalizer-atten-

uator, with its mounting bracket and 
control pulley, is shown in Fig. 13-111A. 
A spiral spring under the pulley re-
turns the attenuator to its normal posi-

Fig. 13-111A. A diameter equalizer-
attenuator control manufactured by 
Cinema Engineering Co. The cord is 
attached to the cutting-head carriage. 
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Fig. 13-111B. Diameter equalizer characteristics. 
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tion when the recording-head carriage 
is returned to the outside diameters. 
The network elements are mounted in 
a nested shielded case separate from the 
attenuator pot. Diameter equalization 
should not be confused with pre- and 
post-equalization as they are two sepa-
rate networks. Typical frequency char-
acteristics for diameter equalization are 
shown in Fig. 13-111B. 

With the advent of hot-stylus re-
cording techniques, diameter equaliza-
tion is not always used. However, with 

LINE AMP 
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AAVN., 

>8dBm 

VU METER +130Bm 

+24 dBm 
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cold-stylus recording it is essential. In 
using diameter equalization, one impor-
tant factor must be borne in mind. As 
the high-frequency equAliyation is in-
creased, so are the high-frequency dis-
tortion products. Therefore, the distor-
tion in the amplifier system must be 
kept to a low value. 

13.112 Where is a diameter equal-
izer connected in a recording channel?— 
A typical monophonic recording chan-
nel is shown in Fig. 13-112, with both 
pre- and diameter equalization, and the 
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Fig. 13-112. Block diagram for a disc-recording channel showing the placement of 
pre- and diameter equalization with the losses and gain for an average recording 
system. The levels shown are in reference to 400-Hz or a lower frequency, depending 

on the design of the equalizers. 
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approximate operating levels. The sig-
nal from the mixer console or tape ma-
chine is applied to a line amplifier 
which, in turn, drives a bridging bus. 
From the bus, the signal goes through 
a bridging amplifier to a pre-equalizer 
having such characteristics that the 
playback characteristic conforms to the 
industry standard (Fig. 13-95). 
From this equalizer, the signal passes 

to the diameter equalizer, which is var-
iable, and automatically operated from 
a mechanical connection on the record-
ing lathe. (See Question 13.111.) This is 
followed by a power amplifier of 40- to 
75-watts output for driving the cutting 
head. Although the circuit diagram in-
dicates a negative-feedback cutting 
head, the same circuitry is used with a 
nonfeedback head. 

The approximate gain and frequency 
characteristic is shown above the vari-
ous components. In lining up such a 
channel for recording, either 400 Hz or 
some other frequency may be used, de-
pending on the frequency characteris-
tics of the equalizers. Because of the 
characteristics of the equalizers, the ex-
act same frequency must be used each 
time the channel is lined up. This is 
accomplished by applying, for example, 
400-Hz signal to the line amplifier and 
setting the bus level to plus 8 dBm, and 
making a test cut which should measuré 
100-percent modulation of the cutting 
head. 

The components shown in the dia-
gram are not of any given manufacture 
or design but are only representative of 
typical characteristics and placement in 
the circuit. A complete magnetic tape 
transfer channel to disc is discussed in 
Question 17228. 

13.113 What power is recom-
mended for the bridging amplifier shown 
in Fig. 13-112T—It should be capable of 
producing one watt or more of power 
to prevent the distortion from becoming 
excessive when the full equalization is 
being used. 

13.114 What output power is rec-
ommended for driving a cutting head?— 
The minimum for satisfactory results is 
40 watts; 75 is desirable, and 100 to 150 
watts is not uncommon. The amplifier 
output should have a damping factor of 
at least 20, and higher if possible. The 
harmonic and intermodulation distor-
tion should not exceed 1 percent at full 
power output. 

13.115 What is the formula for cal-
culating the playing time of a disc 
record? 

NS 
T = 

rPm 
where, 
T is the playing time in minutes, 
S is the recorded width in inches, 
N is the number of lines per inch, 
rpm is the turntable speed in revolu-

tions per minute. 

13.116 What is a stroboscopic disc? 
—A circular disc containing a number 
of black and white bars, which is used 
for checking the speed of turntables 
and other rotating machines. (See Fig. 
13-116.) The disc is placed on the turn-
table and the bars observed under a 
light source fed from the normal ac 
lighting circuits. When the speed of the 
turntable is correct, the black bars will 
appear to stand still. If the table is 

Fig. 13-116. A stroboscope disc used for 
checking the rotational speed of a 

turntable. 

turning too fast, the bars speed up and 
drift in the direction of rotation. When 
running slow, the reverse takes place. 
Stroboscopic bars may be painted 
around the rim of a turntable and a 
115-volt neon light mounted close by 
for constant observation. 

13.117 What is the formula for cal-
culating the bars on a stroboscopic disc? 

Bars_ FX 2 X 60  
rpm 

where, 
F is the frequency of the light used 

to observe the bars, 
rpm is the speed of the turntable in 

revolutions per minute. 

The number of bars required in a 
stroboscopic disc using 60-Hz lighting 
current is: 
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rpm 
16 
33% 
45 
78.26 

bars 
450 
216 
159 
92 

The design of stroboscopic discs for 
use on projectors and cameras is dis-
cussed in Question 3.87. 

13.118 What is a light pattern?— 
A test record recorded to measure the 
frequency response of a disc-recording 
channel. Frequencies of constant am-
plitude are sent into the channel and 
recorded, using the normally employed 
equalizers. The finished record is then 
viewed under a light held parallel to 
the surface of the record. The pattern 
seen is the frequency response of the 
recording channel including all com-
ponents and the cutting-head charac-
teristics. The subject is further dis-
cussed in Question 23.75. 

13.119 What is a Christmas tree 
patternT—A light pattern similar to that 
described in Question 13.118. 

SLOTTED SCREW HOLES 
FOR ADJUSTMENT 

CF P RECEPTACLE 
WITH An-TIGHT 

SEALS 

Fig. 13-120. A typical vacuum system 
for removing the chip from a disc record 
while recording. (Courtesy, Audio De-

vices Inc.) 

13.120 What is a vacuum system 
and its purpose?—A suction system used 
for removing the chip from a disc rec-
ord as the recording head moves across 

the face of the disc. A typical vacuum 
system is shown in Fig. 13-120. 

13.121 How is a recording blank 
held by vacuum to a recording turn-
table?—The vacuum system used for 
removing the chip from the record 
while recording is connected to a group 
of holes in the periphery of the turn-
table, thus holding the blank in place. 
(See Question 13.2.) 

13.122 What does the term "cut" 
mean?—To stop or cut off. It is also 
used to designate a sound track in a 
disc record. 

13.123 What is a copper master? 
—A thin sheet of copper which is elec-
troplated onto the surface of an acetate 
or soft wax master disc. When removed 
from the master, it is a negative of the 
original. 

13.124 What is a nickel master? 
—A nickel-plated copper master; also a 
negative. 

13.125 What is silver spraying?—It 
is a method of metalizing the lacquer 
master with silver, using a dual spray 
nozzle, wherein ammoniated silver ni-
trate and a reducer are combined in an 
atomized spray to precipitate the metal-
lic silver. 

13.126 What is gold spluttering?— 
A method of gold plating a master disc 
record by the use of a water-cooled 
vacuum chamber. A metal plug is in-
serted in the center hole of the record 
and connected to a source of positive 
de high voltage. A gold button con-
nected to the negative high voltage is 
placed near the center of the record. 
The high voltage causes the molecules 
of the gold button to pass to the surface 
of the disc, depositing a layer of gold 
approximately one molecule in thick-
ness on the disc. This method is used in 
place of electroplating. This method is 
now obsolete. 

13.127 What is a stamper?—The 
metal negative of the original master 
used in a hydraulic press for stamping 
the finished record. A typical record 
press is shown in Fig. 13-127. Hydraulic 
pressure combined with heat supplied 
by live steam passing through the rec-
ord press molds the plastic biscuit into 
a record. Cold water is circulated 
through the blocks in the press for a 
few moments before releasing the pres-
sure and removing the record. 

13.128 What is a matrix?— A 
stamper. The image is negative. 
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Fig. 13-127. Disc record press as used in the RCA Victor record pressing plant at 
Camden, N.J. 

13.129 What is a mother?— A 
nickel-plated positive of the original 
record used for making stampers. 

13.130 What is a pressing?—A 
commercial phonograph record. It may 
be formed with or without heat. 

13.131 What is a metal master?— 
A copper master. (See Question 13.123.) 

13.132 What is a back plate?—A 
metal or wood backing to which a cop-
per or negative master is attached to 
facilitate handling. 

13.133 What is a master recording? 
—The original recording which may be 
a disc, film, or a magnetic tape. 

13.134 What is a platen?—A flat 
circular plate used in the hydraulic 
press to hold the stamper. 

13.135 What is a reverse copy?— 
A metal copy of the nickel master made 
by means of electroplating. It is an ex-
act duplicate of the original recording. 
After mounting on a back plate it is 
called a master. 

13.136 What is a shellac pressing? 
—A commercial record made some 
years ago, and so called because the 
compound contained shellac, which 
provided a hard surface; now obsolete. 

13.137 What is a binder?—A sub-
stance used to bind the basic materials 
in a processed record together. 

13.138 What is a filler?—A sub-
stance added to the basic material used 
in processed records to provide color 
and weight. 

13.139 What is a biscuit?— A 
dough-like material used in the manu-
facture of phonograph records. (See 
Fig. 13-127.) 

13.140 What is a wax record?—A 
recording blank made of soft wax and 
composed of soap, styric acid, and other 
ingredients. It is used for recording the 
original master and is processed in a 
manner similar to any other master. 
Soft wax was the original method used 
for making disc records; however, it is 
now obsolete, having been replaced by 
the acetate disc master. 

13.141 What is vinylite?—A plastic 
material used in the manufacture of 
phonograph records because of its low 
surface noise and its resistance to 
breakage. 

13.142 Describe the procedures for 
processing disc records.—Two methods 
may be used—the single-step and the 
three-step process—as illustrated in 
Fig. 13-142. The single-step method is 
used when less than 200 pressings are 
to be made and consists of a lacquer 
master, metal matrix, and a vinylite 
pressing. The three-step method is used 
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LACQUER MASTER (POS) 

METAL MATRIX (REG) 

VINYL PRESSING (POS) 

(a) Single-step process. 

1•111111111i LACQUER MASTER (POS) 

METAL MATRIX (REG) 

METAL "MOTHER" (POS) 

M ue\\\\\\U STAMPER (NEG) 

VINYL PRESSING (POS) 

(b) Three-step process. 

Fig. 13-142. Record-processing proce-
dures. (Courtesy, Audio Devices Inc.) 

when more than 200 pressings are re-
quired and the master must be reused. 

13.143 What method is recom-
mended for storing disc records?—They 
should be stored edgewise. 

13.144 How should masters be 
pocked for shipment?—They should be 
packed as shown in Fig. 13-144. 

BOLT THREADED 
AT ENDS ONLY 
CENTER SMOOTH 

RECORDED 
SURFACES 

BOTTOM OF SHIPPING CASE 

Fig. 13-144. The suggested method for 
shipping masters. (Courtesy, Audio De-

vices Inc.) 

13.145 What is an air checkt—A 
recording made from a radio broadcast 
by means of a radio receiver. 

13.146 How should recording blanks 
be handled?—They should be handled 
by the edges only. Never permit the 
hands to come in contact with the re-
cording surfaces as the oil from the 
fingers causes noisy spots in the proc-
essed disc. 

13.147 What precautions should be 
taken when recording a master to be 
processed?—It should be visually in-
spected for defects in the surface before 
recording. After recording, it should 

again be inspected with a magnifying 
glass for breakthroughs in the walls of 
the sound track. A playback record cut 
at the same time the master was re-
corded is used for checking for quality 
and cues. Discs to be processed are 
never played back, as damage to the 
sound track may result. 

13.148 Describe o compatible re-
cording.—In the reproduction of disc 
records, if a stereophonic recording is 
played on a reproducer employing a 
lateral or monophonic pickup, the 
sound track modulations will be dam-
aged because of the nonvertical com-
pliance of the pickup motor mechanism. 
It has long been the aim of recording 
engineers to produce a sound track that 
would play equally well using either a 
monophonic or stereophonic pickup. 
Experiments seemed to indicate that it 
was the low-frequency vertical signal 
that caused most of the wear. If the 
low-frequency signal was removed 
from the vertical portion of the sound 
track, the low frequencies would appear 
in the lateral component which repre-
sents the sum of the two channels, be-
cause the vertical information repre-
sents the stereo information equal to 
the difference between the two chan-
nels. Recordings made in this manner 
show considerably less wear when re-
produced using a lateral pickup. How-
ever, further study indicates that stereo 
information is carried by the low fre-
quencies and leads to the degradation 
of the quality of reproduction. 

Experience indicates that at the 
present time stereophonic recordings 
should not be played back using a mon-
ophonic pickup. However, monophonic 
recording can be reproduced quite sat-
isfactorily using a stereophonic pickup. 

13.149 How may acetate discs be 
cleaned?—With a weak solution of soap 
in cool water. 

13.150 How may the sound-track 
groove depth be calculated? 
For an included angle of 87 degrees: 

Groove depth = 0.5269 x A — 0.4527 x R 

For an included angle of 70 degrees: 

Groove depth = 0.7141 x A — 0.7434 x R 
where, 
A is the groove width, 
R is the stylus tip radius. 

The groove width is measured with a 
calibrated microscope. 
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13.151 How much does the RIAA 
high-frequency pre-equalization improve 
the signal-to-noise ratio?—It will im-
prove the signal-to-noise ratio by 8 dB, 
resulting in an effective signal-to-noise 
ratio of 58 dB under minimum condi-
tions. (See Question 13.95.) 

13.152 What is a negative-feed-
back cutting head?—This device is dis-
cussed in Section 14. 

13.153 What is hot-stylus record-
ing?—The use of a heated stylus during 

the recording process. This method re-
duces the pressure on the recording 
stylus and improves the high-frequency 
response as well as the signal-to-noise 
ratio. This subject is discussed in length 
in Questions 15.60 to 15.71. 

13.154 How does turntable rumble 
affect low-frequency reproductionT— 
Turntable rumble has a high energy 
content and causes the cone of the 
loudspeaker to operate in the nonlinear 
portion of the speaker characteristic, 
distorting the low frequencies. If the 
rumble is great enough, the reproduc-
tion sounds as though the cone were 
breaking up. 

13.155 Show how a given waveform 
is affected by a change in the groove 
velocity.—A given waveform recorded 
at a diameter of 12.5 inches and at 5.5 
inches is shown in Fig. 13-155. It will be 
noted the waveform at 5.5 inches is 
cramped into a space less than half 
that at 12.5 inches. This complicates 
tracking and increases the noise and 
distortion. 

13.156 What is the minimum sepa-
ration specified for stereophonic repro-
duction?—The separation between re-
corded and unrecorded channels mea-
sured at the output of the reproducer 
with its equalizer and preamplifier 
must be at least 26 dB over the range of 
100 to 7500 Hz, and the separation shall 
not fall off at a greater rate than 6 dB 
per octave. As the values specified may 
be subject to noise and erratic mea-
surement, it is suggested, if possible, 

r‘.9w 

12.5" 

5.5a 

that a tuned voltmeter be used for such 
measurements. 

13.157 What is the standard for 
balance between stereophonic channels? 
—Playing back a record, with the out-
put of each channel adjusted to within 
0.25 dB at 1000 Hz, the frequency re-
sponse of each channel shall agree with 
the standard reproducing curve of Fig. 
13-95, within plus-minus 1 dB between 
100 Hz and 7500 Hz, and within plus-
minus 2 dB above and below these fre-
quencies. Equal modulation for the two 
sides may be obtained by using a mon-
ophonic lateral test record. 

13.158 What is the standard for 
phasing o stereophonic recording chan-
nel?—For recording, the standard states 
that equal in-phase signals applied to 
the left and right channel inputs of a 
stereo disc recorder shall result in lat-
eral modulation of the stereo groove. 
Conversely, equal antiphase signals 
produce vertical modulation. For repro-
ducing, the lateral modulation of the 
groove will produce equal in-phase 
voltages at the output of the pickup, 
and, conversely, that vertical modula-
tion will produce equal antiphase vol-
tages. (See Question 13.202.) 

13.159 How does the distortion vary 
for lateral recording?—It varies as the 
square of the signal amplitude, as the 
square of the stylus radius, as the 
square of the frequency, and, inversely 
as the groove velocity. 

13.160 How does the distortion vary 
for a vertical recording?—It varies di-
rectly as the signal amplitude, directly 
as the frequency, directly as the stylus 
radius, and directly as the groove 
velocity. 

13.161 Define groove angle.—It is 
the angle between the two side walls of 
a groove, measured in a radial plane 
perpendicular to the disc surface. 

13.162 Show the schematic diagram 
for a cutting-head filter or preequalizer. 
—A recording filter or equalizer for 
recording, using the RIAA recording 

(a) Waveform recorded at a high groove 
velocity. 

(b) Same waveform recorded at a low 
groove velocity. 

Fig. 1 3-1 5 5. The effect of groove velocity on recorded waveforms. 
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Recording pre-equalizer for adjusting 
cutting head. 

characteristic, developed by H. E. Roys 
of RCA is shown in Fig. 13-162A. 

The circuit consists of an input pad, 
and five adjustable circuits for smooth-
ing out the frequency response of the 
cutting head. An ideal cutting-head re-
cording characteristic and a practical 
response curve are shown in Fig. 
13-162B, with the RIAA recording char-
acteristic. The practical response is at-
tained by the use of the recording filter 
shown in Fig. 13-162A. The small peaks 
and valleys in the final cutting-head 
response are quite small and may be 
considered to be flat for all practical 
purposes. The high-frequency tilt-up of 
the RUA characteristic is obtained by 
the adjustment of the capacitors in par-
allel with the upper portion of the filter 
network. The frequency response of the 
cutting head is adjusted by means of 
the adjustable circuits in the filter net-
work for the smoothest frequency re-
sponse by recording a series of light 

TURNOVER 
FREIUENCY 

IDEAL CONSTANT AMPLITUDE 
- - CONSTANT-VELOCITY RESPONSE 

PRACTICAL RESPONSE AFTER 
CORRECTICN WITH PRE -EGUALIZER 

- R I AA RECORDING CHARACTERISTIC 

Fig. 13-162B. The ideal cutting head 
recording characteristic and a practical 
response curve. Also shown is the RIAA 

recording characteristic. 

o 
8kHr 

the frequency response of a 

patterns or by the use of a cutting-
head calibrator, discussed in Question 
14.49. (See Question 23.75.) 

13.163 How is the recording filter 
of Fig. 13-162 connected in the record-
ing circuit?—The recording filter or 
equalizer may be connected in the re-
cording channel in several different 
ways. The network is connected ahead 
of the recording amplifier at part (a) in 
Fig. 13-163A. At part (b) it is con-
nected in tandem with a variable diam-
eter equalizer. 

Three disc recorders driven from a 
bridging bus are shown in Fig. 13-163B. 
In this instance, the recording filters are 
designed with a 10,000-ohm bridging 
input transformer connected across a 
600-ohm bus. Separate recording ampli-
fiers are used for each recorder. In this 
type arrangement a diameter equalizer 
cannot be used. 

13.164 How is 100-percent modula-
tion of a cutting head determined?—It 
may be acheved by two methods: by 
having a VU meter connected across 
the head circuit or by recording an 
unmodulated groove and measuring its 
width, using a calibrated microscope. 
The latter method is preferred, as it 
takes into consideration the character-
istics of the disc material, stylus heat 
(if used), and any other factors associ-
ated with the actual displacement of the 
cutting-head stylus. The gain control in 
the recording amplifier should have 
%-dB steps to permit accurate ad-
justment of the 100-percent modulation. 
The frequency used for lining-up the 
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(b) With diameter equalizer. 

Fig. 13-163A. Position of the recording pre-equalizer in the recording channel. 

channel before recording should be at a 
predetermined frequency, taking into 
consideration the equalizer characteris-
tics. (See Question 13.112.) 

13.165 Define translation loss (play-
back).—It is the loss suffered in the re-
production of a pressing, whereby the 
amplitude of the reproducer stylus dif-
fers from the recorded amplitudes on 
the record. 

13.166 What is the recommended 
reproducing characteristic for 16-inch 
33 1/4 -rpm recording?—The same fre-
quency response as for 33%-rpm micro-
groove recording (Fig. 13-.95). As this 
type recording uses coarse pitch, the 
recording stylus uses an included angle 
of 88 degrees, plus-minus 5 degrees, 
with a tip radius of 1.5 mils. 

13.167 What is the recommended 
reproducer characteristic for 78.26-rpm 
recording?—The same frequency re-

e‘tOn 
BRIDGING BUSS 

sponse as for 33%-rpm microgroove re-
cording (Fig. 13-95). Because this type 
recording uses a coarse pitch, the re-
cording stylus uses an included angle of 
87 degrees, with a tip radius of 1.5 mils. 

13.168 What is the recommended 
reproducing characteristic for 161/4 -rpm 
recording? — The frequency response 
follows the same general characteristic 
as for the microgroove. However, it may 
require some correction to obtain a sat-
isfactory finished product. Such records 
are recorded using microgroove tech-
niques. Recordings such as these are 
used for books for the blind and other 
extremely long playing records. (See 
Question 1322.) 

13.169 What does the abbreviation 
"RIAA" mean?—lt is the initials of the 
Record Industry Association of Amer-
ica. It is also used to designate the re-
producing characteristic adopted by all 

RECORDING 
AMP 

CUTTING 

HEAD 

CUTTING 
HEAD 

CUTTING 
HEAD 

Fig. 13-1630. Three disc recorders driven from a bridging bus. The pre-equalizers 
have 10,000-ohm bridging input impedance. 
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the leading recording companies as a 
standard for record reproduction. It has 
also been adopted by many of the rec-
ord manufacturers of Europe. The stan-
dard was adopted in June, 1953, and 
reaffirmed in March, 1964. This charac-
teristic is discussed in Question 13.95, 
and the actual values of equalization in 
Question 13.110. 

13.170 What is pinch effect?—See 
Question 16.27. 

13.171 Define tracking error—It is 
the inability of the reproducing pickup 
stylus to properly follow the recorded 
groove, thus inducing distortion and 
noise with possible damage to the groove 
modulations. Trackabitity is now the 
generally accepted term, rather than 
tracking error. (See Questions 13.172 
to 13.174, and 16.42.) 

13.172 What are the most common 
causes of poor tracking in a reproducer? 
—Some of the most common causes are 
pinch effect, groove too shallow or too 
light, turntable not level, bent recording 
blank, overmodulation of the sound 
track, and side walls of the groove 
broken through. 

13.173 What is tracing distortion? 
—Nonlinear distortion in reproduction 
of a disc record. Distortion is created 
because the curve traced by the play-
back stylus is not an exact replica of 
the modulated groove. Tracing distor-
tion is caused by the stylus tip which 
is round and of finite radius. If the 
wavelengths of the modulations are of 
the same dimensions as the stylus tip, 
difficulty will be experienced when 
attempting to reproduce the sound 
track. 

The effects of tracing distortion be-

RECORD 

come greater as the smaller diameters 
are approached because of the lower 
groove velocities. Tracing distortion is 
created because the playback stylus and 
the cutting head stylus contact do not 
occur at exactly the same point. In 
tracing a groove, the playback stylus 
contacts the groove wall at a point dif-
ferent from that made by the recording 
stylus. This difference of position causes 
distortion in the reproduction. With the 
advent of the biradial or elliptical re-
producing stylus, the effect of tracing 
distortion has been considerably re-
duced. (See Questions 13.30 and 13.32.) 

13.174 What is tangent error?— 
When a laterally recorded disc record 
is recorded, the cutting head is carried 
across the face of the recording disc at 
right angles to the direction of the disc 
motion. However, when reproduced, the 
pickup is never at right angles to the 
direction of motion, except at one point, 
because the pickup arm is pivoted in 
such a manner that it swings across the 
face of the disc in an arc as shown in 
Fig. 13-174. Point A is the only place 
where the stylus point is at right angles 
to the direction of motion. 

The constant change of angle by the 
playback stylus causes a strain on the 
sidewalls of the record groove, which 
eventually tears out the high frequency 
modulations, leading to increased noise 
and distortion. (See Question 16.52.) 

13.175 Define constant-velocity re-
cording.— Constant-velocity recording 
indicates a mechanical recording char-
acteristic wherein, for a fixed amplitude 
sine wave, the resulting recorded am-
plitude is inversely proportional to fre-
quency. 

PIVOT POINT 
t OF REPRODUCER 

ARM 

I, 

%-
/ 
/ .1 
II 

CUTTING HEAD TRAVEL 

Fig. 13-174. Tangent error in a reproducing arm. The error is zero at point A only. 
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13.176 What is a sweep-frequency 
recordt—A test record on which have 
been recorded a series of constant-am-
plitude frequencies. Each frequency is 
repeated 20 times per second starting at 
50 Hz and continuing up to 10,000 Hz or 
higher. 

The record is played back and its 

output observed by means of an oscil-
loscope connected at the output of the 
playback unit. Marker frequencies ap-
pear at intervals to identify the fre-
quencies. The use of these records is 
discussed in Question 23.141. 

13.177 What is the nomenclature 
for recording and reproducer styli?—This 
subject is discussed in Section 15. 

13.178 What are the included an-
gles used with recording and reproducing 
styli?—This information is given in Sec-
tion 15. 

13.179 What are the characteristics 
of a magnetic cutting head?—This sub-
ject is discussed in Section 14. 

13.180 What are the standard 
groove characteristics for stereophonic 
recordings?—The plane of modulation 
in a 45/45-degree stereophonic disc 
groove shall have orthogonal modula-
tion planes inclined at 45 degrees to a 
radial line on the surface of the disc 
and at the intersection of the modula-
tion planes and be normal to the radial 
lines. The outer wall of the groove shall 
contain the right-hand channel infor-
mation and the inner wall the left-hand 
information. The phase relationship be-

tween channels shall be such as to re-
sult in lateral groove displacement 
when the stereo-recording system is 
driven with equal amplitude and in-
phase signals, and the groove displace-
ment shall be vertical when the record-

ing system is driven by equal amplitude 
signals in antiphase or 180 degrees. (See 

Figs. 13-180A and B, and Question 
13.104.) 

13./81 What is the standard groove 
shape for stereophonic pressings?—The 
groove shape shall have an included 
angle of 90 degrees, plus-minus 2 de-
grees, with a top width of not less than 
0.001 inch, and a bottom radius not 
greater than 0.0002 inch. For these 
groove dimensions it is recommended 
the reproducing stylus have a tip radius 
of 0.0005 to 0.0007 inch, with an in-
cluded angle of 40 to 45 degrees. 

It will be noted that the groove di-
mensions mentioned above apply to the 
finished product rather than to the re-
cording stylus. In some instances, the 
groove dimensions may depart slightly 
from those of the recording stylus; how-
ever, these variations can generally be 
controlled in the processing plant. In 
the event that it is necessary to play 
back both monophonic and stereo-
phonic discs with the same reproducer, 
the use of a 0.007-inch stylus is desir-
able. 

13.182 What is the lines-per-inch 
rate for starting spirals?—Eight grooves 
per inch, plus or minus 2. 
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Fig. 13-180A. Photomicrograph of 45/45 
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grooves recorded with stereophonic pro-
gram material. 
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13.183 How many grooves are rec-
ommended before the first modulation 
occurs?—Not less than two nor more 
than four complete revolutions. 

13.184 What are the smallest rec-
ommended diameters to be recorded?— 

For 16-inch transcriptions at 33% 
rpm using a reproducing stylus of 
2.3 mils, 7.5 inches. 

For 78.26-rpm recordings, 3% inches. 
For 45-rpm recordings, 41/4  inches. 
For 33%-rpm microgroove record-

ings, 4% inches. 

13.185 What is the standard for 
run-in grooves and the smallest groove 
on the inside?—There shall be at least 
one unmodulated groove at the record-
ing pitch before the recording, and one 
at the end of the recording. The last 
modulated groove shall not be less than 
4% inches in diameter for 33%-rpm 
discs, and 41/4  inches for 45-rpm discs. 

13.186 What is the standard for 
concentricity of the center hole?—It 
shall be concentric with the recorded 
groove spiral within 0.005 inch, with a 
diameter of 0.286 inch plus 0.001 inch, 
minus 0.002 inch for 33%-rpm record-
ing. For 45-rpm discs, the hole is 1.504 
inches, plus-minus 0.002 inch. Warping 
of the disc shall not exceed a total indi-
cator reading of the surface in excess 
of Mti inch, within any 45-degree seg-
ment, with a total reading of the indi-
cator not to exceed %2 inch. 

13.187 What is the recommended 
groove width for coarse-pitch recording? 

—For lateral recording, the finished 
groove should have an included angle of 
88 degrees, plus or minus 5 degrees, for 
a top width of not less than 4.0 mils for 
records to be reproduced with a stylus 
having a tip radius of 2.3 mils. 

13.188 What is the average dy-
namic range of o disc recording?—For 
high quality recordings, the dynamic 
range is: 

Shellac pressings, lateral cut 32 to 40 dB 
Microgroove vinylite 40 to 55 dB 
Vertical cut 40 to 45 dB 
Special systems, microgroove 45 to 60 dB 
16-inch coarse-pitch, lateral 

cut 45 to 60dB 

13.189 What is the recommended 
groove width for vertical recordings?— 
For an included angle of 88 degrees, 
plus or minus 5 degrees, the bottom 
radius should be 2.0 to 2.3 mils, with a 
top width of not less than 4.0 mils. 

13.190 What is grouping?—Uneven 
spacing of the grooves. The grooves 
should be so spaced that at no one point 
does the pitch deviate from the mean 
by more than 5 percent for constant-
groove space recording. 

13.191 What is flash?—It is the 
excess compound generated at the edge 
of a pressing, during the compression 
moulding of a disc record. The edge is 
later buffed smooth. 

13.192 What is the procedure for 
recording standard test records?--Stan-
dard procedures for this type recording 
have been set forth in the National As-

Fig. 13-180B. Photomicrograph of single-channel 45/45 stereophonic record groove. 
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Fig. 13-193. Modulation noise super-
imposed on a fundamental frequency. 

sociation of Broadcasters (NAB) Stan-
dard, "Disc Recording and Reproduc-
tion," March, 1964. 

13.193 What is modulation noise? 
—Noise created by the signal. The sig-
nal is not included as a part of the 
noise. A typical modulation noise pat-
tern •is shown in Fig. 13-193. With the 
use of hot-stylus techniques, modula-
tion noise has ceased to be a problem. 

13.194 What is a poidP—The curve 
traced by the center of a sphere when it 
rolls or slides over a surface having a 
sinusoidal profile. It is the path traced 
by the reproducer stylus of a vertical 
pickup. 

13.195 What is shaving a record?— 
In the days when soft wax was used for 
recording masters, the recording blank 
was rotated at a high speed and a thin 
shaving was removed from the surface 
to obtain a high polish. 

13.196 How does tracing distortion 
differ in a vertical recording?—When a 
sine wave is reproduced from a vertical 
recording, the curve traced by the 
stylus tip is a poid. (See Questions 
13.173 and 13.194.) 

13.197 What is the transition Ire-
quency?—It is the frequency where the 
recording characteristic departs from 
constant velocity to one of constant am-
plitude. It is also called the crossover or 
turnover frequency. (See Question 14.8.) 

13.198 Define the term "off-set 
angle."—In lateral-disc reproduction, 
the off-set angle is the smaller of the 
two angles between the projections into 
the plane of the disc of the vibration 
axis of the pickup stylus and the line 
connecting the vertical pivot (assuming 
a horizontal disc) of the pickup arm, 
with the stylus point. (See Questions 
13.30, 13.32, and 16.60.) 

13.199 Describe a typical pickup 
and reproducing system test record.— 
Several different test records are avail-
able for making individual tests on 
pickup and for testing complete re-
producing systems. Records for the 

testing of pickup characteristics include 
frequency response measurements with 
frequency announcements from 20 to 
20,000 Hz, separation tests (crosstalk), 
pickup-arm resonance, stylus wear, 
wavelength loss, and compliance and 
phasing. A standard reference level is 
also included (7 cm per second). Other 
records for the measurement of har-
monic and intermodulation distortion 
are also available. 

Records designed for complete sys-
tem testing generally include identifica-
tion of left and right channels, stereo 
balance, loudspeaker phasing, rumble 
test, stylus wear, pickup-arm resonance, 
flutter, RIAA frequency-response sec-
tion, and a standard reference level. 
(See Question 13.192.) 

13.200 What is side thrust?—The 
radial component of force on a pickup 
arm caused by stylus drag. 

13.201 Show an RC equalizer cir-
cuit suitable for reproducing the RIAA 
reproducing characteristic.—Two such 
circuits are shown in Fig. 13-291. Solid-
state circuits are given in Section 12. 

13.202 Show the relationship be-
tween the coils of a stereophonic cutting 
head and those of a pickup.—Referring 
to Fig. 13-202, the connections for the 
cutting head coils are shown at part (a) 
and those of the pickup are shown at 
part (b). Because of the mechanical 
design of the cutting head, the left- and 
right-hand sides of the program mate-

B+ 

(a) Triode. 

(b) Pentode. 

Fig. 13-201. Equalizer circuits for RIAA 
reproducing characteristic. (Courtesy, 

Radio Corporation of America.) 
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(b) Reproduce. 

Fig. 13-202. Cross-sectional view of 
stereophonic record groove showing how 
the program material is recorded and 
reproduced. Because of the mechanical 
design of the pickup, the right- and 
left-hand sides of the grooves are repro-
duced by the coils on the opposite sides 

of the record groove. 

rial are reproduced by the coils on the 
opposite sides of the record groove. 
When the program material is re-

corded, as shown at part (a), the left-
hand side is recorded on the left, or on 
the inside wall of the groove. The right-
hand side of the program material is 
recorded on the right, or outside of the 
groove. 
When the record is reproduced, the 

right-hand pickup coil is connected to 
the left-hand amplifier and loudspeaker. 
The left-hand pickup coil is connected 
to the right-hand amplifier and loud-

speaker. This procedure is necessary 
because of the mechanical design of the 
pickup. 

The RIAA standard for stereophonic 
reproduction is that when two identical 
signals are fed to the cutting head actu-
ating the coils in-phase, only a lateral 
sound track is recorded. Conversely, 
equal antiphase signals will produce 
only vertical modulations. It is assumed 
that the reproducing system after leav-
ing the pickup is properly phased. (See 
Question 13.158.) 

13.203 What are the general char-
acteristics of an embossed sound track? 
—In an embossed sound track the ma-
terial is not removed from the disc but 
is pushed aside, creating tiny horns at 
the upper edges of the sound track. The 
frequency response of an embossed 
sound track is rather limited and gen-
erally falls between 70 and 5500 Hz. The 
signal-to-noise ratio will vary with dif-
ferent types of recording materials. 

The harmonic and intermodulation 
distortion is affected by the material of 
the record, the amplitude of the signal, 
and an effect known as cusping in the 
sound track. *A fairly good average of 
distortion is 6 to 10 percent at 400 Hz 
when recording and reproducing on the 
same machine. Crystal or magnetic cut-
ting heads may be used; however, the 
crystal is preferred as it may be cou-
pled to the recording amplifier to pro-
duce a constant-amplitude recording 
characteristic. The output stage should 
have at least 12 dB of negative feed-
back. (See Question 13.32.) 

13.204 What is the frequency char-
acteristic for an embossing recorder am-
plifier?—It is as shown in Fig. 13-204. 
It will be noted the upper midrange 
frequencies have been pre-equalized to 
obtain a greater signal-to-noise ratio 
and to add presence to the reproduc-
tion. The amount of pre-equalization 
will vary with the recording media, 
stylus, and cutting head. 

13.205 Can embossed records be 
played back from the recorder using the 
some head and stylus?—Yes, but with 
a loss of signal-to-noise ratio. Using the 
same stylus has the disadvantage that 
the same included angle is used to re-
produce as that used to record. This 
permits the stylus to ride in the bottom 
of the groove increasing the noise in 
the reproduction. The signal-to-noise 
ratio for this type operation is about 20 
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Fig. 13-204. Recording characteristic for embossing recorder. 

dB. Playing the same record back using 
a greater tip radius will increase the 
signal-to-noise ratio 10 dB. 

13.206 What is the relationship of 
a constant-groove velocity to recording 
time?—The recording time is propor-
tional to the area of the recording. 
Since the area of a circle is proportional 
to the square of its radius, it becomes 
possible to record long periods of play-
ing time using 300 lines per inch. 

13.207 Show a cross-sectional view 
of an engraved and an embossed sound 
track.—A cross-sectional view of an en-
graved sound track is shown at part 
(a), and an embossed sound track is 
shown at part (b) in Fig. 13-207. In the 
engraved sound track the material is 
removed from the disc as the recording 
progresses. In the embossed sound track 
the material of the disc is displaced and 
shoved upward, appearing as two small 
ridges at the edges of the sound track. 

ENLARGED SECTION 
THRU ENGRAVED 
GROOVE 

(a) Engraved sound track. 

ENLARGED SECTION 
THRU EMBOSSED 
GROOVE 

(b) Embossed sound track. 

Fig. 13-207. Enlarged sections of record 
grooves. 

13.208 What is the average pres-
sure developed in an embossing system 
of recording?—About 20,000 pounds per 
square inch. To reduce the friction, the 
recording blank is impregnated with a 
lubricant and the surface treated with 
wax. 

13.209 What type medium is rec-
ommended for embossed sound tracks? 
—As a rule, cellulose acetate about 0.15 
inch in thickness is used; however, in 
some instances vinylite is used. 

/3.210 What is acoustic recording? 
—The original method of recording by 
causing the sound waves to actuate a 
diaphragm to which is attached a sty-
lus. The stylus bears on the recording 
medium and mechanically engraves a 
sound track corresponding to the im-
pressed sound waves. This is the method 
used before the advent of electrical 
recording. Acoustic recording is also 
called mechanical recording. 

Because the output of most of the in-
struments used for recording is low and 
a considerable amount of energy is re-
quired to obtain a satisfactory level on 
the record, horns were attached to the 
string instruments to reinforce their 
acoustic output. A typical recording 
session in the early 1920s is pictured in 
Fig. 13-210. 

The sound mixer consisted of a ball 
of yarn in a tube attached to the large 
horn at the left. The position of the ball 
of yarn in the tube was varied to regu-
late the volume of sound fed to the 
recording diaphragm and stylus. 

73.277 Describe the geometry of a 
45/45-degree stereophonic record groove 
cut with a 90-degree included angle sty-
lus.—A cross-sectional view of a 45/45-
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Fig. 13-210. A recording session in the early twenties at the RCA Victor plant in 
Camden, N.J. 

degree record groove for four limiting 
conditions is shown in Fig. 13-211. A 
recording stylus with an included angle 
of 90 degrees is used. 

The plot at the upper left illustrates 
the type of groove that will be recorded 
when the signal is fed to the left-hand 
channel only. The right-hand wall of 
the groove will be a slant line varying 
in depth. The right-hand edge will be 
smooth and without modulation. The 
left edge of the groove will be varied 
in accordance with the signal. 

The plot at the upper right of the 

diagram depicts the reverse condition 
when the signal is fed to the right-hand 
channel only. The plot at the lower left 
of the diagram shows the type of groove 
recorded when two identical signals in 
phase are fed to the two cutting-head 
driving coils. For this condition, a ver-
tical recording results. 

The plot at the lower right shows the 
groove recorded when the two signals 
are out of phase at the driving coils. For 
such a condition, a lateral recording 
will result. During an actual stereo-
phonic recording session, all four of the 
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Fig. 13-211. Cross section of 45/45 grooves for four limiting conditions. 
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Fig. 13-212. Comparison of 45/45 stereophonic groove with standard lateral groove. 

described conditions are taking place 
under very complex conditions of the 
stylus motion. 

13.212 Compare a monophonic 
groove to that of a 45/45-degree stereo-
phonic groove, showing the maximum 
permissible groove excursion. — This 
comparison is shown in Fig. 13-212 for 
the conventional lateral recorded disc 
and for the lateral motion in a stereo-
phonically recorded disc. The maximum 
excursion for either type of groove is: 

2D + 2 A' 

The maximum modulation for the 
conventional lateral groove is: 

A= A' 

In the 45/45 groove, the maximum 
modulation for either channel is: 

A' 

Thus, each channel for a stereophon-
ically recorder disc will have a 3-dB 
lower output level with respect to a 
conventional lateral recording. 

The maximum amount of lines rec-
ommended for stereophonic recording 

20+ .41/ 

r-Av-E1 

by the 45/45-degree method is 225 lines 
per inch, with a minimum groove width 
of 1 mil and a maximum bottom radius 
of 0.2 mil. 

13.213 What are the limiting fac-
tors relative to the maximum modulation 
that can be applied to a 45/45-degree 
groove?—Refer to the cross-sectional 
view of a 45/45-degree stereophonically 
recorded groove in Fig. 13-213. The 
specified minimum depth is shown at D, 
and the maximum modulation for either 
cutting-head coil is indicated at A. For 
these conditions, the maximum hori-
zontal excursion will be: 

2 D + 4 NriÄ-

The maximum depth of the groove is: 

D + 2 V 2 A 

13.214 What is the average har-
monic and intermodulation distortion for 
stereophonic recording and reproducing 
systems?—It has become the policy of 
most manufacturers not to quote figures 
for harmonic or interrnodulation distor-
tion, as the value of distortion depends 
on many factors. However, intermodu-
lation distortion at 3.5-cm velocity for 

1 

/ 

\ 

I. 
0+2 VrA 

Fig. 13-213. 

D. SPECIFIED MINIMUM GROOVE DEPTH 

MODULATKN sumpurum 

Cross section of 45/45 groove for maximum groove excursion. 
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each channel will not be more than 3.5 
to 4 percent for a diameter of 11 inches. 
As the diameter is decreased, the dis-
tortion will rise to about 5 to 6 percent. 
This is based on the use of 60 and 6000 
Hz in a ratio of 4:X. For monophonic re-
cording, using 7-cm velocity and 400 
Hz, the distortion generally does not 
exceed 2.5 percent at a diameter of 6 
inches. 

It should be taken into consideration 
that these measurements include the 
distortion contributed by the test oscil-
lator, recording amplifiers, cutting head 
and cutting-head stylus angle, and the 
disc record. On the reproducing side, 
measurements include the distortion of 
the disc record, pickup, preamplifiers, 
and any distortion induced by equaliza-
tion in either the recording or repro-
duction circuitry. Considering the many 
factors involved in disc recording and 
reproduction, this is not a high figure 
of distortion. No doubt the greatest dis-
tortion factor is the angle of the stylus 
to the surface of the disc. (See Ques-
tion 13.30.) 

13.215 Describe the RCA dyne,-
groove stereophonic disc record.—The 
dynagroove system developed by RCA-
Victor is a combination of many factors. 
It is a correlation between the artist 
and engineer to achieve a record that 
will more nearly approach concert-hall 
reproduction in the average home by 
the use of several devices in the record-
ing system. It has been found by exten-
sive measurements that 90 percent of 
the consumers listen to record repro-
duction in their homes at a peak level 
of 70 to 90 dB, with the average about 
80 dB. The peak level of a full sym-
phony orchestra is about 100 dB. Thus, 
it may be seen that the peak level in 
the home is considerably lower than the 
concert hall. The principal reason for 
this lower level is that the tolerable 
peak level in a small room is lower than 
that of a concert hall, due to the shorter 
path of travel and the faster growth in 
the smaller enclosure; hence, a lower 
peak level of listening. Six factors enter 
into the realistic reproduction of sound 
in the home; the peak sound level, 
loudness versus the loudness level, fre-
quency response of the human ear, and 
the reverberation characteristics of the 
enclosure. 
When recording the original master 

tape in the studio, several factors are 

taken into consideration, such as the 
studio acoustics, microphone placement 
and directivity, frequency response, 
distortion of the amplifier system, and 
the record speed and signal-to-noise 
ratio. It has been found that operating 
the recorder at 30 inches per second, 
the random signal-to-noise ratio is in-
creased 3 dB, with a reduction in flutter 
and wow of 50.percent. as compared fi. 
a speed of 15 ips. 

After the original magnetic tape is 
recorded, it is transferred to a submas-
ter tape using a Dynamic Spectrum 
Equalizer to correct for differences in 
the listening conditions and to that of 
an average dwelling. The design of this 
equalizer is such that its frequency re-
sponse is altered continuously as the 
program is recorded, and is a function 
of the program amplitude and differ-
ences in the types of musical combina-
tions and selections. Typical frequency-
response curves for this equalizer are 
shown in Fig. 13-215. 
When the level is low, the low fre-

quencies are accentuated. At medium 
levels, only a slight amount of accentu-
ation is used in the low frequencies and 
in the presence range (2000 to 6000 Hz), 
with a reduction in the response in the 
region between 400 and 1000 Hz. At 
high sound levels, the presence region 
is accentuated and the range below 1000 
Hz is reduced. The whole object is to 
increase or decrease the sound level in 
the appropriate frequency bands so the 
program material may be appreciated 
under the existing ambient noise level 
and acoustic environment. Properly 
handled, the dynamic range is not dis-
turbed and reproduction in a small 
room enhanced. 

In the recording of both the master 
tape and the submaster, they are care-
fully monitored using peak-indicating 
volume-indicator meters. After the 
submaster tape has been recorded, it is 
transferred to a master disc, using de-
vices termed, "Dynamic Styli Correia-
tors," in the left and right channels. 
This device corrects for the discrepan-
cies between the angle of the recorder 
and reproducer stylus used by the con-
sumer and reduces the tracking distor-
tion at the smaller diameters by a factor 
of 6:1. 

In addition to the factors mentioned, 
certain changes have been made in the 
record-processing procedure to improve 
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Fig. 13-215. Frequency-response characteristic for Dynamic Spectrum Equalizer for 
various program sound levels. 

the groove produced by the stamper 
and an ingredient introduced into the 
vinylite to reduce the attraction of dust, 
thus increasing the signal-to-noise ratio 
of the disc to 65 dB. Details of this sys-
tem are given in the literature. 

13.216 Describe a monophonic and 
stereophonic magnetic tape or film to 
disc transfer channel.—Pictured in Fig. 
13-216A is a Westrex magnetic tape- or 
film-transfer channel for monophonic 
or stereophonic disc mastering. The 
channel shown is complete except for 
the monitor speakers, disc recording 
lathe, magnetic tape or film reproducer, 
playback turntable, and pickup. 
Two cabinet-type racks house two 

RA-670 amplifiers, two RA-1574D 75-
watt recording amplifiers, gain controls, 
two 40-watt monitor amplifiers, VU 

meters, program equalizers, variable 
high- and low-pass filters, patch panel, 
power supplies for the recording ampli-
fiers, and preamplifiers for playback 
purposes. 

Referring to the block diagram Fig. 
13-216B, at the upper left the input sig-
nals from the left and right channels 
are applied to the input of two RA-670 
limiter amplifiers. These amplifiers have 
extremely fast attack time (e-micro-
seconds) and a variable release time. 
Leaving the limiter, the signals pass 
through high- and low-pass filters, then 
to the variable program equalizers. At 
the output of the equalizers is a gain 
control for balancing the gain of each 
channel and a two-gang attenuator for 
adjusting the gain of the two sides 
simultaneously. 
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The signals are now applied to a 

monitor switching panel where the 
monitoring may be taken from one of 
several different points in the system— 
the left or right cutting-head circuits, 
the recording channel immediately pre-
ceding the recording amplifier, the tape 
reproducer, or the phono jack. Two line 
amplifiers feed through a record on-off 
panel and then to two RA-1574D power 
amplifiers, which drive a Westrex 3-D 
cutting head on the recording lathe. 
At the lower portion of the diagram 

are shown the 40-watt monitor ampli-
fiers, preceded by a two-gang gain con-
trol and two repeat coils. At the lower 
left is a stereo preamplifier for play-
back purposes, and pickup. 

Fig. 13-216A. Westrex Corp. Mode 
2300 StereoDisc magnetic tape to disc 

record transfer channel. 

Referring to the schematic diagram 
in Fig. 13-2I6C, the RA-1574D Stereo-
Disc recording amplifier, the incoming 
signal is fed to a 600-ohm impedance 
input transformer Ti which drives a 
cathode follower VIA that functions as 
a constant-voltage generator for the 
plug-in equalizer. The output from this 
unit is amplified by V2A and B and 
has a low-frequency boost for the 
RIAA recording characteristic. (See 

Question 17.162.) The signal from V2B 
drives V3B, then phase-inverter V3A 
which in turn drives power stages V4A, 
V4B, V5, and V6. The output trans-
former T2 secondary is designed for a 
load of 5 to 10 ohms. 
A negative-feedback circuit is re-

turned from the feedback coil in the 

cutting head to potentiometer PI in the 
control grid of tube V7B at the lower 
left. The feedback signal is amplified by 
tubes V7B, V7A, and V1B. The output 
signal from VlB injects feedback volt-
age into the cathode of V3B and pro-
vides a high-level signal to pin A of the 
monitor-amplifier equalizer C-98461 at 
the lower center of the diagram. The 
signal at the output of the equalizer 

drives tubes V8B and V8A feeding out-
put transformer T3, which provides a 
600-ohm output at a level of plus 4 
dBm, for feeding the monitor power 
amplifier and speaker. The plus 4 dBm 
develops for a peak velocity of 3.54 cm/ 
sec recording level at the cutting head 
stylus tip. Tubes V9 and V10 are em-
ployed for voltage regulation for the 

screens of V5 and V6. 
The circuitry for the equalizers is 

given in Figs. 13-216G and H. The 
Westrex 3-D cutting head is discussed 
in detail in Question 14.2. 

Two power supplies are required, one 
for each amplifier. The power supply is 
unregulated, regulation being supplied 
by the circuitry in the RA-1574D am-
plifiers. Referring to the schematic dia-
gram in Fig. 13-216D, the power trans-
former Ti has three primary taps for 
line voltages of 105 to 120 volts. Full-
wave high voltage is obtained through 
rectifiers CR4 and CR5, consisting of 

two units in parallel, feeding a choke 
input filter Ll. Negative-bias voltage is 
generated by rectifier CRI and is ad-
justed by control Pl. The normal volt-
age is around 38 volts. The dc heater 
voltage is obtained from rectifiers CR2A 
and CR2B operating as voltage dou-
blers. The output voltage is adjusted by 
control RI. Pilot-light voltage is sup-
plied from the same winding. Trans-
former T2 provides isolation and heater 
voltage for regulator tube V9. A delay 
of 50 seconds in applying the 600 volts 
de to the amplifier is obtained by the 
use of a delay unit VS3. Interconnec-
tions between the RA-1574D amplifier 
and power supply are shown at the 
lower left of the diagram. 
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Fig. 13-216B. Block diagram of the Westrex Corp. Model 2300 StereoDisc magnetic 
tape to disc record transfer channel. 

Since the monitoring signal is taken 
from the negative-feedback circuits in 
the cutting head, a network (C-98461) 
is required having an inverse frequency 
characteristic to the RIAA characteris-

tic (Fig. 13-216H). This creates the 
proper listening response. Equalizer 
C-98451 is connected between tubes 
V1A.and V2A to supplant the negative-
feedback loop characteristics and pro-
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for Westrex Model RA-1574D stereophonic 
cording amplifier. 

vide an RIAA recording characteristic 
from 30 to 1000 Hz, and then constant-
velocity from 1000 to 15,000 Hz (Fig. 
13-216G). The insertion loss for this 
network is approximately 18 dB. 

The statistics for the RA-1574D am-
plifiers are: Input impedance 600-ohms. 
Cutting head output 10 ohms for driv-
ing coils, and 11 ohms for negative-
feedback coils. Sensitivity 14 dBm for 
3.54 cm/sec peak recording velocity at 
1000 Hz for both channels. Adjustable 
feedback up to 29 dB. Power output 75 
watts continuous for 1 percent THD. 
Output noise 3 millivolts across 10 
ohms. Monitor output level for a peak 
velocity of 3.54 cm/sec is plus 4 dBm. 

11 

re-

13.217 Describe the difference be-
tween a lateral-vertical and 45/45-de-
gree stereophonic recording system.— 
The basic principles of 45/45-degree re-
cording heads have been discussed in 
Questions 13.211 to 13.213 and will not 
be repeated here. Both of the above 
methods of recording stereophonic 
sound cut Identical grooves. In the 
45/45-degree system, the driving coils 
of the cutting head exert their forces at 
an angle of 45 degrees with respect to 
the recording disc surface. In the lat-
eral-vertical method, a nzatrixing net-
work composed of two transformers 
employing double secondaries convert 
the left and right channel information 
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into sum of vectors for each channel 
lateral and vertical. The resulting signal 
then becomes identical with the 45/45-
degree system of recording. 

The principal difference, in the two 
systems is the initial alignment of the 

8 > 

-T-

o 
o 

left and right sides. Separation in the 
45/45-degree system is fixed and de-
pends on the mechanical construction 
of the cutting head. In the lateral-verti-
cal system, this parameter is a function 
of balance of gain between the two 

u 

r-

Fig. 13-216D. Westrex Corp. RA-1567 power-supply unit for RA-1574D power 
amplifier. 
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Fig. 13-216F. Schematic diagram for Westrex Corp. C-98461 equalizer (Monitor) 
for use with RA-1574D StereoDisc Recording Ampl'fier. 
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Fig. 13-216G. Typical frequency-response characteristic of Westrex Corp. C-98451 
equalizer. 
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Fig. 13-2I6H. Typical frequency-response characteristic of Westrex Corp. C-98461 
equalizer. 

sides of the system. Because the gain is 
fixed by the matrixing network, an ab-
solute balance is not possible. 

Since a lateral-vertical recording de-
pends on two vector forces produced 
simultaneously by the lateral and ver-
tical sides, varying the gain of one 
channel results in a changing of the 
resulting driving forces, thus reducing 
cross-talk ratio between the two sides. 
Also, if the two sides are not of identi-
cal frequency response, the effect is that 
of a change in gain in one side. Because 
of the above disadvantages, the 45/45-

degree method of recording has been 
adopted by most recording organiza-
tions. 

Recording heads manufactured by 
Holtzer, Westrex, Neumann, and Orto-
fon are the 45/45-degree variety, while 
those of Fairchild employ the lateral-
vertical design. 

The lateral-vertical system is aligned 
initially by adjusting the amplifier gain 
of each side at 1000 Hz for maximum 
channel separation, then again adjusted 
for a uniform frequency response and 
separation simultaneously. 
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Section 14 

Cutting Heads 

Because angles, mechanical mounting and alignment, and electronics are critical, 
an understanding of physics, mechanics, and electronics is useful in the under-
standing of disc cutting heads (recording heads). 

This section discusses both monophonic- and stereophonic-type recording heads, 
and their associated equipment and recording techniques. Crystal, ceramic, and 
various types of magnetic cutting heads are discussed, as well as cutting head cali-
bration. Hot- and cold-stylus recording techniques are also discussed. 

14.1 What is an electromechanical 
transducer?—A device which transforms 
electrical energy into mechanical en-
ergy, or vice versa. A recording or cut-
ting head is a typical example of this 
principle. 

14.2 Describe the basic principles of 
a cutting head and the details of con-
struction.—Recording or cutting heads, 
as they are commonly called, are elec-
tromechanical transducer devices that 
translate electrical waveforms into me-
chanical motion and are used to en-
grave a sound track on a plastic or 
nitrocellulose disc record. Cutting heads 
may be designed to record in the lateral 
or vertical direction or a combination 

INPUT 
LEADS 

MAGNETIC 
LINES 
OF FORCE 

Fig. 14-2A. Mechanical and magnetic 
structure of a magnetic cutting or re-

cording head. 

of both for stereophonic recording. The 
essential parts for a lateral-type head 
are shown in Fig. 14-2A. A permanent 
magnetic field is supplied by a magnet, 
indicated by north and south poles N 
and S. A soft-iron armature A is sup-
ported and centered in the magnetic 
field on a knife-edge bearing B and 
connected to a damping spring at the 
rear (not shown). Two coils C surround 
the ends of the armature and carry the 
audio-frequency currents to be re-
corded. These currents induce a mag-
netic field in the armature that is con-
tinuously changing polarity. This causes 
the armature to be attracted or repelled 
by the permanent rru.gnet in accord-

Fig. 14-28. Neumann monophonic cut-
ting head Model ES-59-020. The stylus 
heating coil for hot-stylus recording is 
shown wrapped around the recording 
stylus. (Courtesy, Gotham Audio Corp.) 

693 
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Fig. I4-2C. Exterior view of Neuman 
Model SX-45 stereophonic cutting head. 

(Courtesy, Gotham Audio Corp.) 

ance with the strength of the induced 
audio current; thus, the stylus D 
mounted in chuck E enscribes the elec-
trical waveform applied to the coils C 
in a disc record. Although cutting heads 
can be obtained similar to the basic 
construction, present-day commercial 
recording heads generally make use of 
negative-feedback coils within the 
heads, as such design reduces distor-
tion, increases the signal-to-noise ratio, 
and has a more uniform frequency re-
sponse. 
A commercial cutting head, manu-

factured by Neumann of West Germany 
is shown in Fig. 14-2B. This head is de-
signed for monophonic lateral groove 
recording and employs a negative-feed-
back moving-coil structure, having a 

Fig. 14-2E. Inverted interior view of 
balanced-armature, moving-vane mag-
netic cutting head, using negative feed-

back, for monophonic recording. 

Fig. 14-2D. Cutaway view of Neumann 
Model SX-45 stereophonic cutting head 
showing the interior construction. (Cour-

tesy, Gotham Audio Corp.) 

resonant frequency of 55,000 Hz, thus 
permitting a large value of negative 
feedback to be used. Its frequency 
characteristic is linear over a range of 
30 to 24,000 Hz, without equalization. 
The armature is made in the shape of a 
hollow cone, the apex forming the sty-
lus holder. Near the tip of the cone are 
two feedback coils, with the driving coil 
mounted at the opposite end or open 
end of the armature. The feedback volt-
age is a true representation of the sty-
lus motion. The audio signal, negative 
feedback, and the stylus heating-coil 
connections are brought to the back of 
the head on a 10-pin subminiature con-
nector. A sapphire recording stylus 
mounted in an aluminum shaft is in-
serted by means of a stylus wrench in 

Fig. 14-2F. Holzer Audio Engineering 
Co. Model SC-1 stereophonic cutting 
head. It is of moving-iron feedback de-
sign requiring no linkage or suspensions. 
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STYLUS 

Fig. 14-2G. Simplified 
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cross-sectional view of Westrex Corp. stereophonic cutting 
head. 

the stylus chuck. The stylus heater 
wires are connected by means of 
spring-loaded binding posts. A special 
amplifier having a continuous output 
power of 75 watts is required. The im-
pedance of the feedback coils is 150 
ohms, and of the drive coils, 6 ohms. 

In Fig. 14-2C is an exterior view of a 
stereophonic recording head, showing 
connections to the stylus heating coil. 
The interior construction is shown in 
Fig. 14-2D. The moving-coil structure 
A is somewhat similar to its mono-
phonic counterpart in Fig. 14-2B, using 
an aluminum oxide armature, on which 
are wound two drive coils B for the left 
and right channels. The feedback coils 
are mounted at right angles to drive-
coils directly at the stylus shank C. This 
type of construction permits both drive 
and feedback coils to be wound on a 
common armature and has the advan-
tage of assuring that the feedback volt-
age is an actual reproduction of the 
cutting stylus excursions. The driving-
coils are so wound (onto the armature) 

V SPRING 

STYLUS STYLUS 

as to result in a direct 45/45-degree 
motion sum and difference formation or 
matrising. The diaphragm structure 
suspension has the property of infinite 
stiffness in the lateral plane and com-
plete elasticity to vertical and rotational 
movements. The stylus and heating coil 
are shown at D, and the permanent 
magnet structure is at E. Two special 
power amplifiers are required for oper-
ation. The frequency range is 30 to 
16,000 Hz. Channel separation at 100 Hz 
is greater than 20 dB, at 1000 Hz, 30 dB, 
and at 10,000 Hz, 20 dB. Motional feed-
back is approximately 47 dB. Maximum 
current capability is 500 milliamperes. 
A moving-vane balanced armature 

stereophonic-type cutting head is one 
of the simplest in construction, as it 
employs no springs or balancing mech-
anism. An interior view of its construc-
tional features appears in Fig. 14-2E. 
The ends of the armature A, both in the 
assembly and below, are clamped be-
tween two U-shaped steel yokes B, 
within which lie two magnets C and 

TUBULAR STYLUS SUPPORT TENSION WIRE 

Fig. 14-2H. Stylus support member for Westrex Corp. Model 3D stereophonic re-
cording head. 



696 THE AUDIO CYCLOPEDIA 

laminated pole pieces D, with brass 
clamping blocks E. The metal at the 
bottom of the slots is shaped to form 
torsion bars which support the active 
center position of the armature on the 
gap between the pole pieces. To prevent 
nonaxial deflections, these torsion bars 
are made as short as possible, consistent 
with reasonable stress at maximum ex-
cursion. Through the center of one tor-
sion bar passes the long shank of the 
cutting stylus clamping screw F; the 
thread is carried in an external block G. 
The shank has high torsional compli-
ance so that the presence of the clamp-
ing screw does not add appreciably to 
the mechanical impedance of the arma-
ture. 

The coil H lies in slots in the faces of 
the pole pieces, within the main wind-
ing is a second coil connected to the 
cathode of the second stage of the driv-
ing amplifier to provide the negative-
feedback voltage. The mechanical reso-
nance of the armature, which is around 
10,000 Hz, is damped out by the use of 

silicon damping fluid in the air gaps 
between armature A and pole pieces D. 
Silicone oil has the property of main-
taining a constant viscosity over a wide 
temperature range. 
A stereophonic cutting head devel-

oped by R. T. Speiden and manufac-
tured by Holzer Audio Engineering Co., 
(HAECO) is shown in Fig. 14-2F and 
has similar constructional features. The 
impedance is 16 ohms, with a constant-
velocity frequency response plus-minus 
1.5 dB from 1000 Hz to 15,000 Hz. It is 
recommended that 10 dB of negative 
feedback be introduced at 1000 Hz. For 
a flat frequency response down to 30 
Hz, the feedback is increased to 16 dB. 
The sensitivity is such that 1 watt of 
power (plus 30 dBm) will produce a 
7-centimeter cut from 1000 to 15,000 Hz. 
Adding the RIAA pre-equalization 
characteristic of 13.75 dB at 10,000 Hz 
requires approximately 20 watts for full 
modulation. The design is such that at 
no time does the feedback voltage of 
the cutter drop to less than 90 degrees, 

Fig. 14-21. Underside view of Westrex Corp. StereoDisc recording head. 



CUTTING HEADS 697 

Fig. 14-2.1. Westrex StereoDisc cutting head mounted on recording lathe. 

or increase to more than 270 degrees 
from the signal input to the driver 
system. 
A simplified constructional diagram 

of the Westrex Corp. Model 3C and 3D 
StereoDisc recording heads (Westrex 
refers to cutting heads as recording 
heads) is given in Fig. 14-2G. The fol-
lowing discussion holds true, generally, 
for both the 3C and 3D heads, except 
for certain modifications mentioned in 
the discussion. The cutting-head assem-
bly contains two magnesium coil .form 
assemblies, each associated with a given 
recording channel. Each coil assembly 
contains a driving coil and a negative-
feedback coil located in separate pole 
pieces with annular gaps. The pole 
pieces are attached to a single Alnico V 
de magnet. The magnetic gaps of the 
driving and feedback coils are arranged 
in a series-parallel fashion to insure 
equal flux densities in the correspond-
ing gaps. 

Copper slugs or shields are used to 
reduce cross talk between the driving 

and negative-feedback coils. These 
shields or slugs can be seen in the 
shaded areas near the coils. The springs 
supporting the coils are made of beryl-
lium copper and are V-shaped to main-
tain the alignment of the coils. 
The coil assemblies are attached to 

the stylus holder through links which 
are stiff longitudinally, but flexible lat-
erally. These links are braced in the 
center to prevent excessive lateral com-
pliance. This structure results in a stiff 
forward driving system with a high 
compliance in the lateral direction. 

The supporting member for the 
Model 3C stylus consists of a tubular 
cantilever spring (Fig. 14-2G), with the 
support used in the Model 3D shown in 
Fig. 14-2H. This type of support was 
selected because the compliance of a 
cantilever spring will be the same for 
all directions of motion. This compli-
ance permits the stylus to present a 
uniform impedance to complex motions 
in any direction in the vertical plane. 
This uniform impedance is particularly 
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true for those frequencies in the re-
cording spectrum where the negative-
feedback voltage exercises little control 
over the stylus motion. The use of a 
cantilever spring also reduces the tend-
ency of cross talk between the two 
channels because of the rotational com-
pliance of the stylus. The damping ma-
terial at the front of the stylus support 
has little or no effect on the recording 
at frequencies below 10,000 Hz and little 
effect above 10,000 Hz. Its purpose is to 
smooth out the peaks and valleys in the 
monitor output. 

The system damping is not affected 
by temperature because damping is 
supplied by the negative-feedback coil 
in the driving amplifier system. The 
driving coil impedance is 10 ohms, and 
the negative-feedback coil impedance is 
11 ohms. 
The stylus for the 3D head is some-

what different from that of the 3C head, 
in that it can be replaced without re-
moving the head assembly from the 
recording lathe. The stylus diameter is 
1.5 times that of the 3C stylus and has 
a flattened face 5-mils deep and a 
ground flat of 39 mils, ground the full 
length of the stylus shank. These de-
tails are discussed in Question 15.73. 
The stylus heating coil for both the 3C 
and 3D heads consists of 7% turns of 
0.005-inch resistance wire having a 
resistance of 32 ohms to the foot. The 
coil is wound on a mandrel 0.038 inches 
in diameter or on the shank of a No. 62 
drill. The completed coil is slipped over 

o 

s 

10 

15 

TOE 20 

25 

30 

35 

40 

45 
20 

the stylus shank and held in place by 
the natural spring tension of the wire. 

The heating current for the coil can 
be taken from a 6.3-volt transformer 
with a resistance in series with the coil 
or from a Variac in the primary wind-
ing. 

Fig. 14-21 is an underside view of the 
3B head, with its principal components 
called out. They are: (A) advance ball, 
(B) advance ball lateral adjustment, 
(C) stylus tip, (D) heater coil, (E) chip 
suction pipe, (F) stylus linkage, (G) 
coil assembly, (H) groove depth, (I) 
stylus support, (J) damping member, 
(K) driving and negative-feedback coil 
leads. 

In Fig. 14-2J is pictured a Westrex 
Model 3A recording head mounted on a 
recording lathe. This method of mount-
ing the head assembly is quite similar 
for all Westrex heads. Vertical adjust-
ment screw A and lateral screw B are 
for adjusting the angle of the recording 
stylus. Because of the wide difference of 
opinion relative to the recording angle, 
Westrex recommends a cutting angle of 
23 degrees, established with the Model 
3C recording head. Distortion versus 
the effective vertical-cutting angle is an 
extremely complex problem involving 
such factors as frequency, peak stylus 
velocity, groove spacing, groove diam-
eter, depth of cut, and the properties of 
the recording blank. (See Question 
13.30.) 

The negative-feedback circuit in 
both the 3C and 3D heads displays a 
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Fig. 14-2K. Resonant-frequency characteristic, without feedback, of Westrex Corp. 
Model 3C and 3D negative-feedback recording heads. 
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Fig. 14-2L. Frequency characteristics, with feedback, of Westrex Corp. Model 3C 
and 3D negative-feedback recording heads. 

resonant peak around 1300 Hz (Fig. 
14-2K). Applying 27 dB negative feed-
back to the 3C head or 28 dB to the 3D 
head, the frequency response appears as 
given in Fig. 14-2L. After connecting 
the head to a special amplifier (RA-
1574D described in Question 17.228) 
with its equalizers, the frequency re-
sponse at both the low and high ends is 
flattened out to within plus-minus 1 dB, 
50 to 12,000 Hz, and plus-minus 2 dB, 
12,000 to 15,000 Hz. RIAA equalization 
is provided from 30 to 1000 Hz. The 3D 
head has an overall increase in sensi-
tivity of about 25 percent, as compared 
to that of model 3C. 

14.3 What are the normal fre-
quency characteristics of a magnetic 
cutting head?—Constant velocity as 
shown in Fig. 14-3. It will be noted that, 
using 500 Hz as a reference frequency, 
each time the frequency is doubled the 
amplitude is halved. If the frequency 
is halved, the amplitude is doubled. 

4kHz 10kHz 20kHz 

This is a true constant-velocity charac-
teristic. However, this characteristic is 
not suitable for commercial recording, 
as frequencies below 250 Hz would be 
overmodulated or overcut and the high 
frequencies would be too low in ampli-
tude. To prevent overcutting at the 
low frequencies, cutting heads are de-
signed to record a modified, constant-
amplitude constant-velocity character-
istic as shown in Fig. 14-6A. 

14.4 What does the term "constant 
velocity" mean?—It means that the sty-
lus will travel the same distance in a 
given time, regardless of the frequency. 
To better illustrate the term, refer to 
Fig. 14-3 and assume the amplitude at 
1000 Hz is one inch. At 2000 Hz the fre-
quency has been doubled but the am-
plitude is half that at 1000 Hz; there-
fore, the distance traveled by the stylus 
in one second is still one inch. At 100 
Hz, the amplitude is 10 times that at 
1000 Hz; however, the frequency is Ma 

 CONSTANT-VELOCITY 

REFERENCE 
FREQUENCY 

500 aco 2000 5000 10kHz 

Fig. 14-3. Frequency characteristic of a magnetic cutting head operating as 
constant-velocity device. 

o 
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that at 1000 Hz. Therefore, the same 
distance is traveled by the stylus. The 
same reasoning holds true for any fre-
quency within the operating range of 
the head. 

CONSTANT AMPLITUDE 

50 100 200 500 1000 2000 5000 10111M 

Fig. 14-5. Frequency characteristic of a 
crystal cutting head operating as a con-

stant-amplitude device. 

14.5 What does the term "con-
stant amplitude" mean?—That for a 
constant signal amplitude to the head, 
the recording characteristic will be of a 
constant amplitude as shown in Fig. 
14-5. A crystal cutting head is a good 
example for describing constant-ampli-
tude recording. Because the impedance 
of a crystal cutting head decreases as 
the frequency increases, the crystal im-
pedance will be high with respect to the 
coupling circuit over the entire operat-
ing range. Therefore, it may be oper-
ated as a constant-amplitude device. It 
will be noted that, regardless of fre-
quency, the amplitude swing of the 
stylus is constant. This is the normal 
recording characteristic of a crystal 
cutting head. Crystal cutting heads are 
not used professionally, but have been 
used on home recording equipment 
quite extensively. 

14.6 What is the recording charac-
teristic used with magnetic cutting 
heads?—A modified constant-amplitude 
constant-velocity characteristic as is 
shown in Fig. 14-6A. It will be noted 

TUNKIVEN 
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Fig. 14-6A. Frequency characteristic of a 
magnetic cutting head adjusted for a 
constant-amplitude, constant-velocity re-

cording characteristic. 

that a frequency, called the turnover 
frequency, separates the characteristic 
into two parts. The portion to the left 
of the turnover frequency is called the 
constant-amplitude portion and that to 
the right the constant-velocity portion. 
The constant velocity portion behaves 
as described in Question 14.3. 
To achieve the constant-amplitude 

portion of the characteristic, the cutting 
head is so designed that regardless of 
frequency, the amplitude swing below 
the turnover frequency is constant. 
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Fig. 14-60. Equalizer frequency char-
acteristics required to compensate for 
the constant-amplitude characteristics of 

the cutting head when reproducing. 

To secure a constant amplitude be-
low the turnover frequency, each time 
the frequency is halved the amplitude 
is reduced by half, or 6 dB. This will 
result in a constant-amplitude charac-
teristic for a constant-amplitude signal 
across the head from the turnover fre-
quency to the lowest frequency. 

Because this type characteristic re-
duces the amplitude of the frequencies 
below the turnover frequency approxi-
mately 6 dB per octave, it is necessary 
to employ an equalizer in the repro-
ducer circuit which has an inverse 
characteristic to the constant amplitude 
portion of the recording characteristic. 
(See Fig. 14-6B.) 

14.7 What are the advantages of a 
constant-amplitude constant-velocity re-
cording characteristic?— It permits a 
higher recording level at the higher 
frequencies because of the constant-
amplitude characteristic below the 
turnover frequency; thus, the signal-
to-noise ratio of the frequencies in the 
constant-velocity portion are increased. 

If reproduced with a magnetic 
pickup, the frequency response above 
the turnover frequency is almost uni-
form. The use of a low-frequency 
equalizer below the turnover frequency 
having a rise of 6 dB per octave returns 
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lower frequencies to a flat response. 
(See Fig. 14-6B.) 

14.8 What is the turnover frequency 
of a magnetic cutting head?—A fre-
quency where the characteristic of the 
cutting head departs from a constant-
amplitude characteristic to one of con-
stant velocity. In the past, the turnover 
frequency has varied with different 
manufacturers of cutting heads and 
with different recording activities. 
However, in June, 1953, the RIAA 
placed the turnover frequency at 1000 
Hz. Records made before this date used 
turnover frequencies anywhere between 
250 and 1200 Hz. As a rule, the fre-
quency characteristic is specified on the 
record envelope. 

14.9 What effect does the turnover 
frequency have on reproduction?—If the 
correct turnover frequency is not used 
during the reproduction, an improper 
balance is obtained between the fre-
quencies lying in the constant-ampli-
tude constant-velocity sections of the 
recording characteristic. It is highly 
important, when reproducing a record, 
that the reproducing circuits shall be 
capable of being adjusted to the correct 
turnover frequency. 

The effect of using a turnover fre-
quency that is too low and one that is 

(A) TURNOVER FREQUENCY LOW 
(8) • • • HIGH 
(C) • • CORRECT 
(0) CONSTANT AMPUTUOE CHARACTERISTIC 

TO 

Fig. 14-9. The effect of correct and in-
correct turnover frequency in a repro-
ducing circuit. The effect when the turn-
over frequency is too low is shown at A. 
The effect when the turnover frequency 
is too high is shown at B. The correct 
turnover frequency is illustrated at C, 
and the constant-amplitude character-

istic is given at D. 

Columbia and Mercury 
Columbia and Mercury 
RCA-Victor 
Decca (FFRR) 
Technicord 
Vertical recording 
Miscellaneous 

too high is shown in Fig. 14-9. It will 
be noted that if the turnover frequency 
is too low (A), there is a step down-
wards in the frequency response. If the 
turnover frequency is too high (B), the 
low end starts rising too soon upsetting 
the balance between the high and low 
frequencies. 

14.10 What are turnover frequen-
cies used with early cutting heads?— 
Since the adoption of the RIA.A charac-
teristics, the turnover frequency has 
been standardized at 1000 Hz. (See Fig. 
14.10) 

14.11 How are the damping springs 
and material applied to the mechanical 
construction of a magnetic cutting head? 
—Magnetic cutting heads designed for 
disc recording may be considered to be 
multisection mechanical bandpass filters 
terminated in an artificial line. The pri-
mary function of a cutting head is to 
engrave on the disc a faithful reproduc-
tion of the applied electrical waveforms. 

The cutting head converts electrical 
energy into mechanical energy; there-
fore, it is similar to an electric motor 
or a loudspeaker. For present day re-
quirements, a cutting head must be 
capable of recording with uniform char-
acteristics up to at least 10,000 Hz. Many 
recording activities record to 15,000 Hz. 

The interior construction for a typi-
cal monophonic balanced-armature cut-
ting head is shown in Fig. 14-11. Refer 
to the front view shown at (a) in Fig. 
14-11 for the following explanation. A 
balanced armature A is placed in a per-
manent magnetic field supplied by a 
permanent magnet B. At the upper and 
lower ends of the armature are placed 
actuating coils C connected in series. 
The use of two coils in series cancels 
the even harmonics and reduces the 
distortion. The armature A is con-
structed of laminated steel with a 
V-shaped saddle D at the center. The 
saddle rests on a ground knife-edge 
support E. Steel rod F balances the 
armature in the exact center of the gap 

78 rpm 
33% rpm 
78 rpm 
78 rpm 
78 rpm 

33% rPni 
78 rpm 

300 Hz 
300 Hz 
500 Hz 

300-500 Hz 
650 Hz 
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250-700-1000 Hz 

Fig. 14-10. Turnover frequencies used with early cutting heads. 
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E D 

(a)Front view. (b) Rear view. (c) Side view. 

Fig. 14-11. Interior view of typical monophonic balanced-armature cutting head, 
showing the damping springs and damping materials. 

between the pole pieces. Two steel rods 
G with offset loops are used to supply 
pressure to the outer ends of the saddle 
mount D, to balance the armature in 
the center of the magnetic structure. 

The rear view of the cutting head is 
shown at (b) in Fig. 14-11. In this view 
the rear end of the armature is shown 
connected to a thermoplastic damper H 
which removes resonant peaks and 
helps to smooth out the frequency re-
sponse. This damping material is some-
times referred to as an artificial line. 
A metal washer I secures the damping 
member to the armature. A side view 
showing how the damping material is 
secured to the magnetic structure ap-
appears at C in Fig. 14-11. The cutting-
head just discussed is of the nonnega-
tive feedback type. 
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Fig. 14-12. Frequency response of a 
magnetic cutting head plotted from a 

light pattern. 

14.12 How are the damping mate-
rial and springs adjusted to secure the 
desired frequency response?—The ad-
justment of a cutting head to secure a 
desired recording characteristic is both 
tedious and difficult and is somewhat 
of a cut-and-try job. The adjustment is 
started by centering the armature be-
tween the pole pieces by means of the 
balance springs G (shown in Fig. 14-11) 
while observing the contact between 
the knife-edge and the saddle on the 
armature under a microscope. When 

the contact is uniform, the springs are 
locked in place. 
The next procedure is to adjust the 

various areas of the damping material 
which control the frequency response 
of the cutting head. This is done by re-
moving sections of the damping mate-
rial shown at (b) in Fig. 14-11. Areas J 
of the damping material affect the fre-
quency response between 800 and 2000 
Hz, while areas K affect the region 
between 3000 and 5000 Hz. Areas L may 
be used to control frequencies between 
5000 and 6500 Hz. Areas M, N, and 0 
control the frequencies above 6500 Hz. 

The calibration should be carried out 
at normal room temperature, as tem-
perature has a pronounced effect on the 
final response. The calibration is made 
by recording light patterns and mea-
suring the response visually by playing 
back and measuring it electrically, or 
by means of an fm calibrator described 
in Question 14.49. A typical frequency 
response plotted from a light pattern is 
shown in Fig. 14-12. (See Question 
23.75.) 

14.13 Will a cutting head cali-
brated for 33 1h rpm be satisfactory for 
45 rpm?—It is possible to obtain satis-
factory calibration for both speeds; 
however, if the cutting head is of the 
negative-feedback type, generally the 
amplifier system is equalized for 33%, 
45, and 7826 rpm and will be adjustable 
within the specified tolerances for the 
RIAA Standard reproducing response. 

14.14 How does temperature affect 
the calibration of a magnetic cutting 
head?—If the cutting head is calibrated 
at normal room temperature and then 
operated at a low room temperature, 
the frequency characteristic will change. 
Certain manufacturers incorporate a 
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small heating unit in the cutting head 
to maintain it at an even temperature 
regardless of the room temperature. 
When making calibrations of a cut-

ting head, single frequencies should not 
be applied to the head for long periods 
of time as the damping material be-
comes overheated and softens, permit-
ting the calibration to change. If the 
head has been subjected to overheating, 
it should be permitted to cool slowly 
and then should be rechecked for cali-
bration. 

14.15 What is the material used for 
the damping member of a magnetic cut-
ting head?—A thermoplastic called Vis-
coloid. In some instances tungsten-
loaded rubber is used. 

14.16 How is a monophonic signal 
(lateral cut) obtained with a stereo-
phonic cutting head?—Identical signals 
having the same phase and level pro-
duce a lateral (monophonic) signal. 
Identical signals out-of-phase produce 
a vertical cut. (See Question 13202.) 

14.17 What is a mechanical trans-
mission line used with magnetic cutting 
heads?'—In the early Western Electric 
cutting heads, a rubber damping line, 
composed of three rubber tubes, one 
within the other, was used to damp out 
mechanical resonance of the moving 
parts. The rubber line was attached to 
the armature by means of a metal fin 
running the entire length of the rubber 
line. The mechanical transmission line 
reduced distortion besides smoothing 
out the frequency response. This system 
was used with the lateral coarse-pitch 
cutting heads, before the use of nega-
tive-feedback cutting heads. 

14.18 Is the impedance of a mag-
netic cutting head constant?—No, it 
varies with frequency. As a rule, the 
magnetic cutting head will show its 

3000 

2500 

2000 

1500 
o 

5 1000 
500 

o 
10 

stated impedance only between 400 and 
1000 Hz, then rise to several thousand 
ohms at the higher frequencies. Below 
1000 Hz the impedance may drop to 
one-tenth that at 1000 Hz. A typical 
impedance curve for a 500-ohm head 
of the nonnegative feedback type is 
shown in Fig. 14-21A. 

14.19 What are the standard values 
for cutting impedanceT—There are no 
standards relative to cutting impedance; 
the values are optimal with the manu-
facturer. Typical impedances run from 
5.6 ohms for the Westrex 3B stereo-
cutting head, up to 600 ohms for others, 
but generally they are below 200 ohms. 

14.20 What is the purpose of con-
necting an RC network in series with a 
cutting headT—To prevent the cutting 
head from loading down the driving 
amplifier at the lower frequencies be-
cause of the decreasing impedance as 
explained in Question 14.18. It also 
helps to maintain the 6 dB per octave 
dropoff in the constant-amplitude por-
tion of the recording characteristic. 
(See Fig. 14-12.) 

14.21 Explain the action of an RC 
network connected in series with a non-
feedback cutting head.—Fig. 14-21A 
shows the impedance characteristics for 
a typical nonfeedback magnetic cutting 
head, rated 500 ohms at 1000 Hz. As 
may be seen, this head has an impe-
dance of 90 ohms at 40 Hz, 500 ohms at 
1700 Hz, and then rises to over 3000 
ohms at 10,000 Hz. 

With the cutting head described in 
the foregoing connected across the out-
put of a driving amplifier, the amplifier 
output sees 500 ohms at only one fre-
quency (1700 Hz). This means the am-
plifier will be overloaded at the lower 
frequencies because of the lowered im-
pedance of the cutting head decreasing 

1 1 11 
---- WITH NETWORK • (MEASURED 
—WITHOUT NETWOFK EA RED) 

50 100 500 

FREQUENCY 

Fig. 14-21A. Impedance characteristic of a typical nonfeedback cutting head, with 

IkHz 5kHz 10 Hz 

and without RC network. 
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(b) 15 ohms. 

CUTTING 
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Fig. 14-21B. RC networks used with nonfeedback cutting heads to maintain a 
stant-amplitude, constant-velocity frequency characteristic. 

the power output and increasing the 
harmonic distortion. The impedance rise 
above 1700 Hz will have little effect on 
the amplifier as it acts as a bridging 
load across the output This statement 
only holds true if the output stage con-
sists of triodes or pentodes using a con-
siderable amount of negative feedback. 
To prevent the low impedance of the 
cutting head from disturbing the out-
put stage of the driving amplifier, an 
RC network is connected in series with 
the output circuit, as shown in Fig. 
14-21B. 
An RC network for a cutting head 

rated 500 ohms impedance consists of 
a 400-ohm noninductive resister and a 
1-SF capacitor connected in parallel. 
The parallel impedance of this network 
is 148.4 ohms at 1000 Hz. When con-
nected in series with the cutting head, 
the load impedance seen by the ampli-
fier output is the network impedance 
plus the impedance of the cutting head 
as shown by the dotted line in Fig. 
14-21A. The curves shown are actual 
impedance curves measured on a com-
mercial cutting head. The variation in 
impedance between 100 and 1700 Hz 
is due to the head characteristics and 
is of little consequence to the over-all 
recording characteristic. With the RC 
network described in the circuit, the 
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impedance, as may be seen, cannot fall 
below 400 ohms which appears in the 
region of 1000 Hz. The action of the 
network when connected in the circuit 
may be explained as follows: 

At a frequency of 1700 Hz, the net-
work in series with the impedance of 
the cutting head presents a load im-
pedance to the output of the amplifier 
of 500 ohms. As the frequency decreases, 
the cutting-head impedance decreases. 
However, the reactance of the capacitor 
in the network is rising and, at a fre-
quency of 40 Hz, the reactance of the 
capacitor has reached about 4000 ohms, 
which leaves practically pure resistance 
in the circuit. 

It will be noted the load impedance 
below 1000 Hz never rises above 400 
ohms. Above 1700 Hz, the reactance of 
the capacitor in the network drops very 
rapidly and effectively shorts out the 
resistor, leaving only the impedance of 
the cutting head in the circuit. 

If such a network as is described in 
the foregoing is not used, high distor-
tion may be expected at frequencies 
below 1000 Hz and the frequencies 
below the turnover frequency will not 
drop off at the rate of 6 dB per octave. 
The constants of the RC network will 
vary with cutting heads of different 
manufacture and impedance. The cor-

lili' 
TURNOVER 
PRE0)/ENCY 

.-CONSTANT AMPUTUDE---•-•--COMSTANT VELOCITY 

1--1)-' 

- „ - -,---- 
.......- OE 

OE ' 
kHz 10kHz 

Fig. 14-21C. A typical response for a nonfeedbock monophonic cutting head plotted 
from a light-pattern measurement. 
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rect value may be obtained experi-
mentally by measuring the impedance 
of the cutting head and then designing 
the RC network. Measurements are 
then made with the cutting head and 
the network connected in series and 
plotted as shown in Fig. 14-21A. 

Light patterns are also helpful in 
arriving at the final characteristic. A 
typical frequency characteristic plotted 
from a light pattern is shown in Fig. 
14-12C. The recording of light patterns 

is discussed in Question 23.75. 
14.22 What is the standard refer-

ence level and frequency used for cut-
ting head calibration?—It is 7 centime-
ters per second for both coarse pitch 
and microgroove at speeds of 33%, 45, 
and 7826 rpm. It is also the same for 
vertical recording. (See Fig. 14-22.) 

SF-C 

A - B 

Fig. 14-22. Illustration of a standard 
• reference level. The amplitude is such 

the stylus travels 7 centimeters from A 
to B in one second at a frequency of 

1000 Hz. 

14.23 How is the sensitivity of a 
cutting head statedP—Cutting heads are 

rated in watts input for a given velocity 
in centimeters per second, at a fre-

quency of 1000 Hz. The average power 
required for driving a modern cutting 
head is approximately 1 watt (plus 30 
dBm). This holds true for both mono-
phonic or stereophonic heads. 

14.24 How is the turnover fre-
quency of a non feedback cutting head 
controlled?—By the resonant frequency 
of the mechanical system, the effective 

mass of the moving parts, and the stiff-
ness of the centering springs. 

Below the resonant frequency of the 
mechanical system, the cutter mecha-
nism acts as a spring, resulting in a 
constant armature deflection for a con-
stant input across the head. Thus, a 
constant-amplitude characteristic is ob-
tained below the turnover frequency. 
Above the resonant frequency of the 

mechanism the system is mass con-
trolled and for a constant input, results 
in a constant-velocity characteristic. 

In this manner an overall constant-
amplitude constant-velocity character-
istic is obtained. 

14.25 What limits the maximum 
amplitude swing of the armature of a 
cutting head?—The swing of the arma-
ture is limited by the mechanical struc-
ture and the damping mechanism. The 
maximum amplitude is also limited by 
the amount of power that may be safely 
applied to the actuating coils. If the 
power is too great, the coils will over-

heat the damping material and necessi-
tate the recalibration of the head for 
both sensitivity and frequency response. 
Overmodulation also increases the noise 
and distortion. 

14.26 What is a vertical cutting 
headT—A cutting head which engraves 
the sound track on a disc record in a 
vertical plane. The sound track varies 
in depth and width. A cross-sectional 
view of a negative-feedback cutter with 
the principal components indicated is 
shown in Fig. 14-26, 
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Fig. 14-26. Cross-sectional view of a 

vertical, negative-feedback, cutting 
head. (Courtesy, Bell Telephone Labs.) 
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14.27 What is the turnover fre-
quency of a vertical cutting head?—Ap-
proximately 250 Hz for those not using 
negative feedback. For those employing 
feedback, the turnover frequency is 400 
Hz. 

14.28 What is the purpose of using 
negative feedback with a vertical cut-
ting heacIP—To obtain a more uniform 
frequency response and reduce distor-
tion, as the head mechanism has a 
rather sharp peak around 1000 Hz. Ap-
proximately 43 dB of negative feedback 
is required to obtain a uniform fre-
quency response between 40 to 12,000 
Hz. A special power amplifier is re-
quired. 

14.29 What are the advantages of 
using negative feedback with a cutting 
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head ?—The use of negative feedback 
with a cutting head adds approximately 
16 dB to the signal-to-noise ratio at 
10,000 Hz, at a diameter of 6 inches. 
Tests made on heads using negative 
feedback indicate a 69 dB signal-to-
noise ratio, using a hot-stylus recording 
technique. A vibrating coil may be con-
trolled over a wide range of frequencies 
by the application of negative feedback. 
The feedback eliminates the need for 
heavy mechanical damping materials, 
and reduces the effects of the disc ma-
terial on the tip of the recording stylus. 
Negative feedback governs the power 
rather than absorbing it in the control 
process. Furthermore, the use of vis-
cous damping oilers difficulties as its 
effectiveness deteriorates over a period 
of time and its characteristics are af-
fected by temperature and changes re-
sulting from the use of a hot stylus. 

Intermodulation distortion measure-
ments made at a velocity of 8 centi-
meters per second show: 

Distortion 

0.61% 
0.62% 
0.61% 

Frequency Range 

40-2000 Hz 
60-2000 Hz 
100-2000 Hz 

The test frequencies were set in a ratio 
of 4:1, the high frequency being 12 dB 
lower in amplitude than the lower fre-
quency. 

14.30 What is a crystal cutting 
head?—A cutting head which employs a 
piezoelectric crystal for the stylus actu-
ating mechanism. The crystal is similar 
(except heavier) to that used in a crys-

tal pickup. A typical crystal cutting 
head is shown in Fig. 14-30. 

The audio currents cause the crystal 
to twist in a lateral direction. A record-
ing stylus mounted in a chuck is at-
tached to the crystal slabs for the pur-
pose of engraving the sound track on 
the recording disc. 

Ceramic crystals have to some extent 
replaced the Rochelle salt crystal; how-
ever, because of the greater sensitivity, 
Rochelle salt crystals find their greatest 
usage in pickups, microphones, and 
headphones. Generally, ceramic crys-
tals are treated both electrically and 
mechanically much the same manner 
as Rochelle crystals. (See Question 
25.103.) 

14.31 What are the recording char-
acteristics of o crystal cutting head?— 
Constant amplitude as shown in Fig. 
14-5. If a constant voltage is applied to 
the crystal slabs, the amplitude motion 
of the recording stylus will be constant 
regardless of the applied frequencies. 
Recordings made with a crystal cutting 
head require no equalization in either 
the recording or reproduction circuits 
if played back with a crystal pickup. 

14.32 What is the impedance of an 
average crystal cutting head at 1000 
Hz?—Approximately 20,000 to 40,000 
ohms. 

14.33 How are crystal cutting heads 
coupled to the output of an amplifier 
stage?—Crystal cutting heads may be 
coupled to an amplifier output stage in 
a number of ways. The output stage 
may be single or double ended. The re-
cording characteristic is controlled by 

MOUNTING OF RC-20 CUTTER 
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PIVOT TO BE AS CLOSE TO ---..---URECORD SURFACE 
RECORD SURFACE AS POSSIBLE. 

Fig. 14-30. Crystal cutting head and recorder mount. (Courtesy, Clevite Corp., 
Piezoelectric Div.) 
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TRIODE 

ICUTTING 
-a-1 HEAD 

Fig. 14-33A. A coupling circuit for 
operating a crystal cutting head con-
stant-amplitude. Plate load must not 

exceed 4000 ohms. 

TRIODE 

CUTTING 
HEAD 

Fig. 14-338. Method of driving a crystal 
cutting head as a constant-amplitude 

recording device. 

PENTODE 

Fig. 14-33C. Crystal cutting head cou-
pled to a pentode or beam-power tube 
for constant-amplitude recording. The 
terminating resistor I21, supplies the cor-

rect load to the cutting head. 

FB LOOP 

C 

Fig. 14-33D. A crystal 
using constant-amplitude recording char-
acteristics coupled to a pentode or beam-
power tube using negative feedback. 

cujErzis.1. 

cutting head 

the output impedance presented to the 
cutting head. 

For constant-amplitude recording 
the head may be coupled as shown in 
Fig. 14-33A. Here the crystal is coupled 
to the output tube, a triode, through 
coupling capacitor C. In Fig. 14-33B, the 
cutting head is driven from an output 
winding, the terminating impedance 
being the plate resistance of the tube. 
The impedance presented to the crystal 
should fall between 3000 and 4000 ohms. 

To operate a crystal cutting head 

from a pentode or beam-power tube 
without negative feedback, the coupling 
circuit shown in Fig. 14-33C is used. 
Beam-power tubes use a load impe-
dance approximately one-fifth the plate 
resistance, and the distortion without 
feedback will rise quite sharply. The 
output transformer is terminated by a 
resistor RI. to reflect the correct load 
impedance to both the plate of the tube 
and the cutting head. For an output 
stage using negative feedback, the de-
sired output impedance is supplied by 
the output transformer winding (Fig. 
14-33D). It is important that the output 
impedance seen by the cutting head 
does not exceed 4000 ohms, including 
the output impedance as modified by 
the negative feedback. Coupling circuits 
for driving crystal cutting heads em-
ploying a constant-amplitude constant-
velocity recording characteristic are 
discussed in Question 14.37. 

14.34 What is the signal voltage 
required to drive a crystal cutting head? 
— For constant-amplitude recording, 
about 50 volts. For constant-amplitude 
constant-velocity, approximately 150 
volts. This is the rms voltage as mea-
sured across the crystal with a vacuum-
tube voltmeter. 

14.35 What type load characteristic 
does a crystal cutting head present to 
the output circuit of an amplifier?—A 
crystal cutting head presents a capacity 
load in which the impedance decreases 
as the frequency increases. For this 
reason, it is recommended that only 
class-A triode amplifiers or beam-
power amplifiers using at least 12 dB of 
negative feedback- be used for driving 
crystal cutting heads. 

Since a crystal cutter is of the actu-
ated type, the stylus displacement (am-
plitude) is proportional to the impressed 
voltage over practically its entire oper-
ating range. Because of this character-
istic, constant-amplitude records may 
be cut without equalization in the re-
cording circuits. 

Commercial constant-amplitude con-
stant-velocity recordings may be cut 
by the use of special coupling circuits 
which are explained in Questions 14.37 
and 14.38. 

14.36 What is the internal capaci-
tance of a crystal cutting head?—Ap-
proximately 0.007 to 0.10 F. 

14.37 How are crystal cutting heads 
coupled to an amplifier for a constant-
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amplitude constant-velocity recording 
characteristic?— As shown in Fig. 
14-37A. When the crystal impedance is 
equal to the impedance of the coupling 
circuit, the frequency response will be 
down 3 dB at the frequency where the 
two impedances are equal. Above this 
frequency (the turnover frequency) the 
frequency response will fall off at a 
rate of 6 dB per octave. In other words, 
the cutting head will operate on a con-
stant-velocity basis above the turnover 
frequency and on a constant-amplitude 
basis below the turnover frequency. 
By the selection of the proper com-

ponent values for the coupling circuit, 
the turnover frequency can be placed 
anywhere in the normal frequency 
range. If the turnover frequency is es-
tablished between 800 to 1000 Hz, the 
cutting head will record a commercial 
constant - amplitude constant - velocity 
characteristic (also called a modified 
constant-velocity characteristic). If the 
turnover frequency is placed at the up-
per extreme of the frequency spectrum, 
the cutting head will record a constant-
amplitude characteristic as shown by 
the line at zero amplitude in Fig. 
14-37B. 

Ft3 LOOP 

CUTTING 
HEAD 

Fig. 14-37A. Coupling circuit for driving 
a crystal cutting head, constant-ampli-
tude, constant-velocity with a turnover 

frequency of 1000 Hz. 
+20 

-20 
30 lOO 500 1003 

FREQUENCY IN HERTZ 

Fig. 14-378. Frequency characteristics of a crystal cutting head operating constant 
amplitude and constant velocity. (Courtesy, Clevite Corp., Piezoelectric Div.) 

14.38 How are the coupling circuit 
values selected for a constant-amplitude 
constant-velocity recording characteris-
tic?—By the impedance of the coupling 
circuit and the desired turnover fre-
quency. The frequency response of a 
crystal cutting head coupled for three 
different turnover frequencies (250, 500, 
and 800 Hz) is shown in Fig. 14-37B. 
The flat portion of the curve is the con-
stant-amplitude section and the right-
hand portión the constant-velocity 
section. 
A graph that may be used for select-

ing the circuit constants for a particular 
turnover frequency is given in Fig. 
14-38. Assume a turnover frequency of 
1000 Hz is desired. Following the 1000 
Hz line upward to where it intersects 
the diagonal line then reading at the 
left, it will be noted a source impedance 
(output) of 22,000 ohms is required. 
This impedance is divided equally be-
tween the output winding and the 
series resistor R.1, or 11,000 ohms each. 
As this is rather an odd value of output 
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Fig. 14-38. Graph for selecting circuit 
constants to operate a crystal cutting 
head constant velocity, or modified con-
stant velocity. (Courtesy, Clevite Corp., 

Piezoelectric Div.) 

z / 

'CONSTANT 

TERIST1C WITH 
BELOW TURNOVER 

VELOCIŤY"CHĺARk 

' CONSTANT 
FREQUENCY 

! 

i [ 

AMPLITUDE" 

I 1 

FYI 

FT2 
FT 

• TURNOVER 250Hz 

" OE' 500Hz 
3 • " 800Hz 

--- 

- ... 
`4.. . 

-%:- - 

"CONSTANT 
I 
AMPLITUDE" CHARACTERISTIC -OE ...-.., 

..„... 

. 

-.1 

'''',.... 
- 

I 

-.. 

5000 10,000 



CUTTING HEADS 709 

impedance to obtain from an output 
transformer, a matching transformer 
may be connected between the regular 
output transformer and the cutting 
head with the proper impedance ratio. 
A 10-percent variation in impedance 
match is acceptable. The series resistor 
R1 should never be smaller in value 
than the output impedance of the cou-
pling transformer. 

It will also be noted in Fig. 14-37B 
that frequencies below the turnover 
frequency are recorded approximately 
10 dB higher in amplitude than for the 
constant-amplitude characteristic. Also, 
frequencies above turnover frequency 
fall off at a rate of 6 dB per octave. 

14.39 Why is a lower recording 
level used for constant-amplitude re-
cording?—To provide easier tracking for 
the pickup stylus when reproducing. 
Constant-amplitude recordings can be 
cut at a higher level, if the high fre-
quency response is restricted to a fre-
quency below 9000 Hz. If a constant-
amplitude recording is cut at the same 
level used for constant-amplitude con-
stant-velocity recording, difficulty may 
be experienced in obtaining satisfactory 
tracking at the high frequencies during 
reproduction. 

14.40 Can hot-stylus techniques be 
used with a crystal cutting head?—No, 
the heat would damage the crystal. (See 
Question 14.14.) The techniques of hot-
stylus operation are discussed in Ques-
tions 15.58 to 15.71. 

14.41 What precautions should be 
taken to prevent damage to a crystal 
cutting head?—Direct current should 
never be permitted to come in contact 
with the crystals. Sudden high-level 
signals of sine-wave character should 
not be applied to the head when testing, 
as the crystal may be shattered. Bring 
the level up gradually. 

14.42 Why are magnetic cutting 
heads preferred to crystals for commer-
cial recording?—Because magnetic re-
cording heads are more rugged in their 
construction and will hold their fre-
quency characteristics over long periods 
of time. Crystal cutting heads are af-
fected by both temperature and humid-
ity. Also, they may be damaged quite 
easily if the stylus is struck against the 
side of the turntable. 

Because the impedance of a mag-
netic cutting head is generally on the 
order of 500 to 600 ohms, it may be op-

erated at a considerable distance from 
its driving amplifier. Crystal cutting 
heads, being high-impedance devices, 
require that they be operated fairly 
close to the driving amplifier. 

14.43 What is the composition of a 
ceramic crystal? — Ceramic elements 
used in transducer manufacture are 
usually anunonium dihydrogen phos-
phate, lithium sulphate, barium titanate, 
or several variations of lead zirconate 
and lead titanate ceramics. The ceram-
ics are polycrystalline in nature and 
do not have piezoelectric properties in 
their original state. The magnitude and 
character of the piezoelectric effect is 
greatly dependent on the orientation of 
the applied force or the electric field, 
with respect to the axes of the material. 
Slabs are cut from the crystal, rather 
than from the whole crystal itself. They 
are cut in a similar manner to quartz 
crystals for radio use, as described in 
Questions 25.103 and 25.191. 

14.44 What is an embossing head? 
—A magnetic or crystal cutting head 
similar in construction to the cutting 
head used for standard recording. They 
may be operated at constant amplitude, 
or constant amplitude, constant velocity. 
The stylus is dull-pointed and does not 
remove any material from the record as 
it records. The sound track is indented 
in the recording media and record ma-
terial displaced rather than removed.. 

Embossed records are used in dictat-
ing machines and similar devices. A 
typical embossing recorder is shown in 
Fig. 13-22. 

14.45 What is the relationship be-
tween the pressure wave at a microphone 
and the stylus motion?—For a constant-
amplitude recording, a constant pres-
sure at the microphone produces a con-
stant-amplitude motion at the recording 
stylus, if the frequency characteristics 
of the recording system are uniform. 
For constant-amplitude constant-veloc-
ity recording, the amplitude of the un-
dulations in the record are inversely 
proportional to the frequency in the 
constant-velocity range. Below the 
turnover frequency, they are constant 
amplitude or follow the frequency 
characteristic of the cutting head. 

14.46 Describe the different meth-
ods used for calibrating a cutting head. 
—The frequency response can be mea-
sured by several different methods, by 
applying a constant voltage to the head 
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and recording a series of frequencies 
producing a light pattern. This pattern 
is then measured electrically by playing 
it back or photographing the image and 
calculating the variations in response. 
Another method used rarely is the de-
flection of the stylus tip in a special 
fixture having a calibrated eye piece or 
by use of a frequency-modulation cali-
brator, described in Question 14.49. The 
preferred method is the light pattern 
electrically measured. The recording of 
light patterns is discussed in Question 
23.75. 

14.47 What is the formula for cal-
culating the frequency response of a 
light pattern?—The measurements are 
referred to a reference frequency, gen-
erally 1000 Hz. The ratio of the other 
frequencies to the reference frequency 
is: 

20 Logic, 
.e 2 

where, 
Fi is the reference frequency, 
F2 is any other frequency. 

It should be mentioned the electrical 
response from a light pattern is not 
quite the same as for an optical mea-
surement of the same pattern. Gener-
ally the light pattern is used to measure 
the high-frequency response, and the 
electrical response of the pattern for the 
low frequencies. 

14.48 How is the sensitivity of sev-
eral gutting heads adjusted for uniform 
sensitivity?—Assume the several cutting 
heads are similar in design and have 
approximately the same frequency 
characteristics. An uranodulated groove 
is cut and the width of the cut is mea-
sured and adjusted to normal. A 1000-
Hz test signal is applied to the head 
under test and the gain of the driving 
amplifier adjusted to produce a 7-centi-
meter per second cut. The exact power 
to the cutting head is then noted for 
future reference. 

Each cutting head is measured in a 
similar manner. The gain of each cut-
ting-head driving amplifier is adjusted 
to produce the same percentage of 
modulation within plus or minus 0.5 dB. 
Thus, compensation is made for the 
difference in sensitivity for each indi-
vidual cutting head. After the power 
level has been established for each head 
the recording of a test signal may be 
dispensed with, and only the output 
power level of the driving amplifier 
need be measured. 

If the cutting heads employ internal 
heaters, sufficient time must be per-
mitted for the head to come up to its 
normal operating temperature. Such 
procedures should be a part of the 
daily operating routine. 
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Section 15 

Recording and 

Reproducing Styli 

It has been said that the entire evolution of sound reproduction can be divided 
into two parts, (1) learning how to make a sound, and (2) the reduction of distor-
tion. This is a thumbnail sketch of the history of recording and reproducing styli. 
Imperfections induced by either the recording or reproducing stylus will be mani-
fest as distortion. In the 1920s, a cactus or bamboo phonograph reproducing needle 
was very popular, as it failed to reproduce the distortion of the higher frequencies, 
as heard when a steel or tungsten needle was used. Work done by Frank and Isabel 
Capps, Charles Davis, and C. J. LeBel greatly improved the status case of the 
stylus. 

This section covers the materials in general use in the manufacture of styli, 
geometry involved, stylus pressures, stylus heating-coil design and use, character-
istics, and measurements. 

15.1 What is a recording stylusT— 
A sharp-pointed, gouge-shaped instru-
ment for engraving a sound track on a 
cylindrical or disc record. The tip may 
be of precious or semiprecious stone, 
or metal. Commercial recording styli 
use sapphire tips. (See Fig. 15-1.) 

15.2 Describe a reproducer stylus? 
—A stylus somewhat similar to that 
used for recording, except the tip is not 
sharp, but conical. The tip is designed 
to fit the side walls of the groove but 
clear the bottom of the groove. The 
tip may be a sapphire, a ruby, or a 
diamond. (See Fig. 15-2.) 

15.3 What are the essential parts of 
a recording stylus and the basic princi-
ples of manufacture?—The recording 

Fig. 15-1. A coarse-pitch recording sty-
lus with 87-degree included angle, 1.5-

mil tip radius. 

stylus is one, if not the most important, 
component in a recording system, and 
as far as is known was first used by 
Edison in 1877. With the advent of pres-
ent-day high-quality sound, wide fre-
quency range, low distortion, increased 
signal-to-noise ratio, long play and 
stereophonic recordings, and improved 
recording media, a great responsibility 
is placed on both the recording and re-
producing styli. Since its first use, many 
different materials have been use for 
their manufacture—steel alloys, saph-
phire, and diamond. However, over the 

(a)56-degree ruby, (b) 26-degree sap-
dural shank. phire, brass shank. 

Fig. 15-2. Coarse-pitch reproducing styli 
for acetate disc. 

711 
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years it has been found that corundum 
is the most practical of all material for 
recording styli. Corundum can be ob-
tained in several different colors, among 
them are: red, blue, green, violet, yel-
low, and colorless, which is many times 
used for identification. Both the natural 
and synthetic sapphire (blue, ruby red, 
etc.) are corundum (AL20:) of a hexa-
gonal crystalline structure with a hard-
ness of 9 on the Moh scale and 1525 to 
2000 on a Knoop scale. Because of its 
lack of grain, crystalline structure, and 
cleavage, sapphire may be ground to 
very accurate dimensions and angles, 
while still retaining a very fine cutting 
edge. This latter property is of prime 
importance in the manufacture of re-
cording styli. Although the diamond is 
much harder than corundum for use in 
recording styli, it is impractical because 
of its grain and internal stresses, as well 
as its cost. However, as a reproducing 
stylus, it is ideal because of its long life 
and ruggedness. As a recording stylus, 
the sapphire will outlast a diamond and 
produce superior recordings. 

Several views of a recording stylus 
are shown in Fig. 15-3. At part (a) is 
shown a complete stylus. The stylus 
consists of a sapphire held in a dural 
shank, shown at part (b). The sapphire 
tip has a flat face ground on one side. 
The end of the sapphire is ground to a 
point with a rounded tip. Extending 
from the tip upward and along its edges 
are burnishing facets, and it is a most 
difficult and exacting part of the stylus 
grinding, as the dimensions are only a 
few ten-thousandths of an inch. The 
burnishing facets polish the groove as it 
is cut. The length of the burnishing 
facet not only affects the signal-to-noise 
ratio, but also the frequency response. 
A cold-stylus coarse-pitch recording 
with a burnishing facet of 0.4 to 0.6 mil 
will affect a loss at 10,000 Hz, compared 
to 1000 Hz of 3 to 6 dB. It will be noted 
at part (c) only a very small portion 
of the stylus tip is used to engrave the 
sound track on the record. An enlarged 
view of the burnishing facet is shown 
at part (d). 

For high-quality recording of any 
type, the noise level of the stylus itself 
must be at least 55 dB, and as a rule if 
not abused, will ru. n 57 to 60 dB below 
the reference level of 7 centimeters at 
a frequency of 1000 Hz. The noise level 
is measured while playing back an un-
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(a) Complete stylus. 
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(c) Side view of sapphire tip. 
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CUTTING 
EDGE 

BURNISHING 
FACET 

BACK 
ANGLE 

BURNISHING 
EDGE 

RECORD 

SHANK 

SAPPHIRE 

TOP OF 
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(d) Enlarged view of tip, showing the 
burnishing facet. 

Fig. 15-3. Essential parts of a recording 
stylus. (Courtesy, Electronic Industries 

and Frank L. Capps Co.) 

modulated groove. It is important that 
the urunodulated groove used for mea-
surement is normal in every respect, 
that the chip has cleared the groove 
properly, that the stylus heat current is 
optimum, and that the disc is of good 
quality. (See Question 13.30.) 
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', __INCLUDED ANGLE 

Fig. 15-4. Tip radius of a recording 
stylus. 

15.4 What is the tip radius of a 
stylus?-The radius formed by the tip 
of the recording jewel as shown in Fig. 
15-4. 

15.5 What is the recommended tip 
radius for recording styli? 

For microgroove recording at 16%, 
33%, and 45 rpm, 0.00025 inch or 
less. 

For coarse-pitch 33%-rpm recording, 
0.0015 inch (16-inch transcrip-
tions). 

For coarse-pitch 78-rpm recording, 
0.0015 inch. 

15.6 What is the included angle of 
a stylus?-The angle formed by the two 
sides of the stylus tip. (See Fig. 15-4.) 

15.7 Which way does the flat side 
of a recording stylus face?-Against the 
direction of motion of the recording 
blank as shown at part (d) in Fig. 15-3. 

15.8 What is a burnishing facet on 
a recording stylise-A small flat surface 
ground on the sides of the stylus tip 
and used for polishing the groove as it 
cuts. (See Fig. 15-3.) 

15.9 What effect do the burnishing 
facets have on the frequency response? 
-If the dimension of the facet is kept 
to 0.15 mil, it has little effect on the fre-
quency response. However, a facet of 
0.5 mil will attenuate 8000 Hz 3 dB and 
10,0000 Hz from 3 to 6 dB. Increasing 
the facet dimensions to 0.60 rnil will 
attenuate 10,000 Hz 6 dB (cold stylus). 

15.10 What does the term "me-
chanical bias" mean when applied to a 
recording stylus?-For coarse-pitch re-
cording, the stylus is given a slight me-
chanical twist, relative to the shank, 
generally about 1 degree. The purpose 
of the mechanical bias is to throw the 
chip toward the center of the record as 
the groove is cut, and thus prevent 
fouling of the stylus tip. Mechanical 
bias is not used in stereophonic record-
ing. 

15.11 What are the included angles 
used with coarse-pitch recording?-The 
finished groove must have an included 
angle of 88 degrees plus or minus 5 
degrees. The top of the groove shall not 
be less than 4 miLs in width for repro-
ducing with a 2.3-mil stylus and not 
less than 2.0 mils for records to be re-
produced with a 1-mil stylus. The bot-
tom radius is 1.5 mils. 

15.12 What is the included angle 
for vertical-recording styli?-The fin-
ished groove shall have an included 
angle of 88 degrees plus or minus 5 de-
grees, with a top width of not less than 
4.0 mils. The bottom radius is 2.0 to 
2.3 mils. 

15.13 What is the bottom radius of 
a coarse-pitch lateral groove?-For less 
than 136 lines per inch, 1.5 mils. For 
more than 136 lines per inch, 0.25 mil. 

15. /4 What is the bottom radius for 
a vertical-cut groove?-From 2.0 to 2.3 
mils. 

15.15 What is a master contour?-
A magnified shadow of a stylus of 
known size and shape for comparing 
finished styli. Used in the manufacture 
of recording and reproducing styli. 

15.16 Are diamonds used for re-
cording styli tips?-No. They are used 
only in reproducer styli. 

15.17 What is an "ANM" recording 
stylus?-A special antinoise modulation 
stylus (ANM) developed by Capps and 
Co. to reduce modulation noise while 
recording. The stylus is ground with 
two or more burnishing facets com-
pared to the single facet of the conven-
tional recording stylus. A cross-sec-
tional view of a conventional recording 
stylus with a single burnishing facet in 
an tuunodulated groove is shown at (a) 
Fig. 15-17. 
At (b) in Fig. 15-17, the stylus is 

shown in a groove with a 20-degree 
slope and at (c) with a 30-degree slope. 
As will be observed, the burnishing 
angle made by the facet is increased 
depending on the stylus motion. When 
the modulation is high, the burnishing 
facets cannot function properly and 
leave rough places in the groove, (d) of 
Fig. 15-17, resulting in increased noise. 
This type noise is particularly notice-
able because the rough spots are on the 
side of the groove which has the great-
est effect on the stylus. 
An "ANM" stylus has three burnish-

ing facets on each side of the tip as 
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(A) 

GROOVE 

(D) 

(C) 

(D) 

ROOVE 

(F) 

Fig. 15-17. Single and multiburnishing facet recording styli. (a) Single facet-250 

degree angle to groove. (b) Single facet-45 degree angle to groove. (c) Single 
facet-55 degree angle to groove. (d) Facets causing noise patches. (e) ANM 
stylus with three burnishing facets. (f) ANM stylus with groove slope of 45 degrees. 

(Courtesy, Audio ) 

shown at part (e) in Fig. 15-17. It will 
be observed at part (f) in Fig. 15-17 
the additional facets permit the groove 
to be polished even at high percentages 
of modulation. The angles of the facets 
are: leading facet 60 degrees, center 
facet 25 degrees, and last facet 10 de-
grees. 

ANM styli are used for both standard 
and microgroove recording. Frequencies 
up to 20,000 Hz have been successfully 
recorded at speeds of 78.26 rpm. This 
stylus cuts a V-shaped groove rather 
than the rounded-bottom groove. ANM 
styli are used particularly for micro-
groove recording using hot-stylus tech-
niques. (See Questions 15.60 to 15.71.) 

15.18 What is the standard for re-
producer styli included angles?— 

For coarse-pitch, direct-acetate play-
back 33% rpm, 26 degrees. 

For coarse-pitch pressings, 33% and 
78.26 rpm, 40 to 55 degrees. 

For microgroove monophonic 45 rpm, 
40 to 55 degrees. 

For microgroove stereophonic 33% 
rpm, 40 to 55 degrees. 

15.19 What is the standard tip ra-
dius for reproducing styli?— 

For coarse-pitch 33% and 78.26 rpm, 
2.5 mils plus-minus 0.1 mil. 

For coarse-pitch vertical 33% rpm, 
2.3 mils plus-minus 0.2 mil. 

For microgroove 33% rpm, 0.5 to 0.7 
mil. (monophonic and stereo). 

For microgroove 16% rpm, 0.3 to 1.0 
mil. 

15.20 What are the recommended 
vertical pressures for reproducing styli? 
—Each manufacturer has a given pres-

sure that is best for their particular 
type pickup. In the absence of such 
data, the user may be guided by the 
following pressures. 

For a tip radius of 2.5 to 3.5 mils, 10 
to 14 grams. 

For a tip radius of 1.0 mil, 1 to 6 
grams. 

For a tip radius of 0.5 to 0.7 mil, 0.75 
to 1.5 grams. 

15.21 What is the relationship of a 
reproducer stylus tip radius to the mod-
ulation radius?—For the lowest distor-
tion, the radius of the reproducer stylus 
at the point of contact with the groove 
must be less than the radius of the 
modulation. 

15.22 What is the relationship be-
tween the included angles of record-

ing and reproducing styli?—The rela-
tionship is as shown in Fig. 15-22. It 
will be noted that, although the in-
cluded angle of the reproducing stylus 
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WIDTH 
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/ 
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RECORD \ \ /SURFACE 
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DEPTH 
J 
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EFFECTIVE 
TIP 

DIAMETER 

Fig. 15-22. Cross-sectional view of rec-
ord groove, showing the included angle 
of recording and reproducing styli, and 

how they fit the groove. 
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CONTACTS GROOVE WALL 
AT 2 POINTS 

(a) Coarse-pitch, 2.5-mi/ radius. 

CONTACTS GROOVE WALL 

AT 2 POINTS 

(b) Microgroove, 1-mil radius. 

Fig. 15-23. Cross-sectional view of re-
producer stylus in a record groove. 

is less than the recording stylus, it con-
tacts the groove side walls at a point 
where the tip clears the bottom of the 
groove. This is made possible because 
the tip radius of the reproducer stylus 
is greater than the tip radius of the 
recording stylus. (See Question 13.104 
and 13.180.) 

15.23 How does a reproducer stylus 
contact the side walls of a record 
groove?—Fig. 15-23 shows how a coarse-
pitch stylus and a microgroove stylus 
fit the walls of the record groove. It will 
be noted the stylus sides contact the 
groove walls at only one point and that 
a considerable clearance exists between 
the stylus tip and the bottom of the 
groove. This is an ideal fit and results 
in a minimum of distortion. 

15.24 What is the pressure devel-
oped at the point of contact between the 
stylus tip and the record groove side wall 
during reproduction?—It has been stated 
that the pressure of the reproducer 
stylus tip on the side walls of the record 
groove will run to as high as 50,000 
pounds per square inch using the con-
ventional methods of calculating stylus 
pressure. This would tend to create the 
impression that the reproduction of a 
fine groove record (microgroove, long 
playing) would be impossible. However, 
this is not the case as evidenced by the 
present-day use of such records. 
To properly evaluate the pressure the 

stylus applies to the groove wall is 
quite involved and must take into con-
sideration many factors often over-
looked. Among these factors are: the 
area of the stylus tip contact, tip radius, 

Fig. 15-25. How a worn reproducer 
stylus fits in a record groove. 

included angle of the tip, deformation 
of the record wall, stylus pressure 
(vertical), recovery time of the record 
plastic after deformation by the stylus, 
the time of contact for a given area, and 
the heat generated by the friction of the 
stylus against the groove wall. From the 
foregoing it may be seen that the cal-
culation is not a simple one. Calcula-
tions encompassing the foregoing fac-
tors indicate for a stylus of 1-mil tip 
radius, the pressure may run from 6000 
pounds per square inch to 16,000 pounds 
per square inch. 

15.25 How does a worn stylus fit a 
record groove?—Fig. 15-25 shows a worn 
stylus in a normal record groove. As 
will be seen, the flat sides of the stylus 
lay against the groove walls and ride 
on top of the groove. This condition 
results in distortion, noisy reproduction, 
and rapid deterioration of the groove. 

15.26 What effect does a worn sty-
lus have on the record groove?—Small 
portions of the modulations in the 
groove are removed each time the rec-
ord is played. The material thus re-
moved acts as an abrasive and adds to 
the wear of both the stylus and the 
groove. 

15.27 What does the reproduction 
from a worn stylus sound like?—The re-
production is fuzzy with rather high 
distortion of the higher frequencies. 
This is particularly true at the smaller 
diameters where the groove velocity is 
the lowest. 

15.28 What is the average life of a 
sapphire reproducing stylus?—Wear tests 
made by Weiler indicate about 30 hours, 
depending on the quality of the disc 
and the sapphire. The wear is chiefly 
caused by the abrasive action of the 
dust from the stylus itself. Typical wear 
patterns of sapphire styli are shown in 
Figs. 15-28A and B. Vertical pressure 
was increased purposely to spread the 
wear. 

15.29 How does the wear of a sap-
phire stylus compare to a diamond sty-
lus?—It has been noted by Weiler that 
it takes 3% hours to wear a 0.00075-
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(a) Diamond. 

(b) Sapphire. (c) Sapphire 
(side view). 

Fig. 15-28A. Coarse-pitch 2.5-mil styli 
after 1000 hours of play using 1.5-
ounce pressure to speed up the wear. 
(Courtesy, Audio Engineering Society ) 

inch flat in a sapphire stylus. To wear 
the same flat in a diamond stylus takes 
approximately 143 hours of playing. 

15.30 What is the difference in 
pressure and friction for a new and a 
used stylus?—When a reproducer stylus 
is new and its shape unaltered, the 
pressure and friction are the greatest. 
As a flat is worn in the sides of the 
stylus tip, the pressure is reduced per 
unit area. The frictional heat is reduced 
for the same reason. Thus, the greatest 
wear to the record groove occurs when 
the record is played the first few times 
with a new stylus. 

A 
(a) Diamond. (b) Sapphire. 

Fig. 15-288. 0.7-mil styli after 15 plays, 
8-grams pressure to speed up wear. 
(Courtesy, Audio Engineering Society ) 

15.31 What is the temperature rise 
created by the friction between the 
stylus tip and the record groove?— 
Temperatures of 2000 degrees Fahren-
heit are possible when the stylus is new. 
As the stylus point wears, the tempera-
ture drops and when at its lowest is 
still in the vicinity of 1000 degrees 
Fahrenheit. 

75.32 What is an osmium alloy sty-
lus?—A stylus made of a hard dense 
metal alloy with a high degree of re-
sistance to wear. This alloy was used 
for reproducer styli only. Now obsolete. 

15.33 What type reproducing stylus 
is recommended for the lowest distortion 
and longest life?—A diamond-tipped 
stylus. As the diamond has a life many 
times greater than a sapphire or ruby, 
less damage is done to the record be-
cause of less wear to the stylus tip. 
Most high-quality reproducers are 
equipped with a diamond-tipped stylus. 
Contrary to general belief, a diamond-
tipped stylus does not decrease the life 
of the record groove. 

15.34 Define the term "compli-
ance."—It is the ratio of displacement 
of the stylus to the applied force, ex-
pressed in centimeters per dyne. For a 
high quality pickup, this will range 
from 9 x 10 to about 35 x 10-6. The 
term compliance refers to the lateral or 
vertical motion of the stylus or its com-
pliance with the modulations in the rec-
ord groove and is the opposite of stiff-
ness. For stereophonic pickups the com-
pliance in the vertical direction is made 
slightly less than in the lateral direction. 
However, if made too light in the verti-
cal direction, the stylus may not be able 
to support the pickup at the desired 
stylus pressure. For a stylus pressure of 
1 gram, the pressure is equal to 1000 
dynes. 

15.35 What is the effective mass of 
a stylus?—The lumped mass at the sty-
lus tip that would result in the same 
mechanical impedance as caused by the 
moving elements of the pickup struc-
ture. 

75.36 What is stylus force?—It is 
the vertical or downward force the 
pickup applies to the record groove, ex-
pressed in grams. Present-day pickups 
employ a stylus force or vertical pres-
sure of 0.75 to 6 grams. Older type pick-
ups measured their vertical pressure in 
ounces, some types taking up to four 
ounces to properly track a groove. 
- 15.37 How is stylus force measured? 
—By playing back a constant-fre-
quency record of at least 15 centimeters 
per second velocity, and measuring the 
distortion, or observing the waveform 
on an oscilloscope. The stylus force is 
adjusted for the lowest distortion con-
sistent with the pressure as measured 
at the recorded surface. 

15.38 What effect does the friction 
of the stylus have on the side walls of 
the record groove?—A small amount of 
side thrust is acceptable and unavoid-
able. If the thrust is too great, it tends 
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to pull the stylus out of the groove, 
particularly at the smaller diameters. 

15.39 How are styli coded for iden-
tification?—By a color code similar to 
that used for identifying resistors. 

15.40 Of what is the dirt in a record 
groove chiefly composed?—Silica parti-
cles, stylus material, soot, grit, and par-
ticles of the record groove mixed with 
lint and flocculated fibres. 

15.41 What is a truncated repro-
ducer stylus and its purpose?—A repro-
ducer stylus shaped as shown in Fig. 
15-41 and designed to be used with 
either coarse-pitch or microgroove re-
cording. It will be noted at part (a) 
that when used in a standard groove 
the flat tip rides on the curvature of the 
groove leaving a small clearance be-
tween the bottom of the groove and the 
stylus tip. At part (b) in Fig. 15-41 the 
stylus is shown riding in a microgroove 
record. Here it will be noted the sides 
of the tip ride near the upper limits of 
the modulations at the top of the 
groove. Referring back to part (a), if 
the groove is coarse pitch and not 
worn, the stylus tip will ride as shown; 
however, if the groove is worn the 
stylus will ride in the bottom of the 
groove and the signal-to-noise ratio 
will be considerably reduced. At best, 
such a stylus is a compromise. The 
pressure of the stylus is increased to 
9 grams to prevent it from skating in 
the bottom of the groove (now obso-
lete). 

15.42 What is o compromise stylus? 
—When microgroove recording first 
made its appearance, a stylus was de-
signed to provide the user with a means 

CONTACTS GROOVE WALL 
AT 2 POINTS 

(a) Stylus in a coarse-pitch groove. 

CONTACTS GROOVE WALL 

AT 2 POINTS 

(b) Stylus in a microgroove. 

Fig. 15-41. Compromise or truncated 
reproducing stylus (now obsolete). 

CANTACTS ONLY BOTTOM 
OP GROOVE 

(a) In coarse-pitch groove. 

RIDES ON EDGE OF LANDS 
INSTEAD OF IN GROOVE 

(b) In microgroove. 

Fig. 15-42. Compromise styli. 

of playing back both coarse-pitch and 
microgroove recordings, and was 
known as a compromise stylus. It is 
now obsolete. A cross-sectional view of 
a compromise stylus for a coarse-pitch 
and microgroove recording is shown in 
Fig. 15-42. 

15.43 How are recording styli tested 
for noise?—By recording a series of un-
modulated grooves and measuring the 
noise at a normal playback level. This 
subject is discussed further in Question 
23.78. 

15.44 What is a shadowgraph?—A 
device for projecting the shadow images 
of styli. The image of the stylus is mag-
nified 25 to 100 times its normal size. 
Variations in manufacture may be 
noted by rotating the image against a 
master contour. 

15.45 Describe the difference be-
tween a long and a short-shank record-
ing stylus.—Recording and reproducing 
styli are manufactured with either long 
or short shanks. The reason for the dif-
ference is the design of the recording 
head. Some recording heads require a 
longer shank because of the distance 
the stylus is projected into the arma-
ture tip. It is extremely important that 
the proper length stylus be used in a 
cutting head; if not used, the frequency 
response may be seriously affected. 
(See Question 15.46.) 

15.46 Describe the effect of shank 
shape on the frequency response of a re-
cording stylus.—Unless the stylus has 
been specifically designed for a given 
type cutting head, the frequency re-
sponse can be seriously altered by the 
shape and length of the material of the 
stylus shank. The long shank has a 
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+2 reproducing styli. For stereophonic, 
both the shape and length of the shank 
have considerable effect, as shown in 
the plots in Fig. 15-46A. The frequency 
response of each recording styli should 
be measured before using and graded. 
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Fig. 15-46A. Frequency response of re-
cording styli using different shank 
tapers. (Courtesy, Capps & Co., Inc.) 

greater amplitude swing but less high-
frequency response, as compared to the 
shorter shank. The material of which 
the shank is made also affects the re-
sponse. Frequency response curves for 
three styli of the same manufacture and 
length, but of different shape are given 
in Fig. 14-46A. The shapes are shown 
in Fig. 15-46B. (See Question 15.3.) 

15.47 Do recording styli of the same 
type and manufacture have the same 
frequency characteristic?—No, there can 
be considerable variation as may be 
seen by the plot of eight different styli 
of the same manufacture and type (Fig. 
15-47). This is also true for coarse-pitch 

(a) Standard. (b) Front fit. 

(c) Rear fit. 

Fig. 15-46B. Stylus shanks. (Courtesy, 
Capps & Co., Inc.) 
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Fig. 15-47. Frequency response for a 
group of coarse-pitch recording styli of 

the some manufacture and type. 

15.48 Can recording sapphires be 
resharpenedT—Yes. There are several 
companies which make a specialty of 
such work. 

15.49 Can reproducer styli be re-
sharpened?--Yes, but the cost compared 
to that of new styli does not warrant it. 

15.50 What is a boule?—A carrot-
shaped lump of material used in the 
manufacture of commercial sapphires. 
(See Fig. 15-50.) 

15.51 What is a Jewel?—A sapphire 
or ruby used in recording and repro-
ducer styli. 

15.52 What is Stellite? —A com-
mercial trade name for a metallic alloy 
used for recording styli. 

15.53 What type sapphire is used 
for recording styli?—Commercial sap-
phire is manufactured from synthetic 
corundum. For all practical purposes, 
synthetic sapphires are identical in 
physical and chemical composition to 
the natural mineral. The name sapphire 
is used to identify clear synthetic co-
rundum and differentiate it from the 
more familiar blue variety of this min-
eral. Synthetic white sapphire is a sin-
gle, homogeneous crystal which can be 
given an exceptionally smooth surface 
polish by either flame or mechanical 
processes. There are no interruptions 
on their mirrorlike surfaces and no 
potential weak spots such as might de-
velop in multicrystalline structures to 
offer locations for wear. Typical sap-
phire and ruby rods used in the man-
ufacture of styli are shown in Fig. 
15-53. 



RECORDING AND REPRODUCING STYLI 

4 1' 

• 
COE, 

719 

Fig. 15-50. Steps in boule growth in the manufacture of commercial sapphire used 
for recording and reproducing styli. (Courtesy, Linde Co.) 

15.54 Where does sapphire fall on 
the hardness scale?—Synthetic corun-
dum has a hardness rating on Mob's 
scale of 9 as compared to 10 for dia-
mond and 5.5 to 7 for hardened steel. 
Laboratory tests show synthetic white 
sapphire has a tensile strength of the 
same order of magnitude as steel. When 
heat treated between 1700 and 2000C 
(3090 and 3632F), this material exhibits 
a plasticity which will permit it to be 
worked by flame-forming techniques. 

15.55 How is commercial sapphire 
manufactured7—The greater part of 
synthetic corundum is obtained by 
feeding finely divided particles of alum-
inum into a small oxyhydrogen burner. 
There the material is gradually fused in 
the flame and a carrot-shaped crystal 
known as a boule is grown. The finished 
boule is allowed to cool very slowly in 
the furnace and then split along a crys-
tallographic plane to relieve stresses 
built up during the growing process. 
The average boule weight is 200 carats. 
Boules in their growing stages are 
shown in Fig. 15-50. 

15.56 What is the life of a record-
ing sapphire stylus?'—If treated with 
care, about six to eight hours. The tip 

Fig. 15-53. Sapphire and ruby rods used 
in the manufacture of recording and 
reproducing styli. (Courtesy, Linde Co.) 

of the stylus should be wiped off with 
lacquer solvent after each use. This will 
prevent small microscopic particles 
from sticking to the tip and fouling the 
groove while recording. 

15.57 What is the purpose of a 
scoop-shaped stylusP—It is used to re-
duce the error of the vertical groove 
motion as discussed in Question 13.30. 
The scooped stylus is manufactured by 
Capps 81 Co., Inc., and is marketed un-
der the name of Cappscoop. Its con-
struction is shown in Fig. 15-57. 
By making the cutting face of the 

stylus a circular arc, it is possible to 
reduce considerably the deviation of the 
cutting head face from the perpendicu-
lar to the record surface. In addition, 
the curved surface of the stylus facili-
tates the removal of the chip, while im-
proving the signal-to-noise ratio for an 
average of 3 dB, compared to the con-
ventional flat-faced stylus. Based on 
considerable research and study, the 
conclusions reached were that groove 
walls recorded using a flat-faced stylus 

(a) Side view. (b) Front view. 

Fig. 15-57. Cappscoop recording stylus 
for stereophonic microgroove recording. 
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are not actually straight, but are con-
cave, due to the nature of the lacquer 
disc and the motion of the stylus. This 
may be verified by a study of the chip, 
which is not a true triangle. 

15.58 What is hot-stylus recording? 
—A technique of recording using a sty-
lus which is heated to a rather high 
temperature by a small heating coil 
wound around the tip of the recording 
stylus. 

15.59 What are the advantages of 
hot-stylus recording?—The horns caused 
by cold flow at the upper edges of the 
record groove are eliminated, permit-
ting a higher level to be recorded. A 
lower noise level results when cutting 
at low groove velocities; thus, the sig-
nal-to-noise ratio is increased. With 
hot-stylus techniques, diameter equali-
zation is not always used because of the 
improved high-frequency response. 

o 
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Fig. 15-59. Comparison of the frequency 
response obtained with a hot and cold 

stylus. 

15.60 To what temperature is a hot 
stylus heated?—Operating temperatures 
vary from 350 degrees Fahrenheit up-
ward. In a series of tests conducted by 
Jackson, under controlled conditions, it 
was learned that the particular coil in 
use produced the highest output level 
at a current of 500 milliamperes. As an 
example, let the output level for the 
current of 500 mA at 5 inches equal the 
reference level. Changing the current 
through the stylus heater-coil over a 
range of 50 mA to 650 mA and record-

Current through 
the coil 

650 mA (wire red-hot) 
500 mA 
400 mA 
300 mA 
200 mA 
100 mA 
50 mA 

ing from a diameter of 5 inches to 4 
inches revealed the information shown 
in Fig. 15-60. 

These tests were made using a West-
rex 3C recording head, Capps St Co. 
Cappscoop prewired stylus, Scully In-
strument Corp. recording lathe, and 
Audiotape Corp. recording blanks. 

15.61 How is modulation noise af-
fected using a hot stylus?—Experience 
indicates that modulation noise is prac-
tically nonexistent. 

15.62 What type current is used to 
heat a hot stylusT—Either alternating 
or direct current. 

15.63 Will alternating current in-
duce hum modulation in the stylus?—No. 

15.64 Describe the construction of 
o typical stylus heating coil.—The aver-
age coil will consist of about 7.5 turns 
of resistance wire, 0.005 inch in diam-
eter, having a resistance of 32 ohms per 
foot. The coil is closely wound on a drill 
shank slightly larger than the stylus di-
ameter, to permit the coil to be slipped 
over the stylus and held in place by 
the natural spring tension of the coil. 
As the current through the coil is in-
creased, the signal-to-noise ratio will 
be increased, up to a point of about 1 
ampere. Beyond this point, the chip 
may be caused to burn and adhere to 
the stylus, so that its removal will dam-
age the tip. Under no circumstances 
should the recording be made without 
the suction pump being on. It is of in-
terest that the use of a hot stylus was 
experimented with, in 1891, using a 
flame. 

15.65 Can radio-frequency current 
be used to heat the stylus tip?—Yes, if 
the stylus is insulated from the cutting 
head mechanism to prevent heat con-
duction to the damping materials. 

15.66 Is diameter equalization re-
quired with hot-stylus recording?—As a 
rule, diameter equalization is not re-
quired with hot-stylus recording since 

Output level 

—1.0 dB (5-inch diameter) 
0.0 dB Zero reference 

—0.5 dB 
—1.0 dB 
—2.0 dB 
—2.0 dB 
—0.5 dB (4-inch diameter) 

Fig. 15-60. Changing current through stylus heater affects output level. 
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the high-frequency losses are less than 
2 dB at the smaller diameters. However, 
some recording activities do use a small 
amount of diameter equalization, even 
though they are using a hot stylus. 

15.67 h less power required to mod-
ulate the recording head when using a 
hot stylus?—Yes. Slightly less power is 
required at the higher frequencies; 
however, at the middle and low fre-
quencies, the power is the same as for a 
cold stylus. 

15.68 Does a suction system have a 
cooling effect on a hot stylus?—Not to 
any extent. A normal suction system 
may be used. 

15.69 Will a hot stylus permit hard 
discs to be recorded?—Yes; discs consid-
ered too hard for cold stylus recording 
may be used if the hot-stylus technique 
is utilized. 

15.70 What is the procedure for 
starting a hot-stylus recording?—The 
suction pump is started first. The stylus 
heater is turned on after the stylus has 
been lowered onto the disc. If this pre-
caution is not taken, difficulties may be 
encountered, because the chip becomes 
quite limp and may foul before the suc-
tion system can act. 

15.71 What is the average increase 
in the signal-to-noise ratio when using 
a hot stylus?—About 18 dB over a cold 
stylus, resulting in a noise level of ap-
proximately 70 dB below the standard 
NAB signal level. (See Questions 13.85 
and 13.86.) 

15.72 What it a stylus disc?—A 
special test record for testing the wear 
of reproducing styli. The disc is made 
with cam action grooves which will 
cause a worn stylus to scrape the side 
walls changing the color and thus mak-
ing the wear visible. 

15.73 Describe the method of 
mounting styli in a stereophonic  d-
ing head.—One such method is shown 
in Fig. 15-73A, used in both the West-
rex 3C and 3D cutting head. In the 3D 
head, design of the stylus and the 
torque tube are such that to replace the 
stylus, the cutting head does not have 
to be removed from the recording lathe. 
The stylus is 1.5 times the diameter of 
the one used in the 3 C head and has a 
flattened face 6-mils deep and 39-mils 
wide, ground the full length of the sap-
phire. The ground surface serves as the 
stylus cutting face and as a flat for 
mating to the precision mount, designed 

LINKS 

WEDGE 

STYLUS 
STOP 

TORQUE TUBE 

2-96 SCREWS 

RELIEVED AREA 

STYLUS 

Fig. 15-73A. Torque tube and stylus as 
used in the Westrex 3C and 3D stereo-

phonic recording head. 

to result in a precision alignment of 
the burnishing facets and cutting face. 
The sapphire is 0.43 inch in length and 
inserts in a V way at the end of the 
torque tube. The V mount is an integral 
part of the torque tube. Two 2-96 
screws located adjacent to a V bind on a 
wedge and apply pressure to the stylus 
wall, thereby securing the sapphire in 
a rigid mount. In Fig. 15-73B, is shown 
the alignment of the cutting face, which 
must be within plus-minus 4 degrees of 
the perpendicular to the central axis of 
the torque tube. This latter adjustment 
applies to any stereophonic recording 
stylus. (See Fig. 14-2G.) 

15.74 Describe the construction of 
an elliptical reproducer stylus.—The de-
sign of the reproducer stylus has un-
dergone many changes since the inven-
tion of the acoustical and electrical 
phonograph. Problems in the manufac-
ture of styli for monophonic reproduc-
tion seem small compared to that now 
required for the production of styli for 
stereophonic reproduction. One of the 
major problems facing the styli design 
engineer is to obtain a faithful tracking 
of the sound-track modulations as they 

PERPENDICULAR TO AXIS 

CENTRAL 
AXIS 

TORQUE TUBE 

Fig. 15-73B. Torque tube of Westrex 
stereophonic cutting head showing the 

alignment of the recording stylus. 
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CUTTER ELLIPTICAL CONICAL 

Fig. 15-74A. Tracking angles for an elliptical and a conical reproducing stylus com-
pared to a recording stylus. 

were made by the recording stylus. 
Discussed to some length in Question 
13.30 were the problems arising from 
the shape of the recorded groove in the 
master, and the difficulty of getting the 
reproducer stylus to properly track the 
groove of the pressing, without adding 
distortion and undue wear. Several 
types of distortion are possible, namely 
tracking distortion, tracing distortion, 
dynamic distortion, and that caused by 
the loss of contact between the stylus 
and groove. 

Lateral-tracking distortion can be 
minimized by proper design of the 
pickup arm. Vertical-tracking distor-
tion is minimized by matching the play-

.003 
NOMINAL WIDTH 

OF RECORD GROOVE 

DIA.  
TYP. 

 .010 

.0007 
FRONTAL RADIUS 

SECTION A-A 
(TU CONTACT POINTS) 

back stylus to the vertical-tracking 
angle of the recorder-stylus angle. 
Tracking distortion is caused chiefly by 
the fact that the reproducer stylus is 
different in shape from that of the re-
cording stylus. Dynamic distortion oc-
curs under reproducing conditions 
when the stylus deforms the record 
material and follows a contour that is 
not quite the same as when the record 
is static. Distortion caused by the loss 
of stylus contact and the groove occurs 
when the reproducer stylus starts 
jumping off the sound track surface or 
rattling in the groove. 

Referring to Fig. 15-74A, at the left 
is a drawing, showing the wedge-

MODULATION 
IN GROOVE WALL' 

\\\ 

CONTACT POINTS 

.0002R 
SIDE RADII 

PARTIAL SECTION 0-8 

Fig. 15-74B. Bilateral-elliptical pickup stylus dimensions and radii. (Courtesy, Shure 
Brothers, Inc.) 
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shaped recording stylus. For perfect re-
production, the reproducing stylus must 
move in a manner the same as the re-
cording stylus. This cannot be accom-
plished using a round-end stylus, be-
cause the point of tangency between the 
round end of the stylus and the record 
changes as a function of modulation. 
This difference in motion in termed 
tracing distortion, and is directly pro-
portional to frequency and cutting ve-
locity, and inversely proportional to the 
groove velocity squared. Therefore, 
tracing distortion is most noticeable as 
the center of the record is approached 
for heavily modulated high frequencies. 
The difference in design between the 
recording and playback stylus also 
causes a pinch effect, which is most 
noticeable when playing back a mono-
phonic record with a stereophonic car-
tridge. 

Fig. 15-74C. Elliptical pickup stylus in a 
stereo groove. 

Referring to the recording stylus 
groove again, it will be noted that the 
groove, as cut by the wedge-shaped re-
cording stylus, imparts a vertical mo-
tion to the reproducer stylus having a 

round tip. The perpendicular distance 
between points of tangency for the 
round tip is smaller where the sine 
wave crosses the zero axis at the peaks 
of the waveform. 

Because a stereo cartridge will re-
spond to both vertical and lateral mod-
ulation, an electrical output is produced 
which is primarily second harmonic in 
nature. Although tracing distortion may 
be minimized by reducing the stylus 
point to an extremely small dimension, 
this can cause noise and distortion be-
cause the stylus rides in the bottom of 
the groove. A minimum acceptable di-
mension is 0.4 to 0.5 mil. Tracing dis-
tortion could also be reduced by mak-
ing the reproducer stylus an exact copy 
of the recording stylus. However, be-
cause of the cutting edges, this would 
cause undue wear on the modulations. 
Therefore, a compromise is necessary 
between the shape of the recording and 
reproducing stylus; hence came the 
elliptical or biradiat reproducer stylus. 
The term "biradial-elliptical stylus" is 
one introduced by Kogen and Samson, 
to indicate the existence of two differ-
ent radii, one at the point of contact 
with the sound track modulation, and a 
second at the end of the stylus tip. 
However, this design is referred to as 
an elliptical stylus. 

The minute dimensions of a biradial-
elliptical reproducer stylus manufac-
tured by Shure Brothers, Inc., appear 
in Fig. 15-74B. The groove radii portion 
of the tip are to a scale of 1000:1. A 
simulated view of a biradial-elliptical 
stylus in a record groove is pictured in 
Fig. 15-74C. To achieve the full benefits 
from a biradial-elliptical stylus, about 
1.5 grams vertical pressure should be 
employed, with the stylus angle set to 
15 degrees from the perpendicular. 
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Section 16 

Pickups 

Men like Pierce and Hunt, Pickering, Olson, Stanton, LeBel, Badmaieff, Bauer 
and many others have all made valuable contributions to the design of the modern 
day pickup. It has been developed from a device with a vertical force of about 
one-half pound with an upper response of 3500 Hz, to a unit with vertical pressure 
as low as 11/2 gram and a frequency response from 10 Hz to 20,000 Hz and greater. 
The pickup arm has also received considerable attenuation, with much thought 
given to tangent error and resonance. In the early days of mechanical reproduc-
tion, the arm was designed to serve as a throat which connected the sound box 
(pickup) to the horn; hence, the name tone arm. Since the arm no longer serves 
in that capacity, the term "tone arm" is a misnomer, although it is still frequently 
referred to as such. 

This section deals with such aspects as driving force, acceleration, compliance, 
and tracking, for both monophonic and stereophonic recordings. It supplies infor-
mation as to types, such as ceramic and crystal, magnetic, variable-reluctance, 
dynamic, fm, and others. It discusses the design of arms, resonance and mounting, 
and gives other pertinent data relative to the use of such devices. 

16.1 What is an electric pickup?— 
An electromechanical device for tracing 
the vibrations in a sound track of a 
record in such a manner that the in-
stantaneous vibratory velocity of its 
moving system is in proportion to the 
undulations of the record groove. The 
mechanical vibration of the pickup sys-
tem causes an electrical current to be 
generated, which is then amplified and 
reproduced over a loudspeaker. 

The output voltage of an electric 
pickup, depending on the design, may 
be proportional to the velocity or the 
amplitude of the moving system. 

16.2 Describe the basic construction 
of a magnetic pickup.—The basic prin-
ciple of an early magnetic pickup, used 
for record reproduction and known as 
a balanced armature, is shown in Fig. 
16-2. Although present-day designs are 
quite different, the same principles of 
operation, electrically, still apply. The 
essential parts are: a permanent magnet 
A, with its pole pieces B, a soft-iron 
armature C, pivoted at D and mounted 
between the pole pieces of the magnet 
in rubber bearings E. Movement of the 
armature by the stylus H disturbs the 
magnetic lines of force (shown by the 

dotted lines) causing a voltage to be 
generated in coil F. Two tungsten-
loaded rubber damping blocks G are 
used to center the armature in the cen-
ter of the magnetic field. 

In these early model pickups, the 
stylus pressure was several ounces (at 
least 3 to 4), while the modern pickup 
uses 1 to 2 grams. The stylus was gen-
erally a steel needle, similar to those 
used in an acoustic sound box, as de-
scribed in Question 1624. The greatest 
drawback to this design was the fre-
quent replacement of rubber bearings 
E, damping blocks G, and the centering 
of the armature C in the magnetic field. 
The output voltage was proportional to 
the stylus velocity, and, as there were 
no standards for recording and repro-
duction, little or no equalization was 
used. If the armature was not accu-
rately centered in the magnetic field, 
the distortion was quite high and was 
compensated for by attenuating the 
high frequencies with a "fuzz filter" (a 
simple low-pass filter) consisting of a 
coil and capacitor. This filter also 
helped somewhat in reducing the sur-
face noise of the shellac pressings used 
at the time. 

725 
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H 

Fig. 16-2 Construction of a balanced-
armature type pickup, showing the mag-

netic lines of force. 

OUTPUT 

16.3 Explain the basic design of 
variable-reluctance pickups.—Since the 
introduction of the original variable-
reluctance pickup, many different ver-
sions of its design have appeared. One 
of the earliest was that by Clark in 
1947 and is given in Fig. 16-3A, and in 
principle, is still used for both mono-
phonic and stereophonic design. The 
magnetic structure consists of two pole 
pieces A, with a small permanent mag-
net B between them. At one end, coil C 
is mounted with a soft rubber insert D. 

Fig. 16-3A. Variable-reluctance mag-
netic pickup (after Clark). 

The stylus E, which is also the arma-
ture, is held in the exact center of the 
magnetic structure by the rubber in-
sert. When the stylus is actuated, its 
movement causes a voltage to be gener-
ated in the coil. Because of its construc-
tion, the frequency response was above 
the normal audio-frequency band. Out-
put voltage was on the order of 100 mil-
livolts at 1000 Hz, with an output impe-
dance of 500 ohms. The recommended 
stylus pressure was 15 to 20 grams. The 
stylus weighed 31 milligrams and was 
removable. Although the recommended 
pressure was 15 to 20 grams, the pres-
sure could be as low as 7 milligrams. 

COIL 

Fig. 16-3B. Internal construction of 
early model Pickering variable-reluc-

tance pickup. 

The frequency response was plus-
minus 2 dB, 20 to 20,000 Hz. 
A second variable-reluctance pickup 

to make its appearance was that by 
Pickering (Fig. 16-3B) and was of sim-
ilar construction and design. This early 
model used a stylus pressure of 15 
grams and developed an output voltage 
of 17 millivolts for an impedance of 500 
ohms. The magnet was placed as shown 
by the dotted lines. The frequency 
range was about the same as for the 
first structure by Clark. The compliance 
was 1 x We cm/dynes. The stylus was 
not replaceable. 
A third design, shown in Fig. 16-3C 

was that used by General Electric in 
their variable-reluctance pickup, which 
made its appearance about 1952. In this 
design, the magnetic circuit consists of 
two coils A, yoke B, and pole pieces C. 
Armature D, which also acts as a stylus 
bar, is mounted in such a manner that 
one end is held in the exact center of 
the pole pieces. The armature rests on a 
rubber damping block G, which also re-
duced the vertical compliance. The sty-

)Fig. 16-3C. Basic principle of a variable-
reluctance magnetic pickup structure, 
showing the magnetic circuit, pole 

pieces, coils, and stylus bar. 
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lus is mounted on the forward end of 
the armature at F. The magnetic circuit 
extends from the south pole of the mag-
net E, through the armature, up 
through the pole pieces, and back 
through the air to the north pole of the 
magnet to complete the circuit. If the 
armature is properly centered, the mag-
netic flux is divided equally between 
the pole pieces. Lateral motion of the 
armature between the pole pieces con-
ducts the magnetic flux alternately 
through the cores of the two coils which 
are connected to operate push-pull. 
When the armature is moved in a lat-
eral direction by the stylus action, the 
magnetic flux is increased or decreased 
through the coils. Thus, the output 
voltage varies directly with the change 
of flux, or in direct proportion to the 
velocity of the armature. Mechanical 
design limits the motion to the lateral 
direction only, thus reducing noise and 
distortion. The impedance of such a de-
sign is rather high and is on the order 
of 3000 ohms at 1000 Hz. The output 
voltage is about 10 millivolts. The fre-
quency response was within plus-minus 
2 dB, from 30 to 15,000 Hz. Stylus 
pressure was 6 to 8 grams. It also could 
be obtained in a dual model, in which 
the stylus bar carried a 1.0-mil and a 
3.0-mil stylus. Either stylus could be 
selected by rotating the stylus bar. 

In about 1956, a decided improve-
ment was made in the design of vari-
able-reluctance pickups, with the ap-
pearance of the Pickering FIturvalve, 
designed by Stanton. The pickup was 
manufactured in two models, a single 

Fig. 16-3E. Removable stylus mounting 
used in the turnover pickup of Fig. 

16-3D. 

pickup mechanism, and a dual type in 
which two replaceable styli inserts 
were used and could be removed at the 
front of the pickup body by sliding the 
inserts forward. One side of the pickup 
carried a 3-mil stylus for reproducing 
coarse-pitch recordings, and the other 
side a 1.0-mil stylus for reproduction of 
microgroove recordings. A phantom 
drawing of its construction appears in 
Fig. 16-3D, with the stylus insert shown 
in Fig. 16-3E. The insert consists of a 
plastic mounting A, containing an in-
verted cup B, surrounding the stylus 
shank C, containing the stylus tip D. 
The stylus shank C is held in place by 
a wire support E, embedded in the plas-
tic insert A. At the upper portion of 
cup B, a small metal button F sur-
rounds the upper end of the stylus 
shank, but leaves it quite free to move 
by the action of the stylus in the record 
groove. With the stylus insert in place 
(Fig. 16-3D), the upper end of the stylus 
G projects parallel over the center pole 

Fig. 16-3D. Phantom view of Pickering Fluxvalve variable-reluctance 
pickup. 

magnetic 
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of coil I in the body. The magnetic flux 
from the permanent magnet H also in 
the body flows through the metallic 
member to the button in the insert and 
to the stylus shank itself. Directly in 
back of the upper end of the stylus 
shank are two metallic members placed 
side by side and centered on a line 
passing through the center of the stylus 
rest position. In this manner, magnetic 
flux is carried back into the housing 
and through the coil. With the stylus at 
rest, the magnetic circuit is so arranged 
that flux flows in equal amounts to the 
two metallic members, and being bal-
anced, no voltage is generated in the 
coil. When the stylus is actuated by the 
modulation of the record groove, the 
magnetic flux is disturbed and is varied 
from side to side as the stylus vibrates, 
thus generating a voltage. When stylus 
D is moved, supporting wire E is 
twisted first in one direction and then 
the other, but always returns the stylus 
to the exact center. The vibratory mass 
is comprised of only the stylus shank 
and tip; thus, the mass is kept to a very 
low value. Armature resonance occurs 
above 30,000 Hz, which removes any 

peaks in the audible range. The entire 
mechanism, including the magnet, coil, 
and magnetic gap, is enclosed in a plas-
tic body. The output voltage is approxi-
mately 18 millivolts for a velocity of 7 
centimeters per second, with a uniform 
frequency response between 10 and 
20,000 Hz. The principal parts of the 
lower portion are: stylus support wire 
J, end of stylus shank M, stylus tip N, 
turnover handle P, colored flag Q to 
indicate which stylus is in use, plastic 
body R, rear support bearing S, and the 
output terminals T. This pickup may be 
adjusted for a stylus pressure of 2 to 6 
grams, using a stylus of 0.5 mil or 
3.0 mils. 

16.4 Can a pickup be designed to 
reproduce both lateral and vertical 
coarse-pitch recordings?—Yes, pickups 
have been designed to respond to both 
lateral and vertical modulations as typ-
ified by the early Western Electric 
Model 9A monophonic moving-coil 
pickup manufactured some years ago 
(Fig. 16-4A). The motional structure 
consisted of two coils A, mounted on an 
armature B which carried a diamond 
stylus C. A U-shaped permanent mag-

Fig. 16-4. Interior view of an early Western Electric 9A moving-coil vertical-lateral 
coarse-pitch pickup (now obsolete). 
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Fig. 16-5A. Simplified cross-sectional drawing showing the interior construction of a 
moving-coil stereophonic pickup. 

net D, with pole pieces extending into 
the coils, supplied the magnetic field. 
The coils, armature, and stylus were 
mounted in a viscoloid disc E, which 
supports and centers the moving ele-
ments. Although this pickup has been 
obsolete for some years, its structure is 
of interest because of its design that 
will permit a single mechanism to be 
used either in the vertical or lateral 
directions. 

The coils move vertically over the 
magnetic pole pieces for vertically re-
corded records and transversely for 
laterally recorded records. In so doing, 
a voltage is generated which has a 
waveform similar to the modulations of 
the record groove. Connections from the 
two coils are brought to a switch in the 
equalizer network for changing to 
either type of reproduction. Thus, dis-
crimination is obtained between the two 
different type groove modulations. 

Vertical noise components which are 
always present in a lateral recording 
are suppressed when the reproducer is 
switched for lateral reproduction. Con-

MAGNET 

COIL- I 90° COIL-2 

SUSPENSION 
WIRE 

STYLUS BAR 

BOTTOM PLATE 

versely, when the reproducer is used 
for vertically cut records, unwanted 
lateral motion inherent in the sides of 
a vertical-cut record is suppressed. The 
output impedance of this head is on the 
order of 9 ohms and requires a match-
ing transformer at its output to match 
the input impedance of the preamplifier. 

16.5 Describe the basic construction 
of a moving-coil stereophonic pickup.— 
One of the first moving-coil pickups 
was the Western Electric 9A described 
in Question 16.4, which reproduced 
both lateral and vertical coarse-pitch 
records, using a single stylus. Several 
different types of moving coil pickups 
have been developed for both stereo-
phonic and monophonic reproduction. 
Among the first for stereo was the 
Westrex Model 10A, now obsolete (Fig. 
16-5A). The two self-supporting volt-
age-generating coils are mounted on 
Mylar hinges with the axes of the coils 
at right angles to each other and 
mounted 45 degrees to the horizontal. 
The lower edge of each coil is connected 
mechanically through a wire to a beam 

SUSPENSION WIRE 

MAGNET 

COIL-I 

RUBBER 
GROMMET 

Fig. 16-5B. Constructional view of moving coil pickup for stereophonic reproduction. 

COIL-2 
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which supports the stylus. This beam 
consists of a small metal tube with an 
outside diameter of 0.031 inch and ap-
proximately 0.15 inch long. The stylus 
beam or tube is not subjected to twist-
ing or bending. A drag-wire consisting 
of a flat spring is connected to the rear 
of the stylus beam and then to the re-
producer housing to prevent the beam 
from rotating. Thus, an equal compli-
ance is obtained at the stylus for any 
vertical direction. The drag-wire also 
prevents any longitudinal motion of the 
stylus. 
A semisolid damping material be-

tween each link and the reproducer 
housing (near the coils) provides me-
chanical damping to the system to re-
move high-frequency peaks and also 
helps to reduce crosstalk between the 
two channels. 
The vertical angle of the stylus is 

set to 15 degrees; however, in early 
pickups of all manufacture the stylus 
angle was what the individual manu-
facturer thought best. The magnetic 
path of the pickup structure consists of 
two pole pieces, a center pole, and a 
permanent magnet. One edge of each 
voltage-generating coil is placed over 
the end of the center pole piece, in the 
gap formed by the center and outer 
pole pieces. 

The coils are phased to produce in-
phase output voltages when the stylus 
is actuated by a laterally recorded 
groove. 

The compliance of the Westrex stereo 
pickup is about 2.5 x 10-e cm/dynes. 
The stylus included angle is 40 to 55 
degrees, with a tip radius of 0.5 or 0.7 
mil. The output voltage averages about 
2 millivolts per coil for a peak velocity 
of 10 centimeters per second. Separation 
is on the order of 25 to 30 dB, at 
1000 Hz. 
A second moving-coil type pickup is 

shown in Fig. 16-5B. This design em-
ploys two moving coils mounted one 
within the other. The coils are sup-
ported on two wires, placed 90 degrees 
with respect to each other, in the hori-
zontal plane, to permit their movement 
by the stylus in a rotary manner, both 
vertically and laterally. As a rule, the 
coils will consist of only a few turns of 
wire wound self-supporting, with a 
stylus bar attached to the center axes 
of the coils. A permanent magnet is 
mounted directly behind the coils, as 

Fig. 16-6A. Stereodyne Model SP-6, 15. 
degree, push-pull stereophonic pickup 

by Bang and Olufsen of Denmark. 

shown at C. When the coils are actuated 
by the stylus, they rotate in a circular 
manner, cutting the magnetic lines of 
force supplied by the magnet; thus, a 
voltage is generated in the coils. As the 
output voltage from the coils is quite 
low, a step-up transformer is used to 
increase the voltage output. 

16.6 Describe a push-pull stereo-
phonic pickup.—Such a pickup is shown 
in Fig. 16-6A and is manufactured by 
Bang and Olufsen of Denmark. The in-
ternal magnetic structure is shown in 
Fig. 16-6B and consists of a small arm-
ature in the form of a cross, made of 
Mumetal, which swings between four 
pole pins. A stylus bar constructed of 
aluminum tubing 0.002-inch thick is at-
tached to the Mumetal armature cross 
at one end. The stylus is secured to the 
other end of the tube. Four pole pins 
with four coils are placed at each end 
of the cross. With a 45-degree motion 
to the right, a reverse voltage induction 
takes place. Such action permits the 
coils to be connected push-pull, thus 
reducing harmonic distortion induced 
by the nonlinearity of the magnetic 
field. In addition, the coils provide an 
effective hum-bucking circuit. (See 
Question 8.98.) 

Cross talk between the left and right 
channels is minimized, since such com-
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Fig. 16-68. Simplified drawing of coils 
and cross armature. 
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Fig. 16-6C. Magnetic circuit. 

ponents are bucked out. The overall 
cross-talk level is quite low for any fre-
quency, since the voltage induction 
comes only from changing the spacing 
of the armature cross arms and the pole 
pieces. Modulating one channel 45 de-
grees, the cross arms on the orthogonal 
channel rotate without changing the 
spacing, therefore there is no induced 
voltage in this channel, assuming the 
positioning of the unit, with respect to 
the groove, is correct. 
A cross-sectional view of the mag-

netic circuit is shown in Fig. 16-6C and 
is similar to the magnetic structure of a 
loudspeaker employing a center mag-
net. Thus, a closed magnetic circuit is 
provided which prevents leakage of the 
magnetic field, and being nonmagnetic, 
it cannot be attracted to the steel turn-
table plate, while providing an effective 
shield for the coils. The stylus bar piv-
ots on a nylon thread, bonded to a plas-
tic support. The armature cross bears 
on a resilient disc (Fig. 16-6D), which 
controls compliance and supplies damp-
ing for the moving system. The rota-
tional point of the system is at the junc-
tion of the armature cross and the 
nylon thread support. The output volt-
age is 7 millivolts for each channel for a 
5 centimeter per second cut. The stylus 
has an angle of 15 degrees and may be 

DAMPING 
MATERIAL 

NYLON 

CROSS 
STYLUS 
BAR 

STYLUS 

Fig. 16-6D. Stylus mounting with damp-
ing control. 

operated at a pressure of 1 to 3 grams. 
Compliance is 15 X 10 cm/dynes for 
both directions of motion. Frequency 
response is plus-minus 2.5 dB, 20 to 
20,000 Hz. 

16.7 Describe the construction of a 
semiconductor stereo pickup.—A semi-
conductor pickup cartridge developed 
by J. F. Wood and George Grover of 
the Euphonies Corp., Guaynabo, Puerto 
Rico, is shown in Fig. 16-7A and oper-
ates somewhat on the principle of the 
strain gauge. The pickup mechanism 
employs two small, highly doped silicon 
semiconductor elements (0.008 inch X 
0.005 inch) whose resistance varies as a 
function of the stylus deflection. These 
• sensitive elements are mounted on lam-
inated beams of lightweight epoxy with 
gold-plated surfaces (Fig. 16-7B). A 
notch in the beam under the assembly 
acts as a hinge for stress concentration. 
Referring to Fig. 16-7C, the construc-
tion for a stereophonic cartridge is 
shown. In this structure two beams are 
used, each driven by an elastic yoke, 
coupled to the stylus. Aside from the 
compliance of the yoke and mounting 
pads, a mechanical advantage of over 
40:1 can be attained in the beam and 
stylus lever. This mechanical trans-
former provides high compliance and 
reduces the mass of the elements re-
flected to the stylus. This stylus, ellipti-
cal in shape, is set at an angle of 15 
degrees. 

Fig. 16-7A. Miniconic U-I5 semicon-
ductor pickup cartridge manufactured 
by Euphonies Corp., of Puerto Rico. 

Since the semiconductor elements are 
sensitive modulating devices and not 
generators as in the conventional 
pickup, very little energy is required 
for their operation. The compliance at 
1000 Hz is approximately 25 x 10 cm/ 
dynes, and because of the low mass of 
the semiconductor elements and driving 
mechanism, the frequency response is 
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Fig. 16-78. Beam construction of Euphonies 

.020" 

carried out beyond 50,000 Hz. Actually, • 
the device will measure down to dc, but 
because of the preamplifiers, the low-
frequency response is limited to a value 
below 20 Hz. For its operation, a small 
power supply (Fig. 16-7D) is required. 
The supply also contains two single-
stage preamplifiers and one inverter 
stage. A current of 6 mA at 14 volts is 
supplied to each semiconductor ele-
ment. As the elements are deflected by 
the stylus action, the resistance of the 
semiconductors (about 800 ohms) 
changes slightly, causing a varying dc 
voltage across the output. This de signal 
is ac coupled to the preamplifiers in the 
power supply, providing an output 
voltage of 0.4 volt for each side. The 
cartridge employs mechanical equaliza-
tion which, in combination with the RC 
equalizer at the output of each pream-
plifier, results in an RIAA reproducing 
characteristic at the output. 
Because of the importance of main-

taining symmetry in a stereo cartridge, 
the beams are oriented with the silicon 
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N\ LOW MASS STYLUS 

Fig. 16-7C. Cartridge construction of Euphonies semiconductor stereophonic pickup. 
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semiconductor stereophonic pickup. 

elements upward in each channel. Such 
an arrangement gives out-of-phase sig-
nals for lateral motion of the stylus. 
Since the elements have no inherent 
polarity, reversing the terminals does 
not change the phase. To properly phase 
the output signals, the left side is 
passed through a phase inverter. Using 
a standard test record with 400 and 4000 
Hz, the intermodulation distortion for 
a stylus pressure of 2 grams at a veloc-
ity of 13 centimeters per second, is 2 
percent; for a velocity of 15 centimeters 
per second and a stylus pressure of 1 
gram, the distortion rises to about 10 
percent. Separation is 25 dB up to 11,000 
Hz and better than 15 dB to 20,000 Hz. 
Square-wave reproduction is quite 
good, with a slight overshoot on the 
leading edge at 1000 Hz. The signal-to-
noise ratio at the output of the pre-
amplifier is greater than 80 dB below a 
reference level of 1 milliwatt. Such 
pickups are not subject to extraneous 
magnetic or electrostatic fields. The 
normal precautions taken for grounding 

ELEMENTS 

NEEDLE DAMPING PAD 
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Fig. 16-7D. Schematic diagram for Euphonic: Miniconic PS-15 semiconductor pickup 
power supply. 

also apply to this type pickup. (See 
Question 4.119.) 

16.8 Describe the basic principles of 
a moving-magnet stereophonic pickup. 
—A moving-magnet type variable-re-

luctance stereophonic pickup is some-
what similar in design to the moving-
coil type described in Question 16.5, 
except that in the moving-magnet type, 
the coils are fixed and the magnetic 
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STYLUS BAR 

Fig. 16-8A. Basic principle of a moving-
magnet type stereophonic variable-re-

luctance pickup. 

lines of force are set in motion, as 
shown ,in Fig. 16-8A. A tiny magnet is 
mounted on the inner end of the stylus 
bar then suspended in the center of the 
four coils in such a way that it may be 
actuated in a rotary manner, similar to 
the coils of a moving-coil system. Re-
gardless of how the lines of force are 
cut, either by moving coils or the mag-
net, a voltage will be generated that is 
proportional to the stylus velocity. The 
mass at the inner end of the stylus must 
be such that little mass is reflected to 
the stylus. Pickups of this design are 
noted for their excellent reproducing 
characteristics. In Fig. 16-8B is pictured 
a moving-magnet type pickup, Model 
V15 Type II manufactured by Shure 
Brothers, Inc. 

16.9 Describe the basic structure of 
a piezoelectric pickup.—Crystal and 
ceramic pickups are somewhat similar 
in construction as both devices employ 

a piezoelectric element for the genera-
tion of voltage. The basic construction 
for a crystal monophonic pickup is 
given in Fig. 16-9A. 

Fig. 16-8B. Shure Brothers Inc., Model 
V15 Type II variable reluctance pickup, 

using a moving magnetic structure. 

The motional structure consists of 
two Rochelle salts crystal slabs A and 
B which are separated by a metal foil 
C. A foil lead D is attached to each 
crystal for connection to an external 
circuit. The opposite ends of the crys-
tals are clamped in a rubber sleeve 
mounted in a clamp E called a torque 
jaw. The lead ends of the crystals are 
clamped between the rubber blocks F. 
The stylus G is held in a chuck H and 
clamped by the screw L The chuck is 
moved in a lateral direction due to the 
motion of stylus G in-the record groove. 

Fig. 16-9A. Interior mechanism of crystal pickup. 
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Fig. 16-9B. Bottom view of crystal 
pickup cartridge. 

The twisting motion of the torque 
jaw causes the crystal slabs to generate 
a voltage due to the piezoelectric char-
acteristics of the crystals. (See Question 
4.13.) The voltage generated by the 
crystals is proportional to the amplitude 
of the stylus displacement. The rubber 
sleeves J, K, and L are used to hold the 
crystal assembly in its case, as shown 
in Fig. 16-9B. 
The output voltage of the average 

piezoelectric pickup is considerably 
higher than for other type pickups. Pie-
zoelectric pickups are treated electri-
cally as a capacitive-reactance device 
since the impedance rises with a de-
crease of frequency, and vice versa. 
Simple RC networks are used with this 
type pickup to obtain a frequency re-
sponse corresponding to the standard 
RIAA reproducing characteristic. Rec-
ords recorded using a constant-ampli-
tude characteristic may be reproduced 
without equalization. (See Questions 
14.30 to 14.38.) 

Crystal pickups must be carefully 
mounted on a turntable board, other-
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Fig. 16-10A. Low-frequency equaliza-
tion for a crystal pickup. 
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Fig. 16-10B High-frequency equaliza-
tion for crystal pickup. 

wise a disagreeable rumbling noise will 
result. Before mounting the arm for a 
crystal pickup, the direction of maxi-
mum vibration in the turntable board 
should be determined. The pickup arm 
is then mounted parallel to the vibra-
tory motion. 

16.10 Show a simple RC network for 
use with piezoelectric pickups.—Six RC 
equalizer networks for both crystal and 
ceramic pickups are shown in Figs. 
16-10A to D. The networks are con-
nected between the output of the piezo-
electric pickup and the input of the 
preamplifier. The characteristics of 
these networks are such that they cor-
respond to the standard RIAA repro-
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ATTENUATED & HIGH FREQUENCY BOOST 

I MEG 

2 MEG 1/4 MEG 
+50pF 

IM 50 100 200 500 2M 

FREQUENCY IN I* 

off 50 

5M 

200pF 

50pF 

CAP OUT 

10M 

Fig. 16-10C. Complete equalizer circuit 
for crystal pickup. 

Fig. 16-10D. RC frequency-correction networks for ceramic pickups to reproduce the 
RIAA characteristic, using a pickup with a compliance of 15 X Ur. or greater. 

Response will be within plus or minus 2 dB. 
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ducing characteristics given in Fig. 
13-95. (See Question 16.47.) 

16.1i What is the internal impe-
dance of the average crystal pickup?— 
Approximately 100,000 ohms, with a 
capacitance of 0.001 to 0.0015 F. 

16.12 Is it permissible to couple a 
piezoelectric pickup by means of a 
trans former?—Yes, special impedance-
matching transformers are available for 
matching the ceramic and crystal 
pickup to a lower impedance, such as 
600 ohms. However, such transformers 
are rather hard to design and still 
maintain good frequency characteris-
tics. It is much more desirable to oper-
ate the pickup into a preamplifier con-
taining the equalizer networks as given 
in Question 16.47. 

Fig. 16-12. Piezoelectric pickup coupled 
by means of an impedance-matching 

transformer to a lower impedance. 

16.13 What is a capacitor pickup? 
—A pickup patterned somewhat after 
the design of a capacitor microphone. 
A stylus is attached to a stretched dia-
phragm mounted on the face of an in-
sulated back plate to which is connected 
a polarizing voltage. The capacitor head 
is connected to the input of a resist-
ance-coupled amplifier. A second type 

capacitor pickup employs the capacity 
change of the head to modulate a radio-
frequency oscillator which is demodu-
lated and then amplified as usual. 

16.14 If a lateral pickup has an 
appreciable amount of vertical compli-
ance, how will it affect the reproduction? 
—Two output voltages will be gener-
ated, one for the lateral and one for the 
vertical motion. The voltage generated 
in the vertical direction is added to the 
lateral voltage in the form of distortion 
and noise. 

16.15 What is a frequency-modu-
lated pickupP—A pickup developed 
some years ago by Alexis Badrnaieff, 
utilizing an fm circuit in which push-
pull action is obtained by varying the 
resonant frequencies of an oscillator 
and a discriminator circuit simulta-
neously, in opposite phase relationship 
to each other. Modulation of the oscil-
lator and discriminator is achieved 
through the use of two capacitors 
shunting the inductance of the two cir-
cuits, the common plate of which is 
grounded and mechanically coupled to 
the stylus. When the stylus is moved 
laterally, it, in turn, displaces the com-
mon plate of the push-pull capacitor 
and thus varies the frequency of both 
the oscillator and the discriminator in 
opposite phase. 

The fin push-pull circuit to which 
the push-pull capacitor is coupled is 
shown in Fig. 16-15A. A 6SF7, with its 
cathode, control grid, and screen, are 
combined with a tuned inductance Li 
and one-half of the push-pull capacitor 
Cl, to form an oscillatory circuit which 
is electron-coupled to the plate and 
electrostatically shielded by the sup-

1000 PF 

220 K 
TO FILTER 

2 

Fig. 16-15A. Schematic of an fm pickup oscillator-discriminator. 
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Fig. 16-15B. Simplified form of an fm pickup head consisting of a push-pull capaci-
tor with grounded center plate. 

pressor grid. The oscillatory energy 
from the plate is applied to the dis-
criminator circuit, which consists of 
another tuned coil L2 and the other half 
of the push-pull capacitor C2. 

The two halves of the push-pull ca-
pacitor, Cl and C2, comprise the pickup 
head of the reproducing unit. The dis-
criminator is slightly off-resonance rel-
ative to the mean frequency of the os-
cillator, the push-pull capacitor being 
the controlling element of both ar-
cuits. The output from the discrimina-
tor-tuned circuit is coupled through a 
capacitor C3 and rectified by the diode 
section of the 6SF7. After rectification, 
it is filtered of its rf component and 
appears as a varying voltage across the 
resistor R1 which is directly propor-
tional to the stylus displacement. 
The push-pull capacitor Cl and C2, 

which is the head of the pickup, consists 
of a flat steel wire one-quarter inch 
long, at the free end of which is 
mounted a diamond or sapphire tip. 
The wire is faced on both sides by two 
metal plates and spaced by a gap of 
approximately 0.008 inch. The rigidity 
of the wire is low, being on the order 
of 1.4 >< 106 dynes per centimeter. The 
head assembly is shown in a simplified 
form in Fig. 16-15B. The leads between 
the push-pull capacitor head and the 

oscillator-discriminator unit run cen-
trally in the two aluminum tubes com-
prising the arm for the reproduced unit 
(Fig. 16-15C). The oscillator-discrimi-
nator tube and its circuits are housed in 
the base of the arm. 
The output signal is audio frequency 

in character, with an output level of 
minus 45 dBm, after passing through 
the output filter. The arm resonance is 
low (about 12 Hz) and is damped me-
chanically by means of a high viscosity 
oil in a special ball bearing pivot. The 
vertical motion of the arm is damped to 
prevent the head from bouncing. A 
variable filter or equalizer is shown in 
Fig. 16-15D which supplies the desired 
reproducing characteristic. The me-
chanical resonance of the armature and 
stylus are above 15,000 Hz, thus enabl-
ing the pickup to reproduce frequencies 
within the audio spectrum without ap-
preciable peaks or dips, over a range of 
20 to 15,000 Hz. 
The distortion is on the order of 0.5 

percent below 5000 Hz, and above this 
frequency, 1.5 percent. The linearity of 
the push-pull characteristic is shown in 
Fig. 16-15E. The oscillator frequency is 
approximately 40 MHz and is adjusted 
for a maximum output by using a 1000 
Hz constant-frequency record. The out-
put impedance is 250 ohms and may be 

Fig. 16-15C. An fm pickup, arm, and equalizer. 
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Fig. 16-15D. Schematic diagram of fm pickup equalizer. 

used with any normal low-impedance 
input circuit. 

16.16 What is a carbon pickup?— 
A pickup similar in design to a carbon 
microphone. A stylus is attached to the 
carbon button which is connected in 
series with a source of direct current 
and an output transformer. Variations 
of the carbon button resulting from 
movement of the stylus cause a pulsat-
ing current to flow though the primary 
of the transformer. This current is sim-
ilar to the modulations in the record 
groove. The pickup may be designed to 
use a single or a double button such as 
are described in Questions 4.8 and 4.9. 
The disadvantages of this pickup are 
the same as those of the carbon micro-
phone. 

16.17 What is a moving-vane 
pickup?—A pickup employing a moving 
member which varies the inductance of 
an oscillator tank circuit causing a 
change in its frequency. The changes 
are detected and amplified in the usual 
manner. 

16.18 What is a photocell pickup? 
—A pickup employing a photocell 
which picks up light reflections from 
the record groove. This pickup was de-
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Fig. 16-15E. Linearity of the push-pull 
pickup head (distortion). 

Fig. 16-19A. Cross-sectional view of the 
RCA 5734 mechano-electronic trans-

ducer. 

veloped many years ago but did not 
prove very popular because of its poor 
reproduction. Also, it had to be tracked 
across the record in such a manner that 
the photocell was exactly centered 
above the record groove. The signal-to-
noise ratio was low, because of light 
reflected from the other parts of the 
record groove which was not part of 
the modulations. 

16.19 What is an electronic pickup? 
—Although all pickups are electronic, 
the name electronic pickup has been 
used to designate a unit designed in the 
form of a small vacuum tube. The de-
vice consists of a vacuum tube with a 
stylus attached to an anode inserted 
into the interior of the tube through a 
flexible diaphragm. 

The motion of the stylus causes the 
spacing between the anode and cathode 

STYLUS 

ea( 

DIAPHRAGM 22V 

OUTPUT 

Fig. 16-190 Circuit diagram for the 
RCA 5734 mechano-electronic trans-
ducer when used as a pickup for repro-

ducing records. 
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to vary which, in turn, causes the plate 
current to vary, producing a voltage 
across the load resistance which varies 
in proportion to the stylus amplitude in 
much the same manner as a crystal 
pickup. The signal voltage may be taken 
from the plate by means of resistance 
or transformer coupling. The advan-
tages of this device are its low mechan-
ical impedance and the fact that the 
output power is taken from the power 
supply and not the actuating source. 
A potential of 22 volts is required at 

the plate, at a current of 2.5 mA. The 
effective plate impedance is 5000 ohms, 
the load resistance is 75,000 ohms, and 
the amplification factor is 20. A cross-
sectional view is shown in Fig. 16-19A 
and the external circuitry is given in 
Fig. 16-19B. A typical tube of this type 
is the RCA 5734 mechano-electronic 
transducer. 

16.20 Describe the construction of a 
strain-gauge pickup.—The strain gauge 
is a device used for measuring the 
strain in structural members of aircraft 
and similar applications. However, the 
principle of the strain gauge has been 
applied to pickups used for record 
reproduction. 
The device consists of a stretched 

wire through which a continuous direct 
current flows. A stylus is mounted in 
the exact center of the wire and makes 
contact with the record groove. The 
motion of the stylus causes the wire to 
be elongated in first one direction and 
then in the other, causing the electrical 
resistance of the wire to be changed in 
accordance with the modulations in the 
record groove. These minute changes of 
resistance cause a varying voltage to be 
generated across the extremes of the 
wire. These voltages are then stepped 
up by means of an impedance-matching 
transformer and amplified in the usual 
manner. The output voltage is propor-

Fig. 16-20. Simplified view of a strain-
gauge pickup. 

MOUNTING BLOCK 

CERAMIC ELEMENTS 

STYLUS BAR 

STYLUS MOUNTING 
BLOCK 

s̀  STYLUS COUPLING YOKE 

Fig. 16-21A. Simplified drawing show-
ing the construction of a ceramic stereo-

phonic pickup. 

tional to the stylus amplitude. A simpli-
fied view of such a device is shown in 
Fig. 16-20. 

Strain-gauge pickups have been de-
veloped with an internal resistance of 
several thousand ohms and eliminate 
the need for a matching transformer. 

16.21 Explain the basic principles of 
construction for a stereophonic ceramic 
pickup. — A simplified diagram for a 
ceramic stereophonic pickup unit is 
shown in Fig. 16-21A. The moving sys-
tem consists of two piezoelectric crystal 
slabs of lead-zirconium titanate, or sim-
ilar material. This particular material 
offers good mechanical and electrical 
properties, with high sensitivity and 
high capacitance. The ends of the slabs 
are mounted rigidly in a mounting 
block, and the front end is connected 
by a yoke made of injected molded 
plastic. This coupling is most critical 
because upon it depends the electrical 
performance and the mechanical im-
pedance seen at the stylus point by the 
record groove. The coupling system is 
defined as that portion of the mecha-
nism that lies between the stylus tip 
and the ceramic slabs. 

The stylus bar is made from heat-
treated, thin-walled aluminum alloy 
tubing, with one end flattened to hold 
the stylus at the desired angle. The 

Fig. 16-21B. Ceramic pickup cartridge 
Model 150-DF manufactured by Electra-

Voice Inc. 
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other end of the stylus bar is held in 
place by the stylus mounting block. It 
will be observed that the coupling yoke 
is connected at a point about midway 
on the stylus bar. This point is chosen 
because it affords the most desirable 
electrical performance and substantially 
reduces the mechanical impedance of 
the yoke and ceramic elements as seen 
by the stylus tip. 

Four output terminals are used, two 
for each channel, to ensure the com-
plete isolation of one side from the 
other. Damping in the form of a vis-
cous material is used to control the fre-
quency characteristics. The compliance 
for the cartridge of this type is on the 
order of 3 X 10 cm/dynes, for an ef-
fective mass of 14 grams. Since such 
pickups are of the constant-amplitude 
type, to reproduce the RIAA reproduc-
ing characteristic an RC network is re-
quired. The output voltage for such a 
device is approximately 10 millivolts for 
a peak velocity of 5 centimeters per 
second. Ceramic pickups are not af-
fected by magnetic or electrostatic 
fields. (See Question 16.50.) 
A stereophonic turnover-type cer-

amic cartridge, manufactured by Elec-
tro-Voice Inc., is shown in Fig. 16-21B. 
One side of the stylus bar carries a 0.7-
mil stylus for stereophonic reproduc-
tion, and a 3.0-mil stylus on the other, 
for monophonic coarse-pitch reproduc-
tion. The compliance in both vertical 
and lateral directions is 4.5 x 10' cm/ 
dynes. Stylus pressure is 4 to 6 grams; 
however, higher compliance and lower 
stylus pressure models are available. 
The desired stylus is selected by a 
swing of the flanged lever from one side 
to the other. The output voltage is 0.4 
volt, with a frequency response of plus-
minus 2 dB, 20 to 20,000 Hz, using a 1-
megohm load resistor. 

16.22 What is a magnetostriction 
pickupP—A pickup using a ferromag-
netic metal, such as nickel, placed in a 
strong magnetic field which causes it to 
expand or contract when in motion. 
When subjected to compression, the 
magnetic reluctance changes, varying 
the magnetic field in which a coil is 
placed for the purpose of picking up the 
generated voltage. As a rule, such pick-
ups are designed with magnetic struc-
tures resulting in a push-pull output 
voltage. 

16.23 What is a pickup cartridge?— 

For several years pickup heads have 
been designed to be easily removed 
from the pickup ann—therefore the 
name cartridge. A majority of modern 
designed pickups use similar mounting 
holes and terminals to afford a means of 
easy replacement by the user. 

16.24 What is o tone arm?---A hol-
low arm which supports an acoustical 
sound box used for reproducing phono-
graph records acoustically. The sound 
box is equivalent to the electric pickup, 
except that it reproduces the modula-
tions of the record groove by acoustical 
pressure. 

The sound box consists of a metal or 
mica diaphragm with the stylus at-
tached to the center of the diaphragm. 
The sound box is mounted on a tone 
arm. The opposite end of the tone arm 
is connected to a horn. The motion of 
the stylus in the record groove causes 
the diaphragm to vibrate. This motion 
disturbs the air column in the horn, 
causing sound waves to be generated. 
A cross-sectional view of a typical 
acoustical reproducing machine is 
shown in Fig. 16-24. Although the elec-
trical pickup arm does not carry acous-
tice sound, the term "tone arm" is still 
used by some manufacturers and writ-
ers. 

Fig. 16-24. Acoustical reproduction of 
phonograph records using an acoustical 

sound box. 

16.25 What is the frequency range 
of the average acoustical-type repro-
ducer?—About 120 to 4500 Hz with a 
considerable amount of distortion and 
a number of resonant peaks occurring 
in the reproduction. Acoustical pickups 
or soundboxes are used in nonelectrical 
record reproducers. 

16.26 What is tracking error?—An-
other name for tracing distortion. This 
subject is discussed in Questions 13.30 
and 13.173. 

16.27 What is pinch effect and its 
causes?—Pinch effect is the result of 
the record groove pinching the tip of 
the reproducer stylus and causing it to 
lift in the groove and sometimes leave 
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the groove entirely. Pinching when 
present occurs twice per cycle causing 
the stylus to rise in the groove due to 
the narrowing of the groove because of 
sharp changes of direction in the groove. 
This is shown at part (a) in Fig. 16-27A. 
These abrupt changes are caused by the 
change in direction of the recording 
stylus as it moves from side to side 
while engraving the sound track. It is 
an established fact that when the radius 
of the reproducer stylus tip is slightly 
larger than the groove the best track-
ing conditions exist. This causes the 
curve of the stylus to ride on the 
straight sides of the groove wall; how-
ever, this must not be carried too far 
or the stylus will ride on the top edges 
of the groove. If an attempt is made to 
trace a sine-wave groove with a point 
whose effective diameter equals the 
wavelength of the groove modulation, 
difficulties will be encountered. 

First the pinch effect will cause the 
stylus to lift out of the groove, as may 

B IS SMALLER 
A 

(a) Sound track narrows because of 
position of recording sums. 

EFFECTIVE 
STYLUS TIP 
DIAMETER 
I WAVE 
LENGTH 

GROOVE 
WALL 

(b) Stylus tip diameter same as the 
wavelength of modulation. 

GROOVE 
WALL 

EPRODUCING 
STYLUS TIP 

(e) Stylus too large a diameter, fails to 
follow small groove radius of curvature. 

Fig. 16-27A. Tracking problems. 

be seen at part (a) in Fig. 16-27A due 
to the narrowing of the groove. If the 
stylus diameter is equal to the modula-
tion wavelength the stylus cannot fit 
the groove, as shown at part (b) in Fig. 
16-27A. What happens when a stylus 
with a large radius fails to follow the 
groove when a small radius of curva-
ture is encountered is shown at (c) in 
Fig. 16-27A. 
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Fig. 16-27B. Groove wavelength versus 
frequency at a speed of 33V3 rpm. 

The relationship of frequency to re-
corded wavelength in mils at a speed of 
33% rpm is graphically illustrated in 
Fig. 16-27B. It will be noted for a fre-
quency of 7000 Hz, the wavelength is 
3 mils and at a diameter of 5 inches, 
the wavelength is 1.25 inches long. 

Such problems make it quite •difficult 
to reproduce higher frequencies using 
RIAA recording characteristic if the 
foregoing problems are not considered. 

Pierce and Hunt have shown that the 
pinch effect produces second harmonic 
distortion in the vertical direction 
which will cancel in a lateral recording 
system if the stylus could lift freely 
without generating an output voltage. 
To reproduce the modern microgroove 
record properly the stylus tip must not 
exceed 1 mil in radius. Present stan-
dards call for 0.5- to 0.7-mil tip radius. 

16.28 What are the effects of 
pickup arm res ?—The low fre-
quencies will resonate at some fre-
quency, causing a boomy reproduction. 
This effect is the result of a combina-
tion of mass and compliance in the me-
chanical system and is comparable to 
an electrical system containing capaci-
tance and inductance where the circuit 
is resonant at some frequency. A reso-
nant arm will produce a rise at the 
lower frequencies causing intermodula-
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tion distortion components to be gen-
erated by combining with higher fre-
quencies. 

In a well-designed pickup arm, the 
resonant frequency is below audibility 
and is of low amplitude. In some in-
stances motor rumble will cause the 
arm to be excited and produce an ob-
jectionable low-frequency distortion. 

16.29 Describe the effect of pickup 
arm mass.—If the mass is too great, the 
force required to move it exerts exces-
sive pressure on the side walls of the 
groove, damages the modulations, and 
decreases the compliance. It also is pos-
sible that the arm may be excited by 
vibrations from the turntable motor, 
causing resonant peaks in the repro-
duction. 

16.30 Define compliance in a pick-
up.—Compliance in a pickup is the ratio 
of the stylus to the applied force, ex-
pressed in centimeters per dyne. This 
subject was discussed in Question 15.34. 

16.31 How is pickup impedance 
rated?—In the early design of pickups, 
the impedance was rated in ohms, at 
either 400 or 1000 Hz. It is the practice 
with present-day pickups to state only 
the inductance, the output in millivolts, 
and the de resistance. A few manufac-
turem still rate their product in imped-
ance, and some give only the load re-
sistance. However, knowing the induc-
tance and de resistance of the windings, 
the impedance may be easily calculated, 
using the standard formula for induc-
tive reactance. Because the majority of 
pickups are designed to be operated 
into a resistive load (22,000 to 47,000 
ohms) and are not required to match a 
given load impedance, it is not neces-
sary to know the impedance, but only 
the output voltage. It was also a policy 
in early designs to design moving-coil 
pickups for a low impedance, or around 
150 ohms. Balanced-armature types 
(Fig. 16-2) ran from a few hundred to 
several thousand ohms. Impedance-
matching transformers were used when 
a definite impedance match was re-
quired. Crystal and ceramic pickups are 
considered to be a generator in series 
with a capacitor and are operated into a 
high resistance (see Question 16.10) to 
avoid loss of high frequencies. 

16.32 Define load impedance.— 
Load impedance is the impedance the 
pickup sees at its output terminals 
when operating. Generally, the load im-

pedance consists of a resistance, and its 
value for a given frequency character-
istic is specified by the manufacturer 
of the pickup. 

Moving-coil pickups (dynamic), gen-
erally are of low impedance and oper-
ate into a step-up transformer with the 
secondary terminated or unterminated. 
Crystal and ceramic pickups are con-
sidered to be generators in series with 
a capacitor working into a high load 
resistance to avoid the loss of high fre-
quencies. 

16.33 How is the output voltage of 
a pickup specified?—It is stated for its 
open-circuit voltage in terms of a stan-
dard reference level of 1000 Hz, re-
corded at a peak velocity of 5 centi-
meters per second. In some instances, 
the manufacturer may use a reference 
level other than 5 centimeters. The out-
put voltage is stated in millivolts. 

16.34 What is playback loss?—A 
loss arising from the effect of tracking 
force pressing the playback stylus into 
the record groove. The tendency is for 
the playback stylus to be pressed less 
into concave portions of the groove 
(left wall). The greater the pressure on 
the convex side of the wall (right side), 
the less stylus displacement; conse-
quently, less voltage output. 

16.35 What is the purpose of an 
offset pickup arm?—To reduce the tan-
gent error when reproducing. (See 
Question 16.52.) 

16.36 What is the average recom-
mended stylus pressure?—Stylus pres-
sure will vary with the design of the 
pickup, and the manufacturer. This in-
formation is given the user by the man-
ufacturer; however, for modern pick-
ups the stylus pressure will fall be-
tween 0.75 and 6 grams. This is also 
known as the vertical-tracking force. 

16.37 What is viscoloid?—A mate-
rial used for damping the action of the 
mechanical elements in a cutting head, 
pickup, or other devices where resonant 
peaks must be reduced. 

16.38 What is a twister element?— 
A term applied to crystal elements cut 
on an axis which results in a piezoelec-
tric effect only as a result of twisting 
the crystal slab. Such elements are em-
ployed in crystal pickups. (See Ques-
tion 16.9.) 

16.39 What is the maximum tem-
perature at which a crystal pickup may 
be operated?—About 133 degrees Fahr-
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enheit. Higher temperatures may cause 
the crystal to melt. 

16.40 What is the cause of distor-
tion in a pickup?—Intermodulation dis-
tortion is generated when two or more 
frequencies are applied to the pickup 
simultaneously,. and is caused by non-
linear tracking of the pickup, and also 
the mechanics of tracking the groove. 
The vertical-tracking angle can have 
considerable effect on the distortion 
characteristics, as may be seen on the 
graph in Fig. 16-40. Tracking-angle dis-
tortion is caused by the angle of the 
pickup stylus not being the same as the 
cutting head stylus. When making 
pickup-distortion measurements, if pos-
sible, a test record having a 15-degree 
groove angle should be used. Special 
test records are available for such mea-
surements. The effects of vertical-
tracking angle are measured by using a 
turntable that may be tilted and rotated 
90 degrees, with respect to the pickup 
arm. (See Question 13.30.) 
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Fig. 16-40. Total harmonic distortion 
versus vertical tracking error in a stereo-

phonic pickup. 

16.41 How is the distortion of a 
pickup measured?—Pickup distortion 
may be measured by either the har-
monic or intermodulation method. In 
the first method, a recording is made 
containing a single frequency of low 
distortion. This recording is then' played 
back using the pickup to be measured 
and a distortion factor meter. 

In the second method, intermodula-
tion distortion is measured by recording 
two frequencies of 400 and 7000 Hz 
simultaneously in a ratio of 4:1. The 
higher frequency is 12 dB lower in am-
plitude than the lower frequency. An 

intermodulation analyzer is connected 
at the output of the playback circuit 
when the measurement is made. 

In both these methods, the distortion 
of both the recording and playback sys-
tems is included in the measurement. 
Special records containing a single fre-
quency or intermodulation frequencies 
may be obtained for testing reproducing 
equipment. Methods of making such 
distortion measurements are discussed 
in Section 23. 

16.42 Define the term "trackabil-
ity" as related to a pickup.—Trackabil-
ity is a term introduced by Kogen and 
Samson to rate the ability of a pickup 
to track heavily modulated grooves in a 
disc record. Considerable research has 
gone into the study of heavily modu-
lated records, now so prevalent in the 
industry, and into the development of 
a pickup with high compliance using a 
biradial-elliptical stylus. (See Question 
15.74.) As this subject is beyond the 
scope of this work, the reader is re-
ferred to the references. 

16.43 Why is the intermodulation 
method of measuring pickup distortion 
preferred?—Because it is three to four 
times more sensitive than the single 
frequency method and is similar to the 
manner in which the human ear hears. 
Also, intermodulation measurements 
are not generally affected by turntable 
flutter. 

16.44 What is a vibration pickupT— 
A special pickup, generally a crystal, 
used for making vibration measure-
ments of moving machinery. 

16.45 What effect does load resist-
ance have on the frequency response of 
a pickup?—Considerable effect is noted 
on the frequency characteristics when 
measured using no load, and then load-
ing the cartridge. If the cartridge is not 
operated into its proper load resistance, 
the frequency response may be seri-
ously affected. The proper load resist-
ance for a given frequency response 
may be obtained from the manufac-
turer. 
The high-frequency response of the 

average variable-reluctance pickup may 
be increased by increasing the value of 
the load resistance. The load resistance 
for present-day monophonic pickups 
range from 22,000 to 27,000 ohms, and 
47,000 ohms for the majority of stereo-
phonic cartridges. However, in some 
instances, a monophonic cartridge may 
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use a higher value of load resistance 
than 27,000 ohms. 

16.46 How is the compliance of a 
pickup measured?—Compliance in a 
pickup is a measure of the ease with 
which the stylus may be deflected from 
a position of rest, and follow the modu-
lation in a groove. Compliance is defined 
as the amount of movement resulting 
when a given force is applied to the 
stylus tip and is expressed in millionths 
of a centimeter deflection for a force of 
1 dyne or 0.00102 gram. 

Compliance is measured by placing 
the pickup in a fixture and exciting the 
stylus with an audio frequency, and de-
termining the resonant frequency of the 
pickup by measuring the voltage at the 
output of the pickup with a vacuum-
tube voltmeter. Knowing the resonant 
frequency and the mass of the stylus 
tip, it may be calculated: 

1  
Comp — 4e, 14 F, 

where, 
M equals the total mass referred to 
the stylus tip, 

F is the resonant frequency in Hz. 

At the present time, no standard has 
been set for the measurement of com-
pliance. 

16.47 Give schematic diagrams for 
magnetic, crystal, and ceramic pickup 
preamplifiers.—Four preamplifier cir-
cuits are shown in Figs. 16-47A to G. 
Fig. 16-47A shows a low-noise pream-
plifier, using two common-emitter 
stages, with a feedback loop containing 
the equalizer components connected be-

RI 

tween the collector of the output stage 
and the emitter of the first stage. The 
feedback at 10,000 Hz is 30 dB, which 
results in an input resistance of about 
350,000 ohms. Local feedback is supplied 
by the unbypasseil 470-ohm resistor in 
the emitter of the first transistor. The 
output level is 1 volt, with a signal-to-
noise ratio of 76 dB below 1 volt. The 
frequency response is that of the RIAA 
reproducing curve, within plus-minus 
1 dB. The gain is 36 dB, with a total 
harmonic distortion of 0.5 percent for a 
plus 11 dBm output. 

The circuit of Fig. 16-47B is a vac-
uum-tube preamplifier, using a low-
noise 7025 tube. Resistor R1 has a value 
as recommended for the particular 
pickup used. The output circuit must 
not be loaded with less than 220,000 
ohms. Figs. 16-47C and D show pream-
plifiers for use with ceramic pickups. 

Referring to Fig. 16-47C, the output 
is RIAA equalized when used with a 
ceramic pickup having a capacitance of 
5000 to 10,000 pF. The input impedance 
is approximately 620,000 ohms at 50 Hz. 
The output voltage is about 1 volt and 
has a signal-to-noise ratio of 70 dB. The 
total harmonic distortion at 1000 Hz is 
0.6 percent at 1-volt output. The RIAA 
turnover frequency of 500 to 2122 Hz is 
obtained by the use R1, R2, and Cl. 
(See Fig. 13-95.) With cartridges of 
1000 and 10,000-pF capacitance and 
using the circuit of Fig. 16-47D, the 
output is also RIAA equalized. In this 
circuit, the feedback is taken from the 
collector base with the equalizer com-
ponents in the loop, which lowers the 

0.0047 

1( 4 221- 
 I f- W 1/4'  

0.01 

Fig. 16-47A. Transistor preamplifier for magnetic pickup. RIAA equalization. Resis-
tor RI to be of the value recommended by the manufacturer of the pickup (after 

Rheinfelder). 
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THAN 220K 
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Fig. 16-47B. Vacuum-tube preamplifier for magnetic pickup. Resistor RI to be a 
value recommended by pickup manufacturer. 

input impedance, thus permitting it to 
accept a large range of pickup capaci-
tance. The input impedance at 40 Hz is 
about 30,000 ohms, which decreases with 
an increase of frequency thus causing a 
velocity response from the cartridge. 
The frequency response is within plus-
minus 1.5 dB from 40 to 12,000 Hz, with 
a signal-to-noise ratio of 70 dB. Har-
rnonic distortion is less than 0.1 percent 
at 1.25-volts output. In vacuum-tube 
type preamplifiers, if practical, de 
should be supplied to the heater circuit 
to reduce the possibility of hum and 
noise pickup. 
A schematic diagram for the Shure 

Brothers Inc., Model SE-1 stereophonic 
preamplifier is given in Fig. 6-47E. This 
preamplifier is designed for studio and 
broadcast use. Controls are provided 
for cutting in a 45-Hz high-pass rumble 
filter and a 7000 Hz low-pass filter, for 
removing the RIAA equalization, and 
for reproducing a flat-frequency re-

+22V 

CERAMIC 
CARTRIDGE 

r' 
5000 TO 
10,000pF 

Fig. 16-47C. Transistor preamplifier de-
signed for use with ceramic pickups of 

5000 to 10,000 pF capacitance. 

spouse. The hum and noise is 64 dB 
below an output level of plus 4 dBm, 
over a frequency range of 50 to 10,000 
Hz. The separation between channels is 
37 dB at 10,000 Hz, using RIAA equali-
zation. Two controls are provided for 
balancing the two sides. This preampli-
fier is used in the Westrex transfer 
channel, discussed in Question 17.228. 

Exceptionally good results may be 
obtained by using field-effect transistors 
(FET's) in pickup preamplifiers, since 
results have indicated that a greater 
signal-to-noise ratio can be obtained by 
their use. The particular circuit shown 
in Fig. 16-47F is claimed by its de-
signer to have a signal-to-noise ratio 
7 dB lower than the best vacuum-tube 
amplifier of similar design, with a 5 dB 
higher overload factor. FET's were dis-
cussed in Section 11 and also in Section 
12. 

16.48 What is on N-A beam test 
record?—A special test record for mea-

1500pF 

CERAMIC 
CARTRIDGE 

1000 TO 
• 10,000pF 

+22V 

20 

OUTPUT 

-22V 

Fig. 16-47D. Transistor preamplifier de-
signed for use with ceramic pickups of 

1000 to 10,000 PF capacitance. 



746 THE AUDIO CYCLOPEDIA 

suring the intermodulation distortion of 
a phonograph reproducing system. 

16.49 What is a sweep record?—A 
special test record on which are re-
corded frequencies from 50 to 12,000 Hz 
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swept 20 times per second from the 
lowest to the highest frequency. A light 
pattern of a typical sweep frequency 
record is shown in Fig. 16-49A. This 
record is played back on a reproducing 
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Fig. 16-47F. Pickup preamplifier using field-effect transistors. Resistor R. and RI 
are to be of a value specified by the pickup manufacturer (after Rheinfelder). 

system, with an oscilloscope connected 
across the output. A pattern similar to 
that shown in Fig. 16-49B is obtained 
if the system has uniform frequency 
response. If it does not, the pattern will 
be distorted. Frequency markers ap-
pear at intervals to indicate the fre-
quencies as they appear on the spec-
trum. This subject is covered in more 
detail in Question 23.141. 

16.50 How does cable capacitance 
affect the frequency response of a 
pickup?—Both the cable capacitance 
and load resistance at the output of a 
pickup have an effect on the frequency 
response; the higher the internal impe-

dance of the pickup, the greater will be 
the loss at the high frequencies. In se-
lecting cable for connection to a pickup, 
the capacitance per foot should be as 
low as possible and the cable well 
shielded. Cable capacitance has the ef-

Fig. 16-49B. Pattern obtained for a re-
producing system of uniform frequency 
response, using a sweep-frequency record 

as shown in Fig. I6-49A. 

Fig. 16-49A. A typical light pattern of a sweep record. The pattern shown covers a 
frequency range of 50 to 12,000 Hz repeated 20 times per second using the stan-

dard RIAA reproducing characteristic. 
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fect of a low-pass finer. Typical values 
for 4-wire cable, measured between 
conductors, and the shield and conduc-
tors are: 
1 wire and shield, 33.4 pF per foot. 
2 wires, connected in parallel at one 

end only, and shield, 52 pF per 
foot. 

2 wires, no shield, 21.1 pF per foot. 
16.51 What is the relationship of 

frequency to wavelength for a given re-
cording diameter?—This relationship is 
shown graphically in Fig. 16-27B. 

16.52 How may pickup-arm tangent 
error be minimized?—Tangent error may 
be minimized by use of either an offset 
or curved arm which progressively re-
duces the tangent error as the arm 
moves across the face of the record. 

The conventional pickup arm is gen-
erally mounted in a swivel bearing at 
the rear and to one side of the turn-
table. With such a mounting, the pickup 
can be tangent to the groove at only one 
point in the recorded area, the center. 
In the early design of pickup arms, the 
arm was straight and it was not uncom-
mon to find tangent errors of 16 to 30 
degrees at the inner and outer diame-
ters of a 12-inch record. The use of this 
type mounting tears out the side wall of 
the record groove. Tangent errors may 
be reduced by increasing the length of 
the arm, but if carried too far becomes 
impractical. Modern pickup arms em-
ploying an offset have on the order of 
1-degree tracking error. 
A precision arm, manufactured by 

SME of England, is shown in Fig. 
16-52A, with its essential components 

indicated. At A are two knife-edge 
bearings having a pivot with friction 
less than 20 milligrams in both vertical 
and horizontal directions. The arm B is 
of stainless steel, wood-lined to place 
the resonant frequency well below the 
reproducing range. Weight C is used to 
statically balance the arm longitudinally 
and laterally. Rider weight D adjusts 
the tracking force 1/4  to 5 grams, in 1/4 
or 1/4  increments. Alignment is obtained 
by the use of a sliding base E through a 
1-inch area, with alignment in the ver-
tical plane up to 3/4 inch. These latter 
adjustments permit the arm to be raised 
to the proper height, length, offset, and 
overhang. A small weight F provides a 
bias adjustment to prevent the arm 
from skating across the face of the 
record. Lever G provides a slow motion 
let-down for the pickup. Connections 
for the pickup cartridge are provided in 
the head I, with external connections at 

Fig. 16-5213. Marantz Model SLT12 
straight-line turntable and pickup. The 
movement of the pickup is tangent to 

the record groove. 

Fig. 16-52A. English SME pickup arm. Arm has a slight offset to reduce tangent 
error. (Courtesy, Shure Brothers Inc.) 
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Fig. 16-52C. Underside view of Marantz Model SLT12 straight-line turntable, show-
ing the pickup mechanism. 

plug J. Tangent error is reduced to less 
than 1 percent by the use of an offset 
in the arm back of the pickup cartridge 
mount, and the arm placement at the 
rear of the turntable. 
A turntable and pickup developed by 

Marants Co. Inc., designed to solve the 
tangent error, is shown in Fig. 16-52B. 
The pickup unit is guided across the 
face of the record in a straight line, so 
that the pickup is always tangent to the 
record groove, therefore the tangent 
error is zero. The turntable is belt 
driven by a hysteresis-synchronous 
motor. The turntable weighs 12 pounds, 
and is supported by a tungsten-carbide 
thrust bearing. Push buttons control the 
starting, stopping, and the dropping of 
the pickup on the record. The pickup 
employs an elliptical diamond stylus, 
with a compliance of 30 X 10 cm/ 
dynes. The rumble is said to be 112 dB 
below a reference level of 7 centimeters 
per second. Two speeds are provided, 
33% and 45 rpm. An interior view, 
showing the driving mechanism for 
guiding the pickup across the record 
appears in Fig. 16-52C. 

16.53 What is the procedure for 
mounting a pickup arm?--Generally the 
manufacturer of the arm supplies a 
template and mounting instructions for 
a particular arm. However, in the ab-
sence of such information, the pickup 
arm is mounted in such a manner that 
the tangent error is at a minimum. One 
method of mounting the arm is shown 
in Fig. 16-53. A template is plotted to 
indicate the inner and outer areas of 
modulation, and the arm so placed for 

a minimum tangent error. The proce-
dure is the same for any length arm 
and diameter platen. It will be found, 
regardless of where the arm is placed, 
tangent error cannot be eliminated en-
tirely. Several excellent methods of 
mounting arms are discussed in the 
references. 

16.54 What is overhang?—The dis-
tance the stylus projects beyond the 
center pin of the turntable when the 
pickup arm is in such a position that 
a line joining the pickup stylus tip and 
the lateral-arm pivot passes through 
the turntable center pin. 

16.55 In what frequency range 
should the resonant frequency of a 
pickup arm fa/I?—The design should be 
such that resonance at 30 Hz is avoided, 
as this is the rumble frequency for a 
four-pole motor. As a rule, the resonant 
frequency of a pickup arm on a record 
changer occurs between 30 and 40 Hz. 
Reproducing equipment for broadcast-
ing and other professional use is de-
signed to place the resonant frequency 
of the arm, below 10 Hz. For a number 
of commercial arms, resonant frequency 
is around 2 Hz. 

16.56 What is the effect if the 
magnetic structure in a pickup causes a 
drag on the turntable?—The attraction 
of the magnetic structure of a pickup 
to a steel turntable can increase the 
stylus pressure and could cause the 
turntable to run slightly slow if the at-
traction is strong enough. The attrac-
tion of the pickup can be reduced by 
placing a pad between the pickup and 
turntable. In modern design, the attrac-
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Fig. 16-53. Typical mounting 

tion effect has been reduced to a neglig-
ible amount or eliminated completely. 
Some manufacturers of turntables use 
aluminum, which is nonmagnetic and 
load the turntable with a nonmagnetic 
material to increase its weight. 

16.57 What is torsional resonance? 
—A form of resonance often found 
above 100 Hz in a pickup arm. This 
effect may be eliminated by making the 
arm of the greatest torsional rigidity 
for a given weight, such as by the use 
of rectangular tubing. 

16.58 What is the • procedure for 
adjusting the height of a pickup arm?— 
For a manual turntable, using a 15-de-
gree stylus, both the pickup and arm 
must be parallel with the surface of the 
record, with the stylus pressure ad-
justed to its specified value. If this pro-
cedure is followed, the stylus will be at 
the correct angle and is the same for 
both monophonic and stereophonic car-
tridges. For automatic record changers, 
the adjustments are generally made for 
a height of three records. (See Question 
15.60.) 

16.59 Describe the effect of car-
tridge tilt on the electrical separation of 
a stereophonic pickup.— Separation, 
sometimes referred to as cross talk, is 
the ability of a pickup to reproduce the 
stereo effect. If the stylus is not vertical, 
but tilts to either the right or left side, 
the stereo effect is reduced consider-

40 

AVERAGE CENTER OF 
RECORDED AREA 

for an offset pickup arm. 

ably. The measurement is made, using 
a special test record with two grooves, 
one groove containing a frequency re-
corded on the left wall, and the other 
with the signal recorded on the right 
wall. First a measurement of the left 
wall is made and plotted. The second 
groove is then traced and plotted. The 
difference between the two measure-
ments is plotted in dB separation. 

Separation is generally stated at 1000 
and 10,000 Hz and is most important in 
the range between 200 and 6000 Hz. A 

O 

lo 

HEAD-ON VIEW OF CARTRIDGE. 
I 

-10 -5 0 +5 +10 

TILT ANGOE IN DEGREES 

Fig. 16-59A. Separation versus stylus tilt 
at 1000 Hz (after Kogen and Samson). 
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separation of 10 to 15 dB in the higher 
ranges is considered adequate. 

Fig. 16-59A indicates how the sepa-
ration is affected by the tilt of the car-
tridge. Precautions should be taken to 
make sure the signal in each groove of 
the test record is exactly the same level, 
as it has been found that some test rec-
ords do not have the same level in each 
groove. If this occurs, the measurement 

CPLATEN 0 

2 
PICKUP 
ARM 

PIVOT 

Fig. 16-59B. Turntable mounted on piv-
ots for tilting at different angles when 
making vertical and tilt-angle measure-
ments. The table is shown in the posi-
tion for making vertical tracking angle 
tests. For pickup tilt measurements, the 
table is rotated 90 degrees (after Kogen 

and Samson). 

will be in error. When the stylus is ex-
actly vertical, the greatest separation 
is obtained. The turntable used for 
these measurements is supported on 
two pivots on a line running through 
the spindle center (Fig. 16-59B). The 
arm is mounted on a straight line sup-
port to permit it being placed in the 
groove with as near zero tangent error 
as possible. 

16.60 Show how a 15-degree angle 
is applied to a reproducer stylus.—The 
15-degree angle is applied to the stylus 

TRUE 
IS° VERTICAL 

ANGLE OF 
DEFLECTION 

STYLUS PIVOT 

RECORD 
SURFACE 

Fig. 16-60. Cross-sectional view of a 
pickup and stylus set to an angle of 15 

degrees. 

Fig. 16-61. Dummy circuit for magnetic 
pickup. This circuit may be substituted 
for a magnetic pickup when making 
measurements. The inductance must be 

encased in a Mumetal shield. 

in a direction against the motion of the 
record, as shown in Fig. 16-60. 

16.61 What is the electrical equiv-
alent of an average magnetic pickup?— 
The electrical equivalent of a typical 
magnetic pickup is shown in Fig. 16-61. 
For measurement work involving crys-
tal or ceramic pickups, a capacitor hav-
ing a capacitance equal to the stated 
capacitance of the pickup is substituted 
for the pickup element at the input to 
the amplifier. 

16.62 h it permissible to play back 
stereophonic recordings, using a mono-
phonic pickup?—Stereophonic record-
ings should not be played back using a 
monophonic pickup as the stiffness in 
the vertical direction will damage the 
sound track. However, it is quite satis-
factory to play back monophonic re-
cordings using a stereophonic pickup. 
However, the turntable rumble may be 
increased, since most turntables have 
their greatest vibration in the vertical 
direction. 

16.63 Describe the listening effect 
of playing back a monophonic recording 
using stereophonic reproduction.—If the 
pickup is connected in the stereophonic 
position, the effect is that of a quasi-
stereophonic signal, as the signal is 
heard on both the left and right chan-
nels. 

Combining the left and right chan-
nels to supply a sum signal to both 
channels simultaneously, the lateral 
signals are added in phase, while verti-
cal turntable rumble components are 
out of phase, causing cancellation of the 
rumble frequencies. This is the most 
desirable condition for reproducing 
monophonic recordings using a stereo-
phonic pickup. (See Question 16.62.) 
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Section 17 

Magnetic Recording 

Although magnetic recording was invented in 1900 by Valdemar Poulsen, it is 
probable that the greatest advancement was contributed by German researchers 
who in 1928 developed recorder-reproducers which used a magnetically coated 
paper-base tape. By the end of World War II they had perfected not only a highly 
satisfactory cellulose base tape, but equipment capable of excellent sound repro-
duction for that time. 

Factors contributing to the pre-eminence of magnetic recording are: portability 
and compactness of equipment; its freedom from dependence on laboratory proc-
essing; immediate playback; cost of the recording stock plus the ability to reuse 
tape; ease of storage; wide dynamic range; low distortion; and excellent sound 
reproducing qualities. 

This section discusses transport systems, single and multiple sound-track heads, 
alignment, shielding, crosstalk, high-frequency bias current, types of magnetic tape 
and film, equalization, resolvers, looping systems, degaussing, and many different 
types of studio recording and associated equipment. Video-tape recording is dis-
cussed only briefly as it is not within the scope of this work. 

The Standards quoted in this section are those in present usage. However, sev-
eral are under review and may be changed in the near future. 

17.1 What is magnetic recording?— 
Recording on a wire having magnetic 
qualities or on a paper- or plastic-base 
tape coated with a magnetic emulsion. 

17.2 Define magnetism in simple 
terms.—It is a property found in certain 
materials which causes them to attract 
other materials. (See Question 17.21.) 

17.3 What does the term "sleek" 
mean?—Having little or no magnetic 
properties. 

17.4 What is reluctance7—Magnetic 
resistance. The opposition offered by air 
or certain substances to the flow of 
magnetic lines of force. 

17.5 What is residual magnetism?— 
The amount of magnetism retained by 
a magnetic substance. 

17.6 What is a ferromagnetic mate-
rial?—A substance having a magnetic 
permeability greater than that of a vac-
uum and which varies with the applied 
magnetizing force. Examples of such 
materials are iron, nickel, cobalt, and 
bumerous alloys. 

17.7 What is remanenceT—The 
magnetic induction remaining in a mag-

netic substance after the applied mag-
netic force has been removed. Magnetic 
recording tapes having high remanence 
have a correspondingly high output. 

17.8 Define retentivity.—The abil-
ity of a certain substance or substances 
to retain a magnetic charge. As an ex-
ample, soft iron may be magnetized 
easily, but it quickly loses this property. 

17.9 Define saturation in a mag-
netic substance.—The point of satura-
tion has been reached when the number 
of flux lines in a magnetic core material 
reaches a point where an increase in 
current causes no additional magnetism, 
or decreases the magnetization. 

17.10 What is coercive force?—The 
magnetizing force required to reduce 
the residual magnetism in a previously 
magnetized object to zero. The applied 
force must be of opposite polarity. 

17.11 What is magnetic coupling?— 
A method of coupling devices by the 
use of coils and an iron core, or through 
their fields being adjacent to each other. 
Two examples of magnetic coupling are 
shown in Fig. 17-11. 

753 
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(a) Air. (b) Iron-core. 

Fig. 17-11. Magnetic coupling. 

17.12 What are eddy currents?— 
Small currents flowing in the interior 
of a conductor caused by the movement 
of a magnetic field near the conductor. 
The action in the conductor, if it could 
be seen, would appear as swirling water. 
This term is generally associated with 
magnetic materials, although eddy cur-
rents may be induced in other materials 
not having magnetic properties. 

17.13 What is an instantaneous 
polarity?—The magnetic or electrical 
polarity existing at a given instant in 
an electrical or magnetic circuit. 

17.14 What are the names of the 
magnetic materials used for magnetic 
shielding and cores?—Conpernik and 
Hypersil, both manufactured by West-
inghouse; Hypernik, manufactured by 
Allegheny Steel; Permalloy, manufac-
tured by Western F/ectric; and Mu-. 
metal, manufactured by Telegraph Con-
struction and Maintenance Co., Limited. 
The foregoing are the most commonly 
used, although there are many others 
developed for express purposes. 
To the audio engineer, some of the 

most useful of magnetic shielding mate-
rials are Netic and Co-netic alloys, 
manufactured by Perfection Mica Co. 
These materials can be obtained in 

sheets or rolls, from about 2 mils to 60 
mils in thickness, and may be formed 
into any shape by bending and cutting, 
without affecting shielding capabilities. 
No annealing after working ia required. 
The shielding capabilities for fields of 
60 and 120 Hz is very high. For a 4-mil 
sheet, the attenuation for Netic is 6 to 
12 dB, and for a sheet of Co-netic, 20 
to 24 dB. These materials will also act 
quite well as an electrostatic shield in 
most instances and have the unique 
ability to be equally efficient at both 
high and low intensities. Interleaving of 
the two materials will result in an ex-
tremely high attenuation ratio. (See 
Question 8.50.) 

17.15 What is Alnico V and VIP— 
The trade name of a magnetic alloy 
used in the manufacture of permanent 
magnets which is manufactured by sev-
eral different steel companies. Such 
magnets are used in loudspeakers, light 
modulators, meters, and similar devices 
requiring a highly intense permanent 
magnet. (See Fig. 17-15.) 

17.16 What is a core?—A core gen-
erally consists of a group of laminations, 
powdered iron, or a solid piece of mag-
netic material. Cores are used with coils 
such as an audio or power transformer 
to obtain magnetic coupling. When used 
in ac circuits, the core is laminated; that 
is to say, the core is made up of a num-
ber of thin magnetic iron sheets to re-
duce the effect of eddy currents. (See 
Fig. 17-16.) 

17.17 Define the term "permeabil-
ity?"—When certain types of magnetic 
materials are introduced into a magnet-
izing field, the number of flux lines in 
the material is greatly increased, and 
exceeds that out of the field many times. 
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Fig. 17-15. Examples of permanent magnetic structures used in various devices re-
quiring a permanent magnetic field. (Courtesy, "Magnetics," Indiana Steel 

Products Co.) 
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17-16. A laminated 
toil. 

Fig. core and the 

The permeability of a material is de-
fined as the ratio of the number of lines 
of force which pass through a given 
area when it is occupied by a magnetic 
substance, to the number of lines of 
force passing through the same area 
when it is occupied by air or vacuum. 
The materials mentioned in Question 
17.14 would all be classed as having high 
permeability. The symbol mu or (A) is 
used to denote permeability. 

17.18 What precautions should be 
taken when handling high-permeability 
materials?—Certain groups of materials 
cannot be bent or cut without rean-
nealing. Others cannot be dropped or 
heated. The characteristics of the mate-
rial should be determined by referring 
to the manufacturers data sheet before 
cutting or bending. 

17.19 What is hysteresis loss?— 
Power lost in a magnetic core because 
of the internal friction caused by the 
molecules of the material. Hysteresis is 
caused by eddy currents in the core 
material and manifests itself in the form 
of heat. 

17.20 Define the terms "gauss" and 
"oersted."—Gauss is the cgs electro-
magnetic unit of magnetic induction. 
One gauss represents one line of flux 
per square centimeter. The oersted is a 
unit of magnetic intensity (H) in the 
centimeter gram second (cgs) electro-
magnetic system of units. The value of 
magnetic intensity in oersteds at any 
point in a vacuum is equal to the force 
in dynes exerted on a unit magnetic 
pole placed at that point. 
Hans Cristian Oersted, a Danish 

physicist, discovered in 1826 that a com-
pass is deflected when placed near a 
wire in which there is a current flow, 
and also that a magnet exerts force on 
a wire carrying current. The gauss is 
named in honor of Karl F. Gauss, a 
German mathematician. In 1930 by in-

ternational agreement, the term oersted 
replaced the term gauss. 

17.21 What takes place when a bar 
of iron is magnetized?—A simple ex-
planation of magnetic theory based on 
present knowledge is given in Fig. 
17-21. 

17.22 What is the rule pertaining to 
like and unlike poles of a magnet?— 
Like poles repel and unlike poles at-
tract. (See Fig. 17-22.) 

17.23 What is surface induction?— 
A quantitative measurement of the sig-
nal strength stored in a magnetic tape 
or film. The magnetic flux is measured 
on the surface of the magnetic emulsion 
where the signal is normally picked up 
by the reproducing head. 

17.24 Describe the basic principles 
of magnetic recording.—Although there 
is no definite knowledge of just when 
magnetic recording was actually in-
vented, it is known that a Danish in-
ventor, Valdemar Poulsen, a telephone 
engineer invented a magnetic wire re-
corder and reproducer before 1900 and 
received a US Patent 661,619 Nov. 13, 
1900, called the Telegraphone. However, 
the use of this device was hampered be-
cause of the lack of amplifiers and the 
available type recording media. In about 
1927, a German inventor, Pfleumer, was 
experimenting with a powder coating, 
nonmagnetic-oxide, that deposited me-
tallic particles on a tape. In 1930, a tape 
with a plastic backing was manufac-
tured in Germany and after World War 
H was developed into its present state. 

If magnetic material is placed in a 
magnetic field, the molecules of the 
material will be oriented with the di-
rection of the magnetic field. Several 
methods may be used to produce this 
field, but to the audio engineer, the one 
of most interest is the field that is pro-
duced by a current flowing through a 
coil of wire with a core as used for 
magnetic recording. 

Magnetic-recording media generally 
consist of finely divided particles of 
iron-oxide deposited on a plastic tape 
backing. (See Question 17.116.) During 
the recording process, the tape is pulled 
at a constant linear speed over a mag-
netic recording head containing a min-
ute gap (Fig. 17-24A). While the tape 
is passing over the head gap, audio fre-
quencies are applied to the head coil. 
Any particle of the magnetic medium 
crossing the gap is magnetized and re-
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mains in a permanent state of magnet-
ization, which is proportional to the flux 
flowing through the head at the instant 
the particle passes over the gap. Thus, 
the actual recording takes place at the 
trailing edge of the recording head gap. 
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Physical concept of the inner structure 
of a ferromagnetic atom showing the 
electron arrangement necessary for the 
creation of magnetism. 
The uncompensated, or off-balance, 
planetary spin of the electrons in the 
third incomplete quantum shell, to-
gether with specific dimensional char-
acteristics creates a magnetic moment, 
or force. 

Magnetic moments in neighboring atoms 
are held parallel by quantum mechani-
cal forces which can be likened to the 
forces holding the sun, moon, stars and 
earth in their relative positions. 

The atoms possessing these magnetic 
characteristics are grouped into regions 
called domains . . . A Domain is the 
smallest known permanent magnet. 6000 
domains would occupy an area compar-
able in size to the head of a common 

A domain is composed of approximately 
one quadrillion (1,000,000,000,000,000) at-
oms . . . If an atom were the size of a 
Y2 inch ball, then a domain would con-
tain enough of these balls to surround 
the earth with a band 30 miles wide. 

In unmagnetized ferromagnetic mate-
rials the domains are randomly oriented 
and neutralize each other. 
HOWEVER, THE MAGNETIC FORCES 
ARE PRESENT! 

If the signal being recorded is of a sinu-
soidal nature, the intensity of the mag-
netization on the tape will vary simul-
taneously (Fig. 17-24B). A wavelength 
of recorded signal will occur for each 
complete alternation of the input signal. 

Application of an eeternal magnetic 
field causes magnetism in the domains 
to be aligned so that their magnetic 
moments are added to each other and 
to that of the applied field. 
With soft magnetic materials such as 
iron, small external fields will cause 
great alignment, but because of the 
small restraining force only a little of 
the magnetism will be retained when 
the external field is removed . . . With 
hard magnetic materials such as Alnico 
a greater external field must be applied 
to cause orientation of the domains, but 
most of the orientation will be retained 
when the field is removed, thus creating 
a larger permanent magnet, which will 
have one North and one South pole. 
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A freely suspended bar magnet will al-
ways tend to align itself with the North 
and South magnetic poles of the earth— 
for example—the magnetic compass. 
This occurs because unlike poles of a 
magnet are always attracted to each 
other by invisible lines of force whereas 
like poles repel each other. 

The horse-shoe shape is most commonly 
used in magnetic separators because its 
lines of force are more adaptable to the 
tasks which must be performed in the 
separation of ferrous from non-ferrous 
materials . . . A piece of iron placed 
within the effective range of a magnet 
will, in turn become magnetized. It will 
have its own North and South poles 
which will be attracted to the parent, 
or larger magnet in proportion to its 
mass. 

Fig. 17-21. A simple explanation of magnetism. (Courtesy, Indiana Steel Products 
Co.) 
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(a) Repulsion of like poles. 

ezz:20.. 

(b) Attraction of unlike poles. 

Fig. 17-22. Repulsion and attraction 
two magnetic poles. 
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core will vary with the changing state 
of magnetization on the tape, and cause 
a voltage to be generated in the head 
winding. 

It is to be observed that the voltage 
generated is proportional not to the 
magnitude of the flux, but to the rate of 
change. Therefore, the playback voltage 
generated is dependent upon the fre-
quency, and for constant-current re-
cording (recording constant-current for 
all frequencies) the output voltage var-
ies in direct proportion to frequency. 

of The output voltage may be equated: 

Wavelength is directly proportional to 
tape speed and inversely proportional 
to the frequency of the applied signal. 
Therefore, 

=V/F 

where, 
is the recorded wavelength, 

V is the linear speed of the tape in 
inches per second, 

F is the frequency of the applied sig-
nal in hertz. 

During playback the magnetized surface 
of the tape is passed over the gap of the 
reproduce head, which is similar in con-
struction to the recording head. The 
portion of the magnetized tape in con-
tact with the head gap is bridged by the 
magnetic core of the head, and the tape 
in its passage over the head gap causes 
magnetic lines of force to be induced 
into the core of the head, thus generat-
ing a voltage. The magnitude of this 
flux is a function of the average state of 
magnetization of the portion of the tape 
spanning the head gap at any given in-
stants. As the tape passes over the gap, 
the amount of flux through the head 

E=N (dOdt) 

where, 
E is the induced voltage, 
N is the number of turns of wire in 

the head winding, 
(d e,5 dt) is the rate of change of the 

flux. 

Fig. 17-24C illustrates the reproduction 
of a relatively long wavelength on a 
tape passing over the reproducer head 
gap, and Fig. 17-24D shows a short 
wavelength equal to the reproducer 
head-gap height. In the latter circum-
stance, the average magnetization in the 
gap is zero and does not change with 
tape travel; therefore, the output of the 
head will be zero. The high-frequency 
response can be increased by either re-
ducing the height of the reproducer 
head gap, or by increasing the linear 
speed of the tape. However, if this is 
carried too far, the voltage output from 
the head decreases to an unusable 
amount, and a compromise must be 
made. If the reproducing gap of 0.00025 
inch is used and the tape transported at 
a linear speed of 60 ips, it is possible to 
reproduce a frequency of 100,000 Hz or 
1600 sine wave cycles per inch of tape. 

TAPE DIRECTION 

S N S 

TAPE 

FLUX 

S N 

Fig. 17-24A. Tape showing how the mag-
netic field is induced in the tape. 

Fig. 17-24B. Basic construction of a re-
cording or reproducing head. 
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This relationship is shown in Figs. 
17-24E and F. 

The dynamic range (signal-to-noise 
ratio) is the ratio of the maximum sig-

nal that can be recorded for a given 

.00025 

H 

MAGNETIC 
FIELD 

AVERAGE STATE OF 
MAGNETIZATION 
A TO 13 • SOME 
POSITIVE VALUE 

Fig. 17-24C. Showing the gap effect of 
a reproducing head when playing back 

a low frequency. 

10 

0.1 

.01 

harmonic distortion to the minimum 
signal which can be recorded. The min-
imum signal level is determined by the 
inherent noise level for the system. Sta-
bility relative to the amplitude is deter-

.00025 

MAGNETIC 
FIELD 

/77 
e,•Pr  

AVERAGE 
STATE OF 
MAGNETIZATION 
A TOB • ZERO 

Fig. 17-24D. Gap effect when playing 
back a high frequency equal in wave-

length to the head gap. 

/OE 
/ 

/ 

6d13 PER 
OCTAVE RISE 

60 ips 

OE 
OE 

If 
IOE 

.OE .../ 

•••OE 

OEIOE 
••• 

./ 
OE' 

30ips 

15Ips 

/ 

OE/ 
OE. 

../ 
/ 

HIGH FREQUENCY 
DROP—OFF AS 

WAVE LENGTH 

APPROACHES 

GAP WIDTH 

A 

10 100 (kHz 10kHz 

FREQUENCY IN HERTZ 

Fig. 17-24E. Linear speed versus frequency. Note the 6 dB per octave rite. 
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Fig. 17-24G. Basic scheme of equalizing magnetic tape. 

mined by the surface of the recording 
media. If the surface is rough, large 
lapses or reduction of signal levels will 
result, causing dropouts. This is dis-
cussed in Question 17.159. 

Because the magnetization curve of 
magnetic oxide is not linear, some 
means of reducing the distortion during 
recording is necessary. This is accom-
plished by the application of a high-fre-
quency bias current to the recording 
head along with the audio signal, as ex-
plained in Questions 17.39, 17.40, and 
17.44. It is highly desirable that the gap 
in the reproducer head be as small as 
possible, so that it will intercept less 
than one wavelength of the recorded 
signal on the tape at the highest fre-
quency to be reproduced. Modern re-
cordem use gaps of 025 mil to 38 mil-
lionths of an inch (0.000038 inch). As 
previously mentioned, as the gap is re-
duced in height the voltage falls off 
rapidly. The voltage output may be 
equated: 

E = B.VglerwA 
where, 
E is the induced voltage, 
B. is the maximum flux density of 

the recording media, 
V is the linear velocity of the tape, 
ir is the gap height, 
). is the wavelength of the recorded 

signal. 

To achieve an overall uniform fre-
quency response, equalization is em-
ployed in both the recording and repro-
ducing circuits. Low-frequency equali-
zation is used in the playback circuits 
and high-frequency equalization is used 
in the recording circuits (Fig. 17-24G). 

The recording equalization compensates 
for the recording-head core losses and 
self-demagnetization of the short wave-
lengths approaching the head-gap di-
mensions. 

It should be remembered that as the 
frequency is decreased, the output volt-
age from the reproducer decreases at a. 
rate of 6 dB per octave, until it ap-
proaches the inherent noise level of the 
playback amplifier. At this level, it is 
impossible to recover the signal by fur-
ther equalization. This situation may be 
termed the low-frequency limit of the 
system. Bandwidth is also important 
and is the determining factor in low-
frequency reproduction, because the 6 
dB per octave response starts with the 
highest frequency and continues to fall 
off at a constant rate, regardless of the 
tape speed, until the noise level is 
reached. Thus, the lowest frequency is 
dictated by the signal-to-noise ratio of 
the system. The effective bandwidth for 
magnetic recording is approximately 10 
octaves. 

The essential components of a mag-
netic recorder are: a transport system 
that will provide a constant linear speed 
in moving the tape over the recording 
and reproducing heads; an equalized 
amplifier system for both recording and 
reproduction that will result in a uni-
form frequency response; a high-fre-
quency bias system of low distortion; 
and an erase head that will return the 
tape to its original state of demagnet-
ization. The function of both recording 
and reproducing heads may be com-
bined into one unit. The erasure head 
may be eliminated if bulk degaussing is 
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available. (See Question 17.66.) Another 
very important effect noted in magnetic 
recording is that of the fringe effect at 
the reproduce head. This subject is dis-
cussed in Question 17.199. 

17.25 What are the advantages of-
fered by magnetic recording over photo-
graphic (optical) film recordingT—For 
original sound tracks or rerecording, 
magnetic recording offers several ad-
vantages. They are: greater signal-to-
noise ratio, wider frequency range, 
lower distortion, immediate playback, 
no processing required, the tape may be 
used many times over, and the recorded 
material may be transforred to other 
recording media without an appreciable 
transfer loss. The transfer losses per 
generation are quite small. 
As a rule, except for stereophonic 

release prints, the final magnetic sound 
track is transferred to an optical sound 
track on the same base as the picture. 
Different methods of reproducing mag-
netic and optical sound track are dis-
cussed in Section 19. The transfer of 
magnetic sound tracks for release prints 
is discussed in Question 17.202. 

17.26 What type winding is used 
with 1/4 -inch tape?—It is wound with 
the magnetic oxide side in (see Ques-
tion 18.139). For recorded tapes to be 
stored for any length of time, the start 
of the program material should be on 
the inside end (hub). 

17.27 What are the standard tape 
widths used for magnetic recording?— 
Normal %-inch tape is actually 0.246, 
plus-minus 0.002 inch. The thickness 
shall not exceed 0.0022 inch. Mylar tapes 
use a base thickness of 0.5 to 1.5 mils. 
Professional equipment may be de-
signed to use Ye-, 1/4-, 3/4 - and 1-inch 
tapes. The 1-inch tape is generally used 
with three or four heads; however, up 
to eight tracks are also used with the 
1-inch tape for special applications. 
(See Figs. 17-147D and E.) 

17.28 What is magnetic film?—A 
standard motion picture film base (tri-
acetate) is coated with a magnetic ox-
ide. The base carries standard sprocket 
hole perforations for 16-mm, 17.5-mm 
or 35-mm film. The perforations in 
magnetic film are the same as for 
positive photographic film. Perfora-
tions in magnetic film are affected by 
both temperature and humidity. How-
ever, this condition is reversible and re-
turns to normal when the film is placed 

in a temperature range of 60 to 80 de-
grees Fahrenheit, with a relative hu-
midity of 40 to 60 percent. The perfora-
tion and pitch of magnetic film must not 
be compared to that of unprocessed 
photographic motion picture film, be-
cause the magnetic film employs a posi-
tive perforation pitch. Perforation pitch 
can only be measured using a calibrated 
perforation pitch gauge, or an optical 
comparitor. Both 16-mm and 17.5-mm 
magnetic film have sprocket holes on 
one edge only. 

For the recording of motion pictures, 
it is essential that absolute synchroniza-
tion he maintained between the picture 
camera and the sound recorder. The use 
of sprocket holes in the magnetic film 
base assures synchronization at all 
times, as both the camera and sound 
recorder are driven by a synchronous 
motor system. 

17.29 Why was paper discarded in 
favor of plastic as a base for magnetic 
tapet—Originally, all tape used a paper-
base backing. Because the noise level of 
a tape is dependent on the smoothness 
of the base surface and the smoothness 
of the oxide surface, with the paper 
base being somewhat rough an uneven 
surface was reflected in the tape coat-
ing; also, the paper base was subject to 
moisture absorption and tore readily. 
Modern tapes employ a base of Mylar 
or cellulose triacetate from 0.5 to 1.5 
mils in thickness. Plastic-based tapes 
have a noise level from 20 to 30 dB 
lower than a paper-based tape. The 
roughness of a tape surface causes re-
cording noise and dropouts. The drop-
out, in decibels, may be calculated: 

d 
dB= 54 — 

X 

where, 
d is the departure of the tape from the 
head in inches, 

X is the recorded wavelength on the 
tape in inches. 

The affect of dropouts is most serious 
at the higher frequencies, particularly 
where the nodules of foreign particles 
in the tape coating approach the re-
corded wave length. Most manufactur-
ers of magnetic recording tape and film 
inject a lubricant into the magnetic ox-
ide coating as it is being milled, to re-
duce head wear, noise, and dropouts, 
the result being a much higher quality 
recording. 
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2.2 
MILS 

f. 
(a) Plastic base, smooth. (b) Paper base, rough. 

Fig. 17-29. Comparison of surface smoothness of a plastic-base tape to that of a 
paper-base tape. 

Blow-ups of paper- and plastic-base 
tapes are shown in Fig. 17-29. It will be 
noted the surface of the paper base is 
reflected in the coating surface while 
the plastic-base tape is quite smooth. 
Unevenness in the base produces modu-
lation noise. Noise may also be induced 
into the tape by the machines used for 
manufacturing the tape, particularly if 
any amount of mechanical vibration in 
the 40- to 60-Hz range is present. 
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Fig. 17-30A. 35-mm full-coat magnetic 
film. 

17.30 Describe the different types 
of magnetic film.—Several different 
types of magnetic film are available; 
however, the ones most frequently used 
are shown in Figs. 17-30A through D. 
That appearing in Fig. 17-30A is 35-mm 
full-coat, tape used for music and mul-
tiple-track recording. It may also be 
obtained with a clear edge for identify-
ing edge numbers on a picture. Fig. 
17-30B shows 35-mm stripe tape, using 
a 300-mil sound track area, placed 200 
mils from the edge and a 100-mil bal-
ance stripe at the opposite edge. The 
purpose of the balance stripe and the 
small stripe in the center is to prevent 
the film from warping. This film is used 
for editorial purposes and has a clear 
center for viewing a picture placed un-

derneath. Fig. 17-30C shows a 17.5-mm 
full-coat film; it is the same as that in 
Fig. 17-30A except for the width. The 
16-mm full coat film in Fig. 17-30D is 
available in either single or double per-
forations. Single perforation is used 
for edge recording, and double perfora-
tions for center-track recording, which 
is now considered obsolete. The sprocket 
tape of Fig. 17-30E is a standard 1/4 -inch 
tape, with a 2-mil base and 16-mm per-
forations. This tape was used before the 
advent of 1/4 -inch sync-pulse recording, 
discussed in Question 17.179. 

I I I e II SISISIlISI 18 

Fig. 17-30C. 17.5-mm full-coat mag-
netic film. 

Both the 35-mm and 16-mm film 
may be obtained with a high output 
magnetic oxide, which increases the sig-
nal-to-noise ratio, as discussed in Ques-
tion 17.164. The 35-mni magnetic film 
may also be obtained with a clear edge 
and full coating only between the inside 
edges of the sprocket holes. This is 
sometimes used to aid in editorial work. 

Fig. 17-30D. 16-mm full-coat magnetic 
film. 

If the film with edge numbers is not 
available, it may be numbered by run-
ning it through an edge-numbering ma-
chine. Edge numbers are placed at one-
foot intervals, for identification of a 
particular sound or action. When com-
pletely synchronized, the edge numbers 

Fig. 17-30B. 35-mm stripe magnetic 
film. 

Fig. 17-30E. 1/4 -inch sprocket tape mag-
netic film. 
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of the sound track and picture are 
keyed together on a cue sheet for future 
identification. Magnetic film may be 
purchased with either an "A" or "B" 
wind, as discussed in Question 18.139. 
Two grades of striped film, (1) new 

base and magnetic oxide, and (2) re-
claimed base with new coating, are 
available. It is policy of most large stu-
dios to manufacture their own striped 
film by reclaiming print stock and 
clearing off the picture and striping. If 
the base is not damaged, it is quite sat-
isfactory. 

17.31 What are the standard speeds 
for 1/4 -inch tope recorders?—The NAB 
Standard (April, 1965) specifies the pre-
ferred speed to be 7.5 ips plus-minus 0.2 
percent. Supplementary speeds are 15 
ips and 3% ips. In addition to the above 
mentioned speeds are 1% ips and 
ips, although they are not mentioned in 
the Standard. Machines using these lat-
ter speeds are generally portable and 
are classed Special Purpose Limited 
Performance Systems. Also, 30 ips is 
frequently used for special recording. 

17.32 What are the standard speeds 
for magnetic film?—Standard speeds 
are: for 16 mm, 36 fpm; 17.5 mm, 45 
fpm; 35 mm, 90 fpin. In some instances 
the 35-mm magnetic film may be run 
45 fpm. 

17.33 What is the base thickness 
for magnetic film?—The base has a 
thickness of 4.5 to 5.0 mils, with a mag-
netic-oxide coating of 0.3 to 0.4 mil in 
thickness. 

17.34 Give the minimum specifica-
tions for magnetic recorders.— 

a. Frequency response—for semipro-
fessional and professional, as given 
in Figs. 17-162A and B. For limited 
use, as in Fig. 17-162C. (Also see 
Figs. 17-172 and 17-173.) 

b. Signal-to-noise ratio—for limited 
use, given in Fig. 17-159B. 

c. Signal-to-noise ratio—professional 
equipment, as in Fig, 17-159B. It 
should be remembered that values 
given for signal-to-noise ratios are 
the minimum values. Most profes-
sional machines fall between 58 to 
65 dB, and some types 80 dB. Sig-
nal-to-noise measurements are 
generally made using a weighted 
network, as discussed in Question 
5.98. 

d. Flutter—for professional machines 
the total unweighted flutter is not 

to exceed 0.15 percent at 15 ips, 
and 0.2 percent at 7% ips. Using a 
weighted network, these values 
become 0.05 and 0.07, respectively. 
However, most professional ma-
chines do not exceed 0.10 percent. 
This type measurement includes 
the flutter contributed in both the 
record and reproduce modes. For 
limited service, an unweighted 
curve is generally used, and the 
flutter is not to exceed 0.3 percent. 

e. Distortion—to be less than 3-per-
cent THD at 400 Hz, including that 
contributed by the tape, recorded 
at a level that will be reproduced 
6 dB above the standard NAB re-
cording level. (See Questions 
17.139 and 17.140.) 

Flutter measurements may be made in 
two different ways. First, record a 3000-
Hz signal, then play the tape back and 
measure the flutter; second, use a flut-
ter tape and measure the flutter. Since 
standard flutter tapes are recorded at a 
frequency of 3000 Hz, with not more 
than 0.03 percent total rms flutter, these 
tapes should not be rewound for stor-
age. 

17.35 What are the minimum speci-
fications for magnetic film recording sys-
tems?— 

a. Signal-to-noise ratio-60 to 65 dB 
below a total harmonic distortion 
(THD) of 3 percent at 400 Hz. 

b. Frequency response — for 16-nun 
film (36 fpm), see Question 17.174. 

c. Frequency response—for 17.5-mm 
(45 fpm) and 35-mm (90 fpm), 
see Question 17.175. 

d. Harmonic distortion—although the 
specifications (a) state 3-percent 
THD, it is the policy of most mo-
tion picture sound departments to 
operate as closely to 1-percent 
THD as possible, and less in some 
instances. 

e. Flutter-0.05 to 0.15 percent total. 
f. Running time—absolute synchro-

nism. 
17.36 What is perpendicular mag-

netization of the recording medium?—A 
method of magnetizing the recording 
medium perpendicular to its direction 
of travel as shown in Fig. 17-36. The 
recording medium is magnetized by 
varying the intensity of the applied 
magnetic field. The maximum frequency 
that may be recorded is limited by the 
thickness of the pole pieces. 
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Fig. 17-36. Perpendicular magnetization. 

17.37 What is longitudinal magnet-
ization of the recording medium?—The 
longitudinal method of recording (Fig. 
17-37A) on magnetic tape is the one 
most commonly employed in commer-
cial recording of tape and magnetic 
filin, except that the actual design of the 
head is a ring as shown in Fig. 17-37B. 
The maximum frequency that can be 
recorded is limited by the size of the, 
head gap, and the linear speed of the 
tape. 

Nub Fig. 17-37A. Longitudinal method of 
magnetization. 

..." 

17.38 What is transverse magnet-
ization of the recording medium?—Mag-
netization of the recording medium per-
pendicular to its direction of motion and 
parallel to the greatest cross-sectional 
dimensions in tape from edge to edge. 
(See Fig. 17-38.) 

17.39 Describe the X-field (cross-
field) method of recording.—The X-field 
or cross-field method of recording on 

TAPE 

Fig. 17-38. Transverse magnetization. 

magnetic tape is a development of 
Marvin Camras of the Illinois Institute 
of Technology Research (formerly the 
Armour Research Foundation of Illinois 
Institute of Technology). The purpose 
of the cross-field head design is to 
improve the recording resolution by 
sharpening the critical zone, especially 

INPUT 

Fig. 17-39A. X-field head with bock 
pole-piece. (Courtesy, Illinois Institute of 

Technology Research Institute ) 
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RECORDING AMPLIFIER 
AND BIAS OSCILLATOR 
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Bfflairdffl -gmr,_ 

MAGNETIC FIELD 
CAUSED BY AUDIO 
SIGNAL IN RECORDING 
HEAD. 

Fig. 17-37B. A ring-type magnetic recording head, showing how the head induces 
magnetic pulses in a magnetic tape or film. 
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at the bottom of the surface of the tape 
layer adjacent to the head gap. By add-
ing a vertical field to the semicircular 
field of the conventional recording head, 
the resultant is more intense at one 
edge of the gap, with a sharper gradient 
at the other gap. 

Fig. 17-39A shows the design of a 
X-field head. The core, with its two 
coils, resembles a conventional head 
with a very small gap over which the 
tape rides. A second core with a single 
coil and a back pole piece overhanging 
the gap, separated by enough distance 
to allow the tape to be conveniently 
threaded over the head, has been added. 
The three coils are energized with high-
frequency bias current and audio signal, 
therefore, the field intensity varies with 

SPACER 

4 MIL GAPS 

BRIDGE CORE 

ERASE CORE 

ERASE WINDING 

MOUNTING 
BLOCK 

SPACER 

CENTER 
SEPERATOR 

5-40 SET 
SCREWS 

ERASE CORE CORE SPACER 

time, preserving the space-field pattern. 
Special heads using this principle have 
been developed with a 1.25-micron gap, 
for use with relatively deep magnetic 
layers, where high field densities are 
required. 
A cross-sectional view of an X-field 

head, designed for quarter-track stereo-
phonic use is shown in Fig. 17-139B. A 
two-gap erase section precedes the X-
field gap and the recording playback 
gap. The X-field gap is energized by the 
erase winding, so that only two coils are 
required per charuiel. Elimination of the 
separate erase head compensates for the 
additional X-field structure, making the 
overall design cost comparable to heads 
of conventional design. This design is 
particularly adaptable to linear tape 

.05MIL GAP 

HEAD CORE 

HEAD 
CORE 

SHIELD HOUSING 

SIGNAL 
WINDING 

MOUNTING 
BLOCK 

Fig. 17-39B. X-field head designed for stereophonic recording and reproduction. 
(Courtesy, Illinois Institute of Technology Research Institute ) 
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Fig. 17-39C. Constant-current response of X-field head at 17/sips. Recording current 
0.7 mA, played back through an amplifier having flat-frequency characteristics 

(no equalization). 

speeds of VA ips and lower. A plot of 
the head characteristics using a linear 
speed of 1% ips unequalized, with a 
constant recording current of 0.7 milli-
ampere is given in Fig. 17-39C. 
A somewhat different type X-field 

recording head is used in the Roberts 
Model 770A recorder-reproducer de-
scribed in Question 17.222. Here the X-
field system employs three heads, 
namely the erase, record-reproduce, 
and a separate head for the recording 
bias current. This latter head provides 
only the recording bias (Fig. 17-39D) 
and swings out of the way during play-
back (Fig. 17-39E). In operation, the 
bias head is never in actual contact with 
the tape but is spaced 0.110 inch from 
the tape surface; thus, the recording 
bias is supplied only with the audio 
signal in the recording head. 

The bias-current head gap has a 
length of 250 mils and a height of 120 
miLs. The record-reproduce head is a 
two-head in-line cluster, constructed of 
NC-88 steel and employing a gap height 

ERASE CURRENT RECORDING CURRENT 

ERASE \\ RECORD/PLAY 
HEAD HEAD 

BIAS 
HEAD 

BIAS CURRENT 

Fig. 17-39D. During recording, the bias 
head is brought near the tape but does 

not make actual contact. 

of 38 millionths of an inch (0.000038), 
with a length of 0.43 inch. This ex-
tremely minute gap height is necessary 
to record and reproduce the very short 
wavelength of 13,000 Hz at linear tape 
speeds of 1% ips. 

In the conventional recording system, 
the passage of the tape over the record-
ing and reproduce head wears down the 
pole pieces, changing the gap dimen-
sions which, in turn, affect the bias 
current and thus the recording of high 
frequencies. Since the Roberts X-field 
method of recording bias is applied 
from a separate head not in actual con-
tact with the tape surface, the effect of 
head wear on the recording bias cur-
rent is eliminated. 

17.40 Describe the focus-gap method 
of recording.—The focus-gap head is a 
development of D. P. Gregg and Keith 
O. Johnson, of Fairchild Recording 
Equipment Corp., designed to increase 
the dynamic range of magnetic record-
ing. The design is based on the anhy-
steretic process, in that the bias mag-

ERASE 
HEAD 

PLAYBACK SIGNAL VOLTAGE 

RECORD/PLAY 
HEAD 

BIAS 
HEAD 

Fig. 17-39E. During playback, the bias 
head is cut off and swings away from 

the tape. 
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Fig. 17-40A. Focused-gap magnetic re-
cording head. 

netic field is made to decay at much 
faster rate than the audio-frequency 
magnetic field. It is claimed for this 
head that the low-frequency output 
and high-frequency saturation levels 
are increased by 6 dB. The signal-to-
noise ratio for conventional recording is 
limited by the bias-induced noise and 
the amplifier system. In this new tech-
nique, the bias and even-ordered har-
monic components from the bias oscilla-
tor are prevented from recording on the 
tape surface. The bias-oscillator fre-
quency is increased to around 4-mega-
hertz, and even higher. This prevents 
recording of the bias frequency because 
the magnetic-oxide particles are ap-
proximately the same physical length as 
the bias wavelength on the recording 
media. In addition, the even-ordered 
harmonics of the bias frequency are 
suppressed by . a bias oscillator buffer 
amplifier. 

The construction of a focused-gap 
recording head is shown in Fig. 17-40A; 
construction of a conventional head is 
shown in Fig. 17-40B. Enlarged views of 
a conventional and focused-gap heads 
are given in Figs. 17-40C and D. 
A focus-gap head has a reduced re-

luctance path around the core to reduce 
losses at the bias frequency. A conduc-
tive material, which behaves as a 
shorted turn in a transformer winding, 
is placed in the head gap. With the bias 
frequency operating in the megahertz 
range, this gap generates strong second-
ary currents. The resulting magnetic 
field opposes the core flux, since the 
shortest path of least opposition occurs 
outside the conductive path. The bias 
flux lines around the gap region are 

Fig. 17-40C. Close-up of focused-gap 
head. 

distorted and resemble a beam profile 
which is similar to that generated by 
the conventional head gap. As the tape 
travels over the gap, the bias field de-
cays at a faster rate than the audio 
signal. 

17.41 Describe the basic principles 
of a transport system for a 1/4 -inch tape 
recorder and a magnetic film recorder.— 
Referring to Fig. 17-41A, a transport 
system for a Vs-inch magnetic tape re-
corder, the tape A leaves the supply reel 
and passes over a tension arm B and 
flutter filter C, which has a fly-wheel 
mounted at the rear. Leaving the flutter 
filter the tape passes over the erase, re-
cord, and reproduce heads D, E, and F. 
The heads generally are mounted on a 
mechanical arrangement that can be 
moved downward when the tape is in 
motion to apply pressure between the 
heads and the tape to assure proper 
head contact. At G is a steel capstan 
mounted on the motor shaft. Above the 
capstan is a neoprene puck H termed a 
pinch-wheel, that applies pressure to 
the tape which contacts the capstan and 
pulls the tape through the transport 
system, over take-up tension arm I, and 
up to the take-up reel. 

Semiprofessional machines usually 
use a single motor which pulls the tape, 
and by a group of friction idler wheels, 
operates both the supply and take-up 
reels. In machines designed for profes-
sional work, three motors are generally 
used — two permanent split-capacitor 
torque motors for the supply and take-
up reels, and a multispeed hysteresis-
synchronous motor for driving the tape 

Fig. 17-40B. Conventional recording 
head. 

Fig. 17-40D. Close-up of conventional 
gap head. 
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Fig. 17-41A. Simplified transport system for 1/4 -inch magnetic tope recorder. 

capstan. (See Question 3.70.) The 
torque motors apply constant tension to 
the tape as it leaves the feed-reel 
(slight backward pull), and to the take-
up reel. 

In the record or playback position, 
the torque motor, although rotating 
counterclockwise, applies a clockwise 
torque to hold back the tape and apply 
an even tension as it unwinds. The 
take-up motor is rotating counterclock-
wise with sufficient torque to supply the 
correct tension to the tape for a smooth 
wind; In the rewind position, the supply 
motor has a high torque in a clockwise 
direction, and the take-up motor has a 
low torque in a counterclockwise direc-
tion. When thrown to the fast forward 
position, the supply reel rotates coun-
terclockwise, but with low torque in the 
reverse direction, while the take-up reel 
moves counterclockwise with a high 
torque. Electromechanical brakes 
mounted on the torque motors hold and 
stop the supply and take-up reels to 
prevent the reels from spilling the tape. 
Two methods are used for operating 

the capstan motor. In the first method, 
the motor runs continuously; in the sec-
ond method, the motor rotates only 
when the start button has been de-
pressed. In either design, the pinch 

GUIDE 

1ST PINCH 

ROLLER 

GUIDE OR 
CHUTE IST CAPSTAN 

GUIDE 

wheel is moved downward, forcing con-
tact between the tape and the capstan. 
The purpose of lever I is to apply 
tension to the tape as it winds. Other 
devices, such as automatic stop if the 
tape breaks, and record interlocking 
and editing controls are but a few of the 
added features which will vary with 
different manufacture. 
A second type capstan drive system 

termed a dual-capstan or differential 
capstan drive, is illustrated in Fig. 
17-1411. Certain designs of this system 
rely on the reeling functions to establish 
the tape tension over the head areas, 
similar to a close-loop system to be de-
scribed later. However, most transport 
systems of dual-capstan design turn 
each capstan at a slightly different 
speed and establish the tape tension 
with differential action. This system has 
the advantages of less external tension 
required at the head area, and better 
isolation from the feed and take-up reel 
is afforded. This system is also referred 
to as a dual-capstan closed-loop system. 

Another type transport system elimi-
nates the pinch-roller completely by 
employing a capstan with a high surface 
friction and a large tape-wrap angle. 
When used with a dual-capstan drive 
(differential), better isolation from reel-

2ND PINCH 

ROLLER 

GUIDE OR 
2ND CAPSTAN CHUTE 

TAPE 

GUIDE 

Fig. 17-41B. A 1/4 -inch tape transport system using two pinch rollers. 
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Fig. 17-41C. Davis tight-loop transport system used with magnetic film recorders 
and reproducers. 

ing perturbations is obtained. Variations 
of this system appear in models of dif-
ferent manufacture. Removing the 
pinch wheel (pinch roller) removes one 
more source of irregularity in tape 
speed, and tape guiding is eliminated. 
Pinch rollers with surface deformities, 
slick and sticky surface spots, or noisy 
bearings all contribute to tape irregu-
larity (flutter). 

The transport system shown in Fig. 
17-14C is a tight-loop system, devel-
oped by Charles C. Davis of the Westrex 
Corp., and is used in both magnetic and 
photographic (optical) recorders. Start-
ing at the film feed-reel A, the film 
passes over idler B, to a second idler C, 
which lines up the film with the driven 
sprocket D. Leaving this sprocket, the 
film passes over idler E, which is a part 
of the tight-loop filter system. The film 
then passes over roller P, which may be 
replaced with an erase head, if desired. 
Leaving the roller, the film passes 
around the lower surface of impedance 
drum G, which has a heavy fly-wheel 
on the opposite end of its shaft. Mag-
netic recording head F is mounted in 
such a manner that it overhangs the im-
pedance drum and makes contact with 
the magnetic oxide on the magnetic 
film. Leaving the drum the film then 
passes over a monitor head M, and then 
to idler H, which is also a part of the 
tight-loop system. From this idler, the 
film contacts driven sprocket I, then to 

idlers J and K, and to take-up reel L. 
A Mumetal shield 0 prevents stray 
magnetic fields from being picked up by 
the recording head. Monitor head M is 
also protected in a similar manner by 
shield N. 

Idlers E and H are mounted on a 
cantilever at the rear, connected with a 
system of springs and an air dash-pot. 
As the machine is brought up to speed, 
idlers E and H oscillate in a vertical 
plane until the system settles down to 
a steady linear speed. The inner end of 
impedance drum G carries a heavy fly 
wheel to iron out irregularities in the 
speed of the film, thus reducing the 
flutter to a minimum. It is not too un-
common to have a total flutter (rins) of 
0.05 or less with this type of transport 
system. 

In some types of photographic re-
corders a free-loop system is used, 
which is not spring loaded. This system 
is discussed in Section 18. 

17.42 Show the mechanical design 
of a 1/4 -inch tape recorder.—The front 
panel view of a Model 1024 Magnecord 
stereophonic quarter-track tape re-
corder, manufactured by Midwestern 
Instrument Inc., is shown in Fig. 
17-42A, with the principal components 
indicated. The tape leaving the supply 
reel A, passes over tape-break compli-
ance arm B and stabilizer roller C to the 
head assembly D, where it encounters 
erase, record, and reproduce heads. At 
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Fig. 17-42A. Front panel view of Magnecord Model 1024 quarter-track stereophonic 
%-inch magnetic tape recorder. 

E is a pinch wheel; and at F a capstan. 
The tape is pinched between these lat-
ter two items and pulled over the head 
assembly. Take-up compliance arm G 
also provides a guide for the tape on its 
travel up to the take-up reel H. Items I 
are push-buttons for selecting the vari-

ous modes of operation. Panel J carries 
the VU meters and various controls. 
An interior view with the front panel 

removed is given in Fig. 17-24B, show-
ing the mechanism associated with the 
front panel controls and the transport 
system. Starting at A is the supply-reel 

• 

Fig. 17-42B. Front interior view of Magnecord Model 1024 recorder. 
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Fig. 17-42C. Rear interior view of Magnecord Model 1042 tope recorder. 

spindle and turntable with its braking 
mechanism B, which also is linked with 
the braking mechanism D of take-up 
spindle E. A pulley F mounted on a 
two-speed capstan motor belt drives the 
capstan flywheel G. The pinch-wheel 
mechanism H is solenoid-controlled in 
both the record and playback modes. 
The take-up compliance arm is shown 
at L Solenoid J raises and lowers the 
head assembly on the tape. When the 
transport system is at rest, the heads are 
pulled up and away from the tape. The 
fourth head K provides a means of 
playing back halt-track prerecorded 
stereophonic tapes and is activated by 
changing the position of level L. Item 
M is the stabilizer roller, N is the tape-
break compliance arm, 0, P, Q, and R 
are the heads, and S is the control push-
button assembly. 

The rear of this same section is pic-
tured in Fig. 17-42C. At A and B are 
two split-capacitor torque motors for 
the supply and take-up reels, and at C 
is the capstan drive motor consisting 
of a two-speed hysteresis-synchronous 
motor with a large fly-wheel D. Item E 
is a solenoid for operating the pinch-
wheel, and at F is a group of resistors 
for adjusting torque motors A and B. 
The motor-starting capacitor is shown 
at G. 

17.43 What effects do the capstan 
and pinch wheel have on the reproduc-
tion of a tape recorded—Both the cap-
stan and pinch wheel have a pro-
nounced effect on the reproduction, be-

- OE 

1 

cause the linear speed of the tape is 
dependent on both these items. The cap-
stan and pinch wheel should be cleaned 
frequently, as both pickup dirt and 
small pieces of magnetic coating which 
can cause slight irregularities in the 
linear speed. Several cleaners are avail-
able for this purpose. Any slippage be-
tween these two components can cause 
the machines to run slow and, in some 
instances, induce a pronounced flutter. 

17.44 Describe the use of bias cur-
rent and its purpose.—The normal char-
acteristic of magnetic tape or film used 
for recording sound is quite nonlinear. 
It was discovered by W. I. Carlson and 
G. W. Carpenter of the General Electric 
Co., in 1927, that if a high-frequency 
current of several times that of the 
highest frequency to be recorded is ap-
plied to the tape along with the audio 

.00025 

BIAS SIGNAL 
FREQUENCY 
TOO HIGH TO 
BE RESOLVED 
BY REPRO-
DUCE HEAD 

MAGNETIC 
FIELD 

BIAS SIGNAL 

Fig. 17-44A Reproduce head gap show-
ing an audio signal and bias current 

combined on the tape. 
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Fig. 17-448. Characteristic of magnetic 
film or tape without bias current. 

signal, the result is a signal of low dis-
tortion with a considerable increase in 
the signal-to-noise ratio. Although the 
signal is referred to as bias current, it 
is not really a bias current but only a 
high-frequency current added to the 
audio signal to place the audio signal on 
the linear portion of the B-H curve. 
There is no modulation of either fre-
quency by the other. When the opti-
mum ratio of the bias current to the 
audio signal is reached, the output from 
the tape or film is maximum, distortion 
lowest, with the greatest signal-to-noise 
ratio. 
The combining of the bias and the 

audio signal is accomplished by linear 
mixing, without sum and difference fre-
quencies being generated. The applica-
tion of a bias current is not an ampli-
tude-modulation process, as the bias 
frequency does not enter into the re-
cording or playback process. Since the 
wavelengths of the bias frequency are 
small, they are not resolved by the 
playback head. An illustration of how 
the reproduce head sees the bias fre-
quency is given in Fig. 17-44A. It will 
be observed that a wavelength of the 
bias frequency is considerably shorter 
than the head gap. 
The theory of high-frequency bias 

OXIDE 
CHACTERISTIC 

CURVE 

AUDIO OUTPUT 

NONLINEAR 
BIAS OUTPUT 
(NOT AUDIBLE) 

R
E
L
A
T
I
V
E
 O
U
T
P
U
T
 L
E
V
E
L
S
 
(d

B)
 

30 

25 

20 

15 

10 

5 

O 
0 2 4 6 8 10 

BIAS-MILLIAMPERES 

HF S/N RATIO 
\ 

UNDISTORTED 
OUTPUT 

\ 
LF S/N RATIO 

FREQUENCY 
RESPONSE 

1 
SENSITIVITY 
1 LF, 

NORMAL SENSITIVITY 
BIAS HF 
I 

I I 

65 

z 

50 

Fig. 17-44D. Characteristics dependent 
on the bias adjustment. 

recording is quite complex; however, a 
rather simple explanation can be illus-
trated by the curves in Fig. 17-44B. 
Curve (1) represents the magnetic-
oxide response. Curve (2) is a pure sine 
wave applied to the input. The output 
curve (3) as will be noted, is distorted 
at the zero crossover point, because of 
the characteristic of the magnetic oxide. 
Although curve (1) is not linear, when 
taken over its entire length it does have 
portions that are linear, (a to b) and (c 
to d). If the signal can be recorded on 
the linear portion of these curves, the 
distortion is lowered. This is accom-
plished by the application of a high-
frequency bias current. 

The bias current is a minute amount 
of high-frequency alternating current, 
independent of the audio signal, and is 
applied to the recorder head. The bias 
current moves the audio signal to the 
central area of the oxide characteristic 
into the linear portion of the curve 
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Fig. 17-44C. Bias current applied with 
audio signal. 
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Fig. 17-44E. Low-frequency sensitivity 
versus bias current. 
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(Fig. 17-44C). The amount of the bias 
current is quite critical and will vary 
with different type recording heads and 
tape manufacture. Bias current affects 
the sensitivity of the tape at both the 
low and high frequencies, as well as the 
frequency response, distortion, output, 
and signal-to-noise ratios. This rela-
tionship is shown in the curves of Fig. 
17-44D. The proper values of bias cur-
rent may be determined by the method 
described in Question 17.52. 

Curve (1) of Fig. 17-44E is a plot of 
low-frequency sensitivity, centered 
around a bias current of 4 milliamperes 
for a given brand of tape, while curve 
(2) is for a second brand of tape. It will 
be noted that curve (1) is much broader, 
therefore, the bias setting is less critical. 
Curve (2) has a sharper peak and is 
more critical to the bias setting, and will 
require a stable bias supply to prevent 
slipping off the peak current. With the 
correct bias setting, the output wave-
form is almost linear, therefore the dis-
tortion will be quite low. Equalization is 
required in both the recording and re-
producing amplifiers, to obtain a uni-
form record-reproduce characteristic. 
The above method of recording on mag-
netic tape or film is termed the direct 
method of recording. 

17.45 What are the frequencies em-
ployed for high-frequency bias current?— 
The frequency of the bias oscillator 
should be at least five times that of the 

50 

40 

5e 30 
z 

2  20 

10 

highest frequency to be recorded to 
prevent beats between the bias fre-
quency and the highest audio fre-
quency. Professional recording equip-
ment employs frequencies between 50 
and 250 kHz. This frequency must be of 
low harmonic distortion. 

17.46 What are the characteristics 
of unequalized magnetic tape and film? 
—The coating used on magnetic tape 
and film is the same. However, because 
of the method used to record—and the 
linear speed—to obtain a uniform fre-
quency response during playback pre-
equalization is required during record-
ing and postequalization when repro-
ducing. Typical tape characteristics are 
shown in Fig. 17-46 for unequalized 
playback using a constant-current re-
cording characteristic, for linear veloci-
ties of 5.1 to 24 ips. 

17.47 How is the high-frequency 
bias oscillator coupled to the recording 
head?—As shown in Fig. 17-84. The os-
cillator may be push-pull or single-
ended with a coupling transformer in its 
plate circuit for coupling to the record-
ing head circuit. A series capacitor is 
connected in the output to resonate the 
head circuit for maximum bias current. 
The recording head is connected to a 
potentiometer to control the amount of 
bias current fed to the head. A parallel-
resonant circuit is connected across the 
recording amplifier to prevent the bias 
current from entering the output circuit 

III 
FREQUENCY RESPONSE OF "SCOTCH" SOUND 
RECORDING TAPE AT VARIOUS SPEEDS. 
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Fig. 17-46. The frequency characteristic of an unequalized magnetic tope, using a 
constant-current input to the head. (Courtesy, Mi  Mining and Manufacturing 

Company) 
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of the recording amplifier. The circuit 
shown may be used for either 1/4-inch 
tape or magnetic film recorders. 

17.48 What effect does the bias 
current have on the output fevel?—The 
relationship between the bias current 
and the relative output level for a typi-
cal magnetic film recorder is shown in 
Fig. 17-48. The curves shown were 
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Fig. 17-48. Bias current versus relative 
output for a frequency of 1000 Hz. 

plotted by recording 1000 Hz at a given 
recording level for various values of re-
cording current over a range of 20 mA. 
The tape was then played back and the 
variation in the output level measured. 

17.49 What effect does bias current 
have on the frequency response?—The 
bias current has considerable influence 

FREQUENCY (Hz) 

E 

Fig. 17-49A. Bias current versus high-
frequency loss for a 16-mm magnetic 

film recorder. 

on the frequency response and distor-
tion, and must be taken into considera-
tion when selecting the bias-current 
value for a given distortion and signal-
to-noise ratio. High values of bias cur-
rent will partially erase the high fre-
quencies as they are recorded; thus, the 
recorder will show a loss of high fre-
quencies when played back. It is always 
a compromise between the best fre-
quency response and bias current for 

the lowest distortion and a maximum 
signal-to-noise ratio. 

Typical bias current values versus 
frequency response for a given set of 
conditions are shown in Fig. 17-49A. 
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At a speed of 36-feet per minute or less, 
bias erasure will be more noticeable 
because of the lower linear speed and 
the shorter wave lengths. A definite 
change in the overall frequency char-
acteristics will be noted when the bias 
current is increased above a given 
amount. After a given value of bias 
current has been selected, a frequency 
measurement should be made. 

LeBel, Radocy, and Kramer con-
ducted a series of tests to determine the 
effect on the frequency response, of 
changing the bias current for a one-half 
dB change in output signal level, above 
and below that obtained at the optimum 
bias current setting. These tests were 
made using a one-quarter inch tape re-
corder running at a speed of 7.5 inches 
per second using an input signal of 1000 
Hz. The results of these tests are shown 
in Fig. 17-49B. It will be noted at part 
(a) in Fig. 17-49B, changing the bias 
current to a value which will reduce the 
output signal one-half dB below that at 
the optimum bias value, and one-half 
dB above the optimum bias value, re-
duces the high-frequency response at 
12,000 Hz 7 dB, and at 15,000 Hz 11 dB, 
when compared to the optimum bias 
value. At 15 inches per second these 
effects virtually disappear. This clearly 
in&cates the importance of adjusting 
and maintaining the bias current at its 
correct value. 

The effect of the change in bias cur-
rent, on the harmonic distortion is shown 
at parts (b) and (c) in Fig. 17-49B, 
using three-percent harmonic distortion 
at 1000 Hz as a reference. 
The optimum bias current may be 

determined by one of two methods. By 
applying a signal of 1000 Hz to the input 
of the recorder and adjusting the bias 
current for a maximum signal output 
level disregarding the harmonic distor-

Fig. 17-52A. 

tion, or by adjusting the bias current for 
a given value of harmonic distortion at 
400 Hz. (See Question 17.52.) 
When adjusting a recorder for opti-

mum bias current, the input signal to 
the recorder is set to a fixed level suf-
ficiently low, that recorder amplifier is 
not overloaded, as this would introduce 
nonlinear distortion. Oscillator should 
be one of low harmonic distortion. 

17.50 What effect does harmonic 
distortion in a bias oscillator have on the 
recorded signal?--High values of inter-
modulation are produced by beating of 
the oscillator harmonics and the har-
monics of the program material. Also, a 
nonsymmetrical waveform in the bias-
oscillator current will cause magnetiza-
tion of the recording head. 

17.51 What percentage of harmonic 
distortion can be tolerated in a bias-cur-
rent oscillator?—The harmonic distor-
tion should not be over 0.5 percent. To 
achieve this low distortion, the oscillator 
circuit should be of push-pull design. 
Such oscillators may be designed to 
have as low as 0.10 percent harmonic 
distortion. Excessive harmonic distor-
tion in a bias oscillator, if used for eras-
ing, will decrease the signal-to-noise 
ratio of the tape. 

17.52 What is the relationship be-
tween the bias current and harmonic dis-
tortion?---The harmonic distortion will 
be at a minimum for a given bias value. 
The proper bias current is found by 
making a family of bias curves as shown 
in Fig. 17-52A. This is done by record-
ing a 400-Hz signal for various values 
of bias current at several different re-
cording levels. The recorded 400 Hz is 
played back and the harmonic distortion 
measured for each value of bias current. 

Fig. 17-52B shows how the bias value 
may affect the waveform of the 400-Hz 
signal if incorrect. It will be noted that 
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for no bias and half bias the distortion 
is quite high. When the correct bias 
current is applied, the distortion is at a 
minimum. The final value of bias cur-
rent should be that which results in the 
lowest distortion, greatest signal-to-
noise ratio, and the best frequency 
response. 

(a) No bias current. 

(b) One-half bias current. 

(c) Correct bias current. 

Fig. 17-52B. Waveforms for incorrect 
and correct bias current. 

17.53 At what level are frequency. 
response measurements made on a mag-
netic recorder? —Frequency response 
measurements are always made 10 to 20 
dB below 100-percent modulation of the 
recorder. This applies to both magnetic 
tape and film. One hundred-percent 
modulation is defined as the operating 
level for a given recorder and value of 
distortion. As an example: the 100-per-
cent level is established for a given 
THD, or in instances where the VU 
meter is set to a fixed level (as so many 
Vs-inch machines are), the level of the 
input signal is adjusted to 100-percent 
at a reference frequency of 400 Hz. The 
level is then lowered 10 to 20 dB, and 
the frequency run made. If this precau-
tion is not observed, serious overloading 
of the reproducing amplifier may occur 
because of the low-frequency post-
equalization used in the playback cir-
cuits, and the high-frequency equaliza-
tion used in the recording circuits. This 
is particularly true in the case of a re-
corder running at 3% and 1% ips, as the 
high frequency pre-equalization may be 
15 to 25 dB above the reference level of 
400 Hz, as shown in Fig. 17-172A. It is 
assumed that before the measurement is 
made, the azimuth has been adjusted, 
the bias set to the proper value, and the 
heads cleaned and degaussed. If diffi-
culty is encountered with the bias volt-
age appearing in the output of the play-

back circuit, it may be eliminated by 
the use of a low-pass filter, described in 
Question 7.107, or by connecting a 0.50-
to 1.0-4' capacitor across the playback 
output circuit. When making distortion 
or signal-to-noise ratio measurements, 
the filter may be left in the circuit, but 
in the case of the capacitor, it may be 
necessary to remove it. The use of the 
capacitor or filter is limited to playback 
output circuits of 600 ohms or less. (See 
Question 23.73.) 
When making playback measure-

ments using a standard test tape, a ref-
erence signal is generally given which 
precludes the overloading of the play-
back amplifier. However, it is well to 
remember the playback equalization in-
creases the frequency response at 50 Hz, 
15 to 20 dB. Therefore, if a reference 
level is used that is not below the maxi-
mum equalization of the playback cir-
cuits, the playback amplifier may be 
overloaded. 

Certain manufacturers of V4-inch 
alignment tape record the tapes in such 
a manner that they may be played back 
at the 100-percent or normal-operating 
level of the recorder without overload-
ing the system. Before using an align-
ment tape, the manufacturer's data 
sheet should be consulted. (See Ques-
tion 17.105.) 

17.54 What is the average current 
used for erasure?—The bias current 
used for erasure will depend on the 
head, and varies with different design. 
However, the erasure current is always 
quite high. As an example, the bias cur-
rent in the Ampex Model AG-300 de-
scribed in Question 17.219 requires ap-
proximately 60 mA, at a frequency of 
100,000 Hz. 

17.55 How is the bias current sup-
plied to a three- or four-channel stereo-
phonic magnetic recorder? —By means 
of circuits similar to those shown in 
Figs. 17-55A and B. The bias current to 
each head is supplied from a separate 
winding on the bias-oscillator output 
coupling transformer. A bias-current 
trap or low-pass filter is connected be-
tween the output of each recording am-
plifier and the point where the bias 
oscillator connects to recording head. 

17.56 Is it possible for the erase 
current to induce noise in the tape when 
erasing?—Yes. If the eraše or bias oscil-
lator has noise or high-harmonic distor-
tion components, noise will be induced 
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Fig. 17-55A. A bias oscillator circuit for a three-channel stereophonic magnetic 
film recorder. 

in the tape as it is being erased. Noise 
will also be induced if a strong magnetic 
field is permitted to encompass the 
erasure head. This is also true for the 
playback and recording heads. 

17.57 How is the high-frequency 
bias current prevented from entering the 
recording circuits?—In magnetic fihn re-
cording by the use of a low-pass or 
band-suppression filter as shown in Fig. 
17-57. The filter is connected between 
the output of the recording amplifier 
and the recording head. The frequency 
characteristics of the filter are such that 
it has no effect on the operational char-
acteristics of the recording head or am-
plifier. The band-suppression filter may 
consist of two tuned circuits, one reso-
nated to the fundamental frequency of 
the bias current (Fi) and the other to 
the second harmonic (F1) of the bias-

BIAS CURRENT 
OSCILLATOR 

3 

current frequency. The design of such 
filters is discussed in Section 7. For Y'-
inch tape recorders, a trap circuit simi-
lar to that of Fig. 17-55A may be used. 

17.58 How is the voltage of a bias-
current oscillator measured?—With a 
high-frequency vacuum-tube voltmeter. 

17.59 How is the bias current mea-
sured in a recording head?—By connect-
ing a 10-ohm noninductive resistor in 
series with the recording head and 
reading the voltage drop across the re-
sistor with a vacuum-tube voltmeter. 
The current is then calculated by Ohm's 
law: 

E 
I= Tt . 

17.60 How is the audio-frequency 
current in a recording head measured?— 
By cutting off the bias-current oscilla-

AMP 

AMP 

AMP 

LAW 
PASS 
FILTER 

RC 

o 

h  AMP 

RC 

LOW 
PAss g 
FILTER   

RC 

Fig. 17-55B. A basic oscillator circuit for a four-track stereophonic magnetic film 
recorder. 
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Fig. 17-57. Recording circuit with bias filter to prevent the bias current from affect-
ing the VU meter and other sections of the recording circuits. 

tor and then measuring current at 1000 
Hz as described in Question 17.59. 

17.61 How is the erasure current 
measured?—By connecting a 10-ohm re-
sistor in series with the head and mea-
suring the voltage drop across the re-
sistor with a vacuum-tube voltmeter. 
(See Question 17.59.) 

17.62 How much signal current is 
required in the average recording head? 
—For a recording head of 10-ohms im-
pedance, about 2.5 mA. Again, the cur-
rent will vary with the design of the 
head. 

17.63 What is a B-H curve?—A 
characteristic of a magnetic material. 
The subject of B-H curves for magnetic 
tape and film is discussed in Question 
17.142. 

17.64 How are previously recorded 
signals erased from a magnetic tape?— 
By the use of a high-frequency current 
passing through an erase head over 
which the tape passes before arriving at 

the recording head. As a rule, the same 
high-frequency bias current used for 
recording is also used for erasing. The 
tape in passing over the erase head is 
demagnetized or neutralized before be-
ing recorded on again. 

17.65 Is it necessary to degausse 
magnetic tape or film with high-fre-
quency current?—No, it may be erased 
by means of a bulk eraser or degausser 
using the regular house current. A typi-
cal bulk eraser is pictured in Figs. 
17-65A and B. 

Erasures made using a bulk eraser 
generally result in a 4 to 6 dB greater 
signal-to-noise ratio than those erased 
on a recorder using the high-frequency 
bias oscillator alone. Magnetic-record-
ing equipment manufactured for motion 
picture use, as a rule, does not include 
an erasure head because of the danger 
of accidental erasure. Also, it permits 
the high-frequency oscillator to be of 
smaller design. The interior view of the 

Fig. 17-65A. A magnetic tape or film bulk eraser manufactured by the Hollen Corp. 
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_ 
Fig. 17-658. Interior view of bulk eraser showing erasing coils laminations. 

eraser shown in Fig. 17-65A is given in 
Fig. 17-65B. The schematic diagram of 
a single-coil bulk eraser appears in 
Fig. 17-65C. 

17.66 Describe the techniques used 
with bulk erasing.—The purpose of a 

bulk eraser or degausser is to remove 
all traces of previously recorded signals 
from the magnetic emulsion and leave it 
in a completely demagnetized state. This 
is quite important from the standpoint 
of minimizing both noise and distortion. 

FIBER BOARD 
TOP 

AC 
ELECTRO-
MAGNET 

Fig. 17-65C. Circuit diagram of a single-coil magnetic film or tape bulk eraser 
(degauss«). 
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Experience indicates that the direction 
of the erasing field with respect to the 
tape is of considerable importance in 
securing an effective erasure. 
To obtain a satisfactory erasure, the 

tape must be rotated in the field of the 
degausser and not slid into the field, as 
only certain segments would thus be 
exposed to the field of the degausser. 

Erasure is accomplished by saturat-
ing the tape in a strong magnetic field 
which orients the previously recorded 
signals. Upon removal of the magnetic 

(A) (B) 

Fig. 17-66A. Elementary diagram of an 
automatic degausser for magnetic tape 

and film. 

Fig. 17-66B. Studio type auto-
matic magnetic tope and film de-
gausser, manufactured by Radio 

Corporation of America. 

field, the tape magnetization may 
change but will not assume any orderly 
pattern associated with previously re-
corded signals. To fulfill this latter re-
quirement, the tape must be removed 
from the saturating field while the field 
is cycling and gradually diminishing in 
intensity. If the reduction in amplitude 
does not exceed approximately 10 per-
cent during one cycle, the tape will be 
completely demagnetized. 
As a rule, a spindle is provided on 

the top of the eraser for rotating the 
tape reel over the top of the erasing 
field. The roll of tape should not be 
rotated at a speed of over two inches 
per second. Higher speeds will result in 
recording the ac field of the degausser 
in the tape and defeat the purpose. Also, 
a jerky motion when rotating the tape 
will result in noise bursts which will be 
reproduced as a swishing sound behind 
the signal, thereby increasing the back-
ground noise. Such noises have a once-
around characteristic and are often mis-
taken for trouble in the recorder. 

The degaussed roll of tape should be 
slowly removed from the field of the 
degausser to a point well beyond the 
influence of the field, then slowly re-
turned for a rotation in the opposite 
direction in the field of the degausser. 
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Fig. 17-66C. Hand bulk eraser manu-
factured by the Amplifier • Corporation 

of America. 

The tape must be rotated in both direc-
tions of the degausser field. The de-
gausser should never be energized or 
shut off with the tape anywhere in the 
degausser field, as the heavy surge of 
current through the degausser coils will 
induce a pattern in the tape which will 
be very difficult to remove. The best 
method is to employ a variable auto 
transformer, as described in Question 
8.8, in the power line to the degausser 
and slowly bring the line voltage from 
zero to maximum and down again to 
zero while the roll of magnetic tape is 
being rotated in the field of the de-
gausser. 
A sketch for an automatic degausser 

is given in Fig. 17-66A. It consists of a 
bulk eraser A mounted on a stand with 
a nonmagnetic turntable B mounted 
above the degausser coils and driven 
by a motor C through a gear reduction 
unit D. A second motor (not shown) 
drives a Variac E which slowly in-
creases the line voltage supplied to the 
bulk eraser from zero to maximum. 
When the maximum voltage is reached, 
the motor reverses and reduces the 
voltage to zero again. At this point in 
the cycle the two motors are automati-
cally shut off. The turntable rotating 

Fig. 17-66D. Pencil eraser manufac-
tured by Cinema Engineering Co. 
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the magnetic tape makes several com-
plete revolutions at the rate of approxi-
mately two revolutions per minute 
while the Variac is being cycled. The 
above degausser unit is typical of those 
used in the motion picture industry for 
degaussing magnetic film and tape. 
Such a device assures an even erasure 
with a maximum signal-to-noise ratio 
and requires no attention. 
An automatic degausser, manufac-

tured by Radio Corporation of America 
and designed for degaussing magnetic 
tape, film and video tape is pictured in 
Fig. 17-66B. Normally the turntable of 
this device is to the right front. The 
tape or film to be degaussed is placed on 
the table and moved into the coil, which 
automatically starts the erasure cycle. 
Both audio and video signals may be 
erased down to the noise level of the 
medium in about 18 seconds. The coil 
opening is of sufficient size to take 6 
rolls of I/4-inch tape, 3 rolls of l,4-inch 
tape, 2 rolls of 16-mm magnetic film, 1 
roll of 35-mm film, or 1 roll of 2-inch 
video tape. The degaussing coil requires 
220 Vac at 12 amperes. Power-factor 
correction capacitors are included in the 
cabinet. 
A small hand degausser, manufac-

tured by the Amplifier Corp. of Amer-
ica, is shown in Fig: 17-66C. This unit is 
placed over the roll of tape to be de-
gaussed and rotated not more than 2 
ips; the tape is then turned over and 
degaussed a second time. A pencil de-

LINES OF FORCE BULK DEGAUSSER 
BETWEEN POLES 

MOVE IN THIS 
DIRECTION 

RECORDING MEDIUM 

Fig. 17-66E. The roll of tape or film is 
slid into the field of the degausser as 
shown. If the lines of force in the de-
gausser are not known, remove the 
cover and determine their direction. The 
tape must be rotated at a steady rate of 
not more than 1 to 2 inches per second. 
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VTVAI 

gausser, manufactured by Cinema Engi-
neering Co., for degaussing small 
portions of sound track and splices is 
shown in Fig. 17-66D. 

In using the bulk eraser of Fig. 
17-65A, if the device does not have a 
spindle for rotating the tape the cover 
should be removed and the direction of 
lines-of-force marked on the top of the 
degausser to permit the media to be ro-
tated at right angles to the magnetic 
field (Fig. 17-66E). Experience indicates 
that regardless of the type of degausser 
used, the magnetic media must be de-
gaussed first in one direction, turned 
over, and degaussed again in the other 
direction. 

17.67 What is a constant-current 
recording characteristic?— A method 
used for measuring the recording char-
acteristics of magnetic recording tape. 
The recording current is held constant 
for each frequency of interest by read-
ing the voltage drop across a 10-ohm 
noninductive resistor connected in se-
ries with the recording head. The cur-
rent is then calculated by Ohm's law: 

E 
I = — 

R • 

The recorded frequencies are played 
back through a flat-amplifier system 
and the amplitude of each frequency 
measured and plotted as shown in Fig. 
17-46. 
A typical measuring circuit is shown 

in Fig. 17-67. 
17.68 How is a magnetic recording 

head constructed?—The outline for a 
typical magnetic recording head is 
shown in Fig. 17-68A. The core A con-
sists of a laminated iron ring wound 
with several hundred turns of very 
small wire B. The ends of the core are 
separated by nonmagnetic shims Ci and 
C2 forming minute gaps D. 

The magnetic tape or film E is pulled 
over the upper poles of the core at the 

RECORDING 
HEAD 

Fig. 17-67. Circuit for measuring the 
recording characteristic of magnetic 

tape. 

Fig. 17-68A. Construction of a mag-
netic recording head. 

gap. Audio-frequency current flowing 
through the coils causes a varying flux 
to be generated in the gap between the 
pole pieces of the core which is similar 
in characteristic to the applied audio-
frequency currents. 

This changing flux causes a field to 
be introduced into the tape, aligning the 
molecules of the magnetic emulsion into 
patterns similar to the impressed audio-
frequency currents. 
The head must be thoroughly 

shielded from the effects of stray mag-
netic fields. An interior view of the con-
struction of a typical magnetic head is 
pictured in Fig. 17-68B. In some in-
stances, the record and reproduce heads 
are identical and may be interchanged. 
(See Question 17.147.) 

Fig. 17-68B. Interior view of a typical 
magnetic recording head. 

11.69 How is a magnetic reproduc-
ing head constructed?—A magnetic re-
producing head is constructed in a 
manner similar to a recording head. In 
fact, many semiprofessional recorders 
use one head for both recording and 
reproduction. When recording, a mag-
netic flux, varying in intensity, is gen-
erated in the recording-head gap and 
induced into the magnetic tape. When 
reproducing, the tape passes over the 
gap in the head and the magnetic flux 
in the tape, and in passing causes a 
voltage to be generated in the head 
windings. These minute voltages are 



782 THE AUDIO CYCLOPEDIA 

then amplified and reproduced in the 
usual manner. 
The output voltage of a reproducer 

head may be approximated by the 
equation: 

E = 10' fwn 
where, 
E is in microvolts, 
f is the frequency in Hz, 
w is the width of the sound track in 

mils, 
n is the number of turns on the head 

coil. 

The foregoing equation may only be 
used for frequencies recorded on the 
linear portion of the recording char-
acteristic. 

17.70 What is a record-reproduce 
head?—A magnetic head designed for 
both recording and reproduction. 

17.71 Why do some magnetic re-
corders employ three magnetic heads?— 
To perform three separate functions: 
erasure, recording, and playback. The 
playback head is used to monitor the 
signal as it is recorded or for normal 
playback. 

17.72 When two magnetic heads are 
used, what are they?—They may be an 
erase and a recording head, or they may 
be recording and playback. Magnetic 
recorders used for motion picture re-
cording generally employ only the re-
cording and playback heads. Erasure is 
performed on a bulk eraser. (See Ques-
tion 17.66.) 

17.73 What is a ferrite core?--A 
ceramiclike substance molded under 
high pressure and composed of iron, 
nickel, zinc, manganese, and copper. 
The compound is molded into the de-
sired shape and fired similar to any 
other ceramic. 

Ferrite cores have extremely low 
eddy-current losses. Also, they are quite 
hard compared to the conventional 
metal core used for magnetic heads, 
which accounts for the reason they have 
not been generally accepted. Because of 
the hardness, it is difficult to secure 
sharply defined edges in the gap when 
the height is of small proportions. Fer-
rite cores are capable of recording ex-
tremely high frequencies, but they are 
not as efficient at the lower frequencies 
when compared to conventional metals. 
Where wear is a factor, ferrite may be 
used to good advantage. 

17.74 What type metals are used in 
magnetic head construction?—Mumetal, 

GAP WIDTH OR LENGTH- GAP HEIGHT 

FRONT GAP 

WINDING 

POLE PIECE BACK GAP 

Fig. 17-76. Magnetic recording and re-
producing head nomenclature. 

Hy-mu 80, NC-88, and Permalloy. To 
achieve full benefit from these metals, 
the head laminations are generally less 
than 0.004 inch in thickness and an-
nealed after working. The laminations 
are cemented together, using a very thin 
binder. 

17.75 What is the gap height in a 
recording head?—Generally, on the or-
der of 0.00025 inch or less. The maxi-
mum height for wide-range recording 
cannot exceed 0.0005 inch. 

17.76 What is the nomenclature for 
magnetic recording and reproducing 
heads?—The nomenclature is that as 
given in Fig. 17-76. In some instances 
the gap length is referred to as the 
width. 

17.77 What is the relationship of 
gap height to frequency res ponse?— 
When the height of the gap in a repro-
ducer head equals the recorded wave-
length, no output signal will be gen-
erated because the edges of the gap are 
on points of equal magnetic potential. 
The same holds true for integral multi-
ples of the wavelength. The relationship 
of frequency to gap height may be ex-
pressed: 

F 
= 2G 

where, 
G is the gap height in inches, 
V is the linear velocity of the tape in 

inches per second. 

In practice, the maximum frequency 
that may be reproduced for a given gap 
height is somewhat less than that ob-
tained mathematically, because the gap 
does not have sharp edges. 
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Fig. 17-77. Gap height versus the voltage response for a playback head of negligible 
losses. Tape recorded constant-flux density at 7.5 inches per second. 

Fig. 17-77 illustrates how the fre-
quency response at a given speed is 
affected by the gap height. 

17.78 What is the advantage of a 
second gap in a magnetic head?—It 
divides the head into two separate 
halves making it insensitive to 
rounding magnetic fields. This 
structure becomes hum-bucking. 

17.79 What determines the resolv-
ing power of a magnetic recording and 
reproducing systeml— The shortest 
wavelength or highest frequency that 
may be recorded or reproduced. 

TAPE 

sur-
type 

BIAS 
OSC. 

Fig. 17-80A. A two-gap window, or 
closed-core erasure head. 

17.80 How is an erasure head con-
structed?—Very similarly to a recording 
head, except that one or more gaps may 
be used. The gap length is generally 
longer than the width of the recorded 
sound track to assure a complete era-
sure. Also, the gap height is several 
times the height of the recording gap. 

NONMAGNETIC 
SHIMS 

SHIM 

Fig. 17-80B. A three-gap ring-type 
erasure head. 

When two gaps are used (Fig. 
17-80A), a closed-core-type construc-
tion is used. For a three-gap head (Fig. 
17-80B) the ring-type construction is 
used with one gap at the lower portion 
of the magnetic structure. 

17.81 What is wrap around?—The 
amount of curvature the magnetic tape 
or film makes in its passage over the 
pole pieces of the magnetic heads. This 
term is also applied to sprockets and 
idler rollers. 

17.82 What is the value of erasure 
current used in the average recorder?— 
For an erasure head with an impedance 
of 500 ohms, from 150 to 300 milliam-
peres. 

17.83 What is a de erasure head?— 
An erase head to which direct current 
is applied rather than alternating cur-
rent. This method of erasure is not gen-
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17-83. The effect of dc current versus noise for a dc erasure system. 

erally used as it introduces a high noise 
level in the tape with considerable har-
monic distortion. Fig. 17-83 shows how 
the noise increases with an increase of 
direct current. 
De erasure is often used in inexpen-

sive tape recorders, particularly those 
using transistors. In this instance, cur-
rent from the batteries is applied to the 
erasure head. This eliminates the neces-
sity for a heavy bias oscillator. Erasure 
of this nature increases the distortion 
and is similar to the permanent-mag-
net-type erasure described in Question 
17.85. 

17.84 How is an erasure coil con-
nected to the bias-current oscillator?— 
As shown in Fig. 17-84. The output of 
the oscillator feeds the erasure head in 
series with a variable capacitor and a 
10-ohm resistor. After the oscillator has 
been st to its correct frequency, the 
head circuit is resonated for a maxi-
mum current through the head by ad-
justing the variable capacitor C. The 

70k Hz 
OSCILLATOR 

.002 51( 

BAS CURRENT 
METER 
1.300mA 

bias current is read by the meter across 
the 10-ohm resistor R. In commercial 
recorders, the current is sometimes read 
by the VU meter. 

17.85 Can permanent magnets be 
used for erasure?--Yes, but like the de 
method described in Question 17.83, it 
induces a considerable amount of noise 
and distortion into the tape. Permanent 
magnets are sometimes used with very 
small inexpensive portable magnetic re-
corders to eliminate the current drain 
of a heavy high-frequency oscillator. 
The method of placing the permanent 

magnets along the tape travel for era-
sure purposes is shown in Fig. 17-85. By 
the use of permanent magnets, erasure 
is easily obtained but permanent mag-
nets leave the tape magnetized in one 
direction. A single-pole magnet will 
leave the tape fully magnetized to satu-
ration, resulting in a very high noise 
level with a high degree of even-order 
harmonic distortion. To minimize this 
effect, more than one magnet is used 

RECORDING 
HEAD 

Fig. 17-84. Erasure and recording heads connected to the output of a high-frequency 
bias current oscillator. 
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e C 

Fig. 17-85. An erasure system using permanent magnets. (Courtesy, Minnesota 
Mining and Manufacturing Co.) 

and so placed that the tape is left in 
a nearly demagnetized condition. 

To secure a completely satisfactory 
erasure, a large number of magnets of 
opposite polarity, gradually decreasing 
in strength, would be equivalent to an 
ac erasure, but impractical. A simple 
permanent-magnet erasure system is 
shown in Fig. 17-85. Successively oppo-
site field maxima are experienced by 
the tape at points A, B, and C. At A the 
tape contacts the magnet and is satu-
rated, which obliterates any previous 
recordings on the tape. The function of 
the fields B and C is to leave the tape 
in such a condition that it is essentially 
demagnetized. To accomplish this in a 
satisfactory manner, the fields must be 
of the correct strength and properly 
spaced for the linear speed of the tape. 
Practical spacings for 7.5 inches per 
second are: Point A bears on the tape; 
at B the spacing is approximately 0.003 
inch; and at C approximately 0.028 inch. 

17.86 Show the schematic diagram 
for a high-frequency push-pull bias cur-
rent oscillator.—A typical push-pull 
high-frequency bias current oscillator 
is shown in Fig. 17-86. The coil in the 
grid circuit is tuned to the resonant 
frequency by the capacitor C. The coil 
is of high Q design. 

510K .0°1 
—ANN.-111  

25mH 

loo 

c-n 250PF 

.001 

1-71Ah   

12AU7 

150K 

Ę' OUTPUT 

150K 

12AU7 
.001 

The circuit shown is designed for an 
output current of 35 mA and is used 
for supplying the recording bias only. If 
the oscillator is to be used for both re-
cording and erasure service, a tube with 
a greater output should be used. 

17.87 What is the height of the gap 
-• in the average erase headP—The aver-

age height is from 2 to 7 mils, with a 
length slightly greater than the width 
of the tape. As a rule, magnetic film 
recorders do not employ erase heads; 
however, when they do, the erase-head 
gap is made slightly longer than the 
width of the sound track, which is 
200 mils. 

17.88 Why are magnetic film re-
corders for motion picture recording de-
signed without erase heads?—For two 
reasons, (1) to prevent accidental era-
sure of sound tracks, and (2) to elimi-
nate the need for a heavy current oscil-
lator. Erasure is accomplished by the 
use of a bulk eraser, discussed in Ques-
tion 17.65. Erasure heads are sometimes 
included in magnetic film recorders 
when they are used for looping (see 
Question 17.223) and are automatically 
energized and turned off. Erasure heads 
are also employed with special magnetic 
pickup recorders as discussed in Ques-
tion 17238. 

60Hz 

 o 

120kHz 

 o 

 2. 280. 

Fig. 17-86. A low distortion 60-kHz recording-bias oscillator circuit. 
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17.89 What causes a recording 
head to become magnetized?—Working 
around the head with magnetized tools; 
removing tubes when the machine is 
in the record position; disconnecting 
the head in the record position; testing 
the head with a volt-ohmmeter; surges 
created by the motor system, if oper-
ated too quickly after throwing to the 
record position from playback; and an 
unsymmetrical waveform in the bias 
oscillator. A magnetized recording head 
will decrease the signal-to-noise ratio 
6 to 10 dB. Also, it will gradually erase 
the high frequencies during playback. 

17.90 How are magnetic heads de-
gaussed?—By the use of a hand-type 
degausser as shown in Fig. 17-90A. The 
most convenient type degausser is that 
made from a 250-watt soldering gun. 
The normal soldering tip is removed 
and in its place is connected a coil of 
heavy wire wound large enough to slip 
over the head or other parts to be de-
gaussed. 

Three coils are generally required. 
One consists of 12 turns of number 6 
enameled wire about 3% inches in di-
ameter wound in a single layer with 
the turns closely taped together. Two 
other coils of number 8 and 14 wire each 
containing 12 to 15 turns, respectively, 
are constructed in a similar manner. 
The large coil is used for demagnetizing 
the impedance drum of a recorder or 
projector and the smaller coils are used 
to degauss sprockets and recording and 
reproducing heads. Erase heads do not 
need degaussing as they are continu-
ously being demagnetized. 
A degaussing tool is shown in Fig. 

17-90B. The poles are coated on the 

THE AUDIO CYCLOPEDIA 

ends to prevent marring the poles of the 
recording head. 

17.91 How is a degaussing tool 
used?—By passing the coil of the de-
gaussing tool slowly over the device to 
be demagnetized and then slowly re-
moving it. The degaussing tool or coil 
must be energized before slipping it 
over the part to be demagnetized and 
must not be shut off until removed a 
distance of several inches away from 
the demagnetized part. 

Fig. 17-90B. A degaussing tool for 14-
inch tape recorders. 

If the above precautions are not ob-
served and the degaussing coil is ener-
gized or de-energized near the part, it 
may magnetize the part rather than 
demagnetize it. The amp/ifier system 
should be OFF to prevent a heavy sig-
nal from being applied to the amplifier 
input and possibly damaging the inter-
nal components. 

17.92 How many times can mag-
netic tape and film be degaussed and re-
used?—The number of times a tape or 
magnetic film can be used depends en-
tirely on how the tape has been handled 
or cared for. If the base has not been 
stretched or warped or the magnetic 
oxide abrased, it can be reused many 

71r.: 

Fig. 17-90A. A degaussing tool made from a 250-watt soldering gun. 
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NEW HEAD 

NEW HEAD WORN HEAD 

Fig. 17-93A. Top view of a new and a 
worn head with a flat. (Courtesy, Audio 

Devices, Inc.) 

times. To enable the tape or film to be 
used over and over requires that the 
recording machines be in perfect con-
dition relative to their transport systems 
and head alignment. If the magnetic 
oxide is damaged in any manner, drop-
outs and changes in level may be en-
countered. Tape or film having high-
level recording should be erased as soon 
as possible; if not, it may be rather diffi-
cult to erase them down to their origi-
nal noise level. (See Question 17.66.) 

WORN HEAD 

Fig. 17-938. End view of a new and a 
worn head with a slot. (Courtesy, Audio 

Devices, Inc.) 

17.93 Show the effects of wear on a 
1/4 -ineh tape head.—The abrasiveness 
of the tape emulsion wears a flat in the 
pole pieces as shown in Fig. 17-93A, or 
a groove as shown in Fig. 17-93B. If the 
tape is slightly oversize, it will climb 
the sides of the groove, reducing the 
contact and affecting the frequency re-
sponse with possible dropouts, as 

TAPE BEING DAMAGED 
AT CORNER OF GROOVE 

TAPE 
NARROWER 

THAN 
GROOVE 

TAPE WIDER 
THAN 
GROOVE 

 golf-ORIGINAL GROOVE 

11 SECONDARY GROOVE 

Fig. 17-93D. A worn head with two 
slots. (Courtesy, Audio Devices, Inc.) 

shown in Fig. 17-93C. On the other 
hand, if the tape is undersize, it will 
slide against the side of the groove wall 
and kink, inducing flutter and variations 
in both recording and playback, with 
possible dropouts. 

In some instances, two grooves are 
worn in a head as shown in Fig. 17-93D. 
Some manufacturers of 'OE/4-inch tape 

recorders use heads with a slight rise in 
the center, to prevent slotting the head 
(Fig. 17-93E). It is assumed the head 
will be replaced when it has worn even 
with the sides of the pole pieces. The 
use of an extended pole piece requires 
that the tape guide system must be in 
continuous good alignment. One effect 
of head wear is that the inductance of 
the head falls off with the wear of the 
pole pieces. 

17.94 What may be done to salvage 
a worn recording or playback head?—It 
may be honed down by using an Ar-
kansas stone, slightly oiled. However, if 
the honing is done with too great a 
pressure, the head may be completely 
ruined. Polishing tapes may also be used 
to hone the head if the tape is of the 
same base thickness as the tape or film 
that is normally used for recording. If 
stoning is not practical and polishing 
tapes are not available, a loop of the 
same tape that is normally used for re-
cording may be used, with polishing 
compound applied to the surface of the 
tape. This loop is then run until the de-
sired amount of honing is accomplished. 
The tape or film that is used to make 
the loop must be free from warping or 

BASE 

OXIDE 

EXTENDED POLE PIECE 

HEAD TO BE REPLACED 
WHEN WORN TO THIS LEVEL 

Fig. 17-93C. The effect of tape width 
on worn heads. (Courtesy, Audio Devices, 

Inc.) 

Fig. 17-93E. Extended pole-piece head. 
Head is replaced when worn down to 

the level of the main pole piece. 



788 THE AUDIO CYCLOPEDIA 

twists. A satisfactory polishing com-
pound is Carborundum Polishing Com-
pound AA 600-V5-OS, an Aluminum 
Oxide with a grit of 600. (See Question 
17.125.) 

17.95 How important is tape con-
tact with the head?—If a ring-type head 
is used, it is essential that the tape be 
in intimate and unvarying contact with 
the surfaces of the head pole pieces. 
The principal loss because of poor con-
tact takes place at the high frequencies, 
because the field of the pole pieces falls 
off more rapidly as the tape is separated 
from the pole-piece surface. It has been 
demonstrated that when the tape is 
separated from the pole pieces as little 
as 0.00075 inch, the response at 5000 Hz 
will drop 30 dB compared to the level 
at 1000 Hz. For a separation of 0.0015 
inch the loss at 2000 Hz is 28 dB. Thus, 
it may be seen that the contact the tape 
makes with the head is all-important. 
The foregoing data is for playback 
heads, but there is good reason to be-
lieve the same effects hold good for re-
cording heads. 

One of the reasons for poor head 
contact is stepping of the head. A 
stepped head is one in which one edge 
or pole piece has raised above the other 
pole piece due to mechanical slippage. 
The result is a step. Heads that have 
become stepped will show a very poor 
high-frequency response. Stepping of 
heads will generally occur only once. 
The step may be removed by honing. 

17.96 How is the head-wear pattern 
of a magnetic head checked?—By coat-
ing the surfaces of the head pole pieces 
with layout blue (Prussian blue). The 
tape is then run over the head at its 
normal speed long enough for it to wipe 
off the blue. The area of contact may be 
clearly seen after removing the tape. 
The head angle is adjusted for a smooth 
even contact by securing an even wipe-
off of the layout blue. If good contact 

LAMINATIONS 

GAP 

DEPTH OF GAP 

Fig. 17-69A. Magnetic head using 
tapered pole pieces, before wear. 

LAMINATIONS 

DEPTH OF GAP GAP 

Fig. 17-968. Magnetic head using 
tapered pole pieces, after considerable 

wear. 

cannot be achieved by normal adjust-
ment, honing of the head may be done 
as described in Question 17.94. 

If the head construction is of the 
tapered pole-piece type (Fig. 17-96A), 
as the wear progresses the pole pieces 
are worn down as shown in Fig. 17-96B. 
For a head in this condition there is 
only one solution—replacement. Head 
polishing may be carried out as de-
scribed in Question 17.125. However, it 
must be done carefully, as it is quite 
easy to ruin a perfectly satisfactory 
head by excessive polishing. 

17.97 What is contact noise?— 
Noise generated within the tape by 
irregular contact with the recording or 
playback head. 

17.98 How may a magnetic record-
ing head be tested for contact?—By re-
cording a 3000-Hz constant-amplitude 
signal, then playing it back while mea-
suring the output with a VU meter and 
listening to the reproduction. 

Assuming that the tape is of good 
quality and the machine has a low per-
centage of flutter, variations in output 
level may be due to the following 
causes: 

a. Tape bouncing on playback head 
as it passes over the pole pieces, 

b. Tape does not make good contact 
on recording head but does so on 
the playback head, 

c. Splices in the tape causing bounc-
ing, 

d. Scratches or abrasions in tape 
emulsion, 

e. Dirt on emulsion or on pole pieces, 
f. Head worn, 
g. Drop-outs caused by poor head 

contact. 

High-quality tape when played back on 
a good reproducer will show a variation 
in level of approximately plus or minus 
0.25 dB and 1 dB from roll to roll. 
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If the contact pressure on the play-
back head is too great, high-frequency 
losses will occur. This is also true if 
the contact pressure is not great 
enough. When the contact pressure of 
the playback head can be adjusted, it 
is advisable to adjust the pressure until 
maximum output is obtained and then 
increase the pressure until the playback 
level drops 1 dB. This is done to insure 
that the correct amount of pressure will 
be present at the surface of the tape. 

17.99 Is it possible to have large 
variations in magnetic tape due to man-
ufacturing defects?—Yes, tape of ques-
tionable manufacture will show large 
variations in output level and drop-
outs. Also, the noise and distortion can 
be high, varying from one section to 
another. High-quality tape will show 
about plus-minus 0.25 dB and 1 dB 
from roll to roll. 

17.100 How does the manufacturer 
test magnetic tape for consistency of 
output level?—By recording a reference 
signal on the tape as it passes through 
the dry-box after being coated. The sig-
nal is recorded on an automatic-level 
recorder, and if it varies more than the 
manufacturing tolerances, a warning 
signal is sounded. 

17.101 What solutions are recom-
mended for cleaning magnetic heads, 
tape, and filmt—Several commercial so-
lutions are available for cleaning mag-
netic heads, tape, film, and the metal 
parts around the transport system. 
Among them are Freon TF, which is 
nontoxic, noninflammable, and nonex-
plosive. Also available is a Xylene solu-
tion in 0.1-percent Aerosil; however, 
this solution should not be used for 
cleaning the capstan or the pinch wheel. 
Tape guides, capstan, and the pinch 
wheel should be cleaned with denatured 
alcohol. Under no circumstances should 
carbon tetrachloride be used because of 
its toxic nature. In some ateas its use is 
forbidden by law. Cleaning solutions are 
applied to the head with a cotton swab 
and wiped off with a lint-free cloth. 

17.102 What effect does magneti-
zation of the heads have on recording 
and reproduction?—The noise and dis-
tortion are increased. 

17.103 How are the heads of a mag-
netic recorder shielded from the influ-
ence of external magnetic fields?—By 
placing the heads in shields of Mumetal 
alternated with copper shields. The 

head is completely enclosed in the 
shield, except for a slot to permit the 
tape to make contact with the head 
pole pieces. The cases are nested as 
described in Question 8.51. 

17.104 What is an azimuth ad just-
.ment?—An angular adjustment in a 
horizontal plane moving in a clockwise 
direction. (See Fig. 17-104.) In a mag-
netic recorder or reproducer, it is the 
angle the gap in the head deviates from 
a right angle with respect to the direc-
tion of travel of the tape. This adjust-
ment is similar to that of adjusting the 
recording slit in an optical an recorder. 

TAPE 

:// 
ř290 

Fig. 17-104. Azimuth adjustment of 
magnetic head. For correct azimuth the 
angle of the gap to the direction of tape 

travel equals 90 degrees. 

17.105 How are test tapes re-
corded?—Test tapes are generally re-
corded to comply with the NAB Stan-
dard (April, 1965) using a 400-Hz ref-
erence level tone recorded 10 to 15 dB 
below a TH!) of 3 percent, with the tape 
running at a linear speed of 7% ips, and 
the bias adjusted to its optimum value. 
These are the levels established for the 
NAB Primary Reference Tape. 
NAB Standard test tapes are desig-

nated by the number 65, the linear 
speed, and recorded full track. There-
fore, if they are used with a reproduce 
head that is less in width than full 
track, a low-frequency rise may be ex-
pected. Instructions are given with the 
tape for this correction. The frequencies 
standardized for test tapes are given in 
Fig. 17-105A. In addition to the fre-
quencies shown, an azimuth adjustment 
frequency of 5, 10, or 15 kHz is given 
depending on the linear speed of the 
tape. The recorded reference level in 
dB below 100-percent modulation is 
given at the top of each column, for dif-
ferent linear tape speeds. Each fre-
quency has a duration of 12 seconds, the 
reference tone 20 seconds, and the azi-
muth adjustment 60 seconds. Also in-
cluded is an additional program refer-
ence tone of 1000 Hz. In recording test 
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15 ips 
0 dB 

7.5 ips 
—10 dB 

3% ips 
—15 dB 

1% ips 
—15 dB 

15 kHz 15 kHz — — 
12 IcHz 12 kHz — — 
10 kHz 10 kHz 10 kHz — 
7.5 kHz 7.5 kHz 7.5 kHz — 
5 kHz 5 IcHz 5 kHz 5 kHz 
2.5 kHz 2 kHz 2.5 kHz 2.5 kHz 
1 kHz 1 kHz 1 kHz 1 kHz 

750 Hz 750 Hz 750 Hz 750 Hz 
500 Hz 500 Hz 500 Hz 500 Hz 
250 Hz 250 Hz 250 Hz 250 Hz 
100 Hz 100 Hz 100 Hz 100 Hz 
75 Hz 75 Hz 75 Hz 75 Hz 
50 Hz 50 Hz 50 Hz 50 Hz 
30 Hz 30 Hz 30 Hz 30 Hz 

Azimuth 15 kHz 15 kHz 10 kHz 5 kHz 

Fig. 17-105A. Standard NAB test frequencies used for recording test tapes. The zero 
level frequency on tapes for linear speeds less than 15 ips is lower by 10 to 15 dB to 

prevent overloading the playback system, because of equalization. 

tapes for speeds other than 7% ips, they 
are recorded to supply the same ideal 
head-flux at the same wavelength as the 
Primary Reference Tape, when mea-
sured on an ideal reproducing system. 

Because of the multiplicity of equip-
ment in the field, test tapes cannot be 
completely changed to conform to the 
NAB Standard of April, 1965. Therefore, 
most tape manufacturers can supply 
tapes having characteristics used before 
the adoption of the present standards. 
To obtain the accuracy required in the 
manufacture of test tapes, each tape is 
an original. It will be observed in Fig. 
17-105B that the frequencies for mag-
netic cartridge test tapes are slightly 
different than those for the conventional 
recorder-reproducer. 

Manufacturers of standard test tapes 
hold the recorded frequency level to 
plus or minus 0.25 dB or less. A voice 
announcement precedes each frequency 
for identification. 

17.106 What are the effects of im-
proper azimuth adjustment?—The tables 

in Figs. 17-106A, B, and C show the ef-
fects of improper azimuth alignment for 
one-quarter, one-half, and full-track V4-
inch tape recorders. Azimuth can also 
be affected by deformation of the tape 
which is caused by skewing as it travels 
over the heads and tape-guiding mech-
anism. Skewing is caused by tape 
wound too tightly or unevenly on the 
reel, cramped against the flange of the 
reel, and moisture absorbed by the base 
material causing ripples along the edge 
of the tape. The amount of this bending 
loss at %-mil wavelength varies some-
what with the tape, but it is generally 
on the order of 0.5 dB. It will be ob-
served that the adjustment of the azi-
muth is quite critical for a full-track 
head, more so than for one of less than 
full-track. On a full-track machine, re-
producing 15,000 Hz with only two min-
utes of azimuth error, the loss will 
range from 0.5 dB at 15 ips, to over 5 dB 
at 3% ips. By study of the tables, losses 
may be extracted for different wave-
lengths and sound-track configurations. 

400-Hz Calib. Level. 10 dB below Standard Ref. 
400-Hz Standard Ref. Level. plus-minus 0.25 dB 

15 kHz 2.5 kHz 
12 kHz 1.0 kHz 
10 kHz 600 kHz 
8 kHz 300 kHz 
5 kHz 

150 kHz 
75 kHz 
50 kHz 
30 kHz 

Fig. 17-105B. Standard NAB test frequencies used for recording magnetic tape 
cartridge test tapes. 
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1-Mil Wavelength 1/2 -Mil Wavelength Y4-Mil Wavelength 

Loss Azimuth Error Loss Azimuth Error Loss Azimuth Error 

in dB in Minutes in dB in Minutes in dB in Minutes 

0.5 dB 14.86 0.5 dB 7.43 0.5 dB 3.71 

1.0 dB 20.90 1.0 dB 10.45 1.0 dB 5.22 

2.0 dB 29.21 2.0 dB 14.60 2.0 dB 7.30 

3.0 dB 3.0 dB 17.67 30. dB 8.83 
4.0 dB 4.0 dB 20.16 4.0 dB 10.08 
5.0 dB 5.0 dB 22.16 5.0 dB 11.13 

6.0 dB 6.0 dB 24.08 6.0 dB 12.04 
7.0 dB 7.0 dB 25.68 7.0 dB 12.84 
8.0 dB 8.0 dB 27.09 8.0 dB 13.54 

9.0 dB 9.0 dB 28.36 9.0 dB 14.18 
10.0 dB 10.0 dB 29.50 10.0 dB 14.75 

Fig. 17-106A. Loss due to azimuth misalignment for 43-mil quarter-track. (Courtesy, 
Ampex Corp. Test Tape Laboratory ) 

1-Mil Wavelength 1/2 -Mil Wavelength 1/4-ma Wavelength 
Loss Azimuth Error Loss Azimuth Error Loss Azimuth Error 
in dB in Minutes in dB in Minutes in dB in Minutes 

0.5 dB 8.52 0.5 dB 4.26 0.5 dB 2.13 
1.0 dB 11.98 1.0 dB 5.99 1.0 dB 2.99 
2.0 dB 16.75 2.0 dB 8.37 2.0 dB 4.18 

3.0 dB 20.27 3.0 dB 10.13 3.0 dB 5.06 
4.0 dB 23.12 4.0 dB 11.56 4.0 dB 5.78 
5.0 dB 25.53 5.0 dB 12.76 5.0 dB 6.38 
6.0 dB 27.61 6.0 dB 13.80 6.0 dB 6.90 
7.0 dB 29.44 7.0 dB 14.72 7.0 dB 7.36 
8.0 dB 8.0 dB 15.53 8.0 dB 7.76 
9.0 dB 9.0 dB 16.26 9.0 dB 8.13 

10.0 dB 10.0 dB 16.91 10.0 dB 8.45 

Fig. 17-106B. Loss due to azimuth misalignment for 75-mil two-track. (Courtesy, 

Ampex Corp. Test Tape Laboratory.) 

1-Mil Wavelength 1/2-Mil Wavelength 1/4-Mil Wavelength 

Loss Azimuth Error Loss Azimuth Error Loss Azimuth Error 
in dB in Minutes in dB in Minutes in dB in Minutes 

0.5 dB 2.5 0.5 dB 1.3 0.5 dB 0.64 
1.0 dB 3.6 1.0 dB 1.8 1.0 dB 0.89 
2.0 dB 5.0 2.0 dB 2.5 2.0 dB 1.25 
3.0 dB 6.0 3.0 dB 3.0 3.0 dB 1.52 
4.0 dB 6.9 4.0 dB 3.5 4.0 dB 1.73 
5.0 dB 7.6 5.0 dB 3.8 5.0 dB 1.91 
6.0 dB 8.3 6.0 dB 4.0 6.0 dB 2.07 
7.0 dB 8.8 7.0 dB 4.4 7.0 dB 2.20 
8.0 dB 9.3 8.0 dB 4.7 8.0 dB 2.33 
9.0 dB 9.7 9.0 dB 4.9 9.0 dB 2.43 

10.0 dB 10.0 10.0 dB 5.0 10.0 dB 2.53 

Fig. 17-106C. Loss due to azimuth misalignment for 250-mil full-track. (Courtesy, 
Ampex Corp. Test Tape Laboratory ) 
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The NAB Standard specifies that the 
azimuth of an NAB-65 test tape must 
be within plus-minus 1 minute of arc, 
with respect to the edge of the tape. 
This means the slitting of the tape, dur-
ing manufacture, and the tension and 
winding of the tape on the reel must be 
carefully controlled to prevent stretch-
ing and warping of the edge. These pre-
cautions must also be observed by the 
user. 

17.107 What frequencies ore used 
for magnetic film azimuth alignment?— 
The Society of Motion Picture and Tele-
vision Engineers (SMPTE) and the 
USASI (ASA) Standards specify 7000 
Hz for 16-mm magnetic film running at 
a linear speed of 36 fpm; 8000 Hz for 
17.5-mm running at 45 fpm, or 35-mm 
at 90 fpm. However, most studios em-
ploy a frequency of 9000 Hz for both 
17.5-nun and 35-mm film. 
The azimuth of the playback head 

must first be established before the re-
cording head azimuth can be set. This is 
accomplished by playing back a stan-
dard azimuth film of either 7000 or 9000 
Hz and measuring the amplitude of the 
azimuth signal at the output of the 
playback amplifier. The playback head 
is rotated for a maximum signal and 
locked into place. 
A well degaussed magnetic film is 

then threaded on the machine, and 
either a 7000- or 9000-Hz signal re-
corded while observing its amplitude at 
the playback amplifier. The recording 
head is then rotated for a maximum 
signal and locked in place. The record-
ing head will now have the same azi-
muth as the playback head. Azimuth 
may be measured by making the sound 
track visible, as discussed in Question 
17.133. 

17.108 To what accuracy are azi-
muth test tapes and film recorded?—For 
3/4-inch tape, plus-minus 1 degree of 
arc; for magnetic film tape, 3 degrees of 
arc, regardless of size. Because of the 
extreme accuracy required in such 
tapes and films, each one is an original 
recording. In the instance of magnetic 
film, azimuth test films may be obtained 
from the SMPTE in various lengths. 
However, azimuth tests are generally 
included in most multiple test films. 

17.109 What is the procedure for 
lining up the magnetic heads on a tape 
recorder?—Assume the recorder has a 
playback head which may be used for 

monitoring a signal as it is recorded. 
The lineup tape is played back and the 
azimuth of the playback head rotated 
for a maximum output signal. A de-
gaussed tape is then threaded on the 
recorder and a signal of the same fre-
quency as the lineup frequency is re-
corded, while monitoring the signal 
from the playback head. 

The recording head is rotated for a 
maximum signal at the playback out-
put. When the output is maximum, the 
azimuth of the recording and play-
back heads are the same. This adjust-
ment should be made at a level of 10 
to 20 dB below the maximum recording 
level. 

17.110 How is the azimuth of o 
combination record and playback head 
aligned?—By aligning the head in the 
playback position. As the same head and 
gap are used for both playback and 
record, the azimuth adjustment is not 
too important, unless the recorded ma-
terial is to be played back on other 
equipment. 

17.111 Is the azimuth adjustment 
of the erase head important?—No, as 
long as it is approximately at right 
angles to the direction of motion of 
the tape, it will be satisfactory as the 
gap is quite wide. 

17.1/2 What are the distortion 
characteristics of magnetic tape?—Sev-
eral distortion curves made by the 
Minnesota Mining and Mfg. Co. on their 
Type 111 magnetic tape are shown in 
Fig. 17-112. The third harmonic distor-
tion at 400 Hz is shown for several 
values of bias and recorded level. These 
four curves and distributed around the 
optimum value of bias current. 

17.113 What is the relationship of 
linear tape speed to frequency response? 
—As it was shown in Fig. 17-46, the 
high-frequency response increases with 
an increase in linear speed. Nearly all 
of the factors affecting the high-fre-
quency response of magnetic tape are 
not frequency dependent, but rather 
dependent upon the wavelength of the 
recorded signal. 

Doubling the speed of the tape dou-
bles the highest frequency that may be 
recorded. It is understood that such 
factors as the recording and reproduc-
ing head-gap heights and azimuth ad-
justment must all be taken into con-
sideration as well as the linear speed 
of the tape, for best results. 
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DISTORTION AS A FUNCTION OF OUTPUT FOR VARIOUS BIAS CURRENTS 
"SCOTCH" SOUND RECORDING TAPE #11I 
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Fig. 17-112. Third-harmonic distortion as a function of output level versus bins 
current. (Courtesy, Minnesota Mining and Manufacturing Co.) 

17.114 What is the lowest linear 
speed that may be used for magnetic 
recording?—Speeds down to a fraction 
of an inch per second are in current 
use for scientific recording. One com-
mercial recorder uses a linear speed of 
11)¡0 inch per second. The frequency 
range is from 300 to 2500 Hz with a 
dynamic range of 35 dB. 

17.115 What is the relationship be-
tween the width of a magnetic sound 
track and the output level?—The output 
level is directly proportional to the 
width of the sound track. If the original 
track is 200 mils in width and it is re-
duced to 100 mils, the output level will 
drop 50 percent or 6 dB. If the width 
is reduced to one-quarter of its original 
width, the output will drop to 25 per-
cent of original value or 12 dB. 

17.116 What effect does the parti-
cle thickness and physical alignment 
have on the characteristics of magnetic 
film or tape?—The thickness of the 
magnetic emulsion has a very definite 
effect on the frequency response of the 
recording medium. If the high-fre-
quency bias current is adjusted for the 
best frequency response using a me-
dhun which employs a thick magnetic 
coating and then one employing a thin 
magnetic coating is substituted, a re-
duction in the high-fiequency response 
will result. 

If the high-frequency bias current 
of a recorder is adjusted for the best 
frequency response using a thin mag-
netic coating and a heavy coating is 
substituted, high-frequency response 

will remain the same with some im-
provement in the low-frequency re-
sponse. 
The particles of the gamma ferric 

oxide are dispersed throughout a resin 
binder and have a very definite effect 
en the characteristics, which depend on 
the shape, size, and orientation of these 
particles. Frequency response, signal-
to-noise ratio and the general sensitiv-
ity are all interrelated not just to each 
other, but to how close to optimum the 
gamma oxide is handled in manufac-
ture. The particles may be visualized as 
a group of needles which must be ori-
ented in parallel lines, and their mag-
netic fields such as to reinforce each 
other. As these particles measure 1 mi-
cron by 0.2 micron (1 micron equals 
Mop° of a millimeter), it is rather a dif-
ficult manufacturing operation to get 
them into alignment. 

During manufacture, the particles are 
put into a ball mill, a massive stainless-
steel drum with about two million steel 
ball bearings, and are tumbled. A 
binder to act as a suspension is also put 
into the drum as the particles are tum-
bled. As the ball bearings tumble, they 
shear the honeylike suspensitm, sepa-
rating the individual particles, and coat-
ing them with the binder to prevent 
them from making contact with one 
another. 

In the early days of tape manufac-
ture, the particles were cubical in shape, 
requiring that the tape be operated at a 
linear tape speed of 30 ips for good 
quality recording. However, cube-type 
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Fig. 17-116. Comparison of frequency response for various magnetic-oxide coatings 
running at 71/2 ips. (Courtesy, Magnetic Products Div., Minnesota Mining and 

Manufacturing Co.) 
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particles cause a loss of sensitivity, 
elongating the hysteresis curve, and in-
creasing the print-through. The milling 
time (tumbling time) is critical to 
within 1 percent, with temperature and 
humidity playing their part, also. When 
the magnetic oxide is first placed on the 
base, the particles are in random fash-
ion. While the coating is still soft, the 
tape is passed through a very strong 
magnetic field that physically orients 
the particles in a lengthwise direction, 
end to end and parallel to each other, 
and they remain so throughout the life 
of the tape. Three groups of frequency 
versus coating thickness for linear 
speeds of 7.5 ips are given in Fig. 17-116. 
(See Question 17.120.) 

17.117 What causes modulation 
noise?—Modulation noise can be caused 
by irregularities in the magnetic coat-
ing. It manifests itself by a fuzziness 
in the reproduction and varies with the 
percentage of modulation, because the 
noise is modulated by the signal fre-
quencies. Modulation noise is only ap-
parent when a signal is present. (See 
Question 17.160.) 

17.118 What is the difference be-
tween black and red oxide tape?—The 
black oxide has a higher coercivity than 
the red oxide, although they both have 
approximately the same frequency re-
sponse. The black oxide was originally 
used with paper base tape, and is now 
obsolete. (See Question 17.29.) Black 
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oxide should not be confused with the 
dark green magnetic oxide which is 
used on high-output tape, described in 
Question 17.164. 

17.119 What causes dropouts in 
magnetic recording?— Dropouts are 
caused by discontinuities in the mag-
netic coating and, if great enough, cause 
noise pulses which act as a spurious 
signal. Dropouts are caused by a lack 
of magnetic coating at the point where 
a signal is recorded and lead to an ex-
planation based on the more frequent 
occurrences of small inclusions, called 
nodules, in the magnetic coating. These 
nodules can be classified as oxide 
clumps, acetate particles, embedded 
filter fibers, etc. 

Oxide clumps which protrude from 
the otherwise flat surface of the tape 
force the main body of the tape away 
from the recording and playback gaps. 
During recording, the presence of a 
nodule reduces the sharpness and in-
tensity of the recording field. On play-
back, when the rate of change of the 
recorded flux is observed, the already 
reduced steepness of the flux front is 
observed from a distance which fur-
ther reduces the rate of change of flux 
in the reproducing head. This combina-
tion results in a decrease in output 
which is called a dropout. 
Two groups of curves showing the 

effect of dropouts and the attending loss 
of level are given in Figs. 17-119A and 

• eiMILS 

2dB OVER BIAS 

IOMILS 

PEAK BIAS 

X.1 MIL 

PEAK BIAS 
>.* IMIL 2dB OVER 

PEAK BIAS 

.a 1.0 

Fig. 17-119A. Curves showing the fall-off of recorded signals versus spacing from 
recording head. (Courtesy, Minnesota Mining and Manufacturing Co.) 
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Fig. 17-1199. Curves showing fall-off of reproduced signals versus spacing from 
reproducer head. (Courtesy, Minnesota Mining and Manufacturing Co.) 

B, with the appearance of a typical 
dropout recorded by means of a graphic 
level recorder. 

It is the general practice in the tape 
manufacturing industry to record a 
wavelength of about 37.5 mils on the 
product at a constant input level. This 
signal is then played back, filtered, and 
the output signal at particular critical 
wavelengths recorded using a graphic 
reorder. The recorded response for in-
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Fig. 17-119C Graphical appearance of 
a magnetic tape with dropouts, using a 
37.5-mil wavelength. (Courtesy, Eastman 

Kodak Co.) 

stantaneous dropouts caused by foreign 
matter in the coating or on the surface 
is shown graphically in Fig. 17-119C. To 
evaluate surface smoothness and tape to 
head contact, a wavelength of 1 mil is 
used. These two tests used together aid 
in evaluating the lubrication, slitting of 
the base material, and the oxide binder 
characteristics. The smoother the re-
sulting record the more uniform the 
magnetic sensitivity. The graphic re-
cording in Fig. 17-119D shows typical 
results using the above test methods. 
The above data apply equally well to 
both magnetic film and tape. 

17.120 What is meant by orienta-
tion of the magnetic emulsion particles? 
—It is the process of orienting the in-
dividual particles of iron oxide so that 
they face in the same direction, thereby 
increasing their overall magnetic ef-
fect. Orienting of the iron-oxide parti-
cles results in lower distortion and an 

41-1  

•41 I OE 
' 

Fig. 17-119D. Upper trace; surface 
smoothness and tape-to-head contact 
test, using a 1-mil wavelength. Lower 
trace; test for foreign matter on tape 
surface, using a 37.5-mil wavelength. 
These two tests are for a high-quality 
coating. (Courtesy, Eastman Kodak Co.) 
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(a) Nonoriented. (b) Oriented. 

Fig. 17-120. The arrangement of non-
oriented oxide particles and oriented 

oxide particles. 

increase of 2 to 3 dB in the output level 
for a given set of conditions. 

During the manufacture of the mag-
netic tape, a strong magnetic field is 
applied while the tape is drying and 
hardening. The particles line up longi-
tudinally (Fig. 17-120) and have a co-
operative magnetic effect which im-
proves the recording characteristics. 

17.121 What is print-through?—The 
unwanted transfer of a signal 'from one 
layer of tape to another by magnetic 
induction. Print-through is caused by 
overmodulation or recording at exces-
sively high levels approaching satura-
tion. 
When tape or magnetic filin is wound 

from reel to reel, each layer of tape is 
in the magnetic field of its neighbor. 
Since any magnetic material subjected 
to a magnetic field tends to become 
magnetized, each layer of tape will be 
magnetized to some extent by the adja-
cent layer. The effect is nonlinear, and 
is somewhat like recording without bias 
current. The transfer level decreases 
about 2 dB for each 1-dB decrease in 
the recording level. Generally, transfer 
effect is only noticed for the most highly 
modulated sections. The transfer effect 
increases with the time of the storage, 
the conditions of storage, and with in-
creased temperature. Therefore, tape 
and magnetic film should be stored in 
a cool place, and in metal cans if possi-
ble. The tape must also be kept away 
from stray magnetic fields, both ac and 
dc, as such fields can cause a transfer 
from a few dB to 30 or 40 dB. Good rules 
to follow are do not drive the tape into 
saturation, avoid exposure to magnetic 
fields, and avoid high temperatures. 
Several manufacturers can supply tape 
with a low ratio of print-through, and 
this type should be used for critical 
recordings. Magnetic film, because of its 

RECORD DIRECTION 

(a) Direction of tape travel. 

BASE THICKNESS 

BASE a OXIDE COATING 
THICKNESS 

TAPE 
IS OXIDE IN 
("A. WINDING) 

OXIDE r  \mini 
COATING BACKING 

(b) Tape stored on take-up reel. This 
method of storage is recommended for 

master tapes. 

TAPE 
IS OXIDE IN 
("A' WINDING) 

HUB 

(c) Tape stored on stock reel. 

Fig. 17-121. Showing how print-through 
is generated. 

heavier base, does not suffer as much 
from print-through as does the 1/4 -inch 
tape; however, the same precautions 
should be observed relative to magnetic 
fields. If the head end of the tape or film 
contains music, for storage it should 
not be rewound, but left tail out. This 
will prevent echo effects of print-
through. 

Since the amount of print-through 
received by a given section depends 
upon its separation from the section 
carrying the print signal, the next outer 
layer will receive more print-through 
than the next inner layer, in a normal 
oxide-in winding. This is true because 
the printing field must reach the top 
surface of the oxide coating undergoing 
print-through. Thus, to print the next 
outer layer the print signal must pass 
through only the base material. To print 
the next inner layer, the print signal 
must pass through the base and an ad-
ditional thickness of oxide. To illustrate 
these points, the direction of recording 
(greatly enlarged) is shown in Fig. 17-
121 part (a). Fig. 17-121 part (b) shows 
a tape stored on the take-up reel, with 
section C undergoing maximum print-
through. As playback section C goes 
past the playback head, the printing 
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signal is heard as a postprint, or as is 
commonly called, an echo. 

In Fig. 17-121 part (c), the tape is 
shown rewound and stored on stock 
reels, with section A receiving the max-
imum print. Under these conditions, 
when played back, section A precedes 
the printing signal past the reproduce 
head and appears as preprint. The 
method of storage illustrated in Fig. 
17-121 part (b) is recommended for 
storing master tapes because it results 
upon playback, of the two print-
throughs appearing stronger as post-
print and weaker as preprint. Postprint 
is less troublesome than preprint be-
cause it is likely to be masked by the 
original signal. Preprint may be quite 
noticeable if it is strong and if preceded 
by a quiet section of tape. 

Print-through is transient. Its level 
drops quite rapidly upon removal from 
the printing field and will show a drop 
of 6 dB or more after removal. By stor-
ing tailout and rewinding just before 
playback, the printed signal intensity is 
reduced, and generally there is not suf-
ficient time for a new signal to be 
printed. 

17.122 How should magnetic tape 
be stored?—ln a temperature of 60°F to 
70°F with a relative humidity of 40 to 
60 percent, sealed in a metal container, 
and stored away from magnetic fields, 
as even a weak field will cause print-
through. Tape stored in a high tempera-
ture will experience a life reduction of 
about 90 percent. Curves showing how 
temperature affects the transfer of a 
signal from one layer to another for 
two different types of magnetic tape are 
given in Fig. 17-122. 

17.123 If a tape of different manu-
facture is substituted for that normally 
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used, what tests are required?--Al-
though professional magnetic tape and 
film are held to close tolerances, there 
is some variation between manufactur-
ers; therefore, if possible, a complete 
set of measurements of bias, frequency 
response, distortion and signal-to-noise 
ratios should be made on sample rolls. 
It is the practice of several of the major 
motion picture studios to degauss and 
measure the bias requirements for each 
roll of magnetic film just before using. 
The bias current is measured for each 
roll of film on the recorder it is to be 
used with. Experience has shown this 
has its advantages in the long run, as 
the recording levels must be the same 
from roll to roll and it is an assurance 
of the best recording conditions at all 
times. Generally, a special test circuit is 
installed as an integral part of the re-
corder so that the test may be accom-
plished quickly. Measuring in advance 
and marking the bias current on each 
roll is not always satisfactory, as the 
bias setting could be overlooked by the 
operator. 

17.124 What causes volume com-
pression in magnetic tape or film?—Ex-
cessively high recording levels which 
drive the tape into saturation. However, 
this may be easily detected because as 
the tape approaches saturation, the 
high-frequency distortion is increased, 
resembling heavy sibilance. 

17.725 What is lapping tape?— 
Lapping tape is used for applying a 
high polish to the surface of finished 
products for many devices. It may be 
obtained with grit so fine that as little 
as 3 microns (3 thousandths of a milli-
meter) can be removed. Such tape can 
be very useful in resurfacing magnetic 
recording and reproducing heads. Lap-

TAPE IN 0VEN4I1RSI5ďP -

193 TAPE 

III TAPE 
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ping tape is available in standard mag-
netic film and tape widths and is ob-
tainable from most manufacturers of 
magnetic tape. Before purchasing or 
using such tapes, the tape manufacturer 
should be consulted for recommenda-
tions as to the grit size. (See Questions 
17.93 and 17.96.) 

17.126 Explain the use of lapping 
tape and what precautions must be ob-
served in its use?—If a magnetic head 
has been reset because of an uneven 
wear pattern, provided precaution is 
observed, lapping tape may be used to 
resurface the pole pieces by splicing a 
piece of lapping tape about 10 inches in 
length into a loop of leader stock of 
about 3 feet in length. After two or 
three pases of the lapping tape over the 
head, the loop is lifted and the pole 
pieces are inspected under a magnify-
ing glass and the wear pattern is noted. 
Only a very minimum amount of lap-
ping should be used, as it can wear the 
pole pieces down quite rapidly. The 
new wear pattern can be made visible 
by the application of machinist blue to 
the pole pieces, then a clean leader is 
run over the head. The wear pattern 
will become visible by the removal of 
the machinist blue. (See Question 
17.96.) 

17.127 What is the relationship be-
tween output voltage and frequency from 
a magnetic reproducer head?—The volt-
age generated in the playback head coil 
is proportional to the rate of change of 
the magnetic flux in the tape linking 
the coil. 

17.128 How are coils in a magnetic 
head connected?—They are connected 
series aiding or as one continuous coil, 
or hum-bucking as described in Ques-
tion 8.98. 

Fig. 17-129. Magnetic field distribution 
around the pole pieces of a magnetic 

recording head. 

17.129 How do the lines of force 
appear between the poles of a recording 
head?—As shown in the exaggerated 
cross-sectional view in Fig. 17-129. The 
strength of the field falls off quite rap-

idly even a small distance from the pole 
pieces. 

17.130 What is fm tape noise?— 
Frequency modulation of the recorded 
signal as it passes over the recording 
head because of the varying frictional 
forces acting on the tape in its contact 
with the pole pieces of the head. 

The effect of fm noise is similar to 
that generated by drawing a bow across 
a violin string; however, the tape being 
highly damped does not produce a tone, 
only the noise. Frequency modulation 
of the signal may also be caused by 
minute irregularities in the oxide coat-
ing of the tape and variations in the 
speed of the transport system of the 
recorder. In the latter case, it is re-
ferred to as flutter. 

There are two ways of identifying 
frequency modulation noise from that 
of magnetic noise. Fm noise is sensitive 
to the frequency of the recorded signal 
and as a rule, low frequencies are rela-
tively free of this effect, whereas the 
higher frequencies are quite sensitive. 
The second method of test is to alter 
the tape tension, or the tape guides, and 
to note the effect on the high frequen-
cies. As a rule, increasing the tension 
increases the noise, while a decreased 
tension lessens the friction and noise is 
reduced. The application of an oscillator 
to the input of the channel, set to mid-
range high frequency, will generally be 
of assistance in identifying and locating 
the source of trouble. 

17.137 What is the effect when a 
magnetic recording head is overloaded? 
—The core saturates and produces the 
same effect as if the gap had been 
widened. Overloading also increases the 
harmonic distortion and reduces the 
signal-to-noise ratio. 

17.132 What causes beats or tweets 
in the reproduction from a magnetic re-
corder?—The beats are only heard when 
the tape is reproduced and are caused 
by the frequency of the bias-current 
oscillator beating with the applied audio 
frequencies when the tape was re-
corded. Beats may be the result of cross 
talk between the oscillator and record-
ing circuits or poor filtering in the bias-
current circuits. If the frequency of the 
bias oscillator is less than five times that 
of the highest frequency to be recorded, 
beat notes may result. 

17.133 Can magnetic sound tracks 
be made visible?—The sound track re-
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Fig. 17-133A. A magnetic sound track made visible by the use of carbonyl iron in 
heptane. (Courtesy, Minnesota Mining and Manufacturing Co.) 

corded on magnetic tape may be made 
visible by means of a method similar 
to that used in the mapping of fields 
around magnets. The iron particles 
must, of course, be much smaller than 
iron fillings. The particles which are 
used are carbonyl iron with a diameter 
of about 3 microns, or about 3 thou-
sandths of a millimeter. In addition to 
being small, the particles must be able 

k 

7 

This is the word "TAPE" as re-
corded on an Ampex machine 
(30 in./sec., full 1/4 in. width 
recording). Most of the length 
of the recording is the "A" 
sound. 

to move about so that they can settle in 
regions where the tape is strongly mag-
netized. In order to provide the desired 
mobility, the carbonyl iron may be dis-
persed in a light oil or in a volatile sub-
stance such as heptane. Even ordinary 
water may be used. The simplest 
method is merely to pass the recorded 
tape through a suspension of carbonyl 
iron in heptane. The heptane quickly 

Fig. 17-13311. A Magnetic sound track with the word "tape" made visible by the use 
of carbonyl iron in heptane. 
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evaporates leaving the carbonyl iron 
particles settled on the regions which 
are most strongly magnetized. The pho-
tographs in Figs. 17-133A and B illus-
trate typical sound-track patterns 
which have been made visible in this 
manner. The longer wavelengths re-
corded on the tape are evident to the 
naked eye. Very short wavelengths, as 
short as 0.001 inch, may also be ob-
served. However, in the case of the 
short wavelengths, more satisfactory re-
sults are obtained if the carbonyl iron 
is dispersed in a light oil instead of be-
ing suspended in heptane. 

The track made visible in the man-
ner described above has a number of 
uses. One application of the method is 
to permit an evaluation of the degree of 
alignment of the magnetic heads. This 
requires a study of very short wave-
lengths. One can determine with a mi-
croscope whether a recorded track is 
perpendicular to the direction of tape 
travel. Relative positioning of the sound 
tracks in multitrack recording may also 
be examined. Defects in the gaps of 
recording heads may be revealed and 
some idea of fringing effects may be 
obtained. Occasionally, by using a mi-
croscope to examine the visible track, 
one may find tape defects which con-
tribute to noise. The method cannot be 
used to reveal weakly recorded signals 
and for best results a fairly high signal 
level is necessary. 
Two commercial solutions are avail-

able, under the names of Visa-Mag and 
Magna-See. A mechanical device, man-
ufactured by Minnesota Mining and 
Manufacturing Co., and sold under the 
trade name of Scotch Magnetic Viewer, 
permits the direct viewing of the sound 
track. The viewer is about 2 inches in 
diameter and contains a mobile solution 
in which are dispersed finely powdered 
magnetic particles. This solution. is 
sealed between a thin nonmagnetic dia-
phragm on the bottom of a glass top. 
When placed over the sound track mod-
ulations, the particles suspended in the 
liquid arrange themselves in accord-
ance with the modulations, thus the 
track becomes visible. The pattern is 
removed by rubbing the back of the 
diaphragm with a circular motion. 

17.134 What effect does mechani-
cal vibration have on a magnetic re-
cord er?—If the vibration is great 
enough the recording head is vibrated, 

causing mechanical modulation of the 
recording head laminations. The result-
ing modulations are recorded as noise, 
and sound similar to running gears. 
Head vibration may also take on the 
sound of rubbing noise, and in most 
instances appears only during modula-
tion periods. This type of noise or dis-
tortion is quite hard to detect and has 
the effect of distorting the program ma-
terial in such a manner that it is not 
easily associated with any particular 
portion of the transport system. At 
times the noise may be heard between 
portions of dialogue; however, as a rule, 
it is only heard when modulation is 
present. 

Such noises can be detected by 
sweeping an audio oscillator slowly 
from 200 to 3000 Hz through the system, 
while simultaneously monitoring the 
signal on the playback head. The noise 
will appear behind the oscillator signal. 
The frequency of the oscillator signal 
will many tiznes supply a clue as to 
which section of the transport system 
is causing the vibration. 

If the noise is below 800 Hz it may 
be caused by gears, motor unbalance, 
belts, or a combination of all. If it is 
of a high-frequency nature, it may be 
caused by the transport system vibrat-
ing the tubes in the recording or play-
back amplifiers causing microphonics. 
(See Question 11.58.) 
Each recorder will exhibit its own 

characteristics, depending on the num-
ber of motor poles and the method of 
coupling the motor to the transport 
system. Also, the tension of the supply 
and take-up reels must be such that 
they do not induce vibration. 

Microphonic tubes will induce noise 
in the modulations during recording 
because of mechanical vibration. A 
simple test is to tap the tubes in the 
recording amplifier while recording. 
Noise due to microphonics will be re-
corded as a ringing sound. If no noise 
is heard it may be assumed that the 
tubes are not contributing to the noise. 
If rnicrophonic noises are heard when 
playing back an unrnodulated tape, the 
playback amplifier tubes are micro-
phonic. 

11.135 What is the cause of cross 
talk in a multitrack recorder-reproducer? 
—Cross talk between recording heads is 
caused by magnetic coupling and the 
transformer action between the head-
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Fig. 17-135. Cross-talk levels between heads 1 and 3 of a 3-track 35-mm magnetic 
film recorder using a track width of 200 mils. Recording level plus 10 dBrn. 

coil windings. This may be reduced by 
separation of the windings and intro-
ducing a grounded shield between the 
windings. In reproducing heads, cross 
talk is caused by leakage between the 
windings and the fringing effect at the 
lower frequencies. (See Question 
17.199.) 

It can be observed in the curve of 
Fig. 17-135, that the cross-talk ratio is 
the greatest at the midrange frequencies 
and lowest at the lower frequencies. For 
frequencies above 1000 Hz, only a slight 
reduction in the ratio is noted. 

The measurements shown were made 
by applying a constant-amplitude signal 
to head 1, and measuring the cross talk 
or leakage across head 3, and various 
combinations of the three heads. The 
results shown are typical for a three-
track 35-mm magnetic film recorder, 
using a sound track of 200 mils in width. 

17.136 Describe a magnetic time-
delay and a magnetic reverberation unit. 
—Magnetic time-delay units are used in 
auditoriums and theaters to induce a 

2kHz 4kHz 10kHz 20kHz 

time delay between the original sound 
and certain areas in the house. Time- . 
delay units are used for eliminating 
confusion or interference. Basically, the 
device is a magnetic tape recorder, 
using a continuous loop of tape, which 
is first erased then recorded on. Play-
back heads are placed along the path of 
the tape loop, and the recorded signal is 
picked up at various intervals, inducing 
a time delay between the original sound 
and the reproduced sound. As an ex-
ample: assume it is not possible to cover 
the entire floor of a theater or audito-
rium having a balcony from a single or 
group of loudspeakers concentrated at 
that single point. Loudspeakers placed 
high over the stage can be adjusted to 
cover most of the main floor and the 
balcony, with a minimum of acoustic 
feedback. However, they will not cover 
the under area of the balcony. Adding. 
speakers at the sides of the stage only 
increases the acoustic feedback. This 
difficulty can be overcome by placing 
speakers under the balcony. In this 

Fig. 17-136A. Model 301 magnetic time-delay unit manufactured by Audio Instru-
ment Co. 



MAGNETIC RECORDING 803 

1__ 25 TO180mt 
DELAY 

Fig. 17-136B. Transport system and head layout for Audio Instrument Co., magnetic 
time-delay unit Model 301. 
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instance, the coverage at the back wall 
will be satisfactory, but an area of con-
fusion and unintelligibility will exist 
when the stage speakers and those 
under the balcony have the same sound 
power level (SPL). This is true because 
the sound from the stage speakers is 
delayed and arrives a considerable time 
after the sound from under the balcony 
speakers is heard. This condition may 
be overcome by delaying the sound 
from the speakers under the balcony up 
to 50 milliseconds beyond the time it 
takes the sound arriving at the front of 
balcony from the stage speakers. 

The Haas effect states: The first 
sound to be heard takes command of 
the ear, and sound arriving up to 50 
milliseconds later seems to arrive as a 
part of and from the same directions as 
the original sound. This restores intel-
ligibility and eliminates confusion. 

To achieve the required time delay, 
a magnetic unit such as Model 301 time 
delay, manufactured by the Audio In-
strument Co. (Fig. 17-136A) may be 
employed. This device uses a 33-inch 
loop of hardened surface tape, running 
at a linear speed of 30 ips (other models 
may run 20 and 90 ips). The recording 
and reproducing heads at the left are 
movable and may be adjusted for a 
time delay of from 25 to 180 millisec-
onds, at 60 Hz. Such a tape loop will 
give about 20 hours of service at 30 ips, 
or about 8 hours at 90 ips. 

Delay devices may be obtained for 
either monophonic or stereophonic use. 
Equalizers are included for increasing 
the midrange high frequencies and re-
ducing the low-frequency response. The 
transport and head placement is shown 
in Fig. 17-136B. (See Questions 2.35 to 
2.37.) 

Fig. 17-136C. The Model 42A magnetic reverberation unit manufactured by the 
Audio Instrument Co. 
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for Audio Instrument Co. Model 42A magnetic rever-
beration unit. 

A magnetic reverberation unit, using 
a 1/4 -inch magnetic tape and 7 playback 
heads that may be used to add synthetic 
reverberation, manufactured by the 
Audio Instrument Co., is shown in Fig. 
17-136C. The signal to be reverberated 
is first recorded, then reproduced by 
one of the several heads at the desired 
delay time. A portion of the delayed 
signal is then returned to the recording 
head and passed around a recirculation 
loop again, with diminished amplitude. 
Thus, the signal is caused to drop in 
amplitude in the same manner as a 
sound wave diminishes during a multi-
ple reflection from the interior walls of 
an enclosure. The ratio of reverberated 
sound to direct sound may be widely 
altered, corresponding to a shift in the 
microphone-to-orchestra distance. In-
cluded are high- and low-frequency 
equalizer circuits for correcting and 
attaining the desired frequency re-
sponse. An elementary block diagram 
of the internal connections is given in 
Fig. 17-136D. 
A magnetic reverberation unit of dif-

ferent design is shown in Fig. 17-136E, 
manufactured by Bauer Electronics 
Corp., and it utilizes a rotating record-
ing head around a circular drum. Two 
playback heads, one variable and one 
fuced, are also a part of the tape loop 
system. Reverberation effects are ac-
complished by sampling the incoming 
program material, processing and re-
cording this sample on a closed-loop 
magnetic tape with a variable time-

Fig. 17-136E. Bauer Electronic Corp. 
Model S-1000 surrounding sound rever-

beration unit. 

delay repeat, amplifying the signal, then 
mixing it with the original program 
material. A short loop of magnetic re-
cording tape encircles the tape drum 
and passes over erase, record, and play-
back heads. Selection of the tape speeds 
and the head spacing determines the 
delay time of a specific audio signal re-
corded on the tape. The physical sepa-
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ration on the record and playback heads 
makes possible the variable dimension 
effect. A block diagram of the system 
appears in Fig. 17-136F. 

The record head is mounted on an 
arm that may be rotated about the tape 
drum to vary the distance between the 
record and number one channel play-
back head. In addition, the number two 
channel playback head, mounted after 
the first head, is also movable, making 
a controlled multiple delay possible. 
Any portion of this controlled signal or 
other variation made within the elec-
tronic portion of the surrounding sound 
unit can be mixed with the incoming 
program material to achieve a desired 
result. The tape is fed from a Cousine 
Audio Vender which holds a quantity 
of tape, and is pulled downward and 
upward by the action of two pinch 
wheels and a capstan below the tape 
supply, as used in the conventional tape 
recorder. Time delays ranging from 
0.1 to 1.30 second are possible by rotat-
ing the recording head (under hand) 
around the tape drum. Speeds of 10 and 
20 ips are available by throwing a 
switch. 

Referring again to the overall view 
of Fig. 17-136E, variable equalization is 
provided tieing an equalizer similar to 
that described in Question 6.12. Two 
VU meters provide monitoring of the 

record, playback, and program chan-
nels. The electronics are solid state, 
using a cadmium cell for switching to 
eliminate the possibility of noise. The 
power supply is mounted at the lower 
portion of the cabinet. 

It is quite common practice to use 
reverberation units in radio broadcast-
ing to increase the signal strength at the 
fringe areas of transmission and for 
enhancing certain types of records and 
effects in commercials. 

17.137 Describe the electron cloud 
magnetic head.—Several different de-
signs of magnetic heads have been de-
veloped to reproduce magnetic sound 
tracks. Since most of these designs re-
quire rather elaborate construction, the 
simple coil and core construction used 
in the majority of tape recorders has 
been retained. In July, 1939, a novel 
design was suggested by A. M. Skellett 
(patent 2.165,307) which resembles a 
cathode-ray tube, in which pole pieces 
are substituted for the beam-deflecting 
coils. At the face end of the tube, the 
beam strikes a pair of target plates. The 
magnetic flux from the tape in passing 
over the head deflects the beam and un-
balances the current flow to the target 
plates. The output of this transducer is 
directly proportional to the flux re-
corded on the tape, rather than to the 
rate of change. Therefore, signals at 
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extremely low speed can be reproduced 
even if the tape is at rest; thus, the low-
frequency response is uniform and does 
not require 6 dB per octave equaliza-
tion. The principal objection to this 
form of a transducer is its sensitivity to 
extraneous magnetic fields, even to the 
earth. The transducer requires exten-
sive magnetic shielding which makes it 
rather bulky. Also, magnetic pole pieces 
must be included within the glass enve-
lope. 

17.138 Describe a staggered sound 
track recorder.—In the design of early 
model stereophonic recorders and re-
producers, because the technique of 
building in-line magnetic heads had not 
been mastered, the heads were stag-
gered, as shown in Fig. 17-138, to in-
crease the cross talk-to-signal ratio. 
Modern recorders and reproducers now 
use in-line heads and shielding between 
heads to reduce the cross talk. It is not 
uncommon for telemetering equipment 
to use 12 or more heads in a single in-
line stack (cluster). (See Questions 
17.135 and 147.) 

3133.11.13"1W13iliM 

ingitaMi 
=0111  ) 

Fig. 17-138. Staggered sound tracks 
used in early recorders to reduce cross-

talk. (Now obsolete). 

17.139 What is the standard NAB 
reference and program level for 1/4 -inch 
tape recorder-reproducers?—The NAB 
Standard (April, 1965) specifies that the 
reference level shall be 400 Hz and 
equal to the recorded level on the NAB 
primary reference tape. The standard 
recorded program level shall produce 
the same reference deflection on a Stan-
dard Volume Indicator Meter (VU 
meter USASI (ASA) Standard C16.5-
1961) as that produced by a 400-Hz 
sine-wave signal recorded at the stan-
dard NAB reference level. The NAB 
standard reference level is 22 dB be-
low that formerly used. It will be found 
that some test-tape manufacturers use 
the older higher level. In this instance, 
the gain must be reduced 2.2 dB to 
equal the present NAB level. 

The NAB primary reference tape is 
recorded at 7.5 ips, with the bias cur-
rent adjusted for a maximum output 
level on an average good quality tape. 

The reference level is recorded 8 dB 
below a level that will produce 3-per-
cent third-harmonic distortion. All NAB 
test tapes contain this reference level 
and are within 0.25 dB of the standard 
reference level. 

The use of an 8-dB level below the 
3-percent third harmonic does not im-
ply a failure to meet the 10-dB overload 
margin, but is rather a practical, con-
venient method of specification consist-
ent with magnetic recording and repro-
ducing systems. 
The motion picture industry uses a 

somewhat different method in deter-
mining the recording level. As most of 
the sound track produced in a studio is 
used internally on their own equipment, 
the recording level is based on the max-
imum practical signal-to-noise level for 
a given percent harmonic distortion. As 
a rule, most studios operate with a 
maximum distortion of 0.5 to 1 percent 
THD, for a signal-to-noise ratio of 60 
to 65 dB. 

If a composite print for theater use is 
to be released using magnetic sound 
track, the maximum distortion on the 
release print may be increased to 2 per-
cent, and in some instances even 3 per-
cent. Increasing the maximum distor-
tion also permits a higher level to be 
recorded on the release sound track. 
This higher distortion is permissible be-
cause the theater reproducing systems 
are generally adjusted for an 8000- to 
10,000-Hz cutoff frequency, with some 
installations using a cutoff frequency of 
6500 Hz. However as the frequency 
range is increased, the distortion must 
be lowered if good clean reproduction 
is to be had. It should be pointed out 
that some theater systems use no cutoff 
at all, but let the system drop off with 
the head characteristics. As most mag-
netic heads in projectors employ a head 
gap of 0.25 mil, the fall-off starts about 
10,000 Hz, then falls quite rapidly. For 
magnetic tape cartridges, the sanie ref-
erence levels are used as given in the 
first paragraph. 

17.140 What is the standard for dis-
tortion relative to 1/4 -inch tape?—The 
NAB Standard specifies the overall 
record-reproduce total harmonic distor-
tion (THD) including the tape shall be 
less than 3 percent rms for 400-Hz sine 
wave, recorded to achieve a reproduc-
ing level 6 dB above the NAB Standard 
Reference Level. Recording levels for 
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motion picture recording equipment are 
established somewhat differently. The 
standard is the same for magnetic tape 
cartridges. (See Question 17.139.) 

17.141 What is a split-film re-
corder7—A magnetic film recorder using 
17.5-mm full-coat film, with 35-mm 
perforations, running at linear speeds of 
45 fpm. The term split-film is a carry-
over from the early days when split 
photographic film was used in recorders 
and reproducers. The term is now obso-
lete. 

111./4 OR 0-H 

B OR 0, 

13, OR 0, 

100% 1 

X% 

•FLUX DENSITY 
0. FLUX 
H•APPLIED FORCE 

H, •COERCIVITY 

Fig. 17-142A. Typical 13-11 curve for 
magnetic tope or film. 

17.142 Explain squareness factor, 
relative to magnetic tope and film.— 
Squareness factor for magnetic tape and 
film is the shape of the B-H curve of 
the magnetic-oxide coating and has a 
shape similar to that shown in Fig. 
17-142A. It will be observed in this il-
lustration, the upper and lower portions 
(termed the "knee" and "toe") are quite 
rounded and the sides are widely 
spread. An ideal curve would be one 
with straight sides (Fig. 17-142B); how-
ever, this is not achieved in actual prac-
tice. The term, squareness ratio, is a 
coined term, used by tape manufactur-
ers, to provide a quantitative descrip-
tion of the hysteresis loop. Multiplica-
tion of ifer/41. or Br/B. by 100, gives the 
squareness ratio in percentage, or X 
percent of the saturation magnetism 
which remains as useful remarient flux 
after the applied field is removed. This 
may be taken as a ratio of efficiency for 
tape and magnetic material. In reality, 
it is a plot of di-H versus H. Since the 
permeability of a magnetic tape or film 
is quite low, it is more satisfactory in 
analyzing the magnetic properties of 
such materials to subtract or balance 

Fig. 17-1428. Ideal squareness factor. 

out the applied field and measure only 
the flux increase caused by the sample. 

Squareness Ratio = 
Remanent flux (B,1  

X 100 
Saturation flux (B.) 

Quality tape and magnetic film gener-
ally have squareness ratio factors on the 
order of 75 percent. 

Magnetic materials are characterized 
by the nonlinear characteristics be-
tween the magnetizing force and the re-
sulting state of magnetization. This at 
first glance would tend to eliminate 
them for high-quality sound recording. 
Fig. 17-142C shows the relationship ex-
isting between the magnetization force 
H applied to the tape over the recording 
head gap and the resulting magnetiza-
tion B, starting at 0 with a completely 
demagnetized tape. The magnetizing 
force H is proportional to the product 
of the number of turns in the coil of the 
recording head, and the current flowing 
through the windings. Assuming this 
force is Hr at a given instant as the tape 
is about to pass out of the recording 
head gap, its magnetization will be B1 
while still in the gap, but will drop to 
Br as it leaves the gap. Br is the rema-
nent magnetization on the tape after the 
magnetizing field has been removed, or 
the tape has left the head gap. 

Plotting the values of remanent mag-
netization B, corresponding to various 
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Fig. 17-142C. Typical magnetization 
curve existing between the magnetizing 
force applied to a magnetic tape or film, 
over the 'recording head-gap and the 

resulting magnetization. 

values of magnetizing force H results in 
a curve, the actual recording charac-
teristic of the recording medium (Fig. 
17-142D). This plot illustrates the non-
linearity of the recording medium; 
however, portions of the characteristics 
are linear. By the application of a high-
frequency bias current, the recording 
signal is moved into the more linear 
portion of the characteristic. This sub-
ject is discussed in Question 17.140. 
(See Question 23.158.) 

r- - 

-4 

APPLIED 
SINE WAVE 

Br 

RECORDED 
MAGNETIZATION 

ON TAPE 

Fig. 17-142D. Nonlinear characteristics 
of magnetic tape or film without high-

frequency bias. 

17.143 What is a dual or two-track 
recorder?—In the early days of stereo-
phonic recording, recorders were manu-
factured using two heads placed side by 
side. However, this method is now ob-
solete, with three and four tracks ma-
chines now taking their place. (See 
Question 17.147.) 

17.144 What are the standards for 
flutter, relative to 1/4 -inch tape record-
ers?—The NAB Standard states that in 

the reproduce mode, the unweighted 
and weighted flutter content, when re-
producing an essentially flutter-free re-
cording of 3000 Hz at any portion of the 
reel, shall not exceed the values given 
in Fig. 17-144A. The standard further 
specifies that unweighted flutter mea-
surements are to be made over a range 
of 0.5 to 200 Hz, falling off at a rate of 
6 dB per octave, above and below these 
frequencies. 

At the lower frequencies, where the 
meter movement follows the waveform, 
the maximum deflection shall indicate 
the rms value. The indicating meter is 
to have standard VU meter characteris-
tics, using a full-wave rectified average 
measurement law, and must be cali-
brated to read the rms values of a sinu-
soidal variation. This latter specification 
conforms to VU meter USASI (ASA) 
Standard C16.5-1961, discussed in Ques-
tion 10.3. The meter is read for random 
periods throughout the length of the 
tape, and noting the average peak read-
ings, excluding random peaks that do 
not reoccur more than three times in 
any 10-second period. This is the aver-
age flutter. 

Weighted flutter measurements are 
made in the same manner, using the 
same measurement system, except that 
a weighting network is used with the 
frequency characteristic given in Fig. 
17-144B. In some type flutter meters the 
weighting network may be included in 
its circuitry, therefore the manual for 
a particular flutter bridge should be 
consulted. (See Question 5.98.) 

The unweighted values of flutter 
given in Fig. 17-144A are the maximum 
values and are generally less in most 
professional equipment. Although the 
value of maximum flutter is not given 
for 30 ips, these machines usually have 
0.10-percent flutter or less, using a 

Tape speed Flutter (Tins) 

Unweighted flutter 
15 ips 0.15 percent 
7% ips 0.20 percent 

ips 0.25 percent 

Weighted flutter 
15 ips 0.05 percent 

ips 0.07 percent 
ips 0.10 percent 

Fig. 17-144A. Maximum flutter content 
for NAB Standard recorders. 
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Fig. 17-144B. Frequency characteristics for weighted network used with flutter 
measurements. (Courtesy, DIN 45-507 Oct. 1962 National Association of Broad-

casters.) 

weighted response, while for 1% and 
1%6 ips, the unweighted flutter must not 
exceed 0.25 and 0.30 percent respec-
tively. For magnetic tape cartridges the 
total flutter shall not exceed 0.3 percent. 
The frequency response for a weighted 
response network with the frequency 
tolerance is given in Fig. 17-144B. Mag-
netic film equipment may be measured 
in a similar manner. 

17.145 Describe the purpose of a 
weighted curve flutter measurement.— 
Unweighted flutter measurements are 
made using a flutter bridge, with a flat 
frequency characteristic. Weighted flut-
ter measurements are made using a 
weighting network, with a frequency 
characteristic as shown in Fig. 17-144B. 
This network provides a frequency 
characteristic similar to the average 
human ear hearing characteristic and 
for certain types of flutter is more real-
istic. However, when hearing is not in-
volved, the flat characteristic is desir-
able. 

17.146 What are the standard 
widths for magnetic film?—The standard 
widths for magnetic film are: 16 mm, 
17.5 mm, and 35 mm. The 16 mm is run 
at 36 fpm; the 17.5 mm at 45 fpm; and 
the 35 mm at 90 fpm. The 16 mm and 
17.5 mm are generally used for dialogue 
recording on motion picture production, 
although 16 mm may also be used at 
times for music recording. The 17.5 mm 
is a 35-mm film split down the center. 
Running 17.5-mm film at a speed of 45 
fpm doubles the time of recording over 
35 mm run at 90 fpm and has the same 
frequency response, but reduces the 
initial cost of stock. 

17.147 Describe the various type 
heads used for magnetic tape and film 
recording.—In the manufacture of mag-
netic recording and reproducing equip-
ment, one .of the most closely guarded 
proprietary secrets is the manufacture 
of magnetic heads. Therefore, only the 
basic principles of design and construc-
tion will be discussed. 

Fig. 17-147A. A 16-mm magnetic re-
cording head. 

Fig. 17-1478. A 35-mm magnetic re-
cording head. 
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A group of recording and reproduc-
ing heads are shown in Figs. 17-147A to 
G manufactured by Lipps Inc. In Figs. 
17-147A and B are edge-track heads for 

16-mm and 35-mm magnetic film re-
cording. The shoe at the upper end of 
the head supports the film parallel to the 
pole-piece surfaces and prevents warp-
ing of the film in its passage over the 

Fig. I7-147C. A 3-track 35-mm head. 

head. A three-track cluster for 35-nun 

filin appears in Fig. 17-147C. Heads 
shown in Figs. 17-147D and E are for 
%-inch magnetic tape. A four-track 
head cluster designed for 16-mm mag-
netic film is pictured in Fig. 17-147F, 
with a prealigned 8-track assembly, 
consisting of an erase, record and repro-
ducing heads is shown in Fig. 17-147G. 

To reduce cross talk between heads 
(see Question 17.149), Mumetal shields 
are inserted between the heads and 
grounded, with end shields used to pre-
vent pickup from stray magnetic fields. 

Fig. 17-147D. A 3-track head for V2 • 
inch magnetic tape. 

After the heads are assembled and 
aligned, they are encased in an epoxy-
like compound, ground, and polished to 
shape. The round cases of the heads 
shown in Figs. 17-147A and B are Mu-
metal shields. 

Recording and reproducing heads for 
motion picture recording equipment use 
sound tracks of 150 and 200 mils in 
width. The recording gap is on the order 
of 0.50 mil and the reproducer 0.25 mil. 

Fig. 17-147E. A 4-track head for IA - 

inch magnetic tape. 

These larger gap heights may be used 
since the frequency response is gener-
ally not over 10,000 Hz. Head gaps for 
%-inch tape vary in both height and 
length, depending on the nature of the 
head, and vary also if for half or quar-
ter track. 

Fig. 17-147F. A 4-track head for 16-mm 
magnetic film. 

The characteristics of a head are gen-
erally stated for a given bias and re-
cording current with its inductance. 
Older type heads used high inductance; 
however, the inductances for newer 
heads are considerably lower and range 
from 400 to 500 mH for record-playback 
heads, and 30 to 65 mH for a single re-
cording head. The inductance of a mag-
netic head for motion picture recording 
equipment is generally of low value, on 
the order of 6 mH, and is operated into 
an impedance-matching transformer. 

Fig. 17-147G. Prealigned 8-track assem-
bly with record, reproduce, erase heads. 

The use of this low impedance reduces 
the pickup from stray magnetic fields as 
the amplifiers in rack-mounted equip-
ment are generally some distance from 
the head. Typical values for such heads 
are 6 to 30 ohms impedance at 400 Hz. 

17.148 Describe the three basic ad-
justments for aligning magnetic heads.— 
Three basic adjustments are required to 
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(a) Azimuth. 

TAPE 

GAP 

(b) Zenith. 

HEAD 

(c) Parallelism of the 
pole pieces with the sur-

face of the tape. 

Fig. 17-148. Three basic adjustments for aligning magnetic heads. 

align a magnetic recording or repro-
ducer head. They are: azimuth, zenith, 
and paralleling of the surfaces of pole 
pieces to the surface of the tape or film, 
as shown in Fig. 17-148. In some type 
machines all three adjustments have to 
be considered, and in others only the 
azimuth and zenith are adjusted. The 
parallel adjustment of the pole pieces is 
relative to the tape surface being fixed. 
For head assemblies such as that shown 
in Fig. 17-147G, the heads are pre-
aligned and require no further adjust-
ment. They are installed or removed 
by the locking lever at the top of the 
assembly. 

17.149 What ore the standards for 
signal-to-cross-talk ratio in 1/4 -inch mag-
netic recorders?--The NAB Standard for 
cross talk specifies: for 1/4 -inch two-
and four-track stereophonic recorders, 
the adjacent signal-to-cross-talk ratio 
shall not be less than 60 dB in the range 
of 200 to 10,000 Hz. When making these 
measurements, the bias voltage is 
turned off. In the reproduce position, 
the separation between channels shall 
not be less than 40 dB between 100 and 
10,000 Hz. For motion picture recording, 
signal-to-cross-talk level should be 60 

 0.238 INCH - 
+0.01 INCH 

-•0.004 INCH 

0.246 INCH - 

± 0.002 INCH 

Fig. 17-150A. Full-track monophonic or 
stereophonic 1/4-inch tape recording. 

dB or greater, and for reproduction, a 
separation of 45 to 55 dB. For 1/4 -inch 
tape, the NAB standard reference is 
used; for motion picture recording, the 
system is set up as discussed in Ques-
tions 17.135 and 17.139. 

For magnetic tape cartridges, the sig-
nal-to-cross-talk ratio for monophonic 
reproduction is such that cue-tone to 
program-channel system cross talk at 
the NAB standard reference level is to 
be not less than the following: 

At 150 Hz, 50 dB 
At 1000 Hz, 55 dB 
At 8000 Hz, 50 dB. 

For stereophonic reproduction under 
the same conditions, not less than 50 dB. 

17.150 Show the sound track place-
ment for dual-track 7/4-inch tape record-
ers.—The dimensions for 1/4 -inch multi-
sound track recorders are shown in 
Figs. 17-150A, B, and C. In the four-
track arrangement, the tracks are cen-
tered on the tape with the heads evenly 
dispersed across the tape width. The 

0.082 INCH - 
±0.002 INCH 

e 

0 246 INCH 
± 0.002 INCH 

0.156 INCH 
1 ±0.004 INCH I 

0.082 INCH 
j 0.002 INCH 

Fig. 17-150B. Two-track (half-track) 
monophonic or stereophonic 1/4 -inch tape 

recording. 
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 .224  

.043 9.. .043 

I I 

J34 I-+.002 
-0.00 

+.002 
-0.00 

Fig. 17-150C. Sound hack dimensions 
for four-track, 1/4 -inch tape, mono-

phonic or stereophonic recording. 

outer edges of tracks 1 and 4 are coin-
cident with the edges of the tape. The 
alignment is based on a tape width of 
0.244 inch. 

17.151 Gire the terminology used 
with 1/4 -inch multitrack recording.— 
Much confusion has arisen in the termi-
nology used with 1/4-inch tape recorders 
sold to the public for home recording. 
Such recorders are referred to as half-
track, quarter-track, and four-track 
machines. This terminology can be clar-
ified by referring to Fig. 17-151. The 
direction of tape travel is indicated by 
the arrows. In the stereophonic ver-
sions, the heads are made in clusters of 
two. 

At part (a) is a full-track mono-
phonic sound track recorded by using a 
single head covering the full width of 
the tape. At part (b) is a half-track or 
two-track monophonic recording, using 
two heads, each slightly less in width 
than half the tape width. At part (c) is 
a half-track stereophonic recording. Re-
ferring to part (d), a quarter-track 
monophonic recording is shown using 
four heads slightly less in width than 
one-quarter the actual tape width. At 
part (e) is shown a quarter-track ster-
eophonic recording, using four heads. 
The illustrations show the appearance 
(if they could be seen) of the sound 
tracks as viewed from the back of the 
tape (smooth side). 

••••••• 

(a) Full-track. 

(c) Half-track 
stereo. 

21 

m•m•••11. 

(b) Half-track 
monophonic. 

Ih - 
- 11111 
11111 - 

2 

3 

- 11111 
(d) Four-track 
monophonic. 

11111 L--
2 

R 11111 
3 

4 

11111 L-
R 11111 

}i 
(e) Four-track stereo. 

Fig. 17-151. Sound track combinations 
used with 1/4 -inch magnetic tape re-
corders. These positions are in accord-
ance with the NAB Standard April 1965. 

It will be observed at part (b) that 
the sound track is recorded first to the 
right and then to the left, while at part 
(c) the sound tracks are both recorded 
to the right. For four-track monophonic 
at (d), tracks 1 and 3 are recorded to 
the right and tracks 2 and 4 to the left. 
Thus, long playing selections can be 
played back by running the tape 
through the machine in the usual man-
ner, rather than transferring from the 
take-up position to the feed-position 
and rewinding. 

It is standard in two-track stereo-
phonic recorders for track 1 to carry 
the left channel as viewed from the au-
dience, and track 2 the right hand chan-
nel. The recording head-gaps are to be 
of the in-line type phased for reproduc-
tion on equipment so connected that 
when a full-track recording is repro-
duced, it produces in-phase signals in 
the two-channel reproducer outputs. 

For stereophonic four-track record-
ings, sound tracks 1 and 3 are used 
simultaneously for one direction of 
travel, and tracks 2 and 4 for the re-
verse. Tracks 1 and 3 are used first as 
the tape is unwound from the supply 
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reel. Tracks 1 and 4 carry the left chan-
nels and 2 and 3 the right channels. 

Equipment designed for the rere-
cording of motion picture use multiple 
sound tracks and heads; however, the 
terminology is quite different. Such re-
corders do not use reverse sound tracks. 
Three- and four-track head machines 
may be used for either monophonic or 
stereophonic recörding. The input of 
each sound track recording amplifier 
appears in a patch-bay and may be 
selected for any combination of record-
ing. For three-track monophonic re-
cording, the dialogue, sound effects, and 
music are recorded on separate sound 
tracks, through a three-section mixer 
console as described in Question 9.46. 
Four-track machines used for stereo-
phonic recording, carry left, center, and 
right sound tracks in that order, with 
the fourth track carrying miscellaneous 
material. Later, these tracks may be 
combined in other combinations and a 
submaster made for transferring to the-
ater release prints, as each print is an 
original recording transferred from the 
submaster (second generation master). 
This method of making release prints is 
discussed in Question 17.202. 

GUIDE POSTS 

TAPE 
MOVEMENT 

HEAD TAPE 

TAPE 
MOVEMENT 

Fig. 17-152A. Worn guide posts permit 
the tape to wobble or skew in its travel 

across the head. 

17.152 What are the factors affect-
ing head wear?—With the components 
guiding the tape and the heads properly 
aligned, head wear will be at a mini-
mum. However, even under the best 
conditions, and using high quality tape, 
the heads will require replacement in 
time. Fig. 17-152A shows the effect of 
worn guide posts on the tape travel. 
Here the post is worn to a point where 
the tape can skew or wobble as it passes 
over the head. This condition will cause 
the tape to go in and out of azimuth, 
even with a properly aligned head. A 
cross-sectional view of an improperly 
aligned head cluster is shown in Fig. 
17-152B. If the surfaces of the heads are 

DEVIATION 
FROM VERTICAL 

HEAD TILTED 
BACKWARD 

Fig. 17-1528. Head out of vertical 
alignment. 

not perpendicular to the tape travel, the 
tape will tend to skew in the direction 
indicated by the arrow. 
Head wear is generally indicated by 

the appearance of the wear pattern and 
the necessity to increase the bias cur-
rent (assuming the same brand and 
type tape is being used as when the 
heads were originally installed), and the 
loss of high-frequency response. Typical 
wear patterns are given in Figs. 17-152C 
and D. In Fig. 17-152C the wear pattern 
indicates that the vertical alignment is 
such that the head is tilted too far back 
at the top and more pressure is being 
applied to the lower portion of the tape. 
In the two-head cluster in Fig. 17-152D, 
the keystone wear pattern indicates that 
the alignment in the vertical plane is 
tilted too far forward, applying more 
pressure to the upper head than to 
lower. 

WEAR PATTERN 

Fig. 17-152C. Typical wear pattern 
encountered for head tilted back at top. 

Worn recording heads are generally 
manifested by one or more of the fol-
lowing: peak bias current decreases ac-
tual bias current increases, inductance 
of the head decreases, recording sensi-
tivity increases with an increase of re-
cording current, and if the head is per-
mitted to wear enough, the linearity of 
the gap decreases and opens. If the re-
corder employs pressure pads greater 
wear may be expected. 

In the playback position the sensitiv-
ity may increase with an increase of 
high-frequency response, with respect 
to the low-frequency response. In the 
recording process, the increase of bias 
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current reduces the high-frequency re-
sponse by overbiasing. 

Head life is principally governed by 
the design of the machine, head align-
ment, and the quality of the tape used. 
Factors such as humidity and dust also 
have their effect. Life expectancy will 
run from 400 hours to as high as 4000 
hours of Use, again depending on the 
design, alignment, and local environ-
ment. A tape recorder used 5 hours a 
day, running at a linear speed of 3.75 
ips, passes 640 miles of tape over the 
head surfaces; this is a good illustration 
of why the head wear increases so 
rapidly. 

WEAR PATTERN 

Fig. 17-152D. Typical wear pattern en-
countered for heads that are tilted for-

ward at top. 

17.153 Give recording time versus 
linear speed and length of tape.—Re-
cording time for various tape speeds 
and reel size is given in Fig. 17-153. By 
the use of a 1-mil base, the footage 
capacity for a given reel size is in-
creased by 50 percent. 

17.154 Describe a noise reduction 
circuit as used in %-inch tape recorders. 
—A method sometimes used in 1/4 -inch 
tape recorders to cancel the effects of 
residual magnetization in recording 
heads is shown in Fig. 17-154A. A de 
voltage is applied to the recording head. 
Residual magnetism is cancelled by 
running an unmodulated tape through 
the machine with only the recording 
bias current on. A vacuum-tube volt-
meter is connected across the playback 
output and the noise cancelling potenti-
ometer is adjusted for a minimum noise 
indication on the meter. It should be 
pointed out that the lowest noise setting 
is not always the point of lowest distor-
tion; therefore, the distortion should be 
measured after making the noise-re-
duction adjustment, and a compromise 
made if necessary. Magnetization of the 
recording head can be caused by an 
unsymmetrical waveform in the bias 
oscillator. 
A second method of noise adjustment 

is shown in Fig. 17-154B. Here a control 
is connected in the grid returns of the 
oscillator tubes and is used to adjust 
the symmetry of the oscillator wave-
form. It is similar to the circuit used in 
most of the modern recorders employing 
transistors. 

17.155 Describe the procedure for 
adjusting the equalization of a 1/4 -inch 
tape recorder.—The 'azimuth and bias 
current are adjusted first, and the play-
back equalization is set by the use of a 
standard test tape. After adjusting the 
playback equalization for as near a uni-
form response as possible, a good qual-
ity tape is threaded on the machine and 
a series of test frequencies recorded 
using the same frequencies as on the 
test tape. This tape is then played back 
and the frequency response noted. If it 
does not fall within the limits of the test 
tape, the recording equalization is ad-
justed until such a response is obtained. 
The final playback curve is then the re-
cord-playback characteristics of the 
machine. The recording level should be 
at least 10 dB below 100-percent modu-
lation of the normal recording level. If 
the machine is equipped with a separate 
reproduce head, the effect of changing 
the recording equalization may be 
monitored. 

17.156 How is the time delay be-
tween a recording and monitoring head 
calculated?—The time delay in seconds 
may be calculated: 

D 
Time = — 

V 
where, 
D is the distance between the gaps of 

the two heads in inches, 
V is the linear velocity of the tape in 

inches per second. 

17.157 What is the equation for 
calculating the wavelength of o re-
corded frequency? 

V 
Wavelength — 

F 
where, 
V is the linear velocity of the tape in 
inches per second, 

F is the frequency in Hz. 

In magnetic tape or film recording, the 
velocity is constant; therefore, it has 
little effect on the frequency response 
except to limit the highest frequency 
which may be recorded. A graph from 
which the wavelength for a given fre-
quency and velocity may be read with-
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Fig. 17-153. Recording time for various tape speeds and reel sizes. (Courtesy, Audio 
Devices, Inc.) 

out calculation is given in Fig. 17-157. 
As an example: the wavelength of 1000 
Hz at a velocity of 1.75 inches per sec-

ond is 0.00175 in. In other words, one 
wavelength of 1000 Hz recorded at a 

velocity of 1.75 inches per second will 
cover a space of 0.00175 in. on the tape. 
At a velocity of 18 inches per second 

(35-mm film running at 90 feet per 
minute), the same wavelength will 
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RECORDING 
ANKIFIER 

+340 

LO 

NOISE REDUCTION 
CIRCUIT 

MEG 

47K 

470K 

NOISE 

ADJ 50 K 1 +-  201F 

.0002 40K 

dRECORD HEAD 

ERASE 
HEAD 7 

0°SCU 

BIAS 

Fig. 17-154A. Noise reduction and erase head coupling circuits used in a %-inch 
magnetic tape recorder. 

cover a space of 0.018 inch and at 30 
inches per second, a space of 0.03 inch. 

17.158 How are tope speeds met:-
sured7—The NAB Standard speed is 7% 
ips, plus-minus 0.2 percent. Supplemen-
tary speeds 15 and 3% ips, plus-minus 
0.2 percent. The tolerances are applic-
able to any portion of the reel in use. 
The linear speed is measured by apply-
ing a precision pulley on precision bear-
ings one-quarter inch in width to the 
surface of the tape, between the cap-
stan and the head assembly. The rota-
tional speed of the pulley as it is driven 
by the tape, may be measured by an ac 
tachometer or by a stroboscopic disc, 
mounted on the upper surface of the 
pulley. (See Question 13.116.) The stro-

boscopic bars are illuminated by a neon 
light supplied from the power line. 
Measurements are made at normal room 
temperature. The tape thickness is to 
be 0.0019 inch, plus-minus 0.0002 inch, 
corresponding to the thickness of a tape 
using a normal base thickness of 1.5 
mils. 

The design calls for a pulley with a 
diameter of 1.4305, plus 0.0002 inch 
minus 0.000-inch, upon which is at-
tached a stroboscopic disc, having 72 
and 36 equally spaced dots or lines. A 
neon lamp operating from a 60-Hz 
power source flashes at 120 Hz. When 
the disc is illuminated by this lamp, it 
will indicate the 73%- and 15-ips tape 
speeds. For 3% ips, a diode is connected 

IRECORDING HEAD 

;65N7GT 

Fig. 17-154B. A noise reduction circuit with the noise adjustment potentiometer in 
the grid circuit of the push-pull bias oscillator. 
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Fig. 17-157. Velocity of recording media versus recorded wavelength in inches for a 
given frequency. 

in series with the lamp, causing it to 
flash at 60 Hz. No more than 14 dots per 
minute are permitted to drift past a 
fuced reference point in either direction 
for 7% or 15 ips; for 3% ips, the drift 
per minute is not to exceed 7 dots on the 
36-dot disc. The limits given correspond 
to a speed tolerance of plus-minus 0.20 
percent for the specified speed. 

17.159 What are the standards for 
1/4 -inch tape relative to signal-to-noise 
ratio?—The NAB Standard specifies 
that the noise be measured over a fre-
quency range of 20 to 20,000 Hz. The re-
sponse of the measuring circuit is to be 
plus or minus 0.3 dB 30 to 15,000 Hz. 
20,000 Hz is to be 3 dB below the 400-Hz 
level, and falling off at a rate of 12 dB 
per octave thereafter. The method used 
is to record a 400-Hz signal, cut the 
signal off, and let the tape continue to 
run with only the bias current on. The 
tape is then played back, and the noise 
level is measured in reference to the 
standard • signal, with or without a 
weighting network. 

Weighted curves are made using the 
network given in Question 5.98. Un-
weighted curves are made using the 
measuring system with uniform fre-
quency characteristics as described 
above. A weighted network simulates 
the human ear characteristics at fre-

quencies below 1000 Hz. (See Question 
2.93.) 

Signal-to-noise ratio, when given in 
terms of the NAB Standard, is a figure 
of merit for the comparisons of noise 
between recording systems. It does not 
take into account the program level 
which may be recorded without exces-
sive distortion. Therefore, the noise 
level relative to the program level peaks 
may be better by 8 to 10 dB than the 
figures given. It will be noted that the 
signal-to-noise ratio is lower at 15 ips 
than at 7% ips, using a weighted curve. 
This is due to the playback equalization 

Unweighted signal-to-noise 
measurements. 

Tape 
speed 

Full- 
track 

Two- 
track 

Four-
track 

15 ips 
7% ips 
3% ips 

50 dB 
50 dB 
46 dB 

45 dB 
45 dB 
46 dB 

Not used 
45 dB 
45 dB 

Weighted signal-to-noise 
measurements. 

15 ips 
7% ips 
3% ips 

58 dB 
60 dB 
57 dB 

53 dB 
55 dB 
54 dB 

Not used 
52 dB 
52 ciB 

Fig. 17-159A. NAB Standard recorders, 
using unweighted and weighted measure-

ments. 
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being the same for both speeds, while 
the tape noise increases with tape speed. 

The use of a weighted signal-to-noise 
ratio measurement is desirable as it re-
sults in a more realistic indication of the 
subjective signal-to-noise ratio than 
does the unweighted response. Mini-
mum values of signal-to-noise ratio for 
various types of recorders are given in 
Fig. 17-159A. It should be remembered 
that these values are the minimum val-
ues and are generally exceeded. It is not 
uncommon for a certain type of equip-
ment to have a signal-to-noise ratio of 
80 dB. 

Special purpose limited performance 
systems, unweighted. 

Full-track 
Two track 
Four track 

46 dB 
43 dB 
40 dB 

Professional equipment, weighted. 
Number Tape Track 15 or 
of tracks width width 71/2 ips 

1 1/4 inch 0.234 inch 70 dB 
2 1, /. 4  inch 0.740 inch 65 dB 
2 ih inch 0200 inch 69 dB 
3 1,4 inch 0.100 inch 66 dB 
4 Ys inch 0.070 inch 65 dB 
3 1 inch 0.250 inch 70 dB 
4 1 inch 0.180 inch 69 dB 
6 1 inch 0.095 inch 66 dB 
8 1 inch 0.070 inch 65 dB 

Fig. 17-1596. Signal-to-noite ratios for 
NAB special purpose limited-perform-
once recorders and for professional 
equipment, using %-inch to 1-inch tape, 

with multiple-track heads. 

Fig. 17-159B shows a table of signal-
to-noise ratios for recorders using 1/4  to 
1-inch tapes and multiple heads. It will 
be observed the minimum value is 65 
dB and the maximum is 70 dB. 

For cartridge magnetic tape repro-
duction, the signal-to-noise level for 
monophonie recording is 45 dB, and for 
stereophonic it is 42 dB, measured in 
the manner given above. 

17.160 What is Barkhausen noise in 
a magnetic recorder?—Barkhausen noise 
is modulation noise or behind-the-sig-
nal noise. It may be caused by tape 
which has become magnetized or has an 
uneven coating. Barkhausen noise, 
viewed on an oscilloscope, has an ap-
pearance as shown in Fig. 17-160. 

17.161 What effect do warped reels 

have on a magnetic recorder?—The 
wandering of the tape, caused by the 
side of the reel striking the tape, can 
cause poor frequency response, noise, 
and distortion. Also, it may induce a 
considerable amount of flutter in the 
transport system. 

17.162 What are the frequency-re-
sponse limits for 1/4 -inch tape recorders? 
—The reproducing tolerances for NAB 
Standard recorders are given in Fig. 
17-162A, with the recording limits given 
in Fig. 17-162B. The reproducing limits 
in a positive direction are not to exceed 
those shown when using a NAB Stan-
dard test tape or its equivalent. It is 
recommended that the response above 
and below these limits be rolled-off at a 
rate of 6 dB per octave. Since all NAB 
test tapes are recorded full-track, a 
low-frequency rise may be expected 
when they are played back on a two-
track, half-track, or four-track machine. 
The rise at the low-frequency end is 
due to the fringing effect and head 
bumps discussed in Question 17.199. The 
tolerances shown in Fig. 17-162B are 
the maximum limits the recording char-
acteristic can vary and still meet the 
reproducing characteristic shown in 
Fig. 17-162A. 

Fig. 17-160. A Barkhausen, or modula-
tion pattern. This is also called behind-

the-signal noise. 

If the recorder meets the require-
ments of these characteristics, relative to 
signal-to-noise, distortion, cross-talk-
to-signal ratio, flutter, and other re-
quirements as set forth in the Standard, 
the machine may be classified as a NAB 
Standard recorder. For portable and 
special-service systems, the Standard is 
as given in Fig. 17-162C. Recorders 
within these limits are classified as Spe-
cial Purpose Limited Performance Sys-
feras. It will be observed that for this 
class machine, the tolerances are not as 
stringent as for the first classification. 
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Fig. 17-162A. NAB playback frequency tolerance limits for equipment classified as 
NAB Standard recorders. 

For this latter classification, tape speeds 
have a tolerance of plus-minus 2 per-
cent, flutter not to exceed 0.5 percent, 
signal-to-noise ratio of 46 dB for full-
track and 40 dB for a four-track ma-
chine. The measurements are performed 
as for the NAB Standard recorder. 

For magnetic tape cartridge repro-
duction, the response falls within the 
limits of Fig. 17-162A for 7.5 ips. The 
recording tolerances are those of Fig. 
17-162B for 7.5 ips. 

7.5 ips 
+ 5 

o 

íci 5 

t +5 I5ips 

0 

e= 5 

3.75 ips 
cc +5 

17.163 Describe the procedure for 
setting VU meter lead in recording sys-
tems.—Because of the complex nature 
of dialogue, music, and sound effects, 
such waveforms cannot be recorded at 
the same level as a sine wave. In com-
plex waveforms, peaks may be encoun-
tered that are 8 to 12 dB higher than 
those indicated on a standard VU meter 
(USASI (ASA) C16.5-1961). These 
peaks can cause severe overloading of 
the recording system, with consequent 

o 

5 
20 40 100 200 400 kHz 2kHz 4kHz 

FREQUENCY IN HERTZ 
10k Hz 20kHz 

Fig. 17-1626. NAB recording frequency tolerance for equipment classified as NAB 
Standard recorders. 
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e-
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OEä- 5 
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LI, 0 
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--- X  

2kHz 4kHz 10kHz 20kHz 

Fig. 17-162C. NAB record-reproduce limits for special purpose limited-performance 
systems, running 1%, 3%, and 73/2 ips. 
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distortion. Very often, when this is 
heard on playback it is taken for exces-
sive sibilance, while it is actually high-
frequency distortion. To prevent over-
loading, the VU meter is given a lead or 
made more sensitive to compensate for 
the unseen peaks. As an example, a 
recording channel is lined up for a 
bridging bus level of plus 12 dBm (100 
percent on the VU meter) using a sine 
wave of low distortion (Fig. 17-163). 
The distortion at plus 12 dBm is 1 per-
cent and is the desired operating level. 
An 8-dB lead is inserted in the VU 
meter by turning back the meter 
attenuator to plus 4 dBm; thus, the 
meter is now 8 dBm more sensitive and 
compensates for the unseen peaks. A 
lead of 6 dB is the very minimum. 

VU 
METER 

RECORDING 
AMP 

INPUT 

FOR SINE WAVE 
SET TO +I2dBm. 
FOR COMPLEX 
WAVE SET TO 
+4dBm. 

BRIDGING BUS 

Fig. 17-163. Procedure for setting VU 
meter. 

If only dialogue is being recorded 
and it is an original sound track to be 
used for a 16-nun picture, the lead is 
the same and the dialogue is recorded 
at an average level of 75 to 80 percent, 
or about 2 to 3 dB below the 100-percent 
indications of the meter. For 35-mm re-
cording, the average level is 50 to 60 
percent or 6 dB below 100 percent. For 
straight narration tracks, the average 
level is approximately 75 percent. 

The same reasoning may be applied 
to any type recording system. However, 
in some recording activities, a lead of 
10 to 12 dB is used. It is suggested that 
the reader consult Section 10 before 
making such adjustments. If a peak-in-
dicating meter is used rather than a VU 
meter, no lead is used; 100 percent on 
the meter equals 100-percent modula-
tion of the recording channel. (See 
Questions 17.139, 17.159, and Fig. 18-82.) 

17.164 Describe the difference be-
tween standard and high-output oxide 
coatings.—Two types of magnetic film 
are available; the redish-brown stan-
dard oxide, and the dark green high-

output oxide. The high-output type will 
permit a greater recording level to be 
used, thus increasing the dynamic range 
and the signal-to-noise ratio for the 
same percentage distortion. The average 
recording level between the two types 
is 8 dB. The frequency response of the 
two coatings is approximately the same 
except the high-output type has a 
greater sensitivity at the lower fre-
quencies, and thus has a rising charac-
teristic. The magnetic coating is 0.65 mil 
as compared to the 0.55 mil of the red 
oxide. Bias current requirements are 
approximately the same. High-output 
magnetic film is principally used with 
16-mm recording equipment and with 
35-mm full-coat for music recording. 

17.165 What is a boundary dis-
placement or borderline magnetic re-
corderP—A magnetic recorder which re-
cords on either tape or magnetic film, 
but magnetizes the tape to saturation at 
all times. The conventional high-fre-
quency bias oscillator is not used. 

MAGNETIC TAPE 

SOUTH SATURATION 

BOUNDARY OE', 

NORTH SATURATION 

BOUNDARY 
MOVEMENT 

Fig. 17-165. A magnetic sound track 
recorded with a boundary displacement 

recorder. 

With no modulation applied to the 
recording head of a boundary displace-
ment recorder, one-half the tape is 
polarized opposite to the other half by 
means of two small permanent magnets 
mounted on each side of the recording 
head. An unmagnetized boundary in 
the center of the tape divides it into 
North and South polarized areas. (See 
Fig. 17-165.) The boundary is shown as 
a heavy black line between the two 
polarized areas. When the audio-fre-
quency currents are applied to the re-
cording head, the unmagnetized bound-
ary is displaced in proportion to the 
modulating currents applied to the re-
cording head. Standard reproducer 
heads are used to reproduce the sound 
tracks, the head scanning the entire 
boundary displacement area. The signal 
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voltage is generated, when reproducing, 
by the side to side motion of the bound-
ary line and may be likened to a vari-
able-area optical film recorder de-
scribed in Section 18. 

The advantages claimed for this type 
recording are: 

a. The maximum output corresponds 
to full tape saturation. 

b. A high degree of amplitude lin-
earity is obtained. 

c. The dynamic range is equal to a 
magnetic recorder using the con-
ventional high-frequency bias os-
cillator. 

The disadvantages of a boundary re-
corder are: 

a. The harmonic distortion is greater 
than for the conventional magnetic 
recorder. 

b. Special recording heads are re-
quired. 

c. The noise level is higher than in 
the conventional recorder and is 
comparable to a dc erasure sys-
tem as described in Questions 
17.83 and 17.85. 

17.166 What are the dimensions for 
16-mm center-track recording?—Al-
though the center-track placement has 
been superseded by edge-track record-
ing, many 16-mm magnetic film record-
ers still employ this track placement. 
Center-track placement may be used 
with either single- or double-perforated 
stock; however, the double perforation 
is preferred. Dimensions for the center-
track placement are given in Fig. 17-

- -I 200 1--

Fig. 17-166. Center sound-track place-
ment with track dimensions for 16-mm 

magnetic film. 

.005 

Fig. 17-167. Sound track p acement 
dimensions for 16-mm magnetic film. 

166. Center-track placement is now 
considered to be obsolete. 

17.167 What are the sound-track 
placement measurements for a 16-mm 
magnetic film recorded—They are as 
shown in Fig. 17-167. 

17.168 What are the sound-track 
placement dimensions for 17.5-mm mag-
netic film?—They are shown in Fig. 
17-168. 

*IA 

020i2.1 

0.0—.5:1D14 , 

0.339 .to.oco4 

Fig. 17-168. Sound track placement 
dimensions for 17.5-mm magnetic film. 

17.169 What are the sound-track 
placement dimension! for 3- and 4-track 
magnetic film recorders?—For studio 
equipment, dimensions are as given in 
Figs. 17-169A and B. Sound-track 
placement for release prints is given in 
Section 19. 

17.170 Show the frequency response 
for magnetic recording on 8-mm film.— 
The frequency response specified in 
USASI (ASA) PH 22.134-1962 Stan-
dard, sponsored by the SMPTE, is 
shown in Fig. 17-170. The film speed is 
to be 24 perforations per second, ap-
proximately 18 feet per minute, with a 
mean film-speed tolerance of plus-
minus 0.5 percent. 

17.171 Where is sprocket tape 
used?—Sprocket tape is standard %-
inch magnetic tape, with 16-mm film 
perforations along one edge, as in Fig. 
17-30E. This tape was developed for use 
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with small, light battery-operated re-

cordem, similar to any other sprocket 

type recorder, before the advent of the 

1/4 -inch sync-pulse recorders described 

in Question 3.78 and 17.179. The sound 

track has a width of 90 mils and re-

cords on the edge opposite from the 

sprocket holes at a speed of 36 fpm. The 

equalization characteristics are those of 

16-mm magnetic film, given in Fig. 

17-174. 

17.172 Show typical recording pre-

equalization characteristics for tape re-

cording, using NAB, AME, and CCIR 

American Standard Dimensions for 

200-Mil Magnetic Sound Records 

on 35mm and 17 1/2mm Motion Picture Film 

g21 
R. U.S. Pw. Ol. 

PH22.86-1962 

Revision of 
PH22.86-1953 

oUQC 7711534.425 

1. Scope 

1.1 This standard specifies the locations and 
dimensions of magnetic sound records, both 
single and multiple tracks, on 35mm motion-
picture film, and single tracks on 171/2 mm 
motion-picture film. 

1.2 The sound records are determined by 
the lateral dimensions and position of the 
magnetic recording head. 

1.3 This standard relates the placement of 
the magnetic coating on the film to the direc-
tion of film travel. 

2. Dimensions 

The dimensions and position of magnetic 
track No. 1 shall be determined by magnetic 
heod No. 1, as specified in the diagram and 
table. The positions of tracks two and three 
shall be determined by the lateral dimen-
sions of magnetic recording heads No. 2 and 
No. 3, as shown in the diagram. 

.1 Z No 5 

r'l 1-1 1-1 
RECORD. ›K•OS rod Led 

Dimensions Inches Millimeters 

A 0.200 * 0.002 5.08 * 0.05 
0.339 * 0.002 8.61 * 0.05 

C 0.350 * 0.002 8.89 * 0.05 
D 0.700 * 0.002 17.78 * 0.05 
E 1.377 nom 35.00 nom 

0.689 nom 17.50 nom 

3. Magnetic Coating 

With the direction of film travel shown in the 
diagram, the magnetic coating shall be on 
the upper side of the film base. 

4. Preferred Track Position 

Track No. 1 is the preferred position for 
35mm single-track recording and is the only 
position for 171/2 mm recording. 

5. Recording and Reproducing Speed 

Recording and reproducing speed shall be 96 
perforations per second (see American Stand-
ard 35mm Photographic Sound Motion-
Picture Film, Usage in Camera, PH22.2-
1961). This is equivalent to 24 frames per 
second (approximately 18 inches per second). 

6. Revision of American Standard 
Referred to in This Document 

When the following American Standard re-
ferred to in this document is superseded by a 
revision approved by the American Stand-
ards Association, Incorporated, the revision 
shall apply: 

American Standard 35mm Photographic 
Sound Motion-Picture Film, Usage in 
Camera, PH22.2-1961 

NOTE: The dimensions in the inch system are the funda-
mental standard. The dimensions in the metric system 
are practical approximations based on American 
Standard Inch-Millimeter Conversion for Industrial Use, 
548.1-1933, reaffirmed in 1947, which provides a 
conversion factor of 1 inch = 25.4 millimeters. 

Approved April 25, 1962, by the American Standards Association, Incorporated 
Sponsor: Society of Motion Picture and Television Engineers • Univegeat Decimal Clauifieation 

1(rE>JC:02892trbeZt827/eelr:Irlilerh 1**e"end" PAriŠAetiajied 

Fig. 17-169A. USASI (ASA) Standard for the 35-mm and 17.5-mm sound track 

placement. 
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Fig. 17-16911. USASI (ASA) Standard PH22-108-1958 reaffirmed in 1965. 
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Fig. 17-170. Frequency tolerance limits for recording on 8-mm magnetic film. 

characteristics.—Typical recording pre-
equalization characteristics for tapes of 
3% to 15 ips are given in Figs. 17-172A 
to C. As it was pointed out in Question 
17.155, the reproducing equalization 
must be adjusted first by the use of a 
Standard test tape. After playback 
equalization has been set, the recording 
equalization is adjusted to produce a 
characteristic that conforms to the NAB 
Standard reproducing characteristic. 
The recording equalization curves 
shown in Figs. 17-172A to C are only 
a guide to what is generally required 
and represents no particular recorder. 
The equalization varies slightly from 
recorder to recorder, depending on the 
head characteristics, electronics, tape 
speed, and many other factors. How-
ever, the recorder reproducing response 
must fall within the NAB Standard Bin-

+15 

in +10 

a +5 
(2 

0 0 

5 
20 40 eo 200 400 kHz 2kHz 

FREQUENCY IN HERTZ 

its to start, then the recording equaliza-
tion must be adjusted for a record-
playback response that falls within the 
reproducing limits. Under these condi-
tions the recorder, insofar as the fre-
quency response is concerned, meets the 
NAB Standard reproducing characteris-
tic. (See Question 17.162.) 

17.173 Show the electrical charac-
teristics required in a %-inch tape re-
corder playback amplifier using NAB, 
AME, and CCM- equalization.— Such 
electrical characteristics are given in 
Figs. 17-173A to C. In adjusting the 
equalization in a preamplifier, it is con-
venient to adjust the equalization by 
use of an injection measurement dis-
cussed in Question 17.217. The CCIR 
response is used in Europe, and the 

AME (Ampex Master Equalization) is 
used for special recordings in the 

3 75!psOE 

7.5 ips 

Mips 

4kHz 10kHz 20kHz 

Fig. 17-172A. Typical recording (pre-equalization) for 1A-inch tape recorders using 

NAB characteristics. 
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United States. Commercial recorders 
are sometimes equipped with plug-in 
equalizer boards having these char-
acteristics. 

17.174 What are the pre- and post-
equalization characteristics for I6-mm 
magnetic film?—Typical equalization 
requirements are given in Fig. 17-174 
and are held to within plus-minus 1 dB, 

+10 
o 
-J 
w +5 
co 

0 

with reference to 1000 Hz. (See Ques-
tion 17.175.) 

17.175 What are the pre- and post. 
equalization characteristics required for 
35-mm magnetic filmt—Typical charac-
teristics are given in Fig. 17-175. It will 
be observed that only a small amount 
of high frequency pre-equalization is 
employed, while considerable low fre-

20 40 100 200 400 !kHz 2kHz 

FREQUENCY IN HERTZ 

Fig. 17-1728. Typical pre-equalization for Ampex Master 

(AME) at 15 ips. 
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4kliz 10kHz 20kHz 

Recoding Equalization 

7.5ips 

10kHz 20kHz 

Fig. 17-172C. Typical pre-equalization characteristics for 1/4 -inch tape 
running 7.5 and 15 ips using the CCIR (DIN) Standard. 
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Fig. 17-173A. Typical post-equalization for 1/4 -inch 
characteristic. 
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Fig. 17-1738. Typical post-equalization for 1/4-inch tape recorders using Ampex 

Master Recording Equalization (AME) at 15 ips. 
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Fig. 17-173C. Typical post-equalization curves for 
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14-inch recorders using CCIR 
characteristics, at 7.5 and 15 ips. 
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Fig. 17-174. Record-playback characteristics for a typical 16-mm magnetic film 
recorder running 36 fpm. 
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quency post-equalization is used, and is 
greater than that generally used with 
Y4-inch magnetic tape. 
When recording dialogue, the low 

end is gradually rolled-off for reasons 
discussed in Questions 4114, 6.122, and 
18.81. Midrange high-frequency equali-
zation also is used, when necessary. 

17.176 Show a block diagram for a 
magnetic film production recording chan-
nel.—A block diagram of a typical two-
position magnetic film recording chan-

+25 
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(OE, +10 w 
w 
co 
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10 
4kHz 

4kHz 10kHz 20kHz 

nel for motion picture production is 
shown in Fig. 17-176. At the left are two 
inputs for microphones, followed by two 
dialogue equalizers. These equalizers 
provide low-frequency rolloffs for dia-
logue equalization, and a flat position 
for music. Following the equalizers is a 
two-position mixer network feeding a 
booster amplifier. A slating or talkback 
microphone is fed into one side of the 
mixer network for communication with 
the recordist and the boom man. 

-- -- RECORD PRE- EQUALIZATION 

-0-0- PLAYBACK POST EQUALIZATION 

- RESULTANT j I,5dB 

..1111, 
•••• 

••• 

20 40 100 200 400 'kHz 2kHz 

FREQUENCY IN HERTZ 
10kHz 20kHz 

Fig. 17-175. Typical 35-mm magnetic film record-playback equalization char-
acteristics. 
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At the output of the booster amplifier 
is an internal high frequency-low fre-
quency equalizer for adjusting the re-
cording characteristics to the particular 
linear speed of the recorder, 16, 17.5, or 
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35 mm. This equalizer network is in a 
negative-feedback loop, between the 
booster and recording amplifier, and 
when once adjusted is not readjusted. 
From the output of the recording am-
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Fig. 17-176. Block diagram for a typical magnetic film 
picture production. 

recording channel for motion 
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plifier, the signal is applied to the re-
corder. The VU meter is connected at 
the output of the recording amplifier 
and is employed for reading both the 
bias current and the recording levels. 
Monitoring for the mixer and the boom 
man are also taken at this point through 
isolation pads for reducing the level to 
the recipients. From the output of the 
mixer, the signal is fed to a high-fre-
quency pre-equstlizPr used for compen-
sating the head characteristics of the 
recorder, and then to a 60-kHz bias 
filter used to prevent the bias-oscillator 
current from feeding back into the re-
cording circuits. At this junction, the 
bias-current oscillator is also connected. 
After passing through the filter, the 
current is then applied to the recording 
head. A second meter is mounted on the 
recorder for monitoring the bias current 
and the 24-Vdc supply to the system. 

After the signal has been recorded on 
the magnetic film, it is picked up by the 
reproduce head, amplified, and fed to a 
relay that automatically connects the 
output of the reproduce amplifier to the 
recordist's headphones. When the re-
corder is in motion, the relay connects 
the recordist's headphones to the output 
of the recording amplifier, thus provid-
ing direct monitoring. When the re-
corder is in operation, there is a small 
time delay between the direct sound 
and the recorded sound; however, the 
delay is of little consequence to the re-
cordist, as he is primarily interested in 
the quality of the sound and not the 
action. If the mixer wishes, he may 
monitor directly from the film, but in 

this instance, the sound would be out of 
sync with the action. Switches on the 
recorder provide for reversing the di-
rection of the film travel for rewind or 
playback. Equipment similar to the 
block diagram is pictured in Fig. 
17-177A. 

17.177 Describe the construction of 
portable magnetic film recording chan-
nels.—The Westrex Series 1200 portable 
magnetic film recording channel pic-
tured in Fig. 17-177A consists of a mixer 
and magnetic recorder. The basic film-
transport system is similar to that in 
Fig. 17-42B and is available for 16-, 
17.5-, and 35-mm film operation. The 
film-transport system includes a timing 
belt, gear-reduction box, a 32-tooth 
stainless-steel film sprocket (35 mm), 
filter arms, fluid damping dashpot, and 
two impedance fly wheels. 

The signal for the recorder is taken 
from the LRA-1592 mixer unit at the 
left. Also contained in the recorder case 
is a transistor bias oscillator, reproduc-
ing amplifier, bias-rejection filter, and 
a variable high-frequency pre-equal-
izer. Bias current is indicated on a 
meter mounted at the right of the front 
panel. The input and output impedance 
is 600 ohms. Frequency response is 
plus or minus 1 dB, 60 to 10,000 Hz. 
Signal-to-noise ratio is 60 dB for a plus 
16 dBm signal at the output of the re-
cording amplifier. The block diagram is 
quite similar to that of Fig. 17-176. 
A portable magnetic film recording 

channel, Model M-2, manufactured by 
Amega, appears in Fig. 17-177B. The 
transport system employs a tight-loop 

Fig. 17-177A. Westrex Series 1200 portable magnetic film recording channel, 
manufactured in Rome, Italy. 



Fig. 17-177B. Amega Model M-2 portable magnetic film recording channel. 

system using three motors, one for driv-
ing the film sprocket, and two torque 
motors for the supply and take-up reels, 
using a differential circuit to assure a 
tight wind. A ball bearing damping sys-
tem is used to reduce flutter to less than 
0.15 for 16-mm, and 0.10 for 35-mm 
Mm. The amplifier system is transistor-
ized, using module-type construction 
which, if required, may be replaced 
from the front of the mixer case. The 
view in Fig. 17-177C shows the interior 
construction. The transport system may 
be obtained for 16-, 17.5-, or 35-mm 
film. Frequency response is plus-minus 
2 dB, 45 to 10,000 Hz, with 0.10-percent 
total harmonic distortion from the film. 
Recording level is 10 dB below satura-

THE AUDIO CYCLOPEDIA 

tion. Signal-to-noise ratio at 0.10-per-
cent distortion is 58 dB. Key switches at 
the lower portion of the amplifier case 
provide for reading the bias current, 
recording levels, monitoring direct or 
from film, dialogue and music equaliza-
tion, and the selection of either the re-
cording or playback modes. 
A second magnetic film channel man-

ufactured by Amega, pictured in Fig. 
17-177D, is of particular interest, as it 
uses 16-mm magnetic film and is either 
internal battery or ac operated. The 
complete unit including the battery 
weighs 22 lbs, and may be carried by a 
shoulder strap. Synchronism with cam-
era is achieved by the use of a sync-
pulse generator at the camera. The 60-

Fig. 17-177C. Interior view of Amega Model M-2 portable recording channel am-
plifier showing modular construction. 
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Hz sync pulse from the camera is am-
plified through an inverter and controls 
the speed of a salient-pole synchronous 
motor gear-coupled to the sprocket 
drive. A built-in 60-Hz frequency gen-
erator permits using the recorder for 
synchronous sound with no external 
power or frequency regulation. Torque 
motors are used for both take up and 
rewind. The audio facilities provide for 
a microphone input, bridging input, dia-
logue and music equalization, head-
phone jack, and monitor gain control. 
Switching is provided for record, play-
back, forward and rewind, and internal 
and external power operation. A simpli-
fied block diagram of its basic operation 
is shown in Fig. 17-177E. The width of 
the sound track is 200 mils. All electron-
ics are solid-state. Frequency response 
is plus-minus 2 dB, 50 to 10,000 Hz, with 
less than 1-percent total harmonic dis-
tortion from the film. Flutter is less than 
0.15 percent in any band, and 0.2 percent 
from 0 to 200 Hz (overall). Signal-to-
noise ratio is 50 dB. 

In Fig. 17-177F is shown a Model 
PM-64, 17.5-mm, 45-fpm magnetic film 
recorder manufactured by RCA. The 
various components are indicated and 
are typical of a magnetic film recorder 
used for shooting motion picture pro-
duction. This unit is used in conjunction 
with a portable mixer containing the 
amplifying equipment. The various 
components indicated are: A, AA sup-

ply and take-up reels; B, BB guide rol-
lers; C, CC guide rollers; D, DD feed and 
take-up sprockets; E, BE tight-loop 
rollers; F, FF magnetic head guide rol-
lers; G, GG recording and playback 
heads; H head compartment cover; I 
bias current meter; J, JJ locking idlers; 
K footage counter; L carrying handle; 
M magnetic film; N external connection 
panel; 0 record-playback switch; P 
forward-reverse switch. The foregoing 
• recorder may be operated from 177 Vac 
or from a camera motor supply system. 

17.178 Describe the construction of 
studio recording equipment.—A group of 
magnetic film recorder-reproducer ma-
chines are illustrated in Fig. 17-178A, 
manufactured by Magna-Tech Elec-
tronics Co. These machines are designed 
for motion picture rerecording use, with 
several features that make these ma-
chines quite suitable for small or large 
studio operation. Starting at the left, the 
first four racks house dual machines 
that are mechanically and electrically 
independent of each other, and employ 
dual-film sprockets for running either 
16/35-mm or 17.5/35-mm magnetic film. 
In the illustration, machines one and 
four are 16/35-mm, machine two is 
35-mm single-track, machine three is 
17/35-mm, and machine five is 35-mm 
three-track. The dual machines may be 
run straight synchronous, or selsyn in-
terlock using a dual selsyn interlock 
distributor described in Question 3.56. 

Fig. 17-177D. Amega Model 3-M portable 16-mm synchronous magnetic film 
recorder. 
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The distributor system may be con-
trolled from the rack or from a remote 
position. - When the speed is changed, 
proper equalization for the speed used 
is automatically inserted. With such 
combinations of linear speeds, sound 
tracks of different sizes and linear speed 
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may be intermixed. If a 17.5-mm opera-
tion is required, the distributor is such 
that the machine runs at 45 fpm. An in-
terlocking phasing circuit prevents 
leaving a stalled interlock motor on the 
distributor bus in an incorrect position, 
or on a point. The phasing control closes 
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Fig. 17-177E. Block diagram for Amega Model 3-M portable 16-mm synchronous 
magnetic film recorder. 
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Fig. 17-177F. The RCA Model PM-64 portable 17.5-mm magnetic 

motion picture production. 

only after the rotor is correctly aligned. 
The feed and take-up reels are driven 
by torque motors which maintain the 
proper film tension at all times. An 
electrical braking system prevents the 
fihn from unspooling. 

The machines are also capable of be-
ing reversed for rehearsing down in a 
reel while still maintaining sync, and 
for correcting mistakes during record-

\ 
P CCM 0 N 

film recorder for 

ing. The recorder is designed to go in 
and out of recording without introduc-
ing noise in dialogue or music; thus, the 
necessity of cutting the film into loops 
is eliminated. The recording and re-
producing heads are prealigned and 
may be interchanged without realign-
ment. Each head is surrounded by a 
Mumetal shield. The electronics are 
completely transistorized. The flutter for 

Fig. 17-178A. Combination recorder-reproducer equipment manufactured by Magna-
Tech Electronic Co., inc. 
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Fig. 17-178B. Westrex Model LRA-1552 
recorder-reproducer manufactured in 
Rome, Italy. Machine records a single 
track on 35-mm magnetic film at 90 

fpm. 

16-mm equipment is 0.10 percent and 
0.08 percent for 35 mm. The frequency 

response meets the standard of the in-
dustry, with a maximum total harmonic 
distortion of 0.5 percent. Signal-to-noise 
ratio is 65 dB below 100 percent modu-

Fig. 17-178D. Westrex Model ST-510 
multiple recorder-reproducer manufac-
tured in Rome, Italy. Transistor ampli-
fires are mounted below the lower trans-

port system. 

lation. The tracks are 200 mils in width; 
single tracks are recorded in the num-

ber 1 position. 
A Westrex Model LRA-1552 35-mm 

single-track recorder-reproducer is il-
lustrated in Fig. 17-178B. The top panel 

Fig. 17-178C. Close-up of Westrex Model LRA-1552 transport system and head 
mounts. The threading path is shown in Fig. 17-178B. 
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contains a torque motor-feed-reel spin-
dle, feed roller and idler, fast forward 
stop and fast rewind controls, and a 
film-threading lamp which lights if the 
film is threaded plus-minus one 
sprocket from normal. The head assem-
bly is prealigned and may be removed 
for cleaning and inspection and replaced 
without realigning. The frequency re-
sponse, distortion, and signal-to-noise 
limits meet the industry standards. 
A multiple recorder-reproducer, 

Model ST-510, also manufactured by 
Westrex, is shown in Fig. 17-178D. This 
machine incorporates in a single cabinet 
three reproducers, one of which may 
also be equipped for recording. The 
basic speeds may be 16-, 17.5-, or 
35-mm magnetic filin. A rear view is 
given in Fig. 17-178E, and shows the 
mechanical drive coupling system be-
tween the three transport systems. A 
single motor drives the three systems; 
however, a means of decoupling any 
one of the three units from the main 
drive is provided. Each transport system 
is designed as a complete unit, except 
for the common drive. If desired, the 
driving system may be modified for in-

Fig. 17-178E. Rear view of Westrex 
Model ST-510 multiple recorder-repro-

ducer. 

dependent drive and control. The trans-
port system uses the Davis tight-loop 
system, with a single film sprocket and 
dual impedance or fly wheels. A knob 
on the front panel of each film sprocket 
permits a particular transport system to 
be disconnected from the common drive 
shaft permitting the alignment of the 
sync mark without unthreading the film 
after the motor drive system has been 
interlocked. Torque motors and electro-
mechanical brakes are employed for the 
rewind and take-up motors. Indepen-
dent fast-forward and rewind are pro-
vided for also. The transport systems 
may be driven selsyn interlock or syn-
chronous, depending on the local re-
quirements. 

Flutter is less than 0.08 percent at 90 
fpm. Amplifier distortion is less than 1 
percent at plus 12 dBm. The frequency 
response and distortion meets the in-
dustry standards. Signal-to-noise ratio 
is 65 dB re: 100-percent modulation. 
The amplifiers are of modular design, 
completely transistorized. 

17.179 Describe a 1/4 -tape sync-
pulse recorder for motion picture produc-
tion use.—The recorder pictured in Fig. 
17-179A is the well-known Nagara III 
1/4 -inch magnetic tape recorder-repro-
ducer, using the Neopilot (sync-pulse) 
system, manufactured by Kudelski of 
Lausanne, Switzerland. This recorder is 
used by many motion picture studios 
throughout the world and has many 
features applicable to motion picture 
production. Basically, the recorder is 
completely solid-state, with a 1/4 -inch 
tape transport system powered by a de 
motor driven by internal batteries, al-
though it may (where applicable) be 
operated from an external ac power-
supply unit. The motor is of the perma-
nent magnet electrodynamic type, re-
sembling a d'Arsonval galvanometer, 
with a central magnet. Mounted on the 
motor shaft is a phonic wheel and the 
tape capstan. The phonic wheel passes 
in front of a tachometer head which is 
magnetized. The rotation of the phonic 
wheel over the magnetized head gener-
ates an ac voltage, the frequency of 
which depends on the speed of the 
motor shaft. The signal from the tach-
ometer head is amplified, passed 
through a shaping amplifier, and results 
in a square wave of constant amplitude. 
This square wave operates a servo am-
plifier which, in turn, controls the speed 
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Fig. 17-179A. Negro Ill 1/4 -inch magnetic tape recorder-reproducer, manufactured 
by Kudelski of Lausanne Switzerland. (Courtesy, Glen Glenn Sound Co.) 

of the motor in conjunction with a dis-
criminator-charging capacitor and a 
discharge diode. 
When the recorder is used on motion 

picture production with cameras, a 60-
Hz sync pulse is recorded on the tape, 
along with the audio signal to establish 
synchronism between camera and 
sound. The Neopilot signal (sync-pulse) 
may be taken from a pulse-generator 
on the camera, from the house mains, 
or from the ac voltage of a camera sup-
ply unit, as described in Question 3.88. 

Referring to Fig. 17-179A, the tape-
transport system starts at the supply 
reel A. The tape B leaves the reel and 
passes over tension pully C which is 
movable and supplies a braking action, 
thus applying a constant tension to the 
tape. The tape then passes over two 
flutter-filter rollers D and erase head E. 
On the top surface of the flutter-filter 

rollers are stroboscopic discs for 50 and 

60 Hz, one for each filter. The linear 
speed of the machine is checked by ob-
serving these discs under a 50- or 60-Hz 
light, depending on the particular fre-
quency in use. The speed of the ma-
chine may be set accurately for either 
frequency by internal adjustment. The 
movement of one dot equal to the 
width of one dot at 50 Hz represents a 
change in speed of 1 percent. Varia-
tions in speed of 0.5 percent are quite 
common without the use of a sync-
pulse signal. 

Items F and FF are tape-alignment 
guide posts. The playback head G and 
the Neopilot head (sync-pulse head) H 
are next, followed by the record head L 
At J is the capstan (on the motor 
shaft), with a neoprene pinch wheel at 
K. From this point the tape passes over 
another tension pulley CC and to the 
take-up reel AA. The controls consist 
of a playback-line input control 0, a 

Fig. 17-179B. Plan view of the transport system and heads for Negro Ill %-inch 
magnetic tape recorder, manufactured by Kudelski, Lausanne Switzerland. 
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Fig. 17-179C. Block diagram for Negro III %-inch magnetic tape recorder manu-
factured by Kodelski, Lausanne Switzerland. 

microphone input level control Q and a 
function switch R. An oscillator push 
button (P) supplies a 3000-Hz signal for 
recording a reference tone at the head 
end of the roll for use later in transfer-
ring operations. This signal is recorded 
at the head end of each roll at a prede-
termined level and adhered to through-
out the whole sequence of the sound 
department operations. Pin jacks are 
supplied at N for headphones. Return-
ing to the function switch R, this switch 
has two sets of six positions—six for 
working from internal batteries and six 
for operating from an external power 
supply. The positions include: stop, test, 
hi-fi record, and automatic record, 
which provides automatic control of the 
recording level when using a micro-
phone with attenuation for the low fre-
quencies. However, the quality of the 
recorded signal in this latter position 
(according to the manufacturer) is not 
as good as when used in the hi-fi record 
position, and is used principally for dia-
logue recording, not music. This control 
affects only the microphone input cir-
cuit, and not the line input. 

To indicate that the sync-pulse signal 
is present and being actually recorded, 
an indicator S, with a shutter, turns 
white when the signal is on and black 
when the signal is off. An accelerator 
button T permits the transport system 
to be speeded up for fast-forward tape 
movement during playback. VU meter 
U has two scales, one for measuring the 
battery voltage and a second for indi-
cating the recording levels. The desired 
scale is selected by switch R. The VU 
meter has about a 6-dB lead. (See 
Question 17.163.) The thumb screw V is 
for attaching a shoulder strap; a second 
screw is placed on the opposite end (not 
shown). The microphone plug W em-
ploys a standard XL 3-pin Canne plug. 
The input impedance may be set for 
either 50 or 200 ohms by changing an 
internal connection. As the machine has 
three speeds, a switch X provides the 
speed change and necessary equaliza-
tion. The equalization meets the CCIR 
and NAB Standards for 15 and 7% ips. 
For 3% ips only the NAB Standard is 
used, as this characteristic provides 
greater signal-to-noise ratio and less 
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distortion at this speed, as compared to 
the CCIR. 

Control L is a start-stop lever with 
an interlock push button (ZZ in Fig. 
17-179B) for the transport system. Con-
trol K closes the pinch wheel against 
the motor capstan to provide tension 
between these two, and for pulling the 
tape over the heads. An internal loud-
speaker Y provides a means for moni-
toring playback. A push button (not 
shown) allows the selection of direct or 
tape monitoring. At the rear of the case 
is a line input, output terminals, and a 
plug used for the ac pulse signal. At the 
right hand end (not shown) are con-
nector plugs used for the operation of 
a resolver unit, described in Question 
3.84, an external power supply, bridging 
input, and other connections. 

For battery operation, twelve 1.5-volt 
flashlight batteries (or rechargeable 
batteries) are required. A plan drawing 
of the tape-transport system and heads 
is given in Fig. 17-179B, with the prin-
cipal components indicated, using the 
same callouts for identification as used 
in Fig. 17-179A. The total weight of the 
recorder with batteries is about 16 lbs. 
A block diagram of its several sections 
appears in Fig. 17-179C. 

The frequency response at 15 ips is 
plus-minus 1 dB, 30 to 18,000 Hz and at 

ips the same tolerance, 40 to 15,000 
Hz. Harmonic distortion is 2 percent 
third harmonic, 0.5 percent second har-
monic. Signal-to-noise ratios average 
minus 62 dB below the 100-percent re-
cording level, using a weighting net-
work described in Question 5.98. Era-
sure is 80 dB below 100-percent modu-
lation. If the machine is to be used for 
playback on location, the tapes are pre-
recorded at the studio, including the 
sync pulse. Flutter measures 0.06 and 
0.08 rms for speeds of 15 and 7% ips, 
respectively. Operating environment 
temperature range is minus 20 to plus 
50-degrees centigrade. Sync-pulse oper-
ation is discussed in Question 3.78. 

17.180 Show a transistor plug-in 
type amplifier for use in recording sys-
tems.—An interior view of a 1-watt 
plug-in monitor amplifier, manufac-
tured by Stancil-Hoffman, mounted on 
an octal base is pictured in Fig. 17-180A. 
A mixer-record-reproducer amplifier is 
shown in Fig. 17-180B. The amplifier 
combination provides for two micro-
phone inputs, record-playback ampli-

Fig. 17-180A. Interior view of Stencil-
Hoffman 1-watt plug-in monitor ampli-

fier Model AW70-1. 

fiers, bias oscillator, and monitor ampli-
fier all of plug-in transistor design. This 
amplifier is used in the machine pic-
tured in Fig. 17-208A. 

17.181 What is pre- and post-
striped film?—Post-striped film is an 
existing motion picture filin which has 
been processed, with a magnetic stripe 
added. The magnetic stripe may be 
placed on either the smooth or emul-
sion side, provided certain precautions 
are observed during the striping opera-
tions. Pre-striped raw stock is used in 
single-system cameras, similar to news 
reel, where the sound and camera are 
operated by one person. A single frame 
of post-striped film is given in Fig. 
18-181. Not all types of photographic 
film can be pre-striped. Before pre-
striping any filin, the processing labora-
tory should be consulted. (See Question 
17.191.) 

17.182 Describe a cassette used in 
magnetic recorders and reproducers.—A 
cassette is a removable housing contain-
ing a length of magnetic tape, generally 
with prerecorded program material. 
They are used in automobile tape re-
producers, portable, and home repro-
ducing equipment. Blank tape may also 
be inserted for recording purposes. The 
program material may be for mono-
phonic or stereophonic reproduction. 
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Fig. 17-180B. Stancil-Hoffman Model ARP70 transistor amplifier system for mixing, 
recording, or reproducing either magnetic tape or film. 

The term cassette is taken from the 
name of the container used with still 
cameras for holding mm. 
When a cassette is inserted in the re-

corder-reproducer, the magnetic head 
automatically makes contact with the 
tape and the driving mechanism. These 
devices are also used for continuous re-
production of program material. Stan-
dards and use of such devices are dis-
cussed in Question 17.230. 

17.183 Give the standard for mag-
netically striping 8- and 16-mm motion 
picture film.—The USASI (ASA) Stan-
dard for magnetically striping 8- and 
16-mm motion picture film is given in 
Figs. 17-183A to C. A balance stripe is 
generally placed on the edge without 
sprocket holes. (See Question 17.191.) 

17.184 What is a half-striped mag-
netic track? —A film base on which 
there is an existing optical sound track. 
Half the optical track is covered with a 
magnetic stripe as shown in Fig. 17-184. 
The purpose of half-striping the optical 
sound track is to permit the film to be 
run on either an optical or a magnetic 
sound reproducer. 

Half-striped sound tracks are gener-
ally confined to variable-density types. 
However, some work has been done 
using variable-area optical tracks of 
certain types, such as the double bilat-
eral and duplex. (See Fig. 18-299A.) 
But, because of the size of the modula-
tions and the fact that the stripe must 
be placed in the exact center of 
the modulations, striping variable-area 

v 11F 

IMP 

•• 

Fig. 17-181. 16-mm single perforated 
base with 100-mil magnetic stripe and 
a balance stripe on the opposite edge. 

tracks has not met with too much suc-
cess. Covering half the sound track will 
also increase the distortion. 

Half-striping an optical sound track, 
regardless of the type, reduces the 
sound output by 6 dB, a loss of 50 per-
cent in output level. In some instances, 
this may become serious because the 
signal-to-noise level is also reduced. 

This system of magnetically striping 
motion picture film was first suggested 
by George Lewin of the US Army 
Pictorial Center. 

17.185 What is a balance stripeP— 
A narrow magnetic strip placed on the 
film base on the opposite edge from the 
magnetic stripe. The balance stripe 
equalizes shrinkage of the film and thus 
prevents uneven winding and warpage 
of the film when wound or in storage. 
The balance stripe is applied at the 
same time the stripe for the sound track 
is applied and is the same thickness. A 
typical balance stripe is pictured in Fig. 
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17-181 and in the Standards in Figs. 
17-183A and B. (See Question 17.191.) 

17.186 For what purpose is full-coat 
magnetic film used?—Full-coat mag-
netic film is used where only the best 
recording quality is desired and is gen-
erally used for original music recording 
or the recording of a master composite 
sound track during a dubbing session. 
This applies equally well to 16-mm 
magnetic film. Although 17.5-mm mag-
netic film is also full-coat, it is, as a 
rule, confined to the recording of dia-
logue on production recording. Because 
the filin is narrow and has only one line 
of sprocket holes, it has a tendency to 
buckle around the sprocket holes and 

induce flutter. The small amount of flut-
ter induced as far as dialogue is con-
cerned may be ignored. Recording 
equipment using 17.5-mm film must be 
carefully maintained as a slight amount 
of dirt on the film sprocket, idler rollers, 
or film tension can cause the fihn to 
jump the film sprocket quite easily. 
(See Questions 17.30 and 17.197.) 

17.187 What is mag-optical track? 
—It is a sound track applied to a motion 
picture release print, using separate 
photograph and magnetic sound track. 
The term "mag-optical" is also applied 
to reproduction machines having facili-
ties for reproducing both magnetic and 
photographic sound track. 

American Standard Dimensions of 

100-Mil Magnetic Striping on 16mm 
Motion-Picture Film Perforated One Edge 

gSA 

Ra. U.S. Per 0g. 

PH22.87-1966 
Redden of 

PH22.871958 

•UOC 778.554.4 

1. Scope 

This standard specifies the location and dimen-
sions of the magnetic striping material applied 
to 16mm motion-picture film with perforations 
along one edge. This film is used for both pic-
ture and sound. 

2. Magnetic Striping 

2.1 Dimensions. The dimensions shall be as 
given in the figure and table. 

2.2 Material. The magnetic striping material 
shall be on the side of the film toward the (amp 
on a projector arranged for direct projection 
on a reflection-type screen. 

3. Film Base 

The film base used shall be of the low-shrink-
age safety type, cut and perforated in accord-
ance with American Standard Dimensions for 
16mm Motion-Picture Film, 1R-3000, PH22.12-
1964, or American Standard Dimensions for 
16mm Motion-Picture Film, 1R-2994, PH22.109-
1965. 

1./GOT BENI PC* 
°MELT PROJECTION 
ON REFLECTING 
SCREEN 

Inches Millimetern Dimensions 

A 

C 

0.005 
0.100 4- 

— 0.000 
0.005 max 0.13 
0.628 nom 

0.13 
2.54 4. 

max 
16 nom 

NOTE: The balance stripe is optional and may be a 
magnetic coating or another material of the some 
thickness. 

Appendix 
(fhb Appendix it not o port of Amerkan Standard Dimensions of 101/Mil Magnege Striping 04. lgrnet Motion-Pidure Film Perforated One 
Edge, PH22.87-1966, but ix Included to facilitate itt nee.) 

The outer edge of the magnetic striping ideally 
should be coincident with the edge of the film, and 
for this reason, Dimension 11 as listed is based upon 
practical considerations of present striping techniques 

and film-handling mechanisms. 
made to reduce this dimension 
sistent with the best uniformity 
flatness of stripe profile. 

Every effort should be 
as far as possible, con-
of stripe thickness and 

Approved June 30, 1966, by the American Standards Association, Incorporated 

Sponsor: Society of Motion Picture and Television Engineers, Inc. TU•Neael Mama Climirstathe 

CAE.Efight IOU by Ile Aarnica. Scutari. »model«, loarpoisüd 
It E. Ebb !MN. Re. York, N. Y. IRENI 

PAWN la UNA 

Fig. 17-183A. USASI (ASA) Standard for magnetically striping 
16-mm motion picture film. 

single perforated 
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American Standard Dimensions of 

Magnetic Striping of 16mm Motion-Picture Film, 

Perforated 2R-3000 

Rm. U.S. Pd. 01. 

PH22.101-1963 

flevition of 
PH22.101-1956 

'UDC 778.534.4251771.526 

1. Scope 

Thiš standard specifies the location and 
dimensions of the magnetic striping material 
applied to 16mm motion-picture, film with 
perforations along both edges to be used 
for both picture and sound. 

2. Magnetic Striping 

2.1 The location and dimensions of the 
magnetic striping shall be as given in the 
figure and table. 

2.2 The magnetic striping is on the side of 
the film toward the lamp of a projector ar-
ranged for direct projection on a reflection 
type screen. 

2.3 The No. 1 magnetic stripe is intended 
for the sound record. 

3. Film Base 

The film base used shall be of the low-shrink-
age safety type, cut and perforated in ac-
cordance with American Standard Dimensions 
for 16mm Film, Perforated Two Edges, PH22.-
5-1953. 

LliNT •LOJI 
ct MOJECT•0•1 

131-71—nensions 

A 

MOIL 

I 

Inches Millimeters 

0.031 max 
0.028 min ' 

0.000 + 0°•°°5 

0.628 nom 

0.79 max 
0.71 min 
0.00 0.13 

15.95 . nom 

NOTE The No. 2 stripe is an optional balance stripe 
and may be a magnetic coating or another material of 
the same thickness. 

APPENDIX 

tnh'Appendig is notepad of American Standord Dimendont of Magnetic Striping of 16unnt Motion-Neon film, Perforated 25-3000, 
PH22.101-1963, but is Included le %allele Ile rte.) 

The outer edge of the magnetic striping ideally should 
be coincident with the edge of the film, and for this 
reason the dimension B is given as zero. The tolerance 
listed is based upon practical considerations of present 

striping techniques and film handling mechanisms. 
Every effort should be mode to reduce this tolerance os 
far os possible, consistent with the best uniformity of 
stripe thickness and flatness of stripe profile. 

Approved March 28, 1963, by the American Standards Association, Incorporated 
Sponsor: Society of Motion Picture and Television Engineers 

• Ilni•ental flemiliretinn 

len1 by Menefee Sterielorde Amorietinei. liteepetetrel 
11,met SOU. Street, New Teel, to. rov. 

Printed in 
ASA11460.1/703 

Fig. 17-1838. USASI (ASA) Standard for magnetically striping double-perforated 

16-mm motion picture film. 

17.188 Describe an editorial mag-
optical sound track.—In the early days 
of magnetic recording, a combination 
magnetic and optical striped film was 

used to aid the film editor in synchro-
nizing the picture as the modulations of 
the magnetic sound track are invisible. 

The film base appeared as pictured in 

Fig. 17-188. The picture which is on a 
separate film base is placed under the 
clear portion of the striped film for syn-
chronizing the action with the sound. 
This system of magnetic recording is 
now obsolete. 
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17.189 What is the standard for 

theater release prints, using four mag-

netic sound tracks?—The sound track 
placement is given in the USASI 

(ASA) Standard, Fig. 17-189. 

17.190 Describe a magnetic sound 

track laminating machine.—Magnetic 

sound track laminating machines are 

used to apply a magnetic stripe to an 
existing optical print, requiring only a 

single sound track. In a method devel-

oped by Siemens and Halke of West 

Germany, the laminate consists of a 

polyester foil backing, manufactured by 

AMERICAN STANDARD 

Magnetic Coating of 

8mm Motion-Picture Film 

Reg. US. P.'. OF,. 

PH22.88-1936 

'UDC 778.5.771.S111.551.2 

I. Scope 

1.1 This standard specifies the location and 
dimensions of the magnetic coating material 
applied to 8mm motion-picture film to be 
used for both picture and sound. 

2. Magnetic Coating 

2.1 The location and dimensions of the mag-
netic coating shall be as given in the diagram 
and table. 

2.2 The magnetic coating is on the side of 
the film toward the lamp of a projector ar-
ranged for direct projection on a reflection 
type screen. 

LIGHT K.A. 
PACO! IMOACTION 
Cod COMILOOK 
SONEC91 

MONK TX CO., 

Dimension Inches Millimeters 

A 

8 

C 

0.031 max 
0.028 min 

0.002 max 

0.315 nom 

0.79 max 
0.71 min 

0.05 max 

8 nom 

Approved April 24, 1956, by the Anwrican Standards Association, Incorporated 
Sponsor: Society of Motion Picture and Television Engineers 

eniveml Deriml 

Isr;-",n6U%OEt, e."77 irr"—• "--"" Prürted in U.S.4. Price. 25 Cans 

Fig. 17-183C. USASI (ASA) Standard for magnetically striping 8-mm motion picture 
film. 
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Agfa-Gevaert, which is preheated to 
approximately 120 degrees centigrade, 
then pressed on the 16- or 35-mm film 
base (Fig. 17-190). After the applica-
tion, the polyester backing is removed 
from the magnetic striping material, 
leaving a smooth deposit of magnetic 
oxide. After laminating, the filin is re-
corded in the usual manner. The trade 
name for this system is Com-Mag. 

Fig. 17-184. A 16-mm half-striped var-
iable-density optical sound track. The 
half-stripe permits either the optical or 
magnetic sound track to be reproduced. 

17.191 Describe a portable liquid 
magnetic film striper.—A portable liquid 
type magnetic film striper is pictured in 
Fig. 17-191. This machine may be used 
for striping clear base 16-mm film, or 
applying a sound track to an existing 
picture. The machine shown is a Model 
P-16 liquid magnetic Magna-Striper, 
manufactured by Reeves Soundcraft 
Corp. Magnetic stripes may be applied 
in the standard positions for 16-mm 
magnetic film. Two types of liquids are 
available for striping, one for the emul-
sion side, and the other for striping on 
the base side. The magnetic emulsion is 
packaged in plastic bottles, which are 
mounted vertically on the striping 
mechanism at the right end of the 
machine. 

Starting at the right of Fig. 17-191, 
the film is fed from a supply reel A to 
the striping mechanism consisting of 
two guide rollers B under a hopper 
head C supported by a sapphire pres-
sure shoe D then over rollers E to film 
elevator F. Here, the film is looped 22 
times from bottom to top of the eleva-
tor. Leaving the bottom of the elevator, 
the film passes to a capstan G and a 

pinch-roller H to the take-up reel I 
driven by spring belt J which is in turn 
driven by another belt by a motor in 
the base of the machine. The liquid 
magnetic emulsion is contained in the 
plastic bottle K with a shut-off valve L. 
Two sapphire-faced shoes are supplied, 
one for 25-mil striping, and one for 100-
mil striping. The wider shoe may also 
be used for both half and full striping. 
When the machine is transported, the 
upper portion of the elevator arms are 
laid left and right. The operating envi-
ronment is limited to a low value of 60 
degrees Fahrenheit, with a relative hu-
midity of 85 percent. If the magnetic 
stripe must be placed on the emulsion 
side of the mm, special precautions 
must be taken during the striping oper-
ations. The striping equipment manu-
facturer should be consulted for this 
procedure. 

i_r11111711FrIrOEFITIr 
WAILS 

MAGNETIC 

AZIMILS 
OPTICAL 

Fig. 17-188. A 35-mm film base with 
both optical and magnetic sound tracks. 
This is used for editing purposes only. 

17.192 On which side of a film base 
should a magnetic stripe be placed?— 
The USAS! (ASA) Standard PH22.101-
1963 specifies: the magnetic coating 
shall be on the side of the film toward 
the projector lamp of a projector de-
signed for use with a reflective type 
screen. However, stripes are placed on 
both sides of the film, because of special 
considerations. If possible, the stripe 
should be placed on the smooth side of 
the base. If it must be placed on the 
emulsion side, special precautions must 
be taken in the striping operations. (See 
Question 17.191.) 

11.193 Can unprocessed film be pre-
striped?—Yes; however, if the mm base 
uses an antihalation coating on the cell 
side, the stripe may be loosened when 
passing through the film-processing 
tanks. The construction of the mm base 
should be ascertained before striping. 
As a rule, most sound-recording stock 
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contains an antihalation coating. (See 

Question 17-191.) 

17.194 After applying a magnetic 

stripe to a silent film, how is the sound 

recorded?—It may be accomplished in 

two ways. First, the film may be 

threaded on a projector-recorder and 

while it is being watched by the narra-

tor, his commentary is recorded. Music 

and sound effects may be added at the 

same time. In the second method the 

film is threaded on a regular magnetic 

film recorder and is recorded in the 

usual manner. (See Question 3.86.) 

American Standard Dimensions of 

Four-Track Magnetic Sound Records for 

35mm Release Prints 

)8 ‘ 
rt.r. U.S. PC. O. 

PH22.137-1963 

'UDC 775.534.425 

1. Scope 

,1.1 This standard specifies the location and 
dimensions of the four magnetic sound stripes 
and of the recording heads to be used 
thereon for 35mm motion-picture prints. 

1.2 This standard specifies the distance be-
tween the sound and corresponding picture. 

2. Film Base 

With the direction of travel es shown in the 
figure, the emulsion side of the film is up, the 
base is down, and the magnetic striping is on 
the base side. 

3. Dimensions 

3.1 The dimensions shall be as specified in the 
figure and table. 

3.2 The cutting and perforating dimensions 
are specified by American Standard Dimen-
sions for 35mm Motion-Picture Film, CS-1870 
PH22.102-1956. 

4. Sound Records 

Track 1 shall be used for the left (as 
viewed from the auditorium) loudspeaker 
channel. Track 2 shall be used for the center 
loudspeaker channel. Track 3 shall be used 
for the right loudspeaker channel Track 4 
shall be used for the surround loudspeaker or 
control signals, or both. 

5. Picture-Sound Separation 

The sound record shall be separated on the 
film from the center of the corresponding pic-
ture by 28 frames A frame in such a direc-
tion that, in normal film motion, the picture 
first passes a given reference point and then 
the corresponding sound passes at a later 
time. 

Alic " me«. 11-(1 

DRAWING SHOWS FILM AS SEEN FROM THE 
LIGHT SOURCE PI THE PROJECTOR 

Dimensions Inches Millimeters 

A 0.059 min 1.50 min 
8 0.063 * 0.003 1.60 * 0.08 
C 0.036 * 0.002 0.91 * 0.05 
D 0.038 * 0.003 0.97 * 0.08 
E 0.171 * 0.002 4.34 * 0.05 
F 1.148 •* 0.002 29.16 * 0.05 
G 1.298 * 0.002 32.97 * 0.05 
H 0.040 * 0.002 1.02 * 0.05 

NOTE: The dimensions given in this standard are 
predicated on the use of unshrunk film. lt is recog-
nized, however, that in practice, one may encounter 
some shrinkage when striping a processed print. 
Specific measurements should take into account the 
overall width of the film as specified by Dimension A in 
American Standard PH22.102-1956. Should the film 
width foil outside the permissible tolerance, all dimen-
sions specified in this standard may be multiplied by 
the ratio of nominal dimensions determined os follows: 

Measured width 
Ratio of nominal dimensions 

Specified width 

Approved December 10, 1963, by the American Standards Association, Incorporated 
Sponsor: Society of Motion Picture and Television Engineers 

• lInivereal Decimal Clmilicaliort 

ellith101926Eit by 4 "er '""P"'" MA1141161/50 

Fig. 17-189. USASI (ASA) Standard for release prints, using four magnetic sound 

tracks. 
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17.195 How are multiple magnetic 
sound tracks on release prints repro-
duced?—Magnetic sound tracks are used 
by the majority of the larger studios. 
Some studios employ four to six sound 
tracks on the release print, depending if 
it is 35 or 70 mm in width. For seven-
track operation or more, a separate 
sound head is used running in inter-
lock with the projector. This subject is 
discussed in more detail in Section 19. 

POLYESTER BACKING 

Pi,eyri7;75 -rOE'OEï;39;-.Y4.-Jee,,-;  

MAGNETIC OXIDE FILM BASE 

Fig. 17-190. Cross-sectional view of 
magnetic sound track laminate as used 
by Siemens and Halske for laminating 

optical film. 

17.196 Describe a combination mag-
netic and engraved editing sound track. 
—A form of magnetic modulation writ-
ing used for making the modulations 
visible to facilitate editorial operations. 
A film base, as shown in Fig. 17-30S, is 
employed with a device which mechani-
cally engraves a sound track by means 

of a sharp-pointed stylus. A typical 
sound track of this nature is shown in 
Fig. 17-196. In some instances the en-
graved sound track is played back simi-
larly to a variable-area sound track for 
cuing purposes. As a rule, the quality is 
quite poor, but good enough to be used 
for cuing. 

Other methods include writing the 
modulations with ink on the smaller 
stripe similar to an oscilloscope pattern 
or a variable-area optical sound track. 
This method is now obsolete. 

liblI81111111111118111fflillbillIMM11181111181 

Fig. 17-196. A 35-magnetic film base 
with a mechanically engraved sound 
track, for editing purposes, in the 100-

mil stripe. 

Fig. 17-191. Reeves Soundcraft Corp. Model P-16 16-mm Magna-Striper machine 
for applying a liquid magnetic oxide to motion picture film base. 
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17.197 Describe the polygoning ef-
fect on 16-mm magnetic film.—Mag-
netic striping or laminating double 
perforated optical film has several dis-
tinct disadvantages over striping or 
laminating single perforated film, among 
these are: double perforated film has 
only space for a 31-mil stripe, resulting 
in a low signal-to-noise ratio. Since the 
stripe is adjacent to the perforations, 
poor head contact occurs every time a 
perforation passes over the head. This 
is caused by the film being more flexible 
in the perforation area than between 
the perforations. This flexing is called 
polygoning and is illustrated in Fig. 
17-197. 

MAGNETIC 
HEAD GAP 

STABILIZER 
DRUM 

Fig. 17-197. The polygoning effect 
caused by the lifting of the magnetic 
stripe from the magnetic head os the 

sprocket holes pass by the head. 

17.198 What is sequential magnetic 
recording?—The artist first records the 
melody using a three- or four-track 
tape recorder. He then records two or 
more harmony tracks, while listening 
to the melody track. AS the tracks are 
all recorded and reproduced on the 
same machine, synchronization is main-
tained. If a master track is to be made, 
they are all rerecorded together as a 
composite track. Generally, the record-
ers used for this type recording are all 
especially designed for this operation, or 
attached to external control equipment. 
It is the usual practice for each record-
ing activity to develop its own system 
and methods best suited for its equip-
ment. 

17.199 Describe fringing effect in a 
magnetic reproducing head and its 
cause.—When using a NAB Standard 
test tape or its equivalent recorded full-
track and played back on a reproducer 
using a two-track, or a four- track, 
head, a rising characteristic is gener-

ally noted at the low frequencies 
around 100 Hz and is often mistaken for 
the tape characteristics. Two factors in-
fluence this rising response, fringing ef-
fects in the playback head and playback 
head bumps. Both these effects are the 
function of the wavelengths recorded 
on the tape and the linear speed of the 
tape. Fringing effects are caused by the 
magnetic flux on each side of the head, 
and under the head gap, contributing to 
the current induced in the head-coil 
winding, and, if great enough, appear 
as an increase in the signal output. 
Fringing effects are more noticeable at 
the lower frequencies and increase with 
a decrease of frequency because of the 
longer wavelengths. The magnitude of 
the fringing effect depends upon the 
head shielding, therefore a definite cor-
rection factor cannot be applied to fit all 
head designs. Tests made at 7% ips 
show that different recorders will ex-
hibit from 1- to 5-dB rise when full-
track tapes are reproduced on narrow-
track heads, although the recording has 
a uniform frequency characteristic. 
Head bumps are a function of play-

back head geometry resulting when the 
pole pieces of the head and the gap pick 
up magnetic flux and transmit it to the 
head winding. As the frequency is de-
creased, bumps and dips in the response 
become apparent. The greatest bump 
occurs when one-half the wavelength 
of the recorded signal is equal to the 
distance between the pole pieces. 
Smaller bumps will be noticeable at 1.5 
and 2.5 wavelengths and so on, with the 
largest dip occuring at 1 wavelength, 
and progressively decreasing at 2 and 3 
wavelengths. Some manufacturers of 
tape recorders provide equalization to 
smooth out these unwanted effects. It is 
recommended by tape manufacturers 
that if full-width tapes are being used, 
and if low frequency equalization is 
provided in the playback circuits, it 
should be adjusted for a flat response at 
the low frequencies to overcome the ef-
fects discussed, since program material 
is also affected in the same manner. 
Standard test tapes recorded especially 
for quarter-track record-reproducers 
are available. 

17.200 Why is 400 Hz used as a 
reference frequency for 16-mm magnetic 
film?—The ratio of an running at 90 
fpm and 36 fpm is 2.5/1; therefore, 400 
Hz running at 36 fpm is equivalent to 
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Fig. 17-202. Basic plan for recording four, 4-track release prints. At the output of 
each recorder is a differential amplifier and an alarm system. 

1000 Hz running 90 fpm. For magnetic 
film, the Standard reference frequency 
for a linear speed of 36 fpm is 400 Hz, 
and for 35-nun running at 90 fpm it is 
1000 Hz. These reference frequencies 
are also used for photographic film re-
cording and reproduction. 

17.201 Can a photocell be used for 
synchronizing a 1/4 -ineh tape recorder 
with camera?—Yes, by the use of white 
marks along the edge of the tape. The 
pulse is picked up by the photocell and 
applied to a resolving device, then to the 
transfer recorder. This method was used 
by RCA before the advent of 60-Hz 
pulse-type synchronization. However, 
several systems have been since devel-
oped for synchronizing Y4-inch tape re-
cordem to cameras and projectors. (See 
Questions 3.78 and 3.81.) 

17.202 Describe how magnetic 
sound track release prints are recorded, 
and the overall /eve/ monitored.—After 
the final recording has been accom-
plished, several submasters are made 
from the dubbed master for recording 
of release prints. The frequency re-
sponse of the submaster is held to 
within plus-minus 1 dB, with reference 
to 1000 Hz; however, a slight tilt-up of 
2 to 3 dB is given low- and high-fre-
quency ends to increase the signal-to-
noise ratio at these frequencies. The 
submaster is placed on a special repro-
ducing machine and its output applied 
simultaneously to the input of several 
magnetic film recorders on which are 
placed the release prints (Fig. 17-202). 
In this manner, each release print be-
comes an original recording. 
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Fig. 17-203A. Butt-splice method of 
splicing magnetic film. 

corded over without difficulty. How-
ever, if possible, splices should be 
avoided in a sound track. The arrow in 
the illustration shows the direction of 
the flux pattern. It will be noted that 
there is an abrupt change at the play-
back head gap when using a lap splice, 
and a gradual change when using a 
butt-splice. 

Regardless of the splice used, all 
equipment employed in contact with 
magnetic film or tape must be de-
gaussed. Splicing tape having 16- or 
35-mm perforations is available from 
several sources of supply. Splices on 
magnetic film may also be made on a 
Bell and Howell diagonal splicer, as 
shown in Fig. 18-199B, provided the 
cutting knives are degaussed daily. This 
is a must because the splicing machine 
has an electric heater under the cutting 
blades, and if the heater is turned off, 
the knives are magnetically charged; 
thus, they must be degaussed. A de-
gaussing tool similar to that shown in 
Fig. 17-90B may be used, except that it 
must be much more powerful. If the 
magnetic tape is run through an edge-
numbering machine, any parts on this 
machine that might contribute noise 
must be degaussed also. The same pre-
cautions must be taken for 1/4-inch tape. 

17.204 When making measurements 
on a magnetic recorder, what precautions 
must be taken?—Oscillators used for 
frequency and distortion measurements 
must not have a maximum of more than 
025-percent total harmonic distortion 
(THD), and perferably less. The output 
of the playback amplifier must be ter-
minated in a noninductive load resist-
ance equal in value to the manufactur-
ers recommendations. If the input of the 
recording amplifier is bridging, the os-
cillator output must also be terminated 
with a noninductive resistor equal to its 
output impedance. For frequency mea-
surements, the levels must be set to 

Fig. 17-203B. Diagonal-splice method of 
splicing magnetic film. 

avoid overloading the recording or 
playback amplifiers. It should be re-
membered when making distortion 
measurements, oscillator distortion can-
not be subtracted directly from the 
measured distortion of the recorder. 
These and other subjects relative to 
measurements on magnetic recording 
equipment are discussed in Section 23. 

17.205 How may the high-frequency 
response of a transformer-coupled mag-
netic playback head be altered?—By the 
addition of a resistance in parallel with 
the output of the head and primary of 
the input transformer as shown in Fig. 
17-205. The added resistance in parallel 
with the primary winding of the trans-
former varies the Q of the parallel res-
onant circuit formed by the transformer 
secondary and the input capacitance of 
the tube, thus affecting the high-fre-
quency response. 

Fig. 17-205. A magnetic playback head 
shunted with a resistance to permit 
variation in the high-frequency response. 

17.206 Describe an ideal magnetic 
reproducing system.—According to the 
NAB Standard, an ideal magnetic re-
producing system is a theoretical repro-
ducing system, consisting of an ideal re-
producing head, composed of a ferro-
magnetic ring in which losses are neg-
ligible. This means that the head gap is 
short and straight, the long wavelength 
flux paths so controlled that no low-fre-
quency contours are present, and the 
losses in the head material are neglig-
ible. The system employs a reproducing 
amplifier, whose voltage conforms to the 
frequency response of Fig. 17-206 with 
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Fig. 17.206. NAB Standard reproducing characteristic. Reproducing amplifier output 
for a constant flux in the core of an ideal reproducing head. 

a constant flux versus frequency in the 
head core. Because of several reasons, 
the flux in the core of an ideal head is 
not necessarily the same as the surface 
flux on the tape. Since most of the 
above effects are not easily measured, 
the NAB Standard is based on an ideal 
head-core flux, rather than surface in-
duction. (See Question 17207.) 

The voltage versus frequency curve 
is to be uniform with frequency, except 
where modified by the equalization 
time-constant T, and T2. The curve ex-
pressed in decibels is: 

N dB 20 Logo) coT,   
V 1 ± (cuTir 

where, 
o) equals 2)f, 
f is the frequency in Hz, 
T, and T, are the time constants given 
below. 

Tape Speed 

15 ips 
7% ips 

ips 
1% ips 

3180-AS 
3180-AS 
3180-µS 
3180-µS 

T, 

50-AS 
50-AS 
90-µS 
90-AS 

The curve in Fig. 17-206 should not 
be confused with the pre-equalizer 
curves of Figs. 17-162A, B and C, as the 
curve in Fig. 17-206 is for a constant-
flux at the reproducer head. The above 
time constants are necessary to attain 
the NAB Standard reproducing charac-
teristic, shown in Fig. 17-206, the re-
sponse for a constant flux using an ideal 
reproducing head. 

17.207 Describe a primary-cali-
brated reproducing system.—Primary-
calibrated reproducing systems are used 
for the purpose of calibrating standard 
magnetic test tapes and films. The sys-
tem must not deviate by more than 
plus-minus 3 dB from the ideal over a 

10kHz 20kHz 

frequency range of interest. The core 
loss of the reproducing head at the 
highest frequency of interest and the 
undamped resonance are not to exceed 
3 dB, and the amplifier response should 
not vary from the ideal more than plus-
minus 3 dB. Head-gap losses are not to 
exceed 3 dB at the highest frequency of 
interest, and the head-contour effects 
by not more than plus-minus 2 dB from 
the average. 

Electrical characteristics of the sys-
tem are made by measuring the fre-
quency response of the amplifier and 
the reproduce system characteristic, 
with constant flux versus frequency in 
the head core. Magnetic loases can be 
determined by the calculation of gap 
losses and measurements of the head 
contour effects. After determining these 
losses, they are then considered as de-
viations from the ideal reproducing sys-
tem. 
The first measurement is of the am-

plifier response, using an input voltage 
proportional to frequency (the voltage 
doubles for each octave frequency in-
crease) measured by the conventional 
methods. The second measurement is 
the head and amplifier response, made 
by applying the input signal across a 
low resistance connected in series with 
the head, as described in Question 23.52. 
A third measurement is then made of 
both the amplifier and head, using a 
constant flux versus frequency and the 
signal induced in the core of the head. 
This latter measurement is made by at-
taching a small wire firmly fixed over 
the head gap and feeding a constant-
current signal through the wire. 

Although the resultant flux distribu-
tion will not be identical to that of mag-
netic tape, it may be considered to be 
satisfactory for the purpose of measure-
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ment. The third measurement should 

follow the Standard reproducing char-
acteristic given in Fig. 17-206. In actual 
practice, the curve will vary from the 
ideal because of the head resonance and 
losses. The effects of resonance and core 
losses of resonance are determined by 

comparing the results of measurements 
1 and 2, while the apparent core losses 
are identified by measurements 2 and 3. 
The approximate head-gap losses 

versus frequency may be calculated 
using the expression: 

Gap loss = -20 Log» Sin [180' d/X] 
ird/Ä 

where, 
d is the null wavelength, 
X the wavelength of the frequency at 
which the gap is calculated. 

Null wavelength is determined by find-
ing the recorded wavelength at which 
the reproducing-head output voltage 
reaches a distinct minimum of at least 
20 dB below maximum output. This 
measurement may be made using speeds 
of one-half and one-quarter the normal 
speed, using a tuned-voltmeter with no 
greater than one-third octave band-
width. To reach a 20-dB null, the head 

gap edges must be sharp, straight, and 
parallel. To properly determine that the 
gap meets the requirements, visual ex-
amination using a tool makers micro-
scope with a magnification of about 1000 
times is necessary. It has been shown 
that the null wavelength is about 1.14 
times the optical gap height for a per-
fect head. (See Question 17.67.) For the 
application being discussed the null 
wavelength should not be greater than 
1.25 times the optical-gap height. 

Low-frequency response is measured 
using a constant current versus fre-
quency signal, and recorded using the 
normal bias current and the results 
compared with the curve obtained in 
measurement three. This will indicate 
the contour effects. This response 
should follow ideally the Standard re-
producing characteristic in Fig. 17-206, 
for frequencies below 750 Hz at a speed 
of 7% ips. In practice, at the long wave-
lengths all flux from a tape does not 
enter the head core, and the current 
that does enter varies with the wave-
length and the length of tape contact at 
the head and also with the shape of the 
pole pieces and the shield around the 
head. It is of extreme importance that 

Frequency Response Frequency Response 

20 Hz -8.6 dB 1.5 kHz +0.9 dB 
25 7.0 2 1.45 
30 5.8 2.5 2.1 
40 4.1 3 2.75 
50 3.0 4 4.1 

60 2.3 5 5.4 
70 1.8 6 6.6 
75 1.6 7 7.7 

80 1.4 7.5 82 

90 1.2 8 8.6 
100 1.0 9 9.5 
150 0.45 10 10.35 
200 0.2 11 11.1 
250 0.1 12 11.8 
300 -0.1 13 12.5 
400 -I-0 14 13.1 
500 +0.1 15 13.6 
600 0.1 16 14.2 

700 0.2 17 14.7 

750 02 18 15.2 
800 02 19 15.6 
900 0.3 20 +16.1 
1 kHz +0.4 dB 

Fig. 17-207A. NAB Standard reproducing characteristic for 71/2-and 15-ips tape 
speeds. Reproducer amplifier output for a constant flux in the core of on ideal 

reproducing head. 
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Frequency Response Frequency Response 

20 Hz -8.8 dB 1.5 kHz +2.2 dB 
25 7.2 2 3.4 
30 5.9 2.5 4.6 
40 4.2 3 5.7 
50 3.2 4 7.7 
ee 2.4 5 9.4 

- 70 1.9 6 10.8 
75 1.7 7 12.1 
80 1.6 7.5 12.6 
90 1.3 8 13.2 
100 1.1 9 14.15 
150 0.6 10 15.0 
200 0.4 11 15.8 . 
250 0.2 12 16.6 
300 0.15 13 17.2 
400 ±-0 14 17.9 
500 +0.1 15 18.5 
600 0.3 16 19.0 
700 0.5 17 19.6 
750 0.55 18 20.0 
800 0.6 19 20.5 
900 0.8 20 +21.0 
1 kHz +1.0 dB 

Fig. 17-20713. NAB Standard reproducing characteristic for 17/8- and 33/4-ips tape 
speeds. Reproducer amplifier output for a constant flux in the core of an ideal 

reproducing head. 

the distortion of the oscillator be on the 
order of 0.10 percent or less. The fre-
quency of the oscillator must be accu-
rately set for each measurement to as-
sure frequency errors are not inter-
preted as response-curve errors. The 
slope of the contour effect curve must 
not exceed 10 dB per octave, so that a 
frequency error of 0.5 percent will re-
sult in a response error of not more 
than 0.07 dB. 

After having once determined the 

various losses or deviations from the 
ideal system response, a calibration of 
the actual system may be made. From 
the system response measurement 3, 
subtract the gap-loss curve at the high 
frequencies and algebraically add the 
low-frequency portion by the contour 
effect curve. The resulting curve is the 
reproducing system response for con-
stant flux from the tape. The difference 
between this curve and the Standard 
reproducing system characteristic rep-
resents the deviation from the ideal 
response. 

The response for a constant flux in 
the core of an ideal reproducing head 
is given in Figs. 17-207A and B covering 
linear speeds of 1%, 3%, 7% and 15 ips. 

17.208 Describe a loop box.-In re-
recording of motion pictures (dubbing), 
many times it is necessary to have a 
continuous background sound of rain, 
crowd noises, traffic, and many other 
types of noise. To achieve this contin-
uous sound, the particular effect con-
cerned is recorded on a magnetic film 
50 to 100 feet in length, and then spliced 
into a continuous loop. This loop is then 
threaded on a reproducer and the bal-
ance of the film placed in a loop box, 
where it is automatically fed through 
the machine as a continuous sound ef-
fect. A facility of this type is shown in 
Fig. 17-208A, mounted on a Stencil-
Hoffman S7/ARP-70 35-mm recorder-
reproducer. In this particular type loop 

box, the film is fed from the right end of 
the transport system A to an idler B, 
and then to the left side of the box to 
the right side of sprocket C, which feeds 
the film D downward into the box. The 
film returning from the box is pulled 
upward on the left side of sprocket C, 
and fed to the transport system again. 
The film is separated, guided, and pre-
vented from rubbing by webbing, which 
also applies the proper tension to the 
film as it enters and leaves the box. In 
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this manner, about 150 feet of continu-
ous sound track may be fed through the 
reproducer. The left side of the plastic 
front is cut out to facilitate threading. 

Fig. 17-208A. Stancil-Hoffman Corp. 
Mode S7/ARP-70 magnetic film re-
corder-reproducer fitted with loop box. 

Three loop boxes, mounted on three 
reproducers of a group of twelve, are 
shown in Fig. 17-208B. These are manu-
factured by RCA. Although the appear-
ance of the loop box is similar to that 
of the first box described, its method of 
feeding and returning the film to the 
box is quite different. In this box mech-
anism, the film is pulled downward by a 
pinch-wheel arrangement attached to 
the right take-up spindel. This feeds 
the film to an idler roller and then back 
into the box. As the film leaves the box, 
it is pulled upward by the transport 
system. The lower portion of the box 
may be opened for inserting or remov-
ing the film. The box may be removed 

Fig. 17-2088. Six RCA PM-75 dual 35-
mm reproducers. Last three machines 

are equipped with loop boxes. 

from the rack by pulling two hinge 
pins. 

The group of machines shown are 
twleve RCA PM-75 35-mm dual mag-
netic film reproducers. Each machine is 
mechanically and electrically indepen-
dent of each other. All six racks are the 
same, except for rack 1. Here, the first 
machine is a single-track reproducer, 
while the second is a combination sin-
gle- and three-track reproducer. Each 
machine is equipped with plug-in pre-
amplifiers housed behind a drop-down 
door at the bottom of the rack. All ma-
chines are selsyn interlock driven, ex-
cept rack 1. In this rack, dual purpose 
motors are employed which may be run 
selsyn or straight synchronous. Torque 
motors are used for the feed and take-
up reels. The motor system is com-
pletely reversible. Intercommunication 
and selsyn interlock controls are placed 
between each rack for convenience of 
operation. 

77.209 What is a magnetic sound-
track scriber?—A device used for in-
scribing an ink tracing on magnetic 
sound tracks for editing purposes. Re-
ferring to the block diagram in Fig. 
17-209A, the device consists of a mag-
netic tape or film-transport system, a 
magnetic playback head, a high-fre-
quency loudspeaker unit on which is 
mounted a special ball pen for scribing 
the modulations of the sound track on 
the magnetic tape, an amplifier system, 
a rectifier for supplying a fixed de bias 
voltage to the voice coil of the loud-
speaker unit, and a rectifier amplifier 
which rectifies the signal voltage and 
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Fig. 17-209A. Block diagram of a magnetic sound track scriber using a boll pen for 
scribing the sound track on magnetic tope or film. 

is used as a variable bias for cancelling 
a part of the steady de bias voltage on 
the speaker unit voice coil. 
As may be seen from the drawing, 

the loudspeaker unit is mounted me-
chanically in such a manner that the 
ball pen will bear on the slick side of 
the magnetic film or tape. The ball pen 
is directly over the gap in the magnetic 
pickup head. The signal from the mag-
netic sound track to be scribed is fed 
to a preamplifier, then to an attenuator, 
a 500-Hz low-pass filter, and a 50-watt 
power amplifier. The loudspeaker unit 
is coupled to the output of the power 
amplifier through a large capacitor C. 
Bridged across the output of the pre-
amplifier is a 20-watt power amplifier 
which feeds the signal to the bias-recti-
fier amplifier, whose dc output is con-
nected to the voice coil of the loud-
speaker unit. The second rectifier sup-
plies a steady dc voltage to the loud-
speaker voice coil, deflecting it to one 
side during periods of no modulation, 
inscribing a bias line. 
When a signal appears at the input 

of the preamplifier, the voice coil of the 
loudspeaker is actuated and the pen in-
scribes a wavy line following the mod-
ulation envelope of the signal. At the 
same instant, the signal is rectified and 
the steady bias on the speaker voice 
coil is cancelled, permitting the pen to 
scribe the modulations. The 500-Hz 
low-pass filter limits the frequency re-

MAGNETIC 9_ 
SOUND TRACK MAGNETIC 

PM MEAD 

MAGNETIC PEN POINT 
TAPE OR 
SOUND TRACK 

BIAS LINE 
SCRIBED 

MODULATIONS 

Fig. 17-209B. A magnetic sound track 
scriber playback head and pen mounted 

on top of the magnetic film. 

sponse; thus, only the envelope shape of 
the modulations is scribed on the tape. 
An alternate method to the mechani-

cal mounting of Fig. 17-209A is to 
mount the pen on the top side of the 
tape across from the pickup head as 
shown in Fig. 17-209B. This device was 
developed by the Sound Department 
of Paramount Productions, Inc., Holly-
wood, California. 

17.210 What is a constant-current 
recording characteristic of a magnetic 
recording head?—A frequency charac-
teristic of the head made by applying a 
constant current through the head, 
rather than maintaining a constant volt-
age at the input of the recording am-
plifier. 
The measurement is made using a 

recording amplifier with a flat fre-
quency response rather than the normal 
equalization used for recording mag-
netic sound tracks. A 10-ohm resistor 
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is connected in series with the recording 
head as shown in Fig. 17-210 and the 
current is held constant at each fre-
quency of interest by reading the volt-
age drop across the 10-ohm resistor. 
The recorded tape or film is played 

back using an unequalized playback 
amplifier but with flat frequency char-
acteristics. The characteristic when 
plotted should show a 6-dB rise per 
octave. 

VTVA4 

RECORDING 
HEAD 

Fig. 17-210. Circuit for measuring the 
constant-current recording characteris-

tics of a magnetic recording head. 

17.211 What is a voltage-recording 
characteristic of o magnetic recording 
head?—A measurement of the voltage 
developed across the head winding with 
respect to frequency. The measurement 
is made by connecting a vacuum-tube 
voltmeter across the head winding and 
reading the developed voltage for each 
frequency of interest as shown in Fig. 
17-211A. 

The test frequencies applied to the 
input of the recording amplifier are 
held at a constant amplitude. A typical 
frequency response, made in the above 

manner, for a recorder of limited-fre-
quency response is shown in Fig. 
17-211B. 

17.212 What is a magnetic reader? 
—A hand-operated device for the pur-
pose of finding the modulations of a 
magnetic sound track. In Fig. 17-212 is 
shown such a device manufactured by 
the Hollywood Film Co. 

The magnetic film is pulled by hand 
or by rewinds across the large drum 
in the center, making contact with a 
magnetic reproducing head. The case 
contains an amplifier and small loud-
speaker. The particular unit illustrated 
will reproduce both photographic and 
magnetic sound tracks. Such an instru-
ment is quite valuable in finding noisy 
spots in photographic sound tracks and 
in locating the exact start or finish of 
a modulation in a magnetic sound track. 
The principal components consist of a 
case A, exciter lamp and housing for 
optical sound tracks B, sound optical 
system C, guide rollers D and J, photo-
cell housing E, sound drum F, magnetic 
reproducing head G, magnetic head lift-
ing arm H, amplifier volume control I, 
loudspeaker K, and line voltage switch 
L. 

17.213 What is a magnetic synchro-
nizer unit?—A motion picture film-foot-

(:)/11 AMP. 

10.A. 

RECORCANG 
HEAD 

Fig. 17-211A. Circuit for measuring the 
voltage characteristics of a magnetic 

recording head. 

10MH .04 

1 1 111111 

VTV1.1 

20 30 50 100 200 300 500 lkHz 2kHz 3kHz 5kHz 10kHz 20kHz 

Fig. 17-2118. Voltage response across a magnetic recording head using normal 
equalization and a constant input to the recording amplifier. 
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Fig. 17-212. A sound reader manufactured by the Hollywood Film Co. The model 
illustrated will reproduce both magnetic and photographic sound tracks. 

age counter fitted with a magnetic re-
producing head as shown in Fig. 17-
213. The output of the magnetic head 
is fed into the amplifier of a magnetic 
reader such as that illustrated in Fig. 
17-212, or to a separate amplifier. 

17.214 Show a film splicer suitable 
for magnetic film.—A magnetic film 
splicer manufactured by the Hollywood 
Film Co. is shown in Fig. 17-214. The 
particular unit shown will splice either 
17.5-mm or 35-mm film, using a Mylar 

base splicing tape. The pins projecting 
upward from the base hold the film in 
its proper place while the cutting knife 
cuts off the surplus film. The splicing 
tape is then applied over the splice as 
shown. This type splice eliminates pops 
when the spliced material is passed over 
the sound head. The knife and jaws are 
nonmagnetic. 

17.215 How may tapes recorded at 
a given speed be rerecorded to play back 
at a different speed?—If two magnetic 

Fig. 17-213. A film footage counter equipped with a magnetic sound head. (Courtesy 
Hollywood Film Co.) 
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recorders having speeds of 7.5 and 15 
inches per second are available, tapes 
may be rei cum fled to play back at the 
speeds indicated below. 

Original 
Speed 

7.5 

Repro- Re- Back 
duce record Play 

7.5 15 7.5 
15 7.5 3% 

If a recorder is available with a speed 
of 30 inches per second, the following 
combinations may be obtained. 

Original 
Speed 

15 
15 

Repro- Re-
duce record 

30 15 
30 7.5 

Back 
Play 

7.5 
3% 

When the foregoing are rerecorded, 
equalization is introduced to compen-
sate for the lower linear speeds used in 
the final reproduction. 

17.216 What test tapes and films 
are recommended for testing 1/4 -inch 
tape and magnetic film recorder:7— 
Standard Y4-inch test tapes are availa-
ble from the National Association of 
Broadcasters (NAB) and several differ-
ent manufacturers. These tapes include 
an azimuth adjustment, standard output 
level, and a group of frequencies for 
making response measurements. Mag-
netic test films for 8-, 16-, 35- and 

70-mm recording and reproducing 
equipment are available from the Soci-
ety of Motion Picture and Television 
Engineers (SMPTE). Such films include 
3-track balancing, 3-track azimuth, 3-
track 3000-Hz flutter, multifrequencies 
for response measurements, and listen-
ing tests including music, dialogue, and 
many others. Similar test films are also 
available for photographic sound repro-
duction (optical film recording) for 
both studio and theater projection 
equipment. 

17.217 Describe in injection fre-
quency measurement.—An injection fre-
quency measurement is made of a play-
back circuit, with the playback head 
connected in the circuit as normally 

PLAYBACK HEAD 

SIG. GEN 

VU 
METER 

Fig. 17-217. An injection circuit for 
measuring the frequency response of a 

magnetic reproducer amplifier. 

Fig. 17-214. A magnetic film splicer manufactured by the Hollywood Film Co. with 
"scotch" magnetic film splicing tape. 
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used. Such measurements provide a 
measure of the frequency response 
under impedance conditions that nor-
mally prevail with the playback head 
in the circuit. 
The frequency response is measured 

by connecting a 2-ohm noninductive 
resistor in series with the reproducing 
head as shown in Fig. 17-217. A con-
stant voltage is maintained across the 
2-ohm resistor and the frequency re-
sponse measured at the output of the 
amplifier system. Adjustment of the am-
plifier equalizer circuits are made to at-
tain the desired playback frequency 
response. 

After the amplifier frequency re-
sponse has been adjusted using the in-
jection method of measurement, a final 
check is made by reconnecting the re-
producer head and the frequency re-
sponse measured using a multilre-
quency tape or film. (See Question 
23.52.) 

17.218 In what type environment 
should magnetic tape and film be stored? 
—Both magnetic tape and film should 
be stored at a temperature ranging be-
tween 60 and 80 degrees Fahrenheit, 
with a relative humidity of 40 to 60 
percent. 

17.219 Describe the electronics for 
a transistor magnetic recorder.—Basi-
cally, magnetic recorders employing 
transistors in the electronics of the re-
corder are much the same as its fore-
runner, the vacuum-tube type, and ex-
cept for a few minor changes, the con-
trols remain about the same. 
As an example of transistor engi-

neering in a high-quality professional 
magnetic tape recorder, the schematic 
diagram for the record-playback cir-
cuitry of an Ampex Model AG-300 one-
quarter or half-inch tape recorder is 
shown in Fig. 17-219A. Because there is 
considerable difference between the re-
produce and the recording circuitry, the 
recording circuitry will be described 
first, by use of the block diagram (Fig. 
17-219B) in conjunction with the sche-
matic diagram of Fig. 17-219A. 

The input signal is applied to input 
plug 4J6, then to the input selector 
switch 4S3, which selects either a bridg-
ing or lower input impedance. From the 
input transformer, the signal goes 
through record level control 2R38, to 
the base of emitter follower stage 1Q10. 
From this point, the signal path splits, 

one path leading through record cali-
brating amplifier 1Q11, where gain is 
adjusted by record-calibrate control 
2R45, through the contacts of output 
selector switch 2S1, to line amplifier 
1Q7, and the VU meter. 

The second signal path from 1Q10 is 
passed to the base of amplifier 1Q12. 
The record equalization consists of a 
variable capacitor contained in the 
plug-in equalizers of Fig. 17-219D and 
is selected by means of a relay. This 
capacitor is connected in parallel with 
resistor 1R42 to provide the necessary 
high frequency pre-equalization. After 
amplification by 1Q12, the signal is con-
nected to 1Q13 and 1Q14, which form a 
Darlington amplifier circuit. Transistor 
1Q13 provides a low-impedance source 
for transistor 1Q14. From this amplifier, 
the signal proceeds to constant-current 
amplifier 1Q15 and 1Q16. 

In this amplifier, transistor 1Q15 acts 
as an active load resistance for the col-
lector of transistor 1Q16, providing a 
relatively low dc resistance and a rela-
tively high ac resistance. In the audio 
range, the collector of 1Q16 works into 
an impedance which is sufficiently high 
to provide a constant-current source for 
the record head, yet allows full utiliza-
tion of the dc operating voltage. From 
this stage, the signal is routed through 
a bias trap, consisting of choke 1C27, to 
the record head. Operating voltage is 
delivered to transistors 1Q13, 14, 15, and 
16, only when the channel is in the re-
cord mode; therefore, these stages are 
inactive in any other mode. 

The bias current and erase oscillator, 
1Q17 and 1Q18, is a push-pull circuit, 
connected as a tuned flip-flop. Operat-
ing voltage is delivered only when the 
channel is in the record mode. Sym-
metry of the oscillator output waveform 
is adjusted by resistor 4R84 and capaci-
tor 4C34 in the power supply diagram 
(Fig. 17-219C). Returning to Fig. 17-
219B, the transformer-coupled oscillator 
output is delivered to record switch 2S5. 
When the switch is placed in the ready 
position, the oscillator output is routed 
through bias-adjustment resistor 2R68 
and mixed with the audio signal. It is 
also connected through the erase-adjust 
capacitor 4C36 to the erase head and to 
erase coupling jack 4J12, also on the 
power-supply diagram. 
When multichannel (four tracks) re-

cording is used, erase coupling jacks 



856 THE AUDIO CYCLOPEDIA 

4J12, are employed to interconnect the 
oscillators and thus lock their frequen-
cies together to prevent beat frequen-
cies from being generated. (See Ques-
tion 17.132.) When the record-selector 
switch is in the safe position, the oscil-

lator transformer, record head, erase 
head, and coupling circuits are discon-
nected. 

Referring to the lower portion of the 
block diagram and to Fig. 17-219A, the 
signal enters at connector 4J1 and is 

Fig. 17-219A. Schematic diagram for Ampex Model AG-300 magnetic tape 
record-reproduce section. 

recorder 
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amplified by transistor 1Q1, then routed 
through emitter follower 1Q2 to ampli-
fier 1Q3. High- and low-speed equali-
zation is selected by relay 2K1, and is 
connected from the collector of 1Q3 
back to the emitter of 1Q1. Direct-cur-

Fig. 17-2196. Block diagram for Ampex Model AG-300 tape recorder. 
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rent feedback is provided through re-
sistor 1R4, between these two stages. 

Transistor 1Q4, an emitter follower, 
feeds reproduce calibrate control 2R15, 
to a Darlington amplifier formed by 
transistors 1Q5 and 1Q6. In this circuit, 
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1Q5 acts as a low-impedance source for 
1Q6 to produce amplification of the sig-
nal with low noise. Leaving the 1Q5 and 
1Q6, the signal amplitude is adjusted by 
reproduce level control 2R21, and is fed 
through the output selector switch to 
amplifier stage 1Q7 in the line amplifier 

circuit. The signal is now routed 
through 1Q8 to output stage 5Q9. 
At the collector circuit of 5Q9 is a 

monitor jack. Here, headphones of 300-
ohms impedance may be connected for 
monitoring purposes. The output signal 
is coupled through transformer 5T1 to 

L  

Fig. 17-219C. Power supply schematic diagram for Ampex Model AC-300 magnetic 
tape recorder. 
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line output connector 4J5. Line-termi-
nation switch 4S2 connects resistor 4R36 
across the transformer secondary for 
tests and adjustments. Visual monitor-
ing of the signal is provided by the VU 
meter. Depending on the position of the 
output selector switch, the meter will 
indicate the reproduce level, input level 
(record), or the bias current. The meter 
may be strapped to indicate zero for a 
plus 4- or 8-dB level. 

Referring to Fig. 17-2I9C the sche-
matic diagram for the power supply and 
bias oscillator, power from the line 
source is applied to terminals 1 and 2 
of block 4J9 at the left, and then to the 
primary of power. transformer 6T3, 
through fuse 4F2. One secondary of 6T3 
is connected to the light in the VU 
meter; the second winding is connected 
across a bridge rectifier consisting of 
diodes 1CR3 and 1CR6, and then to a 
voltage-regulator circuit. 

In the voltage-regulator circuit, a 
reference voltage is established by zener 
diode 1CR10. A sampling voltage is 
taken at 1R77, a voltage adjustment 
control. If the output voltage tends to 
vary with the load, the conductance of 
transistor 1Q22 changes. This in turn 
affects the conductance of transistors 
1Q21 and 3Q20, connected in a Darling-
ton circuit, so that the voltage is re-
turned to normal level. 

Transistor 1Q19 acts as a constant-
current source. Diode 1CR9 and resistor 
1R74 provide overload protection. If the 
current through 1R74 combined with 
that through 1R73 results in a voltage 
sufficient to break down diode 1CR9, 
transistor 1Q19 will be biased toward 
cutoff. This, in turn, underbiases the 
rest of the transistors in the regulator 
circuit. A plus 23-volts dc regulated 
output is delivered to the speed switch 
on the tape transport system, then re-
turned to the electronics and used to 
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energize equalization relay 2K1 in the 
low-speed position of that switch. It is 
also routed to all stages in the repro-
duce amplifier, the octal socket used for 
accessory input units, and the first three 
stages in the record mode. 

Circled voltage values given on the 
schematic diagrams are taken between 
ground and the position indicated, mea-
sured with a 20,000 ohm-per-volt meter. 
Voltages indicated in squares are ac sig-
nal voltages, taken at 500 Hz with a 
linear tape speed of ips, using an 
NAB equalizer. Signal voltages are mea-
sured with a vacuum-tube voltmeter 
with a 10-megohm input. The schematic 
diagram for the record and reproduc-
ing equalizer circuits is given in Fig. 
17-219D. This recorder with auxiliary 
equipment may be equipped to use 
%-inch tape up to four sound tracks. 
Specifications for the machine are: 

Frequency response: 
15 ips plus-minus 2 dB, 50 to 18,000 

Hz. 
7% ips plus-minus 2 dB, 40 to 10,000 

Hz. 

Signal-to-noise ratio: 
Y4-inch full-track 15 ips, 60 dB 
34-inch four-track 7% ips, 57-dB 

Wow and flutter: 
15 ips, 0.07 percent; 7% ips, 0.07 per-

cent. 

Speed accuracy: 
02 percent or 3.6 seconds for 30 min-

utes recording. 

Even-order distortion: 
500 Hz, 0.40 percent or less. 

17.220 Describe the basic principles 
of a magnetic wire recorder.—Wire re-
corders are designed to pass a stainless 
steel wire approximately 4 mils in di-
ameter over a ring-type recording head, 
which makes contact with one side of 
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Fig. 17-219D. Schematic diagram for recording and reproducing equalizers used in 
Ampex Model AG-300 magnetic tape recorder. 
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Fig. 17-220A. Cross-sectional view of a magnetic wire recording and reproducing 
head. 

the wire (Fig. 17-220A). The construc-
tion of this head differs from that of 
conventional tape heads, as it has a 
groove for holding the wire at an angle 
of about 13 degrees, to provide a wrap-
around. The induced signal or magnetic 
field is confined to the wire side, or the 
region making contact with the head 
at a particular instant. When repro-
duced, the wire is rotated by the twist-
ing action before it reaches the repro-
ducing head, thus causing dropouts and 
variations in signal output. A typical 
polar plot of the magnetic field around 
a wire for several different frequencies 
is given in Fig. 17-220B. 
The life of the wire is limitless, ex-

cept for mechanical breakage. However, 
the signal-to-noise ratio is considerably 
less than for magnetic tape because of 
the small cross-sectional area of the 
wire, as compared to tape. Because of 
the magnetic properties of wire, it is 
generally erased by using a direct cur-
rent or permanent magnet, which in-
creases the noise, and decreases the 
signal-to-noise ratio. 

o 
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In Fig. 17-220C are given the fre-
quency characteristics for unequalized 
wire compared to magnetic tape. It will 
be observed that the frequency response 
of the tape running at 71/2 ips is consid-
erably better than wire running at 24 
ips. Wire recorders have been built with 
fairly good frequency response, with in-
termodulation distortion on the order of 
10 to 15 percent, with a THD of 5 to 8 
percent. Wire recorders require pre-
and post-equalization and a bias cur-
rent similar to tape recorders. One of 
the principal drawbacks to wire record-
ing is that it is not uncommon to have 
a 2-minute or more variation in a 10-
minute program. Except for certain 
special devices, wire recording is con-
sidered obsolete. 

17.221 What is a steel-tape mag-
netic recorder?—A magnetic tape re-
corder, designed some years ago, using 
a 114-inch stainless-steel tape. The prin-
ciples of the wire recorder discussed in 
Question 17.220 also apply to this re-
corder. Steel-tape recorders are now 
obsolete, except in special instances. 
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Fig. 17-22013. Variations in the 
output of a wire recorder with 
various amounts of wire twisting. 
(Courtesy, Minnesota Mining and 

Manufacturing Co.) 
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Fig. 17-220C. Comparison of unequalized magnetic tape and wire. (Courtesy, Min-
nesota Mining and Manufacturing Co.) 

17.222 Describe the essential com-
ponents and schematic diagram for a 
quarter-track tape recorder.—Roberts of 
Canada Model 770-A one-quarter inch 
magnetic tape recorder, manufactured 
by J. M. Nelson Electronics Ltd. (basic 
parts manufactured in Japan) is shown 
in Fig. 17-222A. This recorder employs 
the cross-field method of recording de-
scribed in Question 17.39. Basically, the 
machine is a quarter-track two-channel 

10kHz 20kHz 

stereophonic, or four-track monophonic 
recorder-reproducer. (See Question 
17.151), completely self contained except 
for the microphones. 

Referring to the front view in Fig. 
17-222A, item i is a tape speed switch 
which, in combination with a removable 
bushing I placed over the end of the 
capstan motor shaft J, permits tape 
speeds of 174, 3%, and 7% ips. However, 
it can also be adapted for 15 ips. At B 

Fig. 17-222A. Roberts of Canada, Model 770-A quarter-track stereophonic, four-
track monophonic %-inch tape recorder. 
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is a track-selector switch for setting the 
recording-reproduce circuits to either 
monophonic or stereophonic, and it is 
connected mechanically to an arrange-
ment that moves the recording-repro-

duce heads to their proper track place-
ment, as discussed in Question 17.151. 
A multipurpose device serving as a 

spring-loaded tape guide and cleaner 
and flutter filter C permits the tape to 
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Fig. 17-222B. Schematic diagram for Roberts of Canada, Model 770-A tape recorder. 
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make a right angle bend from the sup-
ply reel to the transport system with a 
minimum of drag. This in connection 
with a spring-loaded arm (on the flutter 
filter) aids in ironing out irregularities 
in the tape travel which might cause 
flutter. The tape guide also includes a 
felt-pad for cleaning the tape before it 
arrives at the heads. Index counter D 
reads from zero to 9999 and may be 
used for supplying a reference number 
for later locating a given recorded se-
lection. 

Items E are gain controls for the left 
and right amplifiers and are used for 
both recording and reproduction. The 
outer control rings F are tone controls 
which are operative only in the play-
back mode. Knobs G are recording 
equalizers which are changed for the 
particular speed in use. Two VU meters 
H indicate the levels in both the record 
and reproduce modes and have stan-
dard ballistic characteristics as required 
for such meters. 
I is a pin for storage of the remov-

able capstan speed-change puck. The 
puck is mounted on the end of the 
motor shaft J, with a neoprene pinch-
wheel K below, which pulls the tape 
over the heads, because of the pinch 
effect of the latter two items on the 
tape. A stop arm L will automatically 
drop, if the tape breaks or runs out, 
shutting off the transport mechanism. 
However, if switch S is in the ON posi-
tion and the tape runs out, the complete 
system will shut off, including a con-
venience outlet at the rear of the ma-
chine for connection of auxiliary equip-
ment. Two doors M and MM on the 
right and left sides cover two monitor 
loudspeakers N and NN during trans-
port. When these doors are opened, they 
act as reflectors for the speakers, direct-
ing the sound forward. A pause-edit 
switch 0 may be used to stop the tape 
transport momentarily for editing pur-
poses in either the record or reproduce 
modes. The main power switch W has 
three positions—off, all-on, and motors-
only. In the all-on position, the capstan, 
fan motors, and electronics are turned 
on. The motors-only position is used 
when an output signal is taken directly 
from the heads for driving external 
equipment, and the internal electronics 
are not required. Push button P is the 
start button for both recording and 
playback; however when recording, the 

interlock button T must also be de-
pressed before switch R can be turned 
to the recording mode, thus preventing 
an accidental erasure of previously re-
corded sound track. For fast-forward 
or rewind, switch Q is set to the de-
sired position and provides fast rewind 
or forward speeds of 1200 ft in 75 sec-
onds. 

Pilot light U indicates when the ma-
chine is in the record mode. Monitor 
switch V has three positions—normal, 
monitor, and mute. In the normal posi-
tion, the internal and externally con-
nected speakers are operative on play-
back. In the monitor position, the inter-
nal monitor speakers and external 
speakers will be activated while record-
ing. In the mute position, the internal 
speakers are cut off, but jacks X are 
activated for use with external stereo-
phonic speakers. Switch Z may be used 
to cut off the right speaker when re-
cording monophonically. 

Access is afforded to the preamplifier 
inputs for microphones, playback head 
outputs, and phono jacks by opening 
panel XX. Switch Y is used only when 
recording sound with sound. This fea-
ture permits a second sound track to be 
recorded in synchronization with a pre-
viously recorded track. When the two 
recordings are played back, they are re-
produced in sync on the left and right 
speakers. Two power supplies are used; 
one each for the left and right sides. A 
total of nine vacuum tubes are required. 
The internal monitor amplifiers will 
each deliver 6 watts to an external 
load. Stereo-headphone connections are 
available near the right hand lower 
portion of the monitor speaker. 

The signal-to-noise ratio, relative to 
100-percent modulation is 55 dB. Wow 
and flutter ips, 0.12 percent; at 33/4 
ips, 0.2 percent; at 1% ips, 0.3 percent. 
Erasure is minus 60 dB. Frequency re-
sponse at 7% ips is plus-minus 2 dB, 40 
to 22,000 Hz; at 3% ips, plus minus 2 dB, 
40 to 15,000 Hz; at 1% ips, 3 dB, 40 to 
10,000 Hz. 

The equalization meets the NAB 
Standards in all positions. (See Ques-
tion 17.162.) The unit employs only a 
single motor, which functions to pull 
the tape and operates both the feed and 
rewind reels through a system of fric-
tion pucks. The motor is of the hystere-
sis synchronous type, turning 1800 and 
3600 rpm, and employing a 24-slot 
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wavewound rotor, with a heavy fly 
wheel belt-coupled to the capstan. 

Internal degaussing of the magnetic 
heads is made possible by a simple pro-
cedure. The schematic diagram for the 
recorder appears in Fig. 17-222B. Basi-
cally the amplifier system consists of 
two sections, one for each channel, hav-
ing the same number of tubes, except 
for the left channel, which includes a 
bias oscillator tube. The right amplifier 
is similar except for the bias oscillator. 
Two complete power supplies are pro-
vided. The selector switches at the left, 
SW8 and SW9, select the proper cir-
cuitry for either the recording or play-
back modes. Hum-bucking coils are 
connected in series with the heads to 
reduce hum in the output circuits to a 
minimum. 

17.223 Define the term "looping." 
—Looping is a term used for indicating 
that a motion picture is to be post-syn-
chronized—that is, the sound must be 
replaced with a new sound track in ab-
solute synchronization with the lip-
movement and action of an existing 
motion picture. 

Post-synchronization of a picture 
may be accomplished in two ways. (1) 
A continuous loop of the original sound 
track is played back over headphones 
with the picture for the actor to listen 

ACTOR 

for timing and inflections. He then re-
cords a new sound track, while watch-
ing the picture action and listening to 
the original sound track. (2) The same 
procedure is also used, except without 
the picture (which is preferred by many 
actors), as the picture may tend to dis-
tract an observer's attention from the 
sound track. 

17.224 Describe a simplified system 
for looping sound tracks.—In the system 
shown in Fig. 17-224, only two machines 
are required, a recorder and a recorder-
reproducer. The actor speaks his lines 
into the microphone, using only the 
original sound (guide) track. After the 
dialogue has been recorded, the record-
ing patch is removed and the newly re-
corded sound track played back in sync 
with the guide track for evaluation of 
quality and synchronization. If the 
circuits of the mixer are well isolated, 
it is possible to leave the playback 
and guide-track circuits permanently 
patched, removing only the record cir-
cuit. If the recorder employs a single 
record-reproduce head, the operation is 
somewhat simplified. 

The same setup can be employed 
using a 1/4 -inch sync-pulse tape re-
corder in place of the recorder-repro-
ducer, provided a sync pulse is recorded 
on the new track and a resolver is used 
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Fig. 17-224. Simplified method of looping sound tracks without picture. 
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when playing back the newly recorded 
sound track. Other systems of looping 
are described in Questions 17.225 and 
17.226. 

17.225 Describe a method for loop-
ing foreign dialogue.—Looping dialogue 
for foreign versions is somewhat more 
complicated than looping the original 
language. In addition to the looping 
equipment (Questions 17.226 and 17.227) 
some means of indicating to the actor 
the volume range of the original record-
ing is desirable but not mandatory. This 
is generally accomplished by projecting 
on the screen, with the picture, a verti-
cal line which varies in length and rep-
resents the volume level of the original 
sound track. The new dialogue to be 
recorded is also projected in sync with 
the picture along the bottom of the 
screen to prompt the actor. As a rule, 
the looping of foreign dialogue is an art 
highly specialized within itself. Several 
patents have been applied for or have 
been issued on systems developed for 
this special type recording. 

17.226 Describe the principles of a 
virgin magnetic looping system.—The 

START OF ACTION 

SPLICE 

LOOPING 

LEADER 

STOCK 

LEADER 

6-8 FEET 

OPAQUE 

CLEAR FRAME 

SYNC-POP 

SPLICE 

principal reason for looping or post-
synchronization of a motion picture may 
be for one of several. (1) The dialogue 
shot on location has traffic, airplane or 
other unwanted noise in the back-
ground. (2) Wind machines were used 
on the set, blanking out the dialogue. 
(3) The original voice is to be replaced 
with that of another actor (re-voiced). 
(4) Certain words are indistinct. (5) 
Dialogue is difficult or impractical to 
record on location. (6) Replacement of 
the original dialogue with that of a for-
eign language is sometimes necessary. 

Looping or post-synchronization is 
accomplished by bringing the actors to 
a looping stage, and while watching the 
picture on the screen, record new sound 
tracks in synchronization with the pic-
ture action. 

Looping stages are generally so con-
structed that the interior acoustics may 
be controlled over a wide range of re-
verberation, from a dead stage to that 
of a live one, by the use of hinged pan-
els on the side walls as discussed in 
Question 2110. As a rule, an attempt is 
made to match the acoustics of the orig-

SYNC-MARK FOR 
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PICTURE APERTURE 
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PICTURE 

SPLICE 

Fig. 17-226A. Picture loop for post-synchronization recording. 
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inal scene; however, if this is not possi-
ble, it is recorded slightly on the dull 
side and corrected later in the rere-
cording (dubbing). 

In large studios where several com-
panies are in daily production, looping 
may become a continuous operation, 
particularly where a large number of 
western-type pictures are in production. 
The looping equipment must perform 
several functions. (1) Permit the actor 
to listen to the original sound track 
(guide track) for tempo and intonation, 
either over a loudspeaker behind the 
screen, or with headphones. (2) Record 
a new sound track in synchronization 
with the picture, while listening to the 
guide track. (3) Immediate playback 
with picture for checking the newly re-
corded sound track for synchronization 
and quality. (4) If the take is not satis-
factory, it can be erased immediately 
and the system returned to the record-
ing mode. 

To facilitate the operations, a special 
three-position mixing panel is used, 
housing the microphone preamplifiers, 
mixer controls, equalizers, recording 
amplifier, and intercommunication to 
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the projectionist and the machine room. 
Provision is also made for starting the 
machines, push button for the various 
modes of operation and other controls. 
A remote control for changing the mode 
of operation from record to playback is 
included for the dialogue director. 

Three loops are required for each 
scene to be remade. The projector loop 
carries no sound, but the head-end has 
a special looping leader with cue marks 
and a sync-pop. The action (picture) to 
which the new sound track is to be 
matched is spliced to the tail end of the 
leader (Fig. 17-226A). The loop for the 
reproducing machine carries only the 
original dialogue (guide track) to be 
replaced. The recorder loop consists of 
a continuous piece of magnetic film. 
Fig. 17-226B shows that each loop for 
threading and synchronization purposes 
has a start mark relative to each other. 
(The three machines must be driven 
selsyn-interlock. Question 3.49). 

It will be observed that the picture 
leader is opaque and has one clear 
frame and a sync-pop mark 20 frames 
in advance of the clear frame. Also, 
three white dots are placed behind the 
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Fig. 17-226B. Loop structure for virgin loop recording system. The picture loop 
leader is opaque except for the white dots and clear frame. 
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clear frame, 24 frames apart. The dots 
and the clear frame flash on the screen 
at the rate of 1 per second, or a total of 
6 seconds, to impart rhythm to the actor 
and cue him for the action to come. 
Sometimes numerals are used instead of 
dots. The start mark for the projection 
machine is placed 6 to 8 feet in advance 
of the first white dot. When the clear 
white frame passes the projector aper-
ture, a bright flash appears on the 
screen and the sync pop mark is picked 
up by a photocell in the projector sound 
head and recorded on the sound track, 
to be used later by the editorial depart-
ment to synchronize the action with the 
new sound track. Plain leader stock 
with a start mark is spliced ahead of the 
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dialogue guide track. The recorder loop 
is a continuous piece of magnetic film 
long enough to record the dialogue, plus 
a few extra inches. The recorder start 
mark is placed near the splice, thus as-
suring that the splice will not be in the 
dialogue area when recording. 
When the machines are threaded, the 

start mark for the picture is placed in 
the center of the projector picture aper-. 
ture. The start mark for the guide track 
is placed over the reproducer head gap, 
and the start mark for the recorder is 
placed over the record head-gap. In 
operation, the three machines are inter-
locked and the start marks are re-
checked. The marks on the recorder and 
guide track must be within 1 sprocket 
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Fig. 17-226C. Simplified block diagram for automated virgin loop recording system. 
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hole of the picture. The machines are 
started. The actor listens to the guide 
track over the speaker behind the 
screen or over headphones (generally 
headphones are used). When he is 
ready, the record button is pushed, ac-
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tuating several relays which set the 
system in the record mode. A take is 
made. If the actor or dialogue director 
feels it is not right another take is made, 
as the first take will be erased auto-
matically if the system is not thrown to 
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the playback mode within 4 seconds 
after recording. 
As many tracks as necessary are 

made. When a satisfactory one is had, 
the system is set to the playback mode. 
The newly recorded sound track with 

picture is played back immediately over 
the loudspeaker behind the screen. 

The pop-mark is recorded on the 
new sound track and will be heard 
when the clear frame of the picture 
flashes on the screen. This assures that 

PILOT LIGHTS 
r 

RED I G N I AMB 

DIALOGUE DIRECTORS 

REMOTE CONTROL BOX 

 -OE 

MOMENTARY CONTACT 
PUSH-BUTTONS 

RCD P/B G/T 

MIXER CONSOLE 

RED 

PILOT LIGHTS 

GRN 
AMB 

RCD I P/8 GOET 

00 

MOMENTARY CONTACT 

PUSH-BUTTONS 

P/B 

I K4 

REC 

INI764 

IN1764 

 t 

REC 

1 K5 

GOET 

J 
.,,, 1 IN1764 
., 
OE=. 

OEK.1. INI764 OEOEOE> . 
... 

i'• INI764 

INI764 

-28VDC 

 0 

+28VDC 

 0 

I.  
SYNC-POP LEVEL 

MONITOR GAIN 

MONITOR AMP 

4'  

VU METER 

....'.\ 
MIXER 
NETWORK 

COMBINING NETWORK 
OUTPUT 

-OE 

L —I 

MIXER 

SCREEN 
SPEAKER 

P/B 

K6 

REC 

ma 

•  

RELAY 

virgin loop magnetic recording system. 
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the sound and picture are in sync, and 
any variation in lip movement or other 
action is due entirely to the actor being 
out of sync with the action. 

The special picture leader is a print 
made from a negative. The sync pop-
mark is three or four black marks 
placed on the negative. The holes are 
made with a film punch. Once the time 
for the system to come up to speed has 
been determined, the same length of 
leader is always used. A block diagram 
of the system is given in Fig. 17-226C. 

17.227 Describe the schematic dia-
gram and method of operation for the 
virgin looping system of Question 
17.226.—The schematic diagram for the 
automated virgin looping system dis-
cussed in Question 17.226 is given in 
Fig. 17-227. The system shown is com-
pletely push-button operated. The con-
trol circuits are so designed that they 
can be patched into an 'existing installa-
tion without disturbing the normal in-
terconnections. The mixing panel con-
sists of a 3-position mixer network with 
equalizers, on-off key, VU meter, talk-
back system to the projectionist and 
machine room, push buttons and pilot 
lights for setting the system to its three 
modes of operation, microphone pream-
plifiers, lock and run switches for the 
selsyn-interlock system, and ready 
lights from the projection and machine 
rooms. A remote control box is also 
provided for the dialogue director for 
changing the modes of operation; how-
ever, the control of the selsyn-interlock 
system is generally operated by the 
mixer. 

At the upper left in Fig. 17-277 are 
three machines previously mentioned in 
Question 17.226. At the upper right are 
three momentary-contact push buttons 
which apply a 28-Vdc pulse to six latch-
ing-type relays. (See Question 25.159.) 
The latching relays employ a center-
tapped actuating coil connected to the 
common or negative side of the 28 Vdc. 
With a positive pulse applied to one 
end of the coil, the armature moves to a 
given position. With a positive pulse 
applied to the other end of the coil, the 
armature moves in the opposite direc-
tion. The armature always remains in 
the last position until another pulse is 
applied to the opposite end of the coil. 

Depressing the record button actu-
ates relays Kl, K2, K4, and K6 down-
ward, and K5 upward. Relays KI and 

K2 connect the record-reproduce head 
on the recorder to the output of record-
ing amplifier 4, and energies the bias os-
cillator. Relay K4 turns on the red re-
cord pilot lights, and K6 mutes the 
monitor speaker behind the screen, 
while K5 moves upward cutting off the 
guide-track amber light (if it had been 
the last operation). 

Actuating the playback button ener-
gizes relays Kl and K2 upward, de-ac-
tivating the bias oscillator and connect-
ing the record-reproduce head to the 
input of preamplifier 3. At the same 
time, relay K3 moves upward, connect-
ing the output of the preamplifier to the 
monitor amplifier input through the 
monitor gain control to monitor ampli-
fier 5. Relay K4 moves upward con-
necting the playback green pilot lights, 
with K6 also moving upward, lifting the 
10-ohm muting resistor from the moni-
tor line. 

If the newly recorded sound track is 
being played back over the studio mon-
itor system, the guide track may be 
substituted by pressing the guide-track 
button. This energizes relay K3 down-
ward, connecting the output of the re-
producer to the monitor system. To re-
turn the system to the new track, the 
playback button is again pushed. This 
resets relay K3 to the playback posi-
tion. Thus, the original sound track may 
be compared to the new sound track. 
Relay K5 turns the amber guide-track 
pilot light off and on. Headphone moni-
toring is always available across the 
output of the guide-track machine. 
Similar operations are performed by the 
dialogue director's remote-control unit. 

Diode click-suppressors are installed 
across each relay coil to reduce clicks 
when switching from one mode to an-
other. These devices were discussed in 
Question 24.67. 
The bias switching circuit is only 

basic, as it will vary with different type 
recorders. The principal point of opera-
tion is that the bias must be completely 
off when in the playback position, which 
can be accomplished by breaking the 
high voltage to the oscillator circuit. 
The mixer may be a small roll-away 
type, with all operating controls, pre-
amplifiers and recording amplifiers self-
contained. 

17.228 Give a basic block diagram 
for a magnetic tape to disc record trans-
fer channel.—It is the present day prac-
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tice to record the original sound for disc 
records on magnetic tape or film using 
three, four, or more sound tracks. After 
editing, the master tape is transferred 
to a master disc record from which 
stampers and pressings are later made. 

STEREO PICKUP 

STEREO 

CUTTING HEAD 

MONITOR - 
AMPLIFIERS 

L/S 

Fig. 17-228. Basic components required 
for a magnetic tape or film transfer 

channel. 

The block diagram for such a channel is 
given in Fig. 17-228. The equipment 
consists of a magnetic tape or film re-
producer that feeds the program mate-
rial into the transfer channel containing 
the necessary amplifiers, equalization, 
filters, VU meters, monitor amplifiers 
and associated equipment. A stereo-
phonic pickup and external turntable, 
recording lathe, and monitor loudspeak-
ers complete the basic equipment. A de-
tailed discussion of transfer channel de-
sign appears in Question 13216. (See 
also Questions 18.331 and 18.332.) 
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17.229 Describe a master magnetic 
tape recorder employing a high- and low-
level amplifier system.—The state of the 
art of transferring program material 
from a magnetic tape to a disc record 
has advanced to the point where the 
commercial disc pressing is no longer 
the limiting factor in the relation to 
signal-to-noise ratio. The limiting fac-
tor is now the source feeding the disc 
recorder, rather than the disc itself. 
Sources of noise in the reproduction of 

Fig. 17-229A. Minnesota Mining and 

Manufacturing Co. (3M), Dynatrack pro-
fessional tape recorder. 
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principle of operation for 3M Dynatrack 
ducer in record position. 

magnetic tape recorders may be broken 
down into three categories: (1) internal 
noise generated in the microphones, 
preamplifiers and the mixers used in the 
original recording system, over which 
the transfer operation has no control; 
(2) noise generated within the elec-
tronics of the tape recorder-reproducer 
used for transfer operations; (3) noise 
induced by the tape during recording 
and reproduction. All these are factors 
affecting the dynamic range of the final 
product. 

Dynamic range in magnetic tape re-
corders has been improved considerably 
over the past years due to improve-
ments in the electronics, the manufac-
ture of magnetic tape and film, and the 
production of disc record pressings. In 
the early tape recorders, the dynamic 
range was limited to about 45 dB, while 
today's professional equipment will 
measure a minimum of 55 to 60 dB and 
for some designs, 76 to 80 dB, using a 
weighted curve with reference to 100-
percent modulation for a signal of not 
more than 3 percent total harmonic dis-
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tape recorder-repro-

tortion. Weighted curves and networks 
are discussed in Questions 5.98 and 
17.159. 

The recorder shown in Fig. 17-229A 
is a development of Minnesota Mining 
and Manufacturing Co., under the di-
rection of John T. Mullin, and employs 
a two-section recording system, using 
low- and high-level sound track. Dur-
ing playback the two tracks are auto-
matically switched from one to the 
other, thereby always selecting the op-
timum track for the lowest distortion 
and greatest signal-to-noise ratio. This 
increase in the signal-to-noise ratio has 
been accomplished by the use of silicon 
transistors and the matching of the 
playback head to the preamplifier over 
the entire frequency range, and the use 
of a two-track system to be described. 
However, it should be pointed out, this 
increase in dynamic range, aside from 
the two tracks and transistor electron-
ics, is achieved by the use of 3-M type 
201, 202, or 203 magnetic tape. 

Each channel to be recorded (one for 
monophonic, two for stereo, and three 
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Fig. 17-229D. Basic principle of operation for 3M Dynatrack tape recorder-repro-
ducer in playback position low-level track "L". 
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Fig. 17-229E. Basic principle of operation for 3M Dynotrock tape recorder-repro-
ducer in playback position high-level track "H". 

for multichannel stereo) has two tracks 
recorded simultaneously in the sanie 
head stack (Fig. 17-229C). One track is 
recorded at the Standard NAB record-
ing level. The second track is modu-
lated with the same information, but 
records the high frequencies at a higher 
level (more gain) employing a pre-
equalization curve rising 15 dB from 
400 Hz to 15,000 Hz (Fig. 17-229B). Be-
cause of the high-frequency equaliza-
tion in this track, it will go into high-
frequency overload considerably below 
the 100-percent modulation indicated by 
the VU meter. However, when repro-
ducing low-level passages, this track 
will be free from noise and distortion 
at a level well above the tape noise. The 
normally recorded NAB track can han-
dle much higher signal levels before 
amplitude distortion is reached. There-
fore, this track is termed the high or 
"H" track. The first track, with its pre-
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TRACK 
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equalization and extra high gain, is 
much better suited for recording low-
level signals that might be lost in the 
noise. This track is termed the "L" or 
low-level track. Because of the higher 
recording level of the "L" track, it will 
overload more easily at the heavier 
modulated signal levels in the high fre-
quencies than will the "H" track. Block 
diagrams of the basic principles of re-
cording and playback are given in Figs. 
17-229C to E. 
When reproducing signals that might 

be lost in the noise, although recorded 
at the normal signal level, the "L" track 
delivers an undistorted signal well 
above the noise level. The basic princi-
ple of this system is that the two tracks 
are recorded simultaneously with the 
same signal at two different levels, but 
on playback, behave differently by go-
ing into distortion at different levels. 
The system automatically plays back 
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Fig. 17-229F. Basic playback circuit showing the transistor electronics and triggering 
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the optimum track at the proper signal 
level at a given instant, with minimum 
distortion and background noise at any 
instant of playback. 
The selection of the proper sound 

track during playback is dependent on 
an electronic circuit which is fully auto-
matic (Fig. 17-229F). The circuit is so 
calibrated that the signals from the "L" 
track are reproduced up to a point 
where the signal approaches 1-percent 
THD. At this point, the output is taken 
from the "H" track, which has a signal 
level 15 dB below the 1-percent THD-
point output of the signal, which cannot 
continue rising until it reaches the nor-
mal, or 100-percent indication on the 
VU meter. 

The transfer from the "L" to "H" 
sound track takes 200 microseconds. 
When the signal level on the "L" track 
drops below the 1-percent THD, the 
electronic circuit automatically trans-
fers the signal from "H" to "L" in ap-
proximately 10 milliseconds. The change 
from one track to the other is faster 
than the human ear can detect, there-
fore the transfer is not noticeable dur-
ing the reproduction. No switching oc-
curs below 400 Hz, where the tape back-
ground noise is generally low. 

3m 

PROFESSIONAL 

RECORDER 

To equalize the playback levels, a 
post-equalizer is connected in the play-
back circuit of the more heavily re-
corded "L" track, which compensates 
for the higher level at which it was re-
corded (Fig. 17-229E). Pilot lights on 
the control panel indicate which tracks 
are being reproduced. The characteris-
tics of this recorder-reproducer are in 
accordance with the existing NAB Stan-
dards for magnetic tape recording. 

To reduce flutter to a minimum, the 
transport system is of different design 
from that of the conventional tape re-
corder, inasmuch as the unsupported 
tape path is only 31/4  inches in length, 
compared to the conventional transport 
system which may vary from a few 
inches up to 12 inches (Fig. 17-229G). 
Flutter is reduced by creating a differ-
ence in the effective diameters of the 
capstan so that a smaller-diameter cap-
stan drives the incoming tape, and a 
larger-diameter capstan pulls the out-
going tape. The incoming roller A (Fig. 
17-229H) is contoured to press the tape 
firmly into matching grooves of the 
smaller diameter of capstan B. The out-
going roller C is shaped to press the 
tape firmly against the ridges of the 
larger diameter capstan. The differen-

Fig. 17-229G. Close-up view of 3M Dynatrack tape transport system C. 
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Fig. 17-229H. Tape transport system 
for 3M Dynatrack tape recorder. 

tial capstan diameter is constantly try-
ing to extract more tape than is being 
fed into the loop, and develops the nec-
essary tape tension for the heads by 
means of the slight elasticity of the tape, 
which is kept within safe limits of the 
tape elasticity. A hysteresis-synchro-
nous motor with high damping and 
large fly wheel on the inner end of its 
shaft drives the capstan by means of 
an inelastic tensilized polyester belt, 
running from a pulley on the capstan 
shaft. The capstan also carries a large 
fly wheel. 

It is claimed for this type transport 
system that the shorter tape path re-
duces longitudinal oscillation and elimi-
nates the need for tape guide posts. 
Flutter components in the 0.5 to 300-Hz 
range, scrape flutter, and flutter in the 

300 to 5000-Hz range is reduced because 
of the shortened tape path. 
As the tape is dropped onto the 

threading slot, it interrupts a light path 
to a photocell switch, which readies the 
controls for operation. Simultaneously, 
the supply and take-up torque motors 
are energized and apply sufficient ten-
sion to remove slack from the tape path 
and protect it from breakage. A second 
photocell sensor works in conjunction 
with the run-out switch to perform 
whatever switching function has been 
preselected to occur at the end of the 
reel. Depending on the presetting of the 
switching, the transport will allow nor-
mal tape run-out, rewind, stop, or start 
of another tape-transport system (sec-
ond machine). 
An interior view of the mechanical 

assembly, with the front panel removed, 
is pictured in Fig. 17-2291, with a rear 
interior view shown in Fig. 17-229J. 
The electronics are all solid-state. Spec-
ifications for the recorder are: Fre-
quency range at 15 ips, plus-minus 1 
dB 40 to 15 kHz; plus minus 2 dB 30 to 
17 kHz; at 7%-ips, plus-minus 1 dB 40 
to 12 kHz, plus-minus 2 dB 30 to 15 
kHz. Channel separation is 50 dB at 500 
Hz. Bias frequency is 120 kHz. Tape 
width, normal 1/4 or 1/2 inch and 1 inch 
available. Signal-to-noise ratio, 80 dB 
or greater (employing Y4-inch tape 
width per channel). Flutter at 15 ips 
0.5 to 300 Hz, 0.04 percent; 0.5 to 5 kHz, 
0.05 percent; at 7% ips 0.5 to 300 Hz, 
0.07 percent; and 0.5 to 5 kHz, 0.09 per-
cent. Rewind time, 2400 feet in 60 sec-
onds. Timing accuracy, 0.10 percent. 

17.230 Describe a continuous tope 
cartridge.—Continuous tape cartridges 

IIMMIZI1111111•111.1. 

Fig. 17-2291. Interior view of 3M Dyne-
track tape recorder with front panel 

removed. 
Fig. 17-229J. Rear interior view of 3M 

Dynatrack tape recorder. 
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.020 PLAYBACK HEAD 

.0097 

 .244  

Fig. 17-230A. Sound track placement dimensions for Leer-Jet Corp. (Stereo Div.) 
eight-track stereophonic automobile tope reproducer. 

are used in both home and commercial 
tape recorders employing a tape en-
closed in a metal or plastic container. 
The cartridge is placed in a transport 
system which pulls the tape out of the 
cartridge, passes it over the reproduc-
ing head, and feeds it back into the 
cartridge much in the same manner as 
the loop box described in Question 
17.208. 
As a rule for the home use, the tape 

is designed for monophonic or stereo-
phonic reproduction, using two or four 
sound tracks, as described elsewhere in 
this section. However, a continuous unit 
has been developed by Lear-Jet Corp., 
Stereo-Div., under the direction of 
William Brown, for use in automobiles. 
This unit uses eight sound tracks on a 
single %-inch tape, for stereophonic re-
production, at linear speeds of 3% ips. 
The dimensions for the track placement 
are given in 17-230A. Each track is 0.022 
inch in width, with guard spacing of 
0.0097 inch. The program material is re-
corded on a 1-mil backing imbedded 
with a special lubricant. Up to 400 ft of 
tape may be used, supplying 80 minutes 
of program material. 

+10 

+5 

tn 

5 u 

10 

15 

20 

A series of rollers and guides align 
the tape when the cartridge is pushed 
into the transport system, which auto-
matically turns on the motor, and aligns 
the tape with the head. In operation, the 
left head-gap (Fig. 17-230A) scans 
track 1, and the right head track 5. At 
the end of these tracks is placed a piece 
of sensing tape which causes a solenoid 
to rotate a cam ratchet to move the head 
to the right about 0.030 inch for scan-
ning tracks 2 and 6. At the end of these 
tracks and the succeeding tracks, a 
sensing tape causes the head to move 
again to the right. At the end of 
tracks 4 and 8, the heads are returned 
to tracks 1 and 5. This action continues 
until the transport system is turned off. 
The flutter is approximately 0.20 per-
cent. 

Loudspeakers in an automobile are 
placed in the side doors to the right and 
left of the driver. The frequency re-
sponse is the NAB Standard, for tape at 

ips. An acoustic response made 
using a sound level meter is given in 
Fig. 17-230B, taken with the micro-
phone of a sound level meter, placed at 
the position of the driver's head. 
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Fig. 17-230B. Acoustic sound-pressure measurements for two positions of the tone 
control for Lear-Jet stereo tape cartridge reproducer in an automobile. The micro-

phone of the sound level meter was placed in the position of the drivers head. 
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Fig. 17-230C. NAB Standard head placement for monophonic two-track head 
placement. 

The NAB Standard, October, 1964, 
states that the head and sound track 
configuration for monophonic recording 
and reproduction will consist of two 
sound tracks, one for the program ma-
terial and the other for a cue track. The 
cue track consists of a 1000-Hz tone, 
plus-minus 75 Hz, termed the primary 
cue tone. A secondary tone of 150 Hz, 
plus-minus 30 Hz, is a cue tone at the 
end of the program material. A third 
tone termed a tertiary tone, 8000 Hz, 
plus-minus 1000 Hz, is an auxiliary tone 
to be used for any other purpose de-
sired. The length of the cue tone is to be 
500 milliseconds, plus-minus 250 milli-
seconds. 

The sound track placement dimen-
sions are given in Fig. 17-230C. The up-
per track recorded by head B is the 
program channel, and the lower track is 
the cue tone channel. The upper head 
A is the program reproducing head, and 
the lower track is the reproducing cue 
channel. 

For prerecorded stereophonic repro-
duction, three sound tracks are em-
ployed, as given in Fig. 17-230D. The 
system consists of two program tracks 
and a cue track. The upper track is the 
left program channel and the center 
track the right program channel, with 
the lower track the cue channel. 

17.231 Describe the basic principles 
of a video-tope recorder.—Although 
video-tape recording is not actually a 
part of audio engineering, the sound 
engineer is sometimes involved with 

this type of recording; therefore, a basic 
knowledge of video recording is desir-
able. As it is beyond the scope of this 
work to attempt to describe in detail 
such equipment, the discussion will be 
confined to the very basic concepts. 

Magnetic video-tape recording uses 
many of the principles of magnetic re-
cording discussed throughout this sec-
tion. Basically, a studio type video re-
corder employs a magnetic tape 2 
inches in width, traveling at linear 
speeds of 15 or 7% ips. A group of four 
magnetic heads, set in a wheel about 2 
inches in diameter and 90 degrees apart 
contacts the tape and records a series 
of separate tracks on the tape as the 
tape moves in a linear direction away 
from the rotating heads (Fig. 17-231A). 

LEFT 
CHANNEL 

RIGHT 
CHANNEL 

DECK SURFACE 

L   

CUE 

Fig. 17-230D. NAB Standard head 
placement for two-track prerecorded 
stereophonic topes. If a second stereo 
head is used it is placed 1.250 inches 

from the first head. 
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CONTROL TRACK 
(240Hz) 

Fig. 17-231A. Track placement for magnetic video-tape recorder, using 2-inch tape. 

The head assembly rotates at a speed of 
240 rps, contacting the tape for about 
120 degrees of arc, with tape being 
pulled at a linear speed of 15 ips. This 
takes 1/440 second for 360 degrees and 
1/4  this time to traverse the 2-inch tape 
(120 degrees), or *20 second. The head 
makes 960 sweeps per second across the 
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FM MOD 
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face of the tape, during which time the 
tape has traveled 15 inches. 

Because the tape travels 15 ips, it will 
move 0.02 inch or 20 mils while the 
head describes its arc across the face of 
the tape. Under these conditions, the 
bottom end of each track ends 20 mils 
later than the start, resulting in an 
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Fig. 17-2318. Basic record mode for a typical magnetic video-tope recorder. 
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angle of 0.34 degree. The linear speed 
of 15 ips and the heads rotating at 240 
rps give an effective head-to-tape ve-
locity of over 1500 inches per second. 
The head gaps are 0.10 mil in height. 
The width of the track laid down by 
each head is approximately 10 mils. 

To achieve the wide frequency re-
sponse required for video recording, 

a radio-frequency carrier, frequency 
modulated by the incoming video sig-
nal, is applied to the rotating heads. 
The audio signal is recorded on a 70-mil 

track in the conventional manner along 
one edge of the tape. In addition, a con-
trol-signal track is recorded on the up-
per edge of the tape, to assure that the 
heads will be in the exact position they 
were in the original recording. 
The average signal-to-noise ratio for 

SUPPLY 
REEL 

FM 

ELECTRONIC 
SWITCHER 

VACUUM 4-ROTATING HEADS 

GUIDE 

MANUAL 

B+ 

AUTOMATIC 

TAPE 
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REEL 
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HEAD MOTOR 

DRIVE AMP 

240V 30 
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a 525-line picture is 37 to 40 dB; for 
sound, it is about 55 dB. The bandwidth 
required for 525 lines is 30 Hz to 4 
MHz. Video-tape recorders may be de-
signed to record both in monochrome 
and color. A basic diagram for a typical 
video recorder in the record mode is 
shown in Fig. 17-231B, with the repro-
duce mode shown in Fig. 17-231C. 
Two views of an RCA TR22 studio 

video recorder are given in Figs. 17-
231D and E. Fig. 17-231D shows the pic-
ture monitor and transport system, with 
a close-up of the head assembly shown 
in Fig. 17-231E. This machine is de-
signed for both monochrome and color 
recording. Signal lights indicate the 
various modes of operation and func-
tioning, with an automatic timing cir-
cuit which corrects electronically geo-
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Fig. 17-231C. Basic playback mode for a typical magnetic video-tape recorder. 
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metric distortion (wiggly lines on the 
vertical or horizontal lines). Two trans-
port speeds are provided-15 and 7% 
ips. A system of electronic splicing is 
included, whereby segments of program 
material can be added to or inserted in 
previously recorded material without 
mechanically cutting the tape. Ninety-
six minutes of program material may 
be recorded on one 7200-ft roll of 2-inch 
tape. 

Fig. 17-231F, shows an Ampex Model 
VR-7000 portable video-tape recorder, 

Fig. 17-231D. RCA Model 
TR22 video-tape recorder for 
both monochrome and color. 
This machine uses four rotating 

magnetic heads. 

using a 1-inch tape and a spiral trans-
port system. The threading path and the 
transport system are shown in Fig. 17-
231G. To attain a high tape-to-head ra-
tio, a single head is used, set in a drum 
and rotated at 3600 rpm. The tape is 
wrapped around the rotating drum in 
an approximate helix of 3 degrees and 
moved at a linear speed of 9.6 ips. This 
combination of tape speed and rotating 
head results in a video recording speed 
of about 1000 ips. An audio sound track 
is recorded on the lower edge of the 

Fig. 17-231E. Close-up of RCA 
TR22 transport system and 

head assembly. 



MAGNETIC RECORDING 881 
_ 

Fig. 17-231F. Ampex Corp. Model VR-7000 video-tape recorder. This machine uses 
a 1-inch tape and a spiral transport system. 
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Fig. 17-231G. Tape-threading path for o spiral type transport system, as viewed 
from the front. 
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Fig. 17-231H. Scanning pattern for a video-tape recorder using one rotating head 
and a spiral type transport system. 
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Fig. 17-2311. Ampex Model VR-660B video-tape recorder. This model uses a single 
magnetic head rotating at 3600 rpm. 

tape, and a control track on the upper 
edge, to assure the proper alignment of 
the video head during recording and 
playback. The track scanning pattern is 
shown in Fig. 17-231H. The video band-
width is 30 Hz to 3.5 MHz. A second 
portable machine, Model VR-660B, is 

11 • M. .• «I 

• • 

••• 1111.••• 

• 77Z, 

Fig. 17-231J. Ampex Corp. Model VR-
1200 video-tape recorder. This machine 
uses four rotating heads and records 

both monochrome and color. 

shown in Fig. 17-2311. This machine 
uses a 2-inch tape, with two rotating 
heads and a spiral transport system. 
This recorder has considerably wider 
bandwidth and many features ap-
proaching a larger studio model (Fig. 
17-231J). 
A home-type video recorder, manu-

factured by Sony, and marketed under 
the trade name of Vid,eocorder, is pic-
tured in Fig. 17-213K. This unit also in-
cludes a 9-inch television receiver, 
which is used for both monitoring and 
playback. A recording time of 60 min-
utes is afforded, using one-half inch 
tape, running at a linear speed of 71/2  
ips. This machine uses two rotating 
heads and a spiral transport system. 
The heads rotate at 1800 rpm with a 
scan length of 61/2  inches. One head is 
used for recording, and two for play-
back. Provision is also made for an ex-
ternal camera. 

17.232 What h a magnetic disc 
video recorder?—In construction, a mag-
netic video disc recorder appears some-
what like the conventional turntable for 
disc records. Machines of this type are 
employed in television broadcasting for 
instant playback of sporting events. 
The technique used for recording 

video signals on a disc is one that has 
been used in the computer industry for 
some time. The recording medium con-
sists of a 12-inch magnetically coated 
disc, rotating at 1800 rpm. The magnetic 
recording head is carried in a straight 
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Fig. 17-231 K. Sony Videocorder designed for home use. This machine uses a spiral 
tape transport system with two rotating heads. 

line by a lead screw driven from the 
disc by a worm drive system. The worm 
drive has a ratio of 10 to 1; therefore, 
the lead screw rotates at 3 rps or 10 
television frames per second. The track 
width is 0.004 inch with a guard band of 
0.001 inch. Sufficient head travel is pro-

Fig. 17-233A. Magnasync - Moviola 
Model TR-1510 24-hour recorder-repro-
ducer. This machine runs I ips using 

Vs-inch magnetic tape. 

vided for a continuous recording of 20 
seconds, or 3 inches. The direction of 
head travel is from outside to inside. 
For stop-action recording, an additional 
record-playback channel is used with 
a continuous circular track on the un-
derside of the disc. 
A second machine employs two 16-

inch discs rotating at 60 rps, and record— 
ing 60 fields per second (two fields 
equal one frame). The individual fields 
are recorded on tracks 7.5 mils in 
width, with a 2.5-mil guard band, while 
the recording head remains stationary. 
Four head assemblies are required for 
recording on both the upper and lower 
surfaces of the discs. The recording se-
quence is such that when head A com-
pletes a single field, head B begins re-
cording the next field, and head A 
moves forward. When head B has com-
pleted its field, head C records, then 
head D, then back again to head A. 
Thus, each head records successive 
fields in sequence. Heads A and C re-
cord the odd numbered fields and B and 
D the even numbered. The heads are 
moved into position by a stepping motor 
attached to the head by a steel band. A 
rather elaborate control system enables 
the operator to record 30 seconds of 
play, and replay within 4 seconds at 
normal speed or variable slow motion. 

17.233 Describe a multichannel 
slow speed communications  der re 
producer.—The Model TR-1510, 10-
channel record-reproduce magnetic-
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tape system, manufactured by Magna-
sync-Moviola Corp., is shown in Fig. 
17-233A, with its block diagram given 
in Fig. 17-233B. This system has been 
especially designed to provide monitor-
ing, recording, and reproduction on a 

OE-

24-hour basis and is widely used in 
communication centers, aircraft bases, 
and in certain types of broadcasts, 
where a wide-frequency band is not a 
requirement. Recording, reproducing, 
and monitor amplifiers are solid-state 
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Fig. 17-233B. Block diagram for Magnasync-Moviola Corp. Model TR-1510 recorder-
reproducer. 



MAGNETIC RECORDING 

plug-in design, as are th ě power sup-
plies and magnetic heads. Monitoring 
may be either by headphone or loud-
speaker, and any one of the 10 channels 
(or a combination of two) is available. 
A rotary switch permits monitoring of 
the incoming signal, or the recorded 
signal approximately 2 seconds later. 
An 0.5-mil base, 4800-foot reel of ',-

inch magnetic tape, running at 1 inch 
per sec, will permit 16 hours of con-
tinuous record or playback time. A 
unique feature assures continuous op-
eration in that it contains two identical 
transports. A control tone (below voice 
level) is recorded simultaneously with 
the program material. If this tone is 
not picked up by the reproduce head, it 
automatically switches on the second 
standby transport and its power. This 
function also occurs when the reel nears 
the end of the tape. 

Specifications are: Input impedance 
5000 ohms designed to bridge a 600-ohm 
line. Input level is —15 to plus 20dBm 
(continuously variable record level 
control on each channel). Dynamic 
range is 30 dB minimum. Cross talk is 
—25 dB minimum. Signal-to-noise ratio 
is 25 dB minimum. Frequency response 
is± 3 dB from 300 to 2500 Hz for re-
cord-reproduce cycle. l'HD is 4-percent 
rms maximum. Bias frequency is 38 
kHz. Flutter is 1-percent rms maxi-
mum. Start and stop time delay is max-
imum 1 sec from stop to operating 
speed, and 1 second operation to stop. 

17.234 Describe a simple device for 
marking good takes while looping.—A 
simple marking device may be con-
structed by using a 500-Hz high-fre-
quency battery-operated buzzer, and a 
600/600 repeat coil. A 10,000-ohm resis-
tor is connected in series with the out-
put of the repeat coil to provide a high-
impedance output. The output may be 
connected across the bridging bus or 
any other convenient position in the 
system. When the system is up to speed, 
a single tone is recorded ahead of each 
take. If the take is good, two tones are 
recorded at the end of the take for edi-
torial purposes in locating selected 
takes. 

17.235 Describe a method of in-
creasing the signal-to-noise ratio by sep-
arating the audio spectrum into bands, 
in combination with compression.—Be-
cause of the masking effect in human 
hearing, low-level sounds are masked 
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partially or completely by high-level 
sounds in the same frequency range. 
Thus, subjective signal-to-noise ratios 
in magnetic recording are better than 
would be indicated by an analysis of 
the playback waveforms. Tape noise 
depends on, and increases with, the in-
stantaneous amplitude of the signal and 
an effect term. ed "modulation noise." 
Based on the masking effect, electronic 
devices have been developed for in-
creasing the signal-to-noise ratio. One 
such system developed by R. M. Dolby, 
of the Dolby Laboratories, England, will 
be discussed. 
By utilizing the masking principle 

together with signal compression and 
expansion, the Dolby audio noise re-
duction system achieves noise reduction 
by boosting the low-level signal com-
ponents during recording, whenever 
possible, by compression. This is fol-
lowed by complementary attenuation 
during playback, using expansion. The 
masking effect is introduced whenever 
the signal level is so high that compres-
sion and expansion are impracticable. 
Since masking is less effective with 
noise frequencies somewhat removed 
from the signal frequency, it is neces-
sary to deal with the various portions of 
the spectrum independently. Such a 
system will then yield a lower apparent 
constant-noise level, with the hush-
hush and swish of the conventional 
compressor eliminated. 

BATT 

500Hz 
BUZZER OUTPUT 

Fig. 17-234. Marking device for indi-
cating a good take while looping. 

The Dolby system splits the spectrum 
into four bands and compresses and ex-
pands each of these in an essentially in-
dependent manner. Separate bands are 
provided in the region of hum and 
rumble, midfrequency, medium-high 
frequency, and high frequencies. Thus, 
a high-level signal in one band cannot 
prevent noise reduction in a band in 
which the signal level may be low. The 
system produces a recording equaliza-
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tion characteristic which continuously 
conforms itself to the incoming signal 
in such a manner as to optimize the 
signal-to-noise ratio during playback. 

The principal use of this instrument 
has been in magnetic recording to re-
move objectionable tape hiss; however, 
it is adaptable to any type recording 
system. The system is designed to have 
exactly 10-dB noise reduction. Thus, 
when used with a system of, say 60 dB 
signal-to-noise ratio, the ratio on play-
back is increased to 70 dB. As repro-
ducing levels are sometimes held down 
because of the tape hiss, this method of 
recording permits the playback level to 
be increased without objectionable 
background hiss. Another advantage is 
that the original program material may 
be recorded at a lower level because of 
the additional gain of 10 dB signal-to-
noise ratio on playback. 

INPUT 

A 

INPUT 0  

A 0  

DIFFERENTIAL 

NETWORK 

0 B 

SUBTRACTOR 

Referring to the basic block diagram 
(Fig. 17-235A), in the first two bands 
the noise reduction is 10 dB, while in 
the upper frequencies the noise reduc-
tion is 10 to 15 dB. Compression is 
achieved by raising the low-level sig-
nals and not by attenuating the high-
level signals. The graph in Fig. 17-235B 
gives the characteristics for a conven-
tional compressor where an input signal 
of 60 dB is compressed to 40 dB. Fig. 
17-235C shows the Dolby system where 
the high-frequency signals are not com-
pressed, and pass through the device 
unaltered in any manner. 
Matching of the playback character-

istics to that of the recording is accom-
plished by connecting identical net-
works with those used in the recording 
circuits in the negative-feedback loop 
of the amplifier system. In this manner, 
steady-state and transient effects are 
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Fig. 17-235A. Block diagram for Dolby Laboratories (England) Model A301 audio 
background noise suppressor. 
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Fig. 17-2358. Conventional compressor characteristics. 

automatically taken into account and 
the output signal becomes identical to 
the input signal. The use of separate 
bands is principally responsible for the 
elimination of hush-hush effects of 
compression, along with a special con-
trol signal, rectifying, and filtering 
techniques. By this method, low distor-
tion with a 1-millisecond rise time is 
achieved. The compressor operation is 
fast enough that it is not heard by the 
ear during playback, even when the 
signal is keyed from peak amplitude to 
off. 

Because of the compression charac-
teristic, interchangeability of tapes and 
noise reduction units is permissible. An 
error of 3 dB in the matching of the 

6 

5 

a 3 

8 

2 

50 60 

record and playback level does not 
cause a perceptible difference in the 
frequency response or dynamics. It is 
claimed for this system that program 
material may be rerecorded repeatedly 
with no accumulated degeneration of 
the signal beyond that induced by the 
amplifier systems, which are on the or-
der of 0.1 percent THD at their peak 
operating levels. The system may be 
used for both monophonic and stereo-
phonic recording. 

The instrument requires 99 silicon 
transistors and 163 diode rectifiers and 
is mechanically constructed using med-
ular techniques. Its external appearance 
is pictured in Fig. 17-2351). Specifica-
tions are: Frequency range 30 to 20,000 
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Hz plus-minus 1 dB, with a THD of 02 
percent at an output level of plus 18 
dBm. Noise reduction is 10 dB from 20 
Hz, rising to 15 dB at 15,000 Hz. Un-
weighted internal noise is better than 
80 dB below operating peak. Input im-
pedance is 10,000 ohms bridging or 600 
ohms matching. The reader is referred 
to the reference. 

17.236 Describe the basic charac-
teristics of chromium dioxide magnetic 
tape.—Such magnetic tape coating is a 
development of Photo Products Depart-
ment of E. L du Pont de Nemours Co., 
and marketed under the trade name 
Crylon. Chromium dioxide is an in-
vented synthesis derived from chro-
mium trioxide. It was developed by Dr. 
P. A. Arthur, Jr., of du Pont's central 
research department several years ago 
for the purpose of replacing the con-
ventional iron oxide generally em-
ployed. The coating is manufactured by 
decomposing chromium trioxide in the 
presence of water at a temperature of 
900°F under a pressure of 30,000 psi. 
(US patent 2,956,955.) 
The coating is synthesized in the 

form of acicular, single-domain parti-
cles which can be varied from 4 to 400 
microinches in length, having an aspect 
ratio of 10:1. Its coercivity can be var-
ied from 25 to 700 oersteds, with a satu-
ration flux density of 6100 gauss and a 
Curie point of 126°C. At the present 
time, the use of this tape has been con-
fined to video recording and computer 
usage, although it can also be used for 
audio-frequency recording. Generally 

speaking, such tape has coercivities 
ranging from 360 to 530 oersteds with a 
residual flux density up to 1600 gauss, 
with low noise and print-through char-
acteristics. 

The coating thickness is on the order 
of 80 to 250 microinches, with about 200 
microinches being employed for audio-
frequency recording. Such tape has ex-
tremely better signal-to-noise ratio and 
response to short wavelengths at lower 
speeds than that usually employed for 
a given type of recording. (See Ques-
tions 17.28 to 17.30.) 

17.237 What type magnetic test 
films are available?—Many of the mag-
netic test films are similar to those used 
for testing optical sound reproducers. 
Such films may be obtained from the 
SMPTE. (See Question 19.61.) 

17.238 What is a pick-up magnetic 
film recorder?—It is a 16-mm or 35-mm 
magnetic-film recorder used in motion 
picture studios for rerecording. The 
term "pick-up recorder" implies that the 
master recorder may be stopped or 
started at will any time during the re-
recording sequence. Insertions and de-
letions may be made as might be neces-
sary for the final composite master 
sound track. The master recorder and 
reproducers along with the projector 
must be interlocked for absolute syn-
chronization. 

Included in the system is a control 
panel which permits the operator to 
erase, record, and reproduce in syn-
chronization backward or forward. In 
this instance, the recorder is equipped 

Fig. 17-235D. Front panel appearance of Model A301 audio background noise sup-
pressor manufactured by Dolby Laboratories, England. 
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with an erasure and combination re-
cord-reproduce head. 

Such recorders must be capable of 
running in reverse synchronization. In 
a well-designed system, no clicks or 
pops are induced in the sound track 
when reversing, stopping, or starting. 

. Fig. 17-238. Amego Model PIC-3 pick-
up 16/35-mm recorder-reproducer. 

The injection of the erase or record-
ing bias current has no effect in the 
picking-up process. Such machines are 
quite convenient for recording post-
synchronization foreign dialogue, as 
they are equipped with remote control 
for use by the dialogue director. Pic-
tured in Fig. 17-238 is a Model PIC-3 
pick-up recorder designed for studio 
use by Amega. (See Questions 17.224 
to 17.239.) 

17.239 Describe the basic principles 
of electronic video recording (EVR1.—It 
is a prerecorded television motion pic-
ture program system, developed by Dr. 
Peter Goldmark of CBS Laboratories, 
that employs motion picture film in a 
unusual manner. The fihn to be repro-
duced is contained within a cartridge 
similar to magnetic tape, in conjunction 
with an electronic reproducing system. 
The device is connected directly to the 
antenna terminals of a standard televi-
sion receiver. The film is 8 millimeters 
in width, with two picture frames side-
by-side (containing separate program 
material), each with its own magnetic 
sound track. No sprocket holes are used 
in the film base, the film being pulled 
by a pinch roller and capstan at a linear 
speed of 6 ips. Playing time is 26 min-
utes per picture strip. Controls are pro-
vided for starting and stopping, stop 
motion for viewing a single frame, and 
for selecting picture A or B. 
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Section 18 

Optical Film Recording 

As early as 1881, an article appeared in the Scientific American describing the 
experiment in which Dr. Alexander Graham Bell transmitted sound over a modu-
lated bearn of light. By using a selenium cell, he converted the light to electrical 
energy. This achievement stimulated research, which in later years, was to result 
in photographic sound recording for motion pictures. However, it was not until 
after World War I that a concentrated effort was made to make optical film record-
ing a reality, and many organizations and researchers became involved. Among 
them were, Thomas A. Edison, Lee DeForest, Theodore Case, E. C. Wente, E. W. 
Kellogg, J. Crabtree, G. L. Důmnick, E. I. Sponable, Frayne and Scoville, and many 
others. 

While magnetic recording predominates in motion picture production recording 
and rerecording, the optical sound track is still widely used for release printing. 
With the development of new type sound recording emulsions and methods of 
processing film, great strides have been made in the sound quality obtained from 
optical sound prints. This section discusses many different types of optical sound 
recording equipment, with their associated components such as, galvanometers, 
light valves, film loss equalization, noise reduction, compression and limiting, den-
sity control, cross-modulation testing, the appearance of different types of sound 
track both old and new, frequency response, intermodulation testing, Standards of 
the industry, and other pertinent information pertaining to the art of photographic 
film recording. 

Several early methods of recording and their equipment have been included for 
reference purposes and historical interest. Standards given are those in present 
usage; however, several are at present under review and may be changed in the 
near future. 

18.1 What is a variable-area record-
ing?—A photographic sound track in 
which the exposure is held constant 
while the area of the exposure is varied. 
This type sound track is used by both 
RCA and Westrex, although it is ac-
complished in a different manner. The 
Westrex Corp. uses a light valve, while 
RCA uses a galvanometer. A typical 
variable-area sound track is shown at 
(a) in Fig. 18-29. 

18.2 What is a variable-density re-
cording?—A photographic sound track 
in which the area of exposure is held 
constant and the density of exposure is 
varied. This type sound track is used by 
Westrex. A typical variable-density op-
tical sound track is shown at (1) in 
Fig. 18-29. 

18.3 What is a striation?—A term 
used to identify the modulations of a 
variable-density sound track. 

18.4 What is an Ana Light record-
ingt—A variable-density sound track 
made by means of a glow tube and used 
in the original Fox-Case Movietone 
camera in the early days of sound mo-
tion pictures. This system of recording 
is now obsolete. The outline of a typical 
Aeo Light tube is shown in Figs. 18-4A 
and B. (See Question 18204.) 

18.5 Describe a single system re-
corder?—A motion picture film record-
ing system in which the picture and 
sound track are both exposed simulta-
neously on the same film base. Such 
systems are often used in newsreel 
cameras. The chief disadvantage of this 
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PICTURE 
SECTION 

LOOP 

LOOP SPROCKET 

FILM 

QUARTZ 
SLIT MOUNT 

SEO LIGHT 

Fig. I8-4A. Dell and Howell single system camera (1928) fitted with Case Aeo light, 
for Fox Movietone Newsreel recording. This was one of the original methods of re-

cording sound on photographic film. (Courtesy, Journal of the SMPTE) 

system is that the sound track is de-
veloped with the picture and little lati-
tude is available for proper control of 
the sound-track density. Newsreel cam-
eras use both the variable-area and 
variable-density systems of recording. 
Modern newsreel cameras employ mag-
netic recording equipment. The sound 
track is recorded on a magnetic stripe, 
using either prestriped or post-striped 
film. (See Question 17.181.) 

18.6 What is a double recording sys-
temT—A motion picture film recording 
system in which the sound track is re-
corded on a separate film in a sound 
camera or recorder. The camera and 
sound recorder are driven by a syn-
chronous motor system. This method of 
operation allows a greater latitude in 
editing and cutting the picture. A spe-
cial sound-positive recording emulsion 
is used on the film in the sound re-
corder and is developed in a special 
developing solution separate from the 
picture. Although the sound recording 
stock is called sound positive, it exposes 
as a negative; that is, when developed 
the image is black. (See Question 
18.135.) 

18.7 What type light is used for ex-
posing optical sound trockT—Both white 
and ultraviolet light are used. Origi-
nally, recorders used only white light. 
However, it was found that by using an 
ultraviolet filter in the optical train, the 
definition of the sound track was 
greatly improved. 

18.8 How is ultraviolet light used 
with photographic film recording?—.An 
ultraviolet (UV) filter is placed in the 
recording optical train just before the 

FILAMENT FILAMENT 
Pt.ATE PLATE 

Fig. 18-4B. A Case Aeo Light recording 
lamp (1928) used in the Fox-Cose re-
cording system. (Courtesy, Journal of 

the SMPTE) 

objective lens system. Before the ad-
vent of the modern fine-grain emul-
sions, ultraviolet light was used to ob-
tain greater resolution of the photo-
graphic image with less background 
noise from the film. Ultraviolet light 
exposes the lower layer of the emulsion 
and reduces halation caused by white 
light. Many recording activities still use 
ultraviolet light. For ultraviolet record-
ing, an additional 1-ampere of exposure 
lamp current is required. 

18.9 Describe o sound head.—A 
sound head is the section of a motion 
picture projection machine that houses 
the phototube and magnetic sound re-
producing components. Before the ad-
vent of magnetic recording, this name 
also applied to studio reproducing 
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equipment. Generally, the machines 
consisted of a motion-picture projector 
transport system and a sound head sim-
ilar to a projection machine, but with-
out the lamphouse and picture head. 
Such machines were also referred to as 
dummies, meaning that they were 
dummy projection machines that con-
tained only the sound head portion. As 
a result of the advent of magnetic re-
cording, studio reproducing equipment 
is now installed in steel cabinets and is 
referred to as reproducers. 
The modern studio reproducer con-

sists of a transport system, magnetic 
head, and if it is of the mag-optical 
type, a phototube and exciter lamp are 
included for reproducing photographic 
sound tracks. In addition, a motor-driv-
ing system and automatic rewinds are 
included. When the machines are used 
for rerecording purposes, they are fitted 
with selsyn interlock motors which are 
driven from a selsyn interlock distrib-
utor system, described in Question 3.49. 
Typical studio rerecording equipment is 
shown in Figs. 17-178A to E, and 17-
208E. 

18.10 What is a film phonograph?— 
It was a naine originated by RCA for 
their original photographic film record-
ing machines that were also used for 
reproducers. Now obsolete. 

18.11 What is a recording galva-
nometerP—It is a light modulator used 
by RCA and other companies for re-
cording photographic sound track. 

78.12 Describe the construction of 
a recording gaivanometer.—A front 
view of a variable-area recording gal-
vanometer—developed by G. L. Dim-
nick of RCA, and used in their photo-
graphic film recorders—is shown in Fig. 
18-12A. The movement consists of an 
iron-nickel alloy armature A, clamped 
between two norunagnetic shims B and 
BB, and held in place by pole pieces C 
and CC. Two Alinco magnets D and DD 

D 

AA 
G 
C 

Do 

N 

VIBRATING 
KNIFE PORTION 

EDGES FOR AA 
MIRROR 
SADDLE 

B A BB I 

CLAMPED 
SECT ION 
A 

CC 

GG 
E 

H 

Fig. 18-12A. Recording galvanometer 
Model MI-10751 manufactured by RCA 
and used in their photographic film re-
corders. (Courtesy, Radio Corp. of Amer-

ica, and Journal of the SMPTE) 

supply the magnetic field. A small gap 
for the upper end of the armature AA 
to vibrate in is left between the upper 
pole pieces. The top edge of the arma-
ture is ground to a knifelike edge, as 
shown in the insert in Fig. 18-12A. The 
knife edge mates with a mirror saddle 
E, which supports a 0.10-inch square 
front-surfaced mirror F. The saddle is 

BIAS 

OE' MIRROR 

O 

AUDIO 

Fig. 18-12B. Internal connections for a 
single-coil type galvanometer. 

MI -10717A 
GALVA NOMETER 

+DC 

RECORDING I.  -DC  J NOISE REDUCTION 
AMPLIFIER AMPLIFIER (NRA) 

Fig. 18-12C. Connections for o recording and noise-reduction amplifier (NRA) to a 
single-coil galvanometer. 
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Fig. 18-12D. Second and third harmonic distortion for RCA recording galvanometers. 

held in place by a phosphor-bronze 
bridge assembly G and GG. A tungsten-
loaded neoprene line H is attached to 
the saddle plate, with the other end 
free. As the mirror is rotated by the 
audio signal, the neoprene line is de-
flected in torsion. At frequencies be-
tween 5000 and 10,000 Hz, a considerable 
amount of the energy is transmitted 
through the line and when reaching the 
end, is reflected back toward the mir-
ror, but is dissipated before reaching 
the mirror. Neoprene rather than con-
ventional rubber is used for the damp-
ing line because it has a higher coeffi-
cient of damping and is less affected by 
temperature changes. It is loaded with 
finely powdered tungsten which is 
heavy and inert. 

The modulating coil I consists of a 
single winding, with a tap for the audio 

OE Fig. 18-12E. Internal connections for a 
two-coil galvanometer. 

signal. The noise-reduction current is 
applied to the complete coil. The design 
is such that the use of an impedance-
matching transformer is not required 
between the output of the recording 
amplifier and the galvanometer. A re-
sistor in the amplifier builds out the 
impedance. A 10-µF capacitor is con-
nected in series with the modulating 
coil to prevent the de bias current from 
the noise reduction amplifier (NRA) 
from entering the output circuit of the 
recording amplifier. The circuit for the 
modulating coil in Fig. 18-12B shows 
the tap for the audio signal. A capacitor 
and resistor in series are connected 
across the whole winding to partially 
neutralize the inductance of the modu-
lating coil in the frequency range of 

TUNGSTEN 
LOADED RUBBER 

ARMATURE 

PHOSPHER 
BRONZE YOKE 

KNIFE EDGE 

Fig. 18-12F. Top end view of the arma-
ture in an RCA recording galvanometer 
showing the damping assembly attached 

to the side of the armature. 
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3000 Hz. The basic circuit for driving 
the galvanometer and applying noise-
reduction bias current is given in Fig. 
18-12C. 
The operation of a galvanometer is 

now explained. With the armature at 
rest and accurately centered in the 
magnetic field, the mirror is held at a 
right angle to the armature by the sad-
dle and bridge assembly. Application of 
an audio-frequency current to the mod-
ulating coil causes the armature to vi-
brate between the pole pieces in ac-
cordance with the audio-frequency 
currents, because of the reaction of the 
armature to the fixed magnetic field. 
Since the armature is clamped at its 
lower end and can only vibrate at the 
upper end, the knife edge transmits a 
rotary motion to the mirror saddle, 
which causes the mirror to be deflected 
in a direction opposite to the armature 
motion. With a sine wave applied to the 
coil, the armature will have equal dis-
placement from side to side. Thus, light 
falling on the mirror surface as it vi-
brates is displaced in a like manner and 
is proportional to the amplitude of the 
applied signal. By means of the me-
chanical and electrical damping, a fairly 
uniform frequency characteristic is 
obtained. 

During periods of low or no modu-
lation, the noise-reduction current 
through the coil deflects the armature 
to one side, causing the mirror to be 
deflected to a previously -determined 
point. This permits a small amount of 
exposure light to reach the film and 
creates the bias lines discussed in Ques-
tion 18.79 and illustrated in Fig. 18-290. 
A galvanometer biased by a noise-re-
duction amplifier is termed a biased 
galvanometer. 
A typical frequency-response char-

acteristic is given in Fig. 18-13. It will 
be noted that the response is *within 
plus or minus 1 dB with reference to 
1000 Hz, ranging from 30 to 9000 Hz, and 
down approximately 5 dB at 10,000 Hz. 
It should be remembered that motion 
picture photographic recording rarely 
exceeds 8000 Hz. Typical harmonic dis-
tortion characteristics are given in Fig. 
18-12D, plotted percent distortion ver-
sus second and third harmonic distor-
tion, for 100-percent modulation of the 
galvanometer. It will be noted that the 
third harmonic (the most important 
one) has less than 0.5-percent distor-

tion. Even-order distortion (second 
harmonic) is held down by the me-
chanical balance of the magnetic struc-
ture and damping, and also by the use 
of push-pull circuitry in the recording 
amplifier. Second-harmonic distortion 
for any frequency between 100 and 6000 
Hz never exceeds 0.6 percent; harmonic 
distortion never exceeds 02 percent. 
With the total harmonic distortion 
(THD) of not more than 2.5 percent, the 
average driving power required for 100-
percent modulation is approximately 
plus 24 to 28 dBm, depending on the 
type of galvanometer used. 

In the two-coil galvanometer (Fig. 
18-12E), the general construction is 
similar to the single-coil type, except 
that separate coils (A and B) are used 
for the audio current and bias current. 
In addition, mechanical damping is ap-
plied to the upper portion of the arma-
ture by means of a U-shaped phosphor-
bronze clamp and two tungsten-loaded 
rubber dampers, centered one to each 
side of the armature (Fig. 18-12F). 

At the lower frequencies, the whole 
damping assembly vibrates with the 
armature and is ineffective. As the 
higher frequencies are approached, be-
cause of the inertia of the clamp, the 
damping assembly tends to stand still; 
however, the armature continues to vi-
brate the clamp, compressing the tung-
sten-loaded damping pads and reducing 
the resonant peak at 9000 Hz. Without 
the damping device, the resonant peak 
is about 12 dB, and with damping it is 
reduced roughly 3 dB. To further re-
duce the peak and smooth out the char-
acteristic, a capacitor of 0.028 to 0.038 
µF is connected across the bias-current 
coil (Fig. 18-12E), to neutralize the in-
ductive reactance of the modulation 
coil. 

Each galvanometer is individually 
tested and a value of capacitance is 
selected that will result in the smooth-
est response to frequency. The fre-
quency characteristic for the two-coil 
galvanometer is similar to that of the 
single-coil type. 

Different type sound tracks may be 
recorded using the same galvanometer. 
All that is required is to change the 
image mask in the optical train to pro-
duce the desired image. (See Question 
18.77.) Galvanometers used in the first 
variable-area recording systems were 
called vibrators, and were designed 
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Fig. 18-13. Typical frequency characteristics for RCA galvanometers. (Courtesy, 
Radio Corporation of America, and Journal of the SMPTE) 

similar to the Dudell oscillograph shown 
in Fig. 22-75. 

18.13 What are the frequency char-
acteristics for the galvanometers in 
Question 18.12P—Typical frequency 
characteristics for both single and two-
cell types are given in Fig. 18-13. The 
frequency characteristic is quite uni-
form, and there is only a plus or minus 
variation of 1 dB between 30 and 9000 
Hz. Since optical film recording rarely 
exceeds 8000 Hz, this is quite satisfac-
tory. 

18.14 Describe a light valve.—It is 
a light modulator, invented by E. C. 
Wente of the Bell Telephone Labora-
tories in 1922, used for recording sound 
on photographic film. Such devices may 
be used for recording both variable-
area and variable-density sound tracks. 
Light valves are used by Westrex in 
their photographic film recorders. 

18.15 Describe the construction of 
a light valve.—The construction of an 
early model Western Electric (now 
Westrex Corp.) light valve is shown in 

D A 

Fig. 18-15A. The light-modulating 
mechanism consists of two Duralumin 
ribbons A, approximately 6 mils wide 
by 1 mil thick. The loop end is wrapped 
around a grooved button B, and tension 
is applied by spring C. The free ends of 
the ribbons are attached to a small 
windlass D, which is used to apply ten-
sion to the ribbons and enable them to 
be tuned to a frequency above the nor-
mal recording range. The center por-
tions of the ribbons are held at a fixed 
distance of 1 mil by a bridge E, forming 
a slit 1 mil in height. 

The whole assembly is mounted at 
right angles to and in a strong magnetic 
field supplied by an electromagnet. Be-
hind and in line with the slit formed by 
the spacing of the ribbons is mounted 
an exciter lamp and optical system for 
exposing the sound track on the moving 
film. Although light valves are gener-
ally employed for recording variable-
density sound tracks, they may also be 
used for recording variable-area sound 
tracks with special considerations. An 
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Fig. 18-15A. An early model (1930) Western Electric light valve for recording 
variable-density sound tracks. 
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Fig. 18-15 B. The basic principles of • film recorder using a 

elementary light valve and optical sys-
tem schematic diagram for variable-
density sound recording is shown in 
Fig. 18-15B. 
The basic concept of a light valve is 

that of a device having an air gap in a 
magnetic circuit in which one or more 
ribbons are mounted under tension. A 
signal (audio frequency) applied to the 
ribbons will move the ribbons in ac-
cordance with the theory of a conductor 
carrying current in a magnetic field. 
The movement of the ribbons causes the 
light-slit formed by the separation be-
tween adjacent ribbons to vary in height 
(zero to 1 mil) thereby permitting more 
or less light from the exciter light to 
fall on the moving film. Thus, a light 
valve may be considered to be a light-
modulating device. 
The ribbons in the light valve are so 

polarized with respect to the external 
magnetic field, that their reaction in the 
magnetic field causes them to open and 
close, depending on the instantaneous 
polarity of the applied audio-frequency 
signal voltage. Thus, in this manner the 
amount of light falling on the film is 
controlled, causing the density of ex-
posure to be varied. Hence, the term 
"variable density." 
The appearance of the recorded 

sound track is similar to that shown at 
(1) in Fig. 18-29. 
Modern designed light valves employ 

ribbons operating on the foregoing prin-
ciple; however, they now use perma-
nent magnets rather than the electro-
magnet used in early model recorders 
as shown in Fig. 18-15B. 
A Westrex Corp. two-ribbon perma-

nent-magnet type light valve is shown 
in Fig. 18-15C. It records a single vari-
able-density should track similar to 
that seen in (1) in Fig. 18-29. 

The light valves may be used for re-

light valve, 

cording either 16-mm or 35-mm sound 
tracks, the only difference being the 
dimensions of the masks which provide 
the proper slit width. 
The Westrex Corp. light valve has 

been designed to have a low circuit re-
sistance and an air gap of high flux 
density. This combination produces a 
circuit "Q" of 2.0, with a resulting reso-
nant peak of about plus 5 dB at the res-
onant frequency with reference to 1000 
Hz. A low circuit resistance is obtained 
by shunting each ribbon with a resistor 
approximately equal to the ribbon re-
sistance. 

The high flux density is obtained by 
designing the light valve so that it may 
be magnetized as a complete assembly 
and by the use of special materials. 
When magnetized, a light valve is ready 
for use with three major sections 
strongly bound together by the force 
of the magnetic section. While in this 
condition, the unit cannot be adjusted 
until it is removed from service and 
demagnetized. Magnetizing the assem-
bly as a whole reduces the losses which 
occur when a portion of the magnetic 
circuit is broken. The special materials 
used are: Alnico V for the permanent 
magnets, and Permendur for the pole 
pieces. Alnico V permits a high mag-
netomotive force to be secured for the 
magnetic circuit, while the Permendur 
pole pieces permit high flux saturation. 
When demagnetized, the light valve sep-
arates into three major pieces: the mag-
netic section (Alnico V), the cap pole 
piece, and base pole-piece assemblies. 
The details of the construction may 

be seen by referring to Fig. 18-15C. The 
magnet section A is cut away on the in-
side to provide proper space for the two 
pole piece assemblies. The cap pole 
piece M contains a glass cover P and a 
mask Q. Two mask lengths are avail-
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able. These are: 0.212 inch, for 35-mm 
film recording; and 0.176 inch, for 
16-mm film recording. 

The base pole piece N is most clearly 
shown in the view without the cap pole 
piece. In this view may be seen the 
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ribbon clamp carriages J used to clamp, 
space, and stretch the ribbons C, ribbon 
shunts F, and the other pole pieces. 
Attention is called to the cover glass S 
in the base pole piece section, which is 
shown as having an appreciable thick-
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Fig 18-15C. The Westrex Corp. two-ribbon light valve used for recording single 
variable-density sound tracks. 
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ness. This provides the light valve with 
the same glass path as a light valve 
used for recording push-pull sound 
tracks (to be described later in this 
question), thereby eliminating the need 
for refocusing each time the light valves 
are interchanged in a recorder. 

Light valves ready for use contain 
two short sections of Duralumin ribbons 
approximately 0.50 mil thick by 6 mils 
wide, mounted in the base pole-piece 
assembly by means of four clamping 

F. 
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pieces B. Spacing screws I are used to 
properly center and space the ribbons. 
Tension is applied to each ribbon by 
means of a tuning screw G until reso-
nance is obtained at 8500 Hz. The re-
sulting slit formed by the parallel edges 
of the ribbons spaced 1 mil apart pro-
vides a light slit which is limited in 
length by the mask Q. As previously 
mentioned, the mask is available in two 
lengths, 0.212 inch for 35-mm sound 
tracks and 0.176 inch for 16-mm sound 
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Fig. 18-15D. The Westrex Corp. 3-ribbon light valve used for recording push-pull 
variable-density sound tracks. 
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tracks. Item 0 is one of two threaded 
release holes on each end which are 
used to separate the tight fitting pieces 
after the light valve has been demag-
netized. 
When assembling the light valve, the 

three major pieces are aligned by the 
snug fit of the end pieces aided by 
single dowel pins in each piece which 
fit into holes in the magnetic section. 

Because of the rise in frequency re-
sponse at the resonant frequency of the 
ribbons, a special equalizer is used to 
attenuate the rise and provide a flat 
frequency response. The recording cir-
cuit connections called a Simplex cir-
cuit, are shown in Fig. 18-19. 

The term "mask" used throughout 
the foregoing discussion should not be 
confused with the term "mask" in 
Question 18.77, used with variable-area 
film recording galvanometers, as they 
serve two different purposes. 

Specifications for a typical two-rib-
bon light valve are: Resistance (includ-
ing the shunt resistors), 0.55 ohms; 
power required for 100-percent modu-
lation at 1000 Hz using the Simplex cir-
cuit (Fig. 18-19), plus 9 dBm; noise-
reduction current, light valve 135 mils, 
into Simplex circuit 270 mils; ribbon 
spacing, 0.0010" plus or minus 0.00010"; 
ribbon tuning frequency, undamped 
8500 Hz; resonant rise, 5 dB at 8000 Hz. 
(The term "undamped" means the fre-
quency of resonance before the com-
plete assembly is magnetized.) 
A Westrex three-ribbon light valve 

using permanent magnets designed for 

\ 
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INVERTING PRISM 
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recording push-pull, variable-density 
sound tracks is shown in Fig. 18-15D. 
The audio signal is impressed on the 
center ribbon. The two outer ribbons 
are connected in series to move toward 
the center ribbon in response to the 
noise-reduction current. Valying action 
takes place between each of the two 
edges of the center ribbon and its ad-
jacent noise-reduction ribbon. 

Certain inherent advantages are ob-
tained by the use of a single ribbon for 
the signal currents (audio signal) as 
compared to previous multiribbon 
types. These advantages are: (1) in-
creased stability of resonant tuning 
achieved by eliminating the bias cur-
rent (noise reduction) with its resulting 
heating effect on the signal current rib-
bon. (2) reduced resistance for the sig-
nal current, since a Simplex circuit is 
not required for the noise reduction 
amplifier circuit. A low resistance re-
sults in a low resonant peak amplitude. 
(3) the outer ribbons may be tuned 
to a lower frequency than the signal 
ribbon, thereby reducing not only the 
required amount of bias current, but 
also the corresponding heating effect. 

The materials used are the same as 
for the two-ribbon light valve. The fre-
quency response rises to 5 dB at the 
frequency of resonance, referred to 1000 
Hz. A low circuit resistance is obtained 
by shunting the single ribbon with a 
resistor approximately equal to the rib-
bon resistance. 
A push-pull type sound track is ob-

tained from two well-defined light slits 
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Fig. 18-15E. Schematic diagram for optical prisms used with Westrex Corp. push-pull 
three-ribbon variable-density light valve. 
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Fig. 18-15F. Connections for Westrex Corp. RA-1238 push-pull three-ribbon vari-
able-density light valve. 

which operate in opposite phase; that 
is, as one slit closes, the other opens. 
This action tends to cancel even-har-
monic distortion resulting from the film 
velocity effect (see Question 18.22), in-
phase noise reduction frequencies, etc. 
As an additional advantage, a 3-dB in-
crease in the signal-to-noise ratio is 
obtained from a double-width push-
pull sound track as compared to a sin-
gle-width sound track. 

The mechanical design of a three-
ribbon light valve results in two aper-
tures which are physically offset, with 
the bias and signal edges for each aper-
ture occurring on opposite sides. An 
inverting prism is used to secure the 
optical inversion of one aperture image, 

APERTURE -2 

RIBBON 

thus bringing the bias and signal edges 
to common sides for the two images. 
The other aperture image is then 

corrected for focus by means of a com-
pensating prism which increases its 
light path to that required for the in-
verting prism. Alignment of the images 
is obtained by tilting the compensating 
prism. The functioning of the two 
prisms is shown in the optical schematic 
of Fig. 18-15E. 

Referring to the cutaway drawing in 
Fig. 18-15D, the major pieces are the 
magnet piece B, the cap pole piece N, 
and the base pole piece O. The three 
major pieces are aligned by the close 
fitting of the parts and the single dowel 
pin in each end piece. The cap pole 

IMPEDANCE - 
MATCHING 

COIL. 

Fig. 18-15G. Westrex three-ribbon light valve for stereophonic variable-density 
photographic sound track recording. 



902 THE AUDIO CYCLOPEDIA 

piece N contains the glass cover Q to 
keep out dirt, and the mask R which 
provides the limiting edges to the light 
aperture formed by the ribbons. 

Each mask aperture measures 0.125 
inch x 0.209 inch with a separation of 
approximately 0.022 inch between the 
two ends. The permanent magnet B is 
cut away on the inside to provide the 
necessary clearance for the two pole 
pieces and ribbon clamp carriages J. 
A ribbon clamp carriage is required for 
each end of a ribbon. This device pro-
vides clamps C for the ribbons E, ad-
justment screws for spacing K, tension 
H, and elevation I. Only one tension 
screw and block are provided per rib-
bon. Terminals L provide connections to 
the ribbons as follows; the center rib-
bon (audio signal) is connected to ter-
minals 1 and 2. Terminals 3 and 5 (the 
noise reduction current) are connected 
to the noise reduction ribbons, with the 
middle terminal 4 serving as a common 
connection to the junction of the two 
ribbons. The shunt resistor for the cen-
ter ribbon is item G. 

Directly below the ribbons on the 
base section may be seen the prism 
mounting consisting of two cylinders, 
each containing a prism. Enlarged views 
of both cylinders are shown directly 
below the sectional view. Cylinder W 
contains an inverting prism V which 
transposes the image edges for one ap-
erture. The compensating prism T in 
the other cylinder S provides the same 
glass path for the second image so that 
the two images are in common focus. 
Alignment of the edges is secured by 
rotating the compensating lens to obtain 
a slight displacement of the image. 

Adjustment and locking screws for 
the cylinders are shown as item D. A 
septum mask U is placed between the 
two mountings. One of the two align-
ment holes in the base pole piece which 
is used to mount the light valve on a 
modulator unit is shown as item F. 

The ribbons consist of three pieces of 
Duralumin measuring approximately 
0.5 mil x 6.5 mils. These ribbons are 
located with respect to the alignment 
holes and spaced under tension to form 
two apertures 1 mil in width. The ten-
sion is the greatest for the center ribbon 
(audio signal), which is tuned to reso-
nate at approximately 8500 Hz, while a 
lesser amount of tension is applied to 
the outer ribbons (noise reduction) to 

secure a resonant frequency of approx-
imately 5500 Hz. When the complete as-
sembly is magnetized the resonant fre-
quencies are shifted downward to about 
8200 and 5300 Hz respectively. 

The three ribbons are adjusted in 
elevation so that the signal ribbon and 
the outer ribbons are in different planes, 
separated by approximately 1.5 mils. 
This separation prevents the ribbons 
from colliding when the signal level 
exceeds that required for 100-percent 
modulation. 

Fig. 18-15F shows the method used to 
connect the light valve for recording. 
The 2-ohm potentiometer Pl is used to 
balance out the small differences in re-
sistance between the noise reduction 
ribbons. This is accomplished by means 
of a photocell monitoring device in the 
recorder. The recorded sound track 
should appear as shown at (m) in Fig. 
18-29. 

Typical specifications for a three-
ribbon valve are: impedance of signal 
ribbon (with shunting resistor), 0.3 
ohm; impedance of noise-reduction rib-
bons, 0.6 ohm; power required for 100-
percent modulation at 1000 Hz using the 
circuit of Fig. 18-15F, plus 12 dBm; 
noise-reduction closure current, 52 mA; 
ribbon spacing, 0.0010 inch. 

The light valve is mounted in a mod-
ulator unit which houses the necessary 
optics that operate in conjunction with 
the light valve. The term modulator 
(Westrex) should not be confused with 
the term light modulator, as this term 
refers to a recording light valve, galva-
nometer, or any device used to modu-
late the exposure lamp beam of light. 
A modulator unit holds the light valve 
and is a part of the recording system. 

Fig. 18-15G shows a three-ribbon 
light valve modified to produce two 
independent variable-density sound 
tracks for stereophonic recording. The 
center ribbon in this valve is grounded 
and is used only as a mask. The top and 
bottom ribbons carry both the audio 
signal and noise-reduction bias current. 
The two apertures are brought into line 
by the use of optical compensators 
mounted in the valve assembly, result-
ing in two sound tracks which are coli-
near. 

For variable-area recording, a spe-
cial light valve containing four ribbons 
and capable of recording two separate 
bilateral sound tracks which are also 
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colinear, is used. For variable-density 
recording, to prevent shifting of the 
stereophonic pattern because of unequal 
channel gain, it is important that the 
two sound tracks are of nearly the same 
value. Variations as small as 1 dB will 
sometimes cause an apparent shift in 
the sound and the action as shown on 
the screen. Therefore, density variations 
must be less than 0.05 between the two 
tracks. 

For variableadensity recording the 
two tracks appear together in the usual 
track position on the negative, and are 
each 48 mils wide and spaced 4 mils 
apart. When recorded as variable-area 
bilateral, each track is 36 mils wide, 
and spaced 4 mils apart. The trade 
name for this system is PhotoStereo. 
Since magnetic recording can offer so 
many other advantages, the practice of 
recording optical stereophonic sound 
tracks is not used to any great extent. 

18.16 What is meant by tuning a 
light valve?—It is the process of reso-
nating the light valve ribbons to a fre-
quency above the normal recording fre-
quency range. The tuning is done in a 
light-valve fixture consisting of an ex-
citer lamp, optical system, photocell, 
and an amplifier with a VU meter at 
the output. (See Fig. 18-16.) In the 
early models of light valves, the peak 
at the resonant frequency varied from 
12 to 20 dB above the reference fre-
quency of 1000 Hz. In present day de-
signs, this peak has been reduced to 
about 6 dB. In practice, an equalizer 
with an inverse frequency characteristic 
to the light valve is connected in the 
recording channel to smooth out the re-
sponse in the region of the resonant 
frequency. 

18.17 What is the clash point of a 
light valve?—It is a reference of 100-
percent modulation of the valve, ob-
tained by sending into the valve a sig-
nal that will cause the ribbons to just 
strike each other. This is the point of 
zero transmission of the valve. If the 
ribbons are permitted to clash during 

PEC 
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for tuning light valve ribbons. 

recording, strong harmonics will be 
generated, causing distortion. 

18.18 Is the impedance of a light 
valve constant?—No. To prevent vari-
ation of the light-valve impedance from 
being reflected back to the driving am-
plifier, it is common practice to insert 
an attenuator of 3- to 6-dB loss between 
the light valve and its matching trans-
former and the output of the driving 
amplifier. At the lower frequencies, the 
valve impedance is practically a con-
stant resistance, equal in value to the 
de resistance of the light-valve ribbons. 
At the higher frequencies, the imped-
ance of the ribbons rises. The pad iso-
lates this impedance change from the 
amplifier, thus reducing the harmonic 
distortion. 

18.19 How is the low impedance of 
a light valve matched to the output of 
the driving amplifier?—By an imped-
ance-matching transformer. Generally, 
the input of the transformer is 600 
ohms, with a secondary of 0.5 ohm to 
several ohms, depending on the design 
of the light valve. The impedance bglow 
1000 Hz is approximately the dc resist-
ance of the ribbons. An adjustable at-
tenuator is provided for adjusting the 
100-percent modulation point of the 
light valve for a given input signal. The 
driving circuit of a typical light valve 
is shown in Fig. 18-19. 

18.20 What is a monoplanar light 
valve?—One in which the ribbons move 
in the same plane. It is also called a 
coplanar valve. This type of light valve 
may be used for the recording of vari-
able-area sound tracks. 

18.21 What is a biplanar light 
valve?—.One in which the ribbons move 
in separate planes. Light valves which 
have more than two ribbons are of this 
type. Light valves of this type are gen-
erally used for the recording of vari-
able-density sound tracks. 

18.22 What is the velocity effect 
in a light modulator?'—In variable-area 
sound recording, the exposure light is 
focused on a slit and the illumination 
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Fig. 18-19. The Simplex circuit used with a Westrex Corp. light valve for photo-
graphic recording. 

at the slit is then focused onto the film. 
With the film moving past the recording 
light beam at a given rate of speed, a 
wave shape which corresponds to the 
electrical signal applied to the light 
modulator is traced onto the film. When 
the frequency of the signal is low, the 
waveform traced on the film will be 
long in length. If, however, the free 
quency is a very high one, the length 
of the waveform is very short. Under 
close examination, it will be found that 
the recording of the low frequency is 
true in its shape and that the density 
of the exposed area is relatively con-
stant. This is not true in the case of the 
high-frequency recording. The shape of 
the exposed area does not correspond 
to the shape of the image that was 
traced on the film. The reason for this 
is the difference in velocity with which 
the light beam moves across the slit. 
The amount of exposure that is applied 
to the film is governed by several fac-
tors: (1) the time required by a par-
ticular point on the film to travel past 
the light beam; (2) the intensity of the 
exposure light; and (3) the time it takes 
the exposure light to move from its rest 
position on the slit to the limit of its 
excursion and to return to its rest posi-
tion again. 

With the rate of film travel and the 
intensity of the exposure light held 
constant, the factor that determines the 
amount of exposure on the film is the 
velocity at which the exposure light 
travels across the slit. Thus, it may be 
seen that the frequency of the record-
ing signal affects the exposure of the 
film. 
When a high frequency is recorded, 

the image on the film will have a grey-

ing out towards the peak of the wave-
form due to the diminishing exposure 
at that point. This is caused by the very 
short time period the the exposure 
light rests at the peak of its excursion. 

The results of this phenomenon are 
two-fold: (1) As the frequency of the 
recorded signal is increased, the output 
level with respect to a reference fre-
quency of the same amplitude will de-
crease. This is known as film loss. This 
loss is usually measured at 9000 Hz 
using a reference frequency of 1000 Hz. 
(2) The higher the frequency recorded, 
the greater will be the distortion of the 
waveform caused by the velocity effect. 
Film-loss measurements are discussed 
under cross-modulation measurements 
In Question 18232. 

"Ribbon velocity effect" is the term 
used to describe the distortion created 
by the light-valve ribbons in variable-
density light valves, due to their direc-
tion of travel with respect to the film 
motion. If the velocity of the ribbons 
is comparable to the film velocity, a 
spurious variation in exposure results, 
producing distortion. 

18.23 What ore the essential differ-
ences of a variable-area light valve de-
signed for negative recording and one 
for direct-positive recording?—In a 
light-valve setup for negative record-
ing, the light from the exposure lamp 
passes through the light-valve ribbons 
and is then focused on the filin. In a 
light-valve setup for direct-positive re-
cording, the light is reflected from the 
ribbons and then focused on the film. 
Direct-positive valves are also capable 
of making negative recordings. 

The ribbons in a direct-positive light 
valve are polished on one side to reflect 
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the light. Negative-valve ribbons are 
not polished. Polishing the ribbons ap-
pears to have an annealing effect, re-
sulting is a somewhat higher ribbon 
failure in direct-positive light valves. 

18.24 What is the relationship in 
percent modulation of a light modulator 
to its deflection in decibels?-If a con-
dition of 100-percent deflection (modu-
lation) of the light modulator can be 
assumed, the percent modulation and 
modulation in decibels can be read di-
rectly from the scale in Fig. 18-24A. For 
deflections other than those shown on 
the scale, the table in Fig. 18-24B can 
be used. (See Fig. 25-133.) 
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100-Percent Modulation 

80 
50 
25 
10 

2 dB 
6 dB 
12 dB 
20 dB 

de 0 
%MOO 100 

-: 
SO 

1 
-41 -42 20 0 Ob 
SO 25 lo o %YOGI 

DEFIECTION 

Fig. 18-24A. Percent light modulator de-
flection versus decibels. 

18.25 What is a penumbra inten-
sity recorded-A system of recording 
variable-density sound tracks by means 
of a galvanometer which was developed 
by RCA several years ago but is not 
used commercially. 

18.26 Describe the essential compo-
nents of a photographic film recorder.-
In many respects, the transport system 
and other mechanical details of a pho-
tographic (optical) recorder are quite 
similar to a magnetic film recorder. The 
essential differences are the optical re-
cording system and its associated equip-

ment. The two film recorders that will be 
discussed are typical of those. used in 
the motion picture industry. The first to 
be discussed is the Westrex Model 1581A 
recorder. This recorder is available 
for both 16- and 35-mm film recording. 
The following description will apply to 
either type, except for the width of the 
transport components. The same light 
valves are used for both sizes of film. 

Fig. 18-26A shows that the film path 
is symmetrical and permits the film to 
travel either forward or backward for 

dB % dB % 

0 100 26 5.012 

1.0 89.13 27 4.467 
1.5 84.14 28 3.981 
2.0 79.43 29 3.548 
2.5 74.99 30 3.162 

3.0 70.80 31 2.818 
3.5 66.83 32 2.512 
4.0 63.10 33 2.239 
4.5 59.57 34 1.995 
5.0 56.23 35 1.778 

5.5 53.09 36 1.585 
6.0 50.12 37 1.413 
6.5 47.32 38 1259 
7.0 44.67 39 1.122 
7.5 42.17 40 1.000 

8.0 39.81 41 .8913 
8.5 37.58 42 .7943 
9.0 35.48 43 .7080 
9.5 33.50 44 .6310 

10 31.62 45 .5623 

11 28.18 46 .5012 
12 25.12 47 .4467 
13 22.39 48 .3981 
14 19.95 49 .3548 
15 17.78 50 .3162 

16 15.85 51 .2818 
17 14.12 52 .2512 
18 12.59 53 .2239 
19 1122 54 .1995 
20 10.00 55 .1778 

21 8.913 56 .1585 
22 7.943 57 .1413 
23 7.080 58 .1259 
24 6.310 59 .1122 
25 5.623 60 .1000 

Fig. 18-248. Percent modulation versus 
decibels. 

negative or direct-positive recording. 
The film travels downward from maga-
zine A through a light trap in the mag-

azine, over idler roller B, engages the 
left side of film sprocket C, then goes 
under the filter roller D, over imped-
ance drum E. The film now proceeds 
under a second impedance drum EE 
under filter roller DD, engages the right 
side of film sprocket C, then goes over 
idler roller DD, and back into the right-
side of the magazine A. 

Before making the second engage-
ment with film sprocket C, the film loop 
length is adjusted until the flanges of 
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the filter rollers D and DD bisect or just 
cover two black reference dots on the 
panel behind the rollers. As an aid in 
threading, a loop lamp H on the control 
panel will go out when the correct 
length of film is threaded. Changing the 
film loop plus or minus one sprocket 
hole will cause the lamp to light. At F 
and FF are two film strippers, one of 
which serves to operate a film buckle 
switch. Knob G is used when necessary 
to position the two filter-arm flanges D 
and DD, with respect to the two dots 
when the machine is in operation. The 
mechanical filter system is the Davis 
tight-loop system, discussed in Question 
18.28. 
The light valve I is mounted in a 

modulator unit J with the objective lens 
in the film compartment (not shown). 
At K is a focusing and adjustment con-
trol for the objective lens. In the hous-
ing is also a rotating mirror, a part of 
the light-valve monitoring system, with 
the monitoring screen at M. A footage 
counter appears at N. 

This machine can be used for record-
ing negative or direct-positive sound 
track, using either "A" or "B" wound 
film. With the installation of a suitable 
light valve in the modulation unit, the 
following can be recorded: double-
width push-pull negative; standard-
width bilateral negative; standard-
width double bilateral negative; stan-
dard bilateral direct-positive; and 
double-width push-pull direct-positive 

- 
tei.), • 'OET A '" 

sound track. Any one of these light 
valves can be installed without requir-
ing any adjustment of the optics except 
for the introduction of the appropriate 
mask width for standard or double-
width sound track. It is recommended 
that the variable-area double bilateral 
sound track be used in preference to 
the bilateral sound track. Such sound 
tracks are illustrated in Figs. 18-29B 
and 18-299A. 

Direct monitoring from the light 
valve image is possible with the use of 
a system of mirrors which reflects a 
part of the modulated light beam to an 
eight-sided rotating prism. The prism 
reflects an image of the light valve rib-
bons on the monitor screen M, which 
results in a variable area image similar 
to that being recorded on the film. A 
diagram of the recording and monitor-
ing optical system is given in Fig. 
18-26B. 
An exposure meter is used to moni-

tor the exposure lamp (exciter lamp). 
The exposure meter optical path pro-
vides a means for comparing the light 
from the exposure lamp that passes 
through the light valve with light from 
a reference lamp. By rotating a mirror 
and aperture assembly to either of two 
positions, the light from either source is 
directed to a photoconductive cell which 
is connected to an external exposure 
meter. The mirror aperture assembly in 
Fig. 18-26B is shown in the position that 
permits the light from the reference ex-

H I 

BB 

FF 

OEit.reenitra C 

z're' FOE #OEOEOE% -G 

K E D DD EE 

Fig. 18-26A. Front view of Westrex Corp. Model 1581A photographic film recorder. 
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Fig. 18-268. Diagram for the optical system used in the Westrex Corp. Models 
1581A and C photographic film recorders. 

posure test lamp to pass through the 
aperture to be reflected by the 45-de-
gree mirror, pass through the mitsk, 
field lens, blue-filter assembly, diffusing 
screen, and to the photoconductive cell. 
With the mirror rotated to the alternate 
position, the light passing through the 
light valve is reflected upward into the 
45-degree angle mirror through a field-
mask, blue-filter, diffusing screen, to 
the exposure cell. (Blue filter refers to 
an ultraviolet filter discussed in Ques-
tions 18.7 and 18.8.) 
An interior rear view of the recorder, 

showing the film take-up and motor-

drive mechanism, is given in Fig. 
18-26C. The plugs at the bottom are for 
external noise reduction amplifier 
(NRA), audio, and power connections. 
An overall view of a Series 900 re-

cording system with its control equip-
ment is shown in Fig. 18-26D. Con-
tained within the cabinet, starting at 
the upper left are noise reduction am-
plifier and controls, exposure lamp con-
trol, VU meter and attenuator, and the 
compressor amplifier. In the second row 
is a photometer for measuring the ex-
posure lamp intensity for both variable-
area and variable-density recordings, 

 1 
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Fig. 18-26C. Rear view of Westre: Corp. Model 1581A photographic film recorder. 

and a test oscillator. At the lower por-
tion of the cabinet are the power sup-
plies. A block diagram of the complete 
system is given in Fig. 18-26E. 
As an added feature, a magnetic re-

cording head can be installed in the film 
compartment in such a manner that 
either method of recording can be used 
without any mechanical or electrical 

changes. It is of interest to note that 
recorders of this type have a total flut-
ter of considerably less than 0.10 per-
cent. 

The RCA Model PR-31 35-mm pho-
tographic film recorder is shown in Fig. 
18-26F. Its essential components are: 
filin magazine A, for holding the film 
supply; locking screw B, which holds 

Fig. 18-26D. Westrex Corp. Series 900 photographic film recorder with its compres-
sor, noise-reduction amplifiers, and associated equipment. 
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Fig. 18-26E. Block diagram for Westrex Series 900 photographic film 
control cabinet. 

the magazine to the recorder case; sup-
ply magazine spindle and plastic film 
core C; light trap D, through which the 
film passes to the recorder transport 
system; optical system E for slating 

recorder and 

mechanism; digits and letters EE for 
photographic slating mechanism; bear-
ing heater switch F; galvanometer 
monitoring card G; exciter-lamp hom-
ing H; galvanometer tilting screw I; 
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galvanometer II; recording optical sys-
tem J; photometer lens K; optical-sys-
tem housing with objective lens L; 
objective-lens focusing ring LL; photo-
meter meter M; motor-system starting 
switches N and NN; film-marker button 
0; galvanometer switch P; magnetic-
drive system rheostat Q; field-current 
meter QQ; exciter-lamp hold switch R; 
master de switch RR; exciter-lamp cur-
rent S; exciter-lamp rheostat SS; film 
punch T; pull-down pull-up sprocket 
U; idlers V and VV, for holding film 
against sprocket; tight-loop idlers W 
and WW; recording drum X; film Y; 
take-up magazine AA; and take-up 
magazine spindle and core CC. 

The film drive consists of a gear-
driven 32-tooth sprocket with double-
pad rollers, magnetically driven sound 
drum (impedance drum), and two un-
damped sprung rollers. The sprung 
rollers are provided with position stops, 
which are held open by spring action. 
The design is such that the same length 
of film is used each time the recorder is 

threaded. Threading is done with one 
spring roller in its normal position as 
held by its spring, and the other spring 
roller is held against a stop opposing the 
spring action. This provides a tight-loop 
path. Damping is provided by a mag-
netic drive to the impedance drum. The 
current through the field coil increases 
the damping, but makes little difference 
in the performance of the recorder. The 
impedance drum employs a bronze-
sleeve bearing with a heater and ther-
mostat set for a 75-degree operation. 
This eliminates the necessity of the 
bearing warm-up time. The current 
through the magnetic-drive field-coil is 
controlled by rheostat (Q), which may 
be adjusted while the machine is in 
motion. This transport system and mag-
netic drive is used in all RCA 5-mni 
photographic film recorders. The total 
flutter is on the order of 0.05 percent. 
It should be mentioned that optical film 
recorders use sprockets, which are de-
signed to operate with either negative 
or positive film-base perforations. These 

MLLN NNP 00 TOORRRS SS 

Fig. 18-26F. The RCA MI-10745, PR-31, 35-mm photographic film recorder. 
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KK 

Fig. 18-26d: The RCA PR-23 photographic 

sprockets are also used for magnetic 
recorders. 

Fig. 18-26G shows an RCA PR-23 
photographic film recorder, manufac-
tured about 1937. It is interesting be-
cause of its film transport system. This 
machine did not use a tight-loop; in-
stead, it used a free-loop system. It 
attained its steadiness of drive by the 
use of a magnetic-drive system coupled 
to the impedance drum, similar to that 
used in the PR-31 recorder. The long 
neck below the filin magazine held a 
film punch and numbering mechanism 

The principal components of the 
PR-23 recorder are: film magazine A, 
locking screw for film magazine B, 
magazine supporting neck C (although 
not shown, a slating and film-punching 
device may be installed in this portion 
of the recorder), housing door D, com-
partment containing the film transport 
mechanism E, recorder base F, mag-
netic-drive G, motor H, galvanometer 
monitor screen I, galvanometer and 
optical-system housing J, photometer 
meter K, photometer operating lever 
KK, exciter-lamp monitoring mirror L 
(image of filament  is thrown on the 
galvanometer monitor card for constant 
observation), optical-system focusing 

film recorder manufactured in 1936. 

ring M, objective lens N, motor-system 
starting switches 0 and 00, galvanom-
eter key switch P, field-current amme-
ter Q, and exciter-lamp current amme-
ter R. 
A diagram of the PR-23 transport 

system is given in Fig. 18-26H. The film 
A leaves a supply magazine above and 
is pulled downward by a 32-tooth 
sprocket B. Two small rollers C and CC 

DD 

Fig. 18-26H. Free-loop system used in 
early RCA photographic film recorders 

(1933). 
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hold the film in contact with the 
sprocket and are mounted on an arm 
which may be lifted from the sprocket 
by the action of a cam D. 

Leaving the sprocket, the film passes 
under roller E making a small loop 
between the bottom of roller CC and 
roller E. The filin now passes over roller 
F making a tight wrap, held by roller 
G, then over the impedance or record-
ing drum H. The film is tightly clamped 
to the surface of the drum by a rubber-
surfaced pad roller L From this point, 
the film forms a large loop M, passes 
over roller J, and is then again held in 
contact with the sprocket B by the roll-
ers K and KK, also mounted on an ec-
centric, DD. Finally, the film is taken up 
by the take-up magazine at the upper 
right. 
When the machine is first threaded, 

the roller j is used to form the loop 
M. If the loop is correctly made and the 
field current through the magnetic 
drive system properly adjusted, the 
film will not touch roller J when the 
machine is running. This system is 
called a free-loop drive. Tight-loop 
drives are shown in Figs. 18-26A and B. 

18.27 What is on impedance or 
sound drum? What is its purpose?—A 
metal drum used in the film transport 
system over which the film passes. Its 
purpose is to smooth out irregularities 
in the motion of the film caused by the 
action of the sprockets, thus reducing 
flutter. 
The drum is free wheeling and re-

volves by the friction of the film on its 
surface pulling it around. On the op-
posite end of the drum shaft is mounted 
a heavy flywheel. When the drum at-
tains its normal speed, the flywheel op-
poses any change in speed transmitted 
to the film on its surface. In a magnetic 
recorder, the drum is constructed from 

OBJECTIVE 
LENS OF RECORDING 
OPTICAL SYSTEM 

HOLE FOR LOOKING 
BACK INTO OPTICAL 

SYSTEM WITH 
PERISCOPE 

FILM 

IMPEDANCE 
DRUM 

a nonmagnetic metal. A cross-sectional 
view of a recording drum used in a 
photographic film recorder is shown in 
Fig. 18-27. 

18.28 Describe the basic principle 
of a Davis tight-loop transport system.— 
The film transport and filter system to 
be described was a development in 1945 
of C. C. Davis of the Electrical Research 
Products Corp. (ERPI), a former sub-
sidy of the Western Electric Co., now 
known as Westrex Corp. Such transport 
systems are used in Westrex photogra-
phic and magnetic recorders and re-
producers. 

Fig. 18-28A shows that the film path 
and damping section consists of an up-
per and lower sprocket, an impedance 
drum with a heavy flywheel on the op-
posite end, two pivoted arms with idler 
rollers which form a tight loop around 
the impedance drum, a spring con-
nected between the two arms, and an 
oil-filled dash-pot connected to the 
lower arm. The double-tension loop 
supplies a relatively large amount of 
film tension, which is quite suitable for 
flywheel starting and driving, and at 
the same time supplies the correct 
amount of loop compliance. The loops 
are not tensioned independently, but by 
the differential action through the 
spring between the two arms. The re-
actance opposing the flywheel motion 
is that resulting indirectly from changes 
in the working angles through which 
the spring tension is applied to the 
loops. 
A second method of using the tight-

loop system for magnetic recorders is 
shown in Fig. 18-26B. Here the film 
passes over a 16-tooth sprocket, an idler 
roller mounted on a pivoted arm, over 
a second idler roller to an impedance or 
sound drum, in which is located a mag-
netic recording head. The film now 

_- FLYWHEEL 

Fig. 18-27. Impedance or recording drum, flywheel, and objective lens of a photo-
graphic film recorder. 
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Fig. 18-28A. Schematic diagram for Davis tight-loop film transport system used in 
photographic and magnetic film recorders and reproducers. 

passes over a second idler to a second IDLER IDLER 

pivoted arm and idler roller, then to a 
second 16-tooth sprocket. The filter M ele-
ments consist of the two arms with a FIL seeocKET 
spring between, and an oil-filled dash-
pot connected to the left hand arm. The 
filter action is the same as for the sys-
tem in Fig. 18-28A. A magnetic monitor 

FILTER FILTER 
head may be used to replace the lower IDLER IDLER 

roller on the right hand side. 
Fig. 18-28C shows a third method of IMPEDANCE IMPEDANCE 

applying a tight-loop system to a plia- DRUM DRUM 

tographic film recorder, similar to that 
shown in Fig. 18-28A. Uniform film mo-
tion at the translation point, with rela-
tive freedom from flutter, is achieved Fig. 18-28C. Third version of Davis 
by the introduction of mechanical fil- tight-loop transport system, used in pho-
tering in the film path between the two graphic film recorders. 

16-TOOTH 
SPROCKET 

COMMON SPRING 

PIVOT 

FILTER ARMS 
AND ROLLERS 

OIL MAGNETIC HEADS 
DAMPER OR ROLLERS 

FLYWHEEL SOUND DRUM 

MAGNETIC HEAD 

16- TOOTH 
SPROCKET 

MAGNETIC 
FILM 

Fig. 18-288. Second version of Davis tight-loop transport system, used in magnetic 
film recorder. 
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engagements of the film with the film 
sprocket. The filter action consists pri-
marily of the inertia of the impedance 
drum assemblies and the damped com-
pliance of the filter-arm assembly. At 
high rates of flutter, the compliance of 
the filin becomes an effective element in 

a 

the filter mechanism. The filter-arm as-
sembly provides two rollers, mounted 
on pivoted arms and arranged with one 
roller in each of the film paths between 
an impedance drum and the filin 
sprocket. Two coiled springs are em-
ployed in the filter. One spring is con-

d e 

111 III 1111 ILl 
UNILATERAL BILATERAL 

VARIABLE AREA VARIABLE AREA 

ii 
PUSH-PULL 

VARIABLE AREA 

CLASS B 

k 

1111_1 

ERPI 
PUSH—PULL 

AREA — 200 MIL 

PUSH—PULL 
CLASS A 

DIRECT POSITIVE 

il 
SINGLE 

VARIABLE DENSITY 

DUPLEX 
VARIABLE AREA 

PUSH—PULL 
VARIABLE AREA 

CLASS A 

11 
PUSH-PULL 

VARIABLE AREA 

CLASS A—B 

ü Iii un 
DUPLEX AREA 

SPROCKET HOLE 

CONTROL TRACK 

PUSH-PULL 
VARIABLE DENSITY 

COMPREX COMPREX 
UNILATERAL AREA BILATERAL AREA 

SO SIGNAL — 50 CONTROL 

PUSH—PULL 
DENSITY - 200 MIL 

171/2 ed.. FILM 

IIII Ell III 
SINGLE 

VARIABLE DENSITY 
SQUEEZE 

ERPI DENSITY 
STEREOPHONIC 

MOVIE TONE 

PUSH—PULL 
VARIABLE DENSITY 

SQUEEZE 

COMPREX 
DENSITY 

100 SIGNAL — IOC CONTROL 

CONTROL TRACK 
OUTSIDE SPROCKET 

HOLES 

100 SIGNAL - 100 CONTROL 

hEhL 111111111 
BELL TEL. LAB'S — AREA 

STEREOPHONIC 

THREE SIGNALS — ONE CONTROL 

FANTASOUND 
THREE SIGNALS—ONE CONTROL 

o 

il 
PUSH—PULL 
DENS1T Y 

200 MIL 

1_-_1 
ERPI 

CONTROL TRACK 

5 MIL 

COMPREX 
DENSITY 

50 SIGNAL — 50 CONTROL 

Fig. 18-29. Photographic sound track images used both post and present. Several of 
the above images are now obsolete, but are included for reference purposes. 
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nected between the filter arms to pro-
vide the compliance, as well as the film 
tension in the filtered film loop. The 
other spring is adjustable and provides 
symmetrical positioning of the arms. 
Damping is applied to the right-hand 
filter roller (viewed from the front) in 
the form of a fluid dash-pot filled with 
a silicone fluid of 200-centistokes vis-
cosity. The film tension is adjusted by 
control G (Fig. 18-26A). 

18.29 Describe the various types of 
sound track both past and present used 
for photographic film recording.—Dur-
ing the development of photographic 
sound recording, many different types 
of sound-track images were created for 
both variable-density and variable-area 
recording. Among the variable-density 
recordings were the standard, push-
pull, squeeze, and comprex. For vari-
able-area recordings, there were uni-
lateral, bilateral, and several variations. 
For both types of recordings, a number 
of push-pull configurations operating 
class-A, -B and -AB were developed. 
Stereophonic sound tracks were also 
recorded, using up to four tracks. 
Twenty-four different sound tracks are 
shown in Fig. 18-29. For present-day 
recording, both the standard variable-
density and variable-area bilateral 
sound tracks are used, with the vari-
able-area type prevailing. 

18.30 Describe a unilateral vari-
able-area sound track.—It is a sound 
track consisting of a single group of 
modulations along one edge of the 
sound track area (Fig. 18-29). This was 
the design of the original sound track 
used with the first RCA photographic 
film recorder, Model R-3, in 1926. 

18.31 What is a bilateral variable-
area sound track?—A sound track with 
symmetrical modulations along both 
edges of the sound track area, as shown 
at (b) in Fig. 18-29. 

18.32 What is a class-8, push-pull, 
variable-area sound track? — A sound 
track containing two groups of modu-
lations as shown at (f) in Fig. 18-29, 
and in Fig. 18-298. Each chain of modu-
lations is 180 degrees out of phase with 
the other. The modulations of each 
track are connected by a thin line 
called a bias line. 

18.33 What is the appearance of a 
variable-density sound track?—It con-
sists of a group of thin lines running at 
90 degrees to the motion of the film as 
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shown at (1) in Fig. 18-29. Their degree 
of exposure varies with the percentage 
of modulation. 

18.34 What is a push-pull variable-
density sound track?—Two variable-
density sound tracks recorded alongside 
each other as shown at (m) in Fig. 
18-29. The modulation of the two sound 
tracks are 180 degrees out of phase with 
respect to each other. 

18.35 What is a dulateral sound 
track?—Two variable-area, unilateral 
sound tracks recorded in phase along-
side each other, as shown in Fig. 18-35. 

GEICJEIE1110  

Fig. 18-35. The dulateral voriabl4s-area 
sound track. The two groups of modula-

tions are in phase. 

18.36 What is a squeeze trackT—A 
single variable-density sound track in 
which the width is reduced during peri-
ods of low or no modulation to reduce 
the background noise of the film. Re-
ducing the exposed area 50 percent re-
duces the background noise of the film 
6 dB or 50 percent. A typical squeeze 
track is shown at (p) and (q) in Fig. 
18-29. 

18.37 What is the purpose of re-
cording multiple variable-area sound 
tracks?— In multiple variable-area 
sound-track recording, six or more 
identical bilateral sound tracks are re-
corded side by side (Fig. 18-37). Such 
sound tracks are generally used with 
16-mm photographic sound recording. 
The advantages claimed for this method 
of recording are that because the tracks 
are quite narrow, distortion caused by 
azimuth deviation and uneven slit illu-

Fig. 18-37. The Maurer 16-mm muleple 
variable-area photographic sound track. 
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mination is considerably reduced, and 
the signal-to-noise ratio is increased. 
This type sound track is used by 
Maurer, and the German Tobias-Klang-
film Co. A method of recording 13 
sound tracks, developed by Siemens-
Halske, also of Germany, has been de-
scribed in the literature. The image of 
this sound track should not be confused 
with a stereophonic or push-pull sound 
track, as all six of the tracks carry the 
same information. 

18.38 What is a control track?—A 
sound track consisting of single or mul-
tiple frequencies for the purpose of 
controlling amplifiers or loudspeakers 
in a multiple-channel reproducing sys-
tem. The control frequencies are passed 
through bandpa.ss filters to a control 
rectifier-amplifier and changed to direct 
current. This de is used to control the 
opening and closing of the amplifiers 
driving the loudspeakers. Two such 
sound tracks are illustrated at (v) and 
(w) in Fig. 18-29. 

18.39 What is . minus dialogue 
track?—A prerecorded music and sound 
effects track for dubbing foreign lan-
guage motion pictures. The dialogue is 
carried on a separate sound track. Thus, 
any language may be used without hav-
ing to rerecord the music and sound 
effects a second time. 

This system was used principally 
with photographic sound recording; 
however, since the advent of magnetic 
recording, it is common practice to re-
cord the dialogue, music, and sound ef-
fects on separate sound tracks using a 
three-track recorder. 

78.40 If raw stock film is stored in 
a high temperature what effect does it 
have on the emulsion?—It causes the 
emulsion to develop a fog which is in-
dependent of development. 

18.41 What is a direct-positive re-
cording? — A sound track which has 
been so exposed that it requires proc-
essing only once. The image is positive 
and may be used as any normal positive 
print. Direct-positive recording may be 
accomplished by changing certain com-
ponents in the recorder optical system 
to produce positive images rather than 
negative. In the RCA variable-area sys-
tem of recording, this is done by shift-
ing the image from the optical mask to 
expose the film in such a manner that 
it processes as a positive; that is, the 
image is reversed. Where the film would 

normally be exposed and develop black, 
it is not exposed; therefore, it develops 
white or positive. In the Westrex Corp. 
recorders, direct-positive recording is 
accomplished by changing the light 
valve to a direct-positive light valve. 
Direct-positive recording is used only 
with variable-area recording systems. 
(See Questions 1823, 18.26, and 18.304.) 

78.42 What are the advantages of 
direct-positive recording? — Actually, 
there is no advantage soundwise. Di-
rect-positive recording is used only 
when time is a factor and only one 
print is required. Considerable time is 
saved, as the track is recorded directly 
on the print and requires processing 
only once. It should be understood that 
the sound of a direct-positive record-
ing may not be equal to a negative and 
print, unless a cross-modulation com-
pensator is used. Such sound tracks are 
developed to a gamma of approximately 
2.5 to 3.0, with the density ranging from 
1.5 to 1.9. Direct-positive sound tracks 
are played back in the normal manner 
as for any positive sound track. The 
proper exposure is determined by a 
series of cross-modulation tests, as dis-
cussed in Questions 18.232 and 18.246, 
and a sibilant test, as described in 
Question 18.283. Direct-positive record-
ing is used only with variable-area 
sound track. 

18.43 What is the azimuth setting 
of a film recorder?—An adjustment of 
the optical system which provides a 
means of setting the optical slit at ex-
actly right angles to the direction of 
travel of the filin. (See Question 18.47.) 

18.44 What is the effect of incor-
rect azimuth in a variable-density film 
recorded—Loss of high frequency re-
sponse and level. 

18.45 What is the frequency used 
for adjusting the azimuth of a 35-mm 
film recorder?-9000 Hz. 

18.46 What is the frequency used 
for adjusting the azimuth of 16-mm 
film recorders?—ln the earlier model 
16-mm film recorders, 4000 Hz was used 
to adjust the azimuth because the speed 
of 16-mm film (36 feet per minute) is 
40 percent slower than 35-mm film run-
ning at 90 feet per minute. When 4000 
Hz is recorded at 36 feet per minute, it 
corresponds to a frequency of 10,000 Hz 
at a speed of 90 feet per minute (4000 X 
2.5 10,000 Hz). Because of the better 
optics and resolution of present-day re-
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Fig. 18-47. The effect of incorrect azi-
muth adjustment on a variable-area 
sound track, when being reproduced. 

cording emulsion, 16-mni recorders now 
use 6000 to 7000 Hz for azimuth adjust-
ment. 

18.47 What are the tolerances for 
16-mm and 35-mm azimuth adjustment? 
—Typical specifications for the slit ro-
tation are: The error must not exceed 
plus or minus 0.0001 inch for both 16-
and 35-nun systems. The effect of in-
correct azimuth adjustment in a re-
corder is the two sides of the sound 
track are not symmetrical. The effect of 
incorrect azimuth of a variable-area 
sound track when reproduced is shown 
in Fig. 18-47. (See Question 18.53.) 

18.48 What is the effect of incor-
rect azimuth in a variable-area film re-
corder?—The distortion is increased 
with a loss of high frequencies. When 
reproduced, the two sides of the modu-
lation are not scanned in the same 
plane as shown in Fig. 18-47. 

18.49 At whet speed is 35-mm film 
recorded and projected?-90 feet per 
minute, 18 inches per second, or 24 
frames per second. 

18.50 Describe the differences be-
tween single and super 8-mm prints.— 
For single 8-mm prints, an 8- or 16-mm 
negative is exposed, processed, and a 
direct print is made from the 8-mm 
negative. Or an optical reduction is 
made from a 16-mm negative, then 
printed in the usual manner. If the pic-
ture is to carry a sound track, the print 
material can be pre- or post-striped 
magnetically. The sound is recorded at 
a speed of 24 fps, using conventional 
techniques within the limits of USASI 
(ASA) Standard given in Question 
17.170. 

If the sound is recorded at a speed of 
24 fps, the product is termed Super 
8-min film. For silent films, the frame 
rate is 18 fps. (See Question 19.26.) 

For Super 8-mm film, a 16-mm neg-
ative is used and may be processed by 

the laboratory in several different ways. 
The use of 16-mm original negative in-
creases the picture resolution, resulting 
in a superior quality picture. 
To describe only one method of labo-

ratory practice: Four exposures using 
an internegative are made on 35-mm 
print stock that has been prestriped and 
perforated for 8 mm. The print is ex-
posed, and the sound is recorded and 
monitored while running at a printer 
speed of 200 fpm. 

After processing, the 35-mm print 
containing four 8-mm exposures is slit. 
This results in four 8-mm prints, each 
containing a single row of perforations 
and a sound track. Such a method is 
one way of reducing processing time 
and cost, and is quite important where 
several hundred prints of a given sub-
ject are to be printed and sound re-
corded. A proposed SMPTE Standard 
USASI (ASA) Ph22-164 is given in 
Fig. 18-50. 

18.51 What is split fi/m?-35-mm 
film which has been split in half and 
is called 17.5-mm film. Split film has 
only one row of sprocket holes and 
runs at a speed of 90 feet per minute 
in optical film recorders. Magnetic film 
recorders also use split film (17.5 mm) 
and run at a linear speed of 45 or 90 
feet per minute. The use of split optical 
film is now obsolete. 

18.52 What is a focus test?—A test 
of the recording optical system in a film 
recorder to determine the sharpness of 
the image on the film. 

18.53 How is a focus test made?— 
If the optical system objective lens is 
not provided with a calibrated focus 
ring, a paper strip is prepared, as shown 
in Fig. 18-53, and wrapped around the 
end of the objective lens. The scanning 
beam is focused on the film by means 
of a magnifying glass. When it appears 
to be in focus, the paper is fastened to 
the revolving lens barrel with the zero 
calibration opposite a reference mark. 

Start the test by rotating the lens 
barrel to number ten (10) negative of 
the calibration mark. Make a recording 
using either 9000 or 7000 Hz (see Ques-
tion 18.45 to 18.48) for each calibration 
mark on each side of the zero calibra-
tion. The locking screws in the lens 
barrel must be tightened for each focus 
recording to assure a positive set. Proc-
ess the film and observe the image un-
der a microscope. The sharpest image 
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Proposed USA Standard Dimensions for 

Magnetic Sound Record on Super 8 

Motion-Picture Film Perforated 1R-1667 

PH22.164 

1. Scope 

1.1 This standard specifies the lateral location 
and dimensions of the magnetic sound record 
on super 8 motion-picture film. 

REFERENCE EDGE SOUND RECORD 

Dimensions ----Incises Millimeters 

A* 
8 
C 

0.019 min 
0.298 ± 0.001 
0.311 nom 

0.18 min 
7.58 9r. 0.03 
7.98 nom 

• So* Note. 

TRAVEL 

SOUND 

RECORD 

Film As Soon Looking Toward the lens 

1.2 This standard also specifies the picture-
sound separation of super 8 motion-picture film 
with a magnetic sound record. 

2. Dimensions 

The dimensions shall be as given in the figure 
and table. 

3. Picture-Sound Separation 

The magnetic sound record on the film shall 
precede the center of the corresponding picture 
by a distance of 19 frames r.OE-- 1 frame. 

— 

o 

- +17 

- +18 

- +19 

4. Magnetic Striping 

The magnetic striping shall be as specified in 
Proposed USA Standard Dimensions of Mag-
netic Striping of Super 8 Motion-Picture Film 
Perforoted 1R-1667, PH22.161. 

NOTE: Dimension A applies to records produced in 
equipment using the some head for recording and re-
producing. In commercially-produced prints intended 
for use on a variety of reproducers, it is recommended 
that a recording head be used capable of producing a 
0.025-in, minimum width record having the some cen-
terline. 

Fig. 18-50. Proposed SMPTE Standard for magnetic stripe sound track placement, 
on Super 8-mm film. 

represents the correct setting. (See Fig. 
18-301.) 

If a microscope is not available, re-
produce the negative and measure the 
signal amplitude. The one with the 
highest output is the one with the 

sharpest focus. If a negative is repro-
duced with the sound track and emul-
sion in position, the test will reproduce 
in reverse to the way in which it was 
recorded. This is especially true with 
35-mm film. When the test position for 
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REFERENCE 

6 5 4 3 2 1- 10 + I 2 3 4 5 6 

Fig. 18-53. Paper scale for adjusting the 
focus of an optical film recorder. 

the sharpest focus is found, the lens 
barrel is returned to the corresponding 
calibration in the direction the test was 
made. This removes any play in the 
threads. The locking screws are then 
set. 

18.54 What solution is used for 
cleaning recorder optical systems?—The 
coated surfaces of modern lenses, al-
though hard, are microscopically thin 
and require but little abrasive action to 
cut through their coating and affect 
their antireflective qualities. A piece of 
pure soap the size of a pea, dissolved in 
a pint of distilled water, will work very 
well for removing scum and other dirt. 
Apply with a camel hair brush. Wipe 
clean with a soft, lint-free cloth. Do not 
use laundry soap powders. Solvents 
such as carbon tetrachloride and similar 
liquids should never be used to clean 
lenses. Isopropyl alcohol may be used 
if extreme care is taken to prevent it 
from entering the lens system, as it may 
dissolve the cement used to hold the 
optical elements together. The recom-
mended cleaner is petroleum ether 
applied with a cotton swab. 

18.55 What is noise reduction in a 
film recording system?— An electronic 
system of reducing the exposure to the 
film during periods of low or no modu-
lation, thus reducing the inherent noise 
of the processed film when reproduced. 

18.56 Where is the noise-reduction 
bias current applied to a light modulo-
tor?—In the original RCA recorders, the 
noise-reduction current was applied to 
a coil in the recording galvanometer. 
Later, the method of noise reduction 
was changed to use noise-reduction 
shutters placed in the optical train. 
After certain changes in the galvanom-
eter design, the noise reduction was 
again applied to the galvanometer, and 
this is the system presently used. In the 
Westrex recorders, noise-reduction cur-
rent is applied directly to the light-
valve ribbon. 

18.57 What is ground noise?—It is 
the residual noise in a recording system 
as the result of the nonhomogeneity of 
the recording media. This applies equally 

TRANSPARENT NOISE 
REDUCTION SHUTTER 

VANE 

OPAQUE 
MASK 

Fig. 18-58A. Shutter system for double 
noise reduction variable-area direct-pos-

itive recording. 

well to both optical and magnetic re-
cording systems. 
Ground noise is proportional to the 

exposed area of the positive sound 
track. The noise-reduction system used 
when the negative sound track is ex-
posed reduces the exposed area to an 
amount just large enough for the sound 
track, without clipping the peaks of the 
modulations. (See Question 18.58.) 

18.58 Describe a double-noise re-
duction system.—It is a system proposed 
by J. G. Streiffert of Eastman Kodak 
Co., for variable-area direct-positive 
recording. The system involves the use 
of noise-reduction shutters, with polar-
izing devices in the optical train, an 
opaque mask, and transparent noise re-
duction shutters, to produce an ellipti-
cally polarized light beam. The basic 
plan of the double noise-reduction sys-
tem appears in Fig. 18-58A, with a typ-
ical sound track shown in Fig. 15-58B. 
Although considerable experimental 
work was done on this system, it has 
not been used commercially. 

18.59 What are noise-reduction 
shutters?—The first RCA optical film 
recording systems used no noise reduc-
tion. Later, to reduce background noise, 
a single noise-reduction shutter was 
added in the optical train to reduce the 
exposure to the film during periods of 
low or no modulation. The resulting 
sound track had the appearance of (a) 
in Fig. 18-29. Later, the shutter was re-
moved and the noise-reduction current 
applied to a coil in the galvanometer as-

Fig. 18-588. Appearance of direct-posi-
tive sound track. 
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sembly, which biased the galvanometer 
to one side during periods of low mod-
ulation, thus reducing the exposure at 
the film as the modulation varied. In 
later recorders, a return was made to a 
method employing the use of two shut-
ters in the optical train (Fig. 18-78). 
The sound track had the appearance of 
Fig. 18-29 (b) and (c). Certain changes 
were then made to the galvanometer, 
permitting noise-reduction current to be 
again applied to a coil in the galvanom-
eter. (This method is used in all pres-
ent-day RCA film recorders.) 
When the noise-reduction current is 

applied to shutters at high levels of 
modulation, they .are fully opened to 
prevent clipping of the galvanometer 
light beam. At intermediate levels, the 
shutters follow the modulations of the 
galvanometer with sufficient margin to 
prevent clipping. At periods of low no 
modulation, the shutters close down to 
a very small opening, leaving a thin 
line of exposure to the film, called bias 
lines. In this manner, the background 
noise of the film caused by its granular 
nature is reduced as it is unexposed. 

The action of the shutters on a biased 
galvanometer is operated from a noise 
reduction amplifier (NRA). The NRA is 
actuated by the same audio signal that 
operates the recording amplifier driving 
the galvanometer. Noise-reduction 
shutters are used only with the RCA 
variable-area recording system. A block 
diagram showing how the NRA is 
driven from a bridging bus and applies 
the bias current to a pair of shutters is 
given in Fig. 18-59. 

With no signal at the bridging bus, 
the noise-reduction amplifier applies a 
fixed de bias to the actuating coils of 
the shutters, dosing them down and 
leaving only a small area of exposure 
for the bias lines (Fig. 18-290). 
When a signal appears at the bridg-

ing bus, it actuates both the recording 
and noise-reduction amplifiers, simul-
taneously. The signal passing through 
the noise-reduction amplifier is rectified 
and changed to direct current and used 
to cancel the fixed de bias flowing 
through the noise reduction shutter 
coils. The amount of cancellation de-
pends on the percentage of modulation 
or amplitude of the signal at the bridg-
ing bus. The signal is passed through 
the recording amplifier without change 
and deflects the galvanometer mirror in 
proportion to the amplitude of the sig-
nal. The resultant sound track appears 
as shown in Fig. 18-61. 

The first few modulations are clipped 
by the noise-reduction shutter because 
of the delay in its operating time. The 
amount of modulation clipped depends 
on the attack time. Typical operating 
times for noise-reduction shutters are 
shown in Fig. 18-61. A typical optical 
system layout and the position of the 
shutters behind the first condenser lens 
is shown in Fig. 18-338A. 

In the variable-area biased galva-
nometer system, shutters are not used. 
The noise-reduction bias current is ap-
plied to a coil in the recording galva-
nometer which pulls the galvanometer 
mirror to one side during periods of low 
or no modulation, leaving only a small 

LIGHT 
MODULATOR 

1 
NOISE REDUCTION 

SHUTTERS 

Fig. 18-59. A typical noise-reduction system for variable-area recording using noise-
reduction shutters (now obsolete.) 
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(a) 35-mm duplex track, opening time 15 milliseconds. 
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(b) 35-mm duplex track, opening time 30 milliseconds. 
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(c) 35-mm double bilateral track, opening time 28 milliseconds. 

Fig. 18-61. 1000-Hz noise-reduction shutter opening tests. 

area of exposure for the bias lines. The 
noise-reduction action is similar to that 
described for the shutter type. (See 
Questions 18.12, 18.78 and 18.79.) 

18.60 What is a bias line?—A nar-
row line of exposure between the mod-
ulations of the sound track as shown in 
Fig. 18-290. In all systems, except the 
elass-B push-pull, the bias line is ob-
tained by letting a small amount of light 
fall on the sound track during periods 
of low or no modulation. In the class-B 
push-pull optical system, the bias lines 
are created by the tail of the image in 
the optical mask as shown at (d) in 
Fig. 18-77. 

18.61 Define the terms "attack time" 
and "release time."—These are the times 
required for a noise-reduction amplifier 
to open or close. Standard terminology 
in the industry defines attack time for 
a noise-reduction amplifier to be the 
elapsed time from the instant of appli-
cation of the audio signal until 90 per-
cent of full opening or deflection of the 
light modulator is achieved. Release 
time is the elapsed time from the in-
stant of removal of the signal until 90 
percent of the complete closing time. 
These terms apply equally to biased 
galvanometers, shutters, or to a light 
valve, and variable-area or variable-
density recording. Three noise-reduc-
tion system opening tests are shown in 

Fig. 18-61. At (a) the opening time is 
15 milliseconds; at (b) 30 milliseconds; 
and at (c) 28 milliseconds. 

The first and second tests are for 
noise-reduction shutters, the third for a 
double bilateral track, the recorder 
using a biased galvanometer. The open-
ing time test of a compressor having an 
opening time of 3 milliseconds is shown 
in Fig. 18-100. Only a negative is re-
quired for these tests. 

18.62 What is decay or release 
time? —Time required for a noise-re-
duction system or compressor-limiter 
amplifier to close or return to a steady 
state. 

18.63 What are the average attack 
times and release times for a noise-re-
" duction system?—The average times for 
both a light valve and a galvanometer 
are tabulated in Fig. 18.63. 

18.64 What is the effect if the at-
tack time is too long?—An excessive 
amount of modulations will be clipped 
at the start of the sound track causing 
distortion. 

18.65 How ore the opening and 
closing times of a noise-reduction system 
measured?—To illustrate the procedure 
for this measurement, a typical vari-
able-area noise-reduction timing test 
circuit is shown in Fig. 18-65A. 
A 1000-Hz signal is applied to the 

input of the noise-reduction system am-
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LIGHT VALVES 

Type 
Opening Time 
(Milliseconds) 

Closing Time 
(Milliseconds) 

Variable-area 
Standard 
Single Track 

16 to 23 180 to 260 

Variable-area 
Push-pull 

7 to 10 180 to 260 

Variable-density 
Standard 
Single Track 

16 to 22 50 to 80 

Variable-density 
Push-pull 

7 to 10 50 to 80 

GALVANOMETERS 

Type 
Opening Time 
(Milliseconds) Closing Time 

Variable-area 
Standard 
Biased Galvo. 

28 4 in. of track 

Variable-area 
Standard 
Shutters 

13 to 42 3.5 to 4.5 in. of track 

Fig. 18-63. Tabulation for average attack and release times. 

4-1 TO LIGHT 
MODULATOR 

Fig. 18-65A. A circuit for measuring the 
opening and closing times of a noise-

reduction system. 

plifier and rapidly broken. If the oscil-
lator used for the test is accurately cal-
ibrated for 1000 Hz, each modulation on 
the film will represent one millisecond 
of time. 
The noise-reduction opening time is 

measured by means of a calibrated mi-
croscope from a normal bias line width 
to a modulation representing 90 percent 
of the full opening. The number of 

modulations between these two points 
of measurement is the time in milli-
seconds required for the noise reduc-
tion system to open from a normal bias 
line to 90 percent of full opening. 

Release time is measured in a similar 
manner, except the time is taken from 
the last full amplitude modulation to a 
point on the bias line where the line 
returns to its normal width. 
The opening time and characteristics 

for a pair of maladjusted noise-reduc-
tion shutters are shown in Fig. 18-65B. 
Note the bounce in the first few modu-
lations before the shutters completely 
open. Only a negative is required for 
timing tests. A negative closing test is 
shown in Fig. 18-65C. 

Fig. 18-658. A maladjusted noise-reduction shutter opening test, showing shutter 
bump at the start of the opening (negative). 

Fig. 18-65C. A noise-reduction shutter closing test (negative). 
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Fig. 18-65D. Opening time for noise-reduceon shutters as compared to that of a 
biased galvanometer. 

The difference in the opening time 
for a biased galvanometer and noise re-
duction shutters is shown in Fig. 
18-65D. 

18.66 What is a noise-reduction 
thump?—A low-frequency thumping 
noise caused by a noise-reduction sys-
tem when the attack time is too short. 
(See Question 18.65.) 

18.67 How can noise-reduction 
thump be checked?—If the noise-reduc-
tion system attack or release time is not 
correct, it is possible that a thumping 
noise will be heard in the reproduction, 
particularly in dialogue. If the recorder 
is equipped with a phototube monitor-
ing system, thumping can be checked 
by patching out the audio signal and 
listening to the opening and closing of 
the noise-reduction system. If a photo-
cell monitoring system is not available, 
dialogue is recorded with the audio 
leads to the light modulator discon-
nected. When this track is played back, 
if noise reduction thumps or breathing 
noises are present, they will be heard 
between pauses in the dialogue. Noise-
reduction shutters are checked in a 
similar manner. If the channel includes 
a 40-Hz high-pass filter, it should be 
removed from the circuit for both the 
recording and reproduction tests. 

18.68 What effect does noise-reduc-
tion bias current have on the frequency 
response of a galvanometer or light 
valve?—It has no effect if the current 
is an inverse of the input signal-level 
change. For a variable-area NRA, this 
may be measured by connecting the 
amplifier as shown in Fig. 18-68. The de 

output is terminated in a resistive load 
of 600 to 1000 ohms. The bias current is 
adjusted for 30 mA without an input 
signal. A frequency of 1000 Hz is then 
applied to the input and increased for 
an indication of about 5 mA on the 
bias-current meter. 

Constant-amplitude signals from 30 
Hz to 10,000 Hz are then applied to the 
amplifier input, and the bias current 
read for each frequency of interest. If 
the bias current does not remain con-
stant, the input level should be in-
creased or decreased 1 dB. For a refer-
ence current of 5 mA, the variation in 
milliamperes of bias current versus fre-
quency should remain well within 1 dB 
over the entire frequency range. 
The frequency-response characteris-

tics are plotted thus: frequency versus 
decibels, as for any other type amplifier. 
The same method of measurement can 
also be applied to a light valve, except 
that the initial current and the closure 
current will vary with different type 
light valves. 

18.69 Is noise reduction required 
with a variable-area class-8 recorder?— 
No. A class-B recording system is in-
herently a noiseless recording system 

RL 

Fig. 18-68. Test circuit for measuring the 
frequency response of a noise-reduction 

amplifier (NRA). 
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because the bias line disappears during 
the periods of no modulation. However, 
due to slight variations in the optical 
and modulation systems, it has been 
found advisable to permit a small 
amount of light to fall on the film be-
tween modulations, thus creating bias 
lines. Generally, they are in the order 
of 1 mil and are visible in Fig. 18-298. 

The bias lines in a class-B variable-
area recording system are created by 
the image mask and not by a bias cur-
rent flowing through a bias coil as used 
in a normal recording system. Clam-AB 
recording systems, illustrated at (e) in 
Fig. 18-29, also require no noise-reduc-
tion equipment. 

18.70 What is margin?—Margin is 
the amount of gain the noise-reduction 
amplifier is increased after setting the 
noise-reduction bias current. It is ex-
pressed in decibels. The increased gain 
causes the noise-reduction system to 
open a greater amount than is actually 
required, thus reducing clipping of the 
initial modulations. The amount of mar-
gin (lead) required will vary with the 
type recording system, program mate-
rial, and the attack time of the noise-
reduction amplifier. Typical margins 
used in the industry are: variable-area, 
3 to 6 dB; variable-density, 2 to 4 dB. 

18.71 What is an anticipatory noise-
reduction system?—An early noise-re-
duction system used with direct-posi-
tive recording. A separate sound track 
of the noise-reduction envelope was re-
corded in advance of the normal sound 
track at a sufficient distance to compen-
sate for the delay-time of the noise-re-
duction amplifier. This system is now 
obsolete. 

18.72 Show a schematic diagram for 
a noise-reduction amplifier (NRA) suit-
able for variable-area or variable-den-
sity recording.—Noise-reduction ampli-
fiers (NRA) have undergone little 
change in design over the past years, 
and are much the same except for a few 
minor changes. A schematic diagram for 
a Westrex Model 1610-A high-fre-
quency carrier type NRA is shown in 
Fig. 18-72A. Its design is suitable for 
recording either variable-area or vari-
able-density sound tracks, and standard 
or push-pull sound tracks. 

Starting at the input, the signal is 
brought from the recording amplifier to 
the input through terminals 2 and 3 of 
J1., and out through terminals 1 and 3. 

The external circuit, 1 and 3, goes 
through the light-valve equalizer and 
to the light valve. (See Fig. 18-26E.) 
With light-valve switch S1 in the on 
position, the input to the NRA is 
bridged across the recording line. Since 
the bridging input is 10,000 ohms, the 
bridging loss is less than 0.5 dB. With 
the light-valve switch in the off posi-
tion, the circuits to the light-valve 
equalizer and to the noise reduction 
circuit are shorted, and a 600-ohm ter-
mination is applied to the recording 
line. The signal now goes through the 
input control R2, through transformer 
Ti and auxiliary input control R4, 
which is used for adjusting the range 
of R2. 

Tube V1-A is an amplifier stage and 
Vl-B is a cathode-follower output. 
stage. The output from this stage passes 
through transformer T2 and through a 
full-wave rectifier V2. The low-pass 
filter at the output of V2 supplies an 
attack time of approximately 18 to 22 
milliseconds, and a release time of ap-
proximately 85 to 100 milliseconds. Tube 
V3-A is an LC oscillator, operating at a 
frequency of 30 kHz, with the output 
being controlled by R17. The output of 
the oscillator is modulated in V3-B by 
the rectified signal envelope from the 
low-pass filter in the output of V2. The 
30 kHz carrier voltage at the output of 
V3-B decreases as the applied signal 
envelope de voltage increases. The car-
rier output is controlled by R18. Con-
trol R20 adjusts the range of R18. 

The 30-kHz output of modulator 
V3-B is applied to the grid of V4, am-
plified, and then stepped down by 
transformer T3 and rectified by CFt1 
and CR2. The rectified 30-kHz signal is 
then filtered and brought to the meter 
shunt R24, the noise-reduction switch 
S4, and to terminals 10, and 11, of JI. 
The V.A. test position of 54 applies re-
verse bias to fully open the valve rib-
bon, and provides a wide exposed track 
for sensitometric measurements, when 
recording variable-area tracks. 

Bias meter MI is a zero-center move-
ment, calibrated in 100 divisions each 
side of center. Four ranges of current 
for the meter are provided by switch 
S3-A. The second section of S3-B in-
creases the gain of V4 for the two 
higher scales of the meter positions. 

In use, certain controls are placed at 
a remote position as pictured in Fig. 
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Fig. 18-72A. Westrex Corp. Model 1610-A noise-reduction amplifier (NRA). 
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18-26D, and are connected to terminal 
strip (J1). Light valves in current use 
require a noise-reduction current of 52 
to 600 milliamperes, depending on the 
type used. The frequency response of 
the amplifier is plus or minus 1 dB 50 

to 5000 Hz, and 1.5 dB from 5000 to 
10,000 Hz, with reference to 1000 Hz. 
A second noise-reduction amplifier 

schematic diagram is given in Fig. 18-
72B. This NRA is designed for use with 
only variable-area sound track using a 

 if  
8 tu, 

sistst-- Lau 
G
A
L
V
A
N
O
M
E
T
E
R
 

\: z 

 • 

53 

o 
r-

o  

9 

k' If  
o lo 

CV 
Cl I Cu  

z 
•Ti 
o 

CV 

eu 

cc =I 
z uo 

0 _I, 

D cOE 

Fig. 18-72B. Noise-reduction amplifier for variable-area recording. 
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biased galvanometer or noise-reduction 
shutters. The circuitry consists of a 
voltage amplifier tube V1, a driver stage 
V2 connected as a cathode follower, a 
full-wave rectifier V3, and a dc ampli-
fier stage V4. An input transformer Ti 
supplies both a matched 600-ohm and 
25,000-ohm bridging input. Across the 
secondary of Ti is a gain control cali-
brated in 1-dB steps. The first stage is 
RC coupled to the second stage. The 
driver stage is transformer-coupled to 
the rectifier stage. The driver stage is 
employed as a cathode follower in order 
to present a low impedance to the recti-
fier input transformer, thus permitting 
the charging of capacitor C7 from a 
very low impedance to retain good 
peak-reading ability. The output from 
rectifier V3 is filtered and supplied as a 
control voltage to the grid of V4, the dc 
amplifier stage. The load (galvanometer 
NFtA coil or shutter coils) is connected 
in series in the negative leg of the high 
voltage. The initial or no-signal bias 
current is indicated in the meter Ml. 
Key switch SI is used to short-circuit 
the audio signal for checking the bias 
current. The power supply must be of 
good regulation and capable of supply-
ing fairly large amounts of current 
without affecting the operating voltages 
to any great extent. A plus voltage of 
47 volts is supplied to the grid return of 
V2. Because the cathode is plus 57 volts 
above ground, this makes the control 
grid of V2 10 volts negative with respect 
to the cathode. 

78.73 What is the width of the bias 
line for 35-mm variable-area recorders? 
—For standard sound tracks, the width 
of the bias line is 2 mils. 

18.74 What is the width of the bias 
lines for 16-mm variable-area recording? 
—The width of the bias line is 2 to 4 

>-

>-

LINE 
AMP 

BRIDGING 
BUS 

mils. However, if it is possible, the 
width should be 2 mils. In the early 
model 16-mm recorders, the bias line 
was generally on the order of 4 to 6 
mils, due to the difficulty of maintain-
ing a 2-mil line. 

18.75 What is the width of the bias 
lines for a 35-mm class-8, variable-area 
recorder?—Unmodulated, 0.75 to 1 mil. 
Modulated, 0.25 to 0.35 mil. For single 
system class-B newsreel cameras, 2 to 
2.5 mils (unmodulated) and 1 to 1.5 mils 
(modulated). The bias lines for a 
class-B recording may be clearly seen 
in Fig. 18-298. 

18.76 Give the  tions for a 
variable-density noise-reduction ampli-
fier.—Such a diagram is shown in Fig. 
18-76. It is somewhat similar to that of 
the variable-area noise-reduction am-
plifier described in Question 18.72. The 
principal difference is the method used 
for applying the bias current to the 
light modulator. 

The positive side of the bias current 
is connected to a center tap on the light 
valve impedance-matching transformer. 
The negative side of the bias current is 
connected to the junction of the light 
valve and a resistance R, which is equal 
in value to the light valve impedance. 
This method of connection forms a 
bridge circuit which is unbalanced by 
the action of the noise-reduction cur-
rent. 

With the noise-reduction amplifier 
properly set and no modulation, the 
negative exposure appears as a light 
gray exposure the full width of the 
sound-recording slit. The density of ex-
posure varies with the amount of bias 
current and the opening of the light-
valve ribbons. 

18.77 Describe an optical mask. — 
A small metal mask in which is cut an 
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Fig. 18-76. A typical noise-reduction system for variable-density recording. 
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image for forming the sound track in a 
variable-area photographic film re-
corder. 

The image mask is mounted at (c) in 
the optical train drawing of Fig. 18-
338A. Typical sound track images used 

APERTURE 
IMAGE(LIGHT) 

1.11ŠSLIT 
(a) Unilateral negative 50% deflection. 

APERTURE 
IMAGE(LIGHT) SLIT 

NOISE 
REDUCTION 
SHUTTER 

(c) Class-A, push-pull negative standby 
position. 

APERTURE 
IMAGE (LIGHT) 

SLIT 

IMAGE(LIG 

SLIT 
(b) Duplex negative standby position. 

by RCA in their early- and present-day 
recorders are given in Fig. 18-77 (a) 
through (h). 

At (a) is a mask used in the first 
variable-area recorders. The sound 
tracks appeared as shown in Fig. 18-

APERTURE 
HT) 

NOISE 
REDUCTION 
SHUTTER 

APERTURE  TAIL 
IMAGE(LIGHT)r-

LONG 
SIDE 

SLIT 

SHORT 
SIDE 

(GI) Class-B, push-pull negative standby 
position. 

APERTURE 
IMAGE (LIGHT) 

(e) Bilateral negative 100% deflection. (f) Bilateral direct-positive 100% 
deflection. 

AUXILIARY 
DIRECT -POSITIVE 
TRACK SLIT 

APERTURE 
IMAGE (LIGHT) 

SLIT 

(g) Double-bilateral negative 100% 
deflection. 

AUXILIARY 
POSITIVE 

TRACK SLIT 

APERTURE 
IMAGE (LIGHT) 

(h) Double-bilateral direct-positive 
100% deflection. 

Fig. 18-77. Sound track images used by RCA both past and present, for negative and 
direct-positive recording. The black areas represent the light image as seen looking 

at the illuminated end of the optical system. 
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29A. At (b) of Fig. 18-77 is a duplex 
mask which produces a sound track as 
shown in (c) of Fig. 18-29. 

The image mask at (d) in Fig. 18-77 
is used to create the class-B push-pull 
track shown at (f) in Fig. 18-29. The 
class-AB mask has a similar appear-
ance, except the angles of the long and 
short sides of the image are slightly 
different. The tails in both masks form 
the bias lines. A bilateral negative im-
age appears in Fig. 18-77e, and for 
direct-positive recording in (f). A dou-
ble-bilateral image for negative record-
ing appears at (g), and for direct-posi-
tive recording at (h). 

Bilateral and double-bilateral images 
are used for both 16- and 35-nun re-
cording and are the present type in use. 
The signal-to-noise ratio for the dou-
ble bilateral is somewhat better with 
lower distortion and higher output. 
Either type may be used for recording 
negative or direct-positive by tilting the 
galvanometer image above or below the 
recording slit, as shown in (f) and (h) 
of Fig. 18-77. Basically, the image re-
corded on the film for the double-bi-
lateral track operates in the same man-
ner as for the bilateral, as explained in 
Question 18.78. For direct-positive re-
cording the process is reversed. 

18.78 Describe the operation of a 
galvanometer with noise-reduction shut-
ters.—An image that will form the de-
sired sound track image is cut in the 
optical mask. This image is projected by 
an objective lens on the galvanometer 
mirror which reflects the image of the 
mask on the mechanical slit at the rear 
of the recording optical system. The 
mask image is deflected upward and 
downward over the face of the record-
ing slit by the motion of the galvanom-
eter which is caused to move by the 
applied audio frequency currents. The 
galvanometer mirror (and the light 
beam) are deflected in proportion to the 
applied signal voltage. The film is in 
motion, and, as the galvanometer moves 
the image across the slit, an osculo-. 
graphic-type sound track is exposed on 
the film. 
As the galvanometer is modulated, 

the noise-reduction shutters are moved 
in and out, the amount depending on 
the percentage modulation of the galva-
nometer, as the galvanometer, amplifier, 
and noise-reduction shutter amplifiers 
receive the audio signal simultaneously. 

CIZ -

SHUTTER 

BIAS LINE SLIT 

ucerr OE: IMAGE 

--1 
:3 

SHUTTER 

(a) No modulation. 

SHUTTER 
L/GHT 1 IMAGE 

I 
: 

SHUTTER 

(b) 50% modulation. 

SHUTTER 

1  
LIGHT", IMAGE 

SHUTTER 

(c) 100% modulation. 

Fig. 18-78. Light image positions for a 
standard duplex variable-area sound 

track and noise-reduction shutters. 

For periods of low modulation, the 
shutters are moved inward and as the 
percentage of modulation increases, 
they move outward. 
The mechanical slit at the rear of an 

optical system, with an image for a 
standard duplex variable-area sound 
track projected across the face of the 
slit, is shown at (a) in Fig. 18-78. (This 
is the same as shown at (b) in Fig. 
18-77 except the image is inverted.) 
With the galvanometer recorder switch 
in the record position, the noise reduc-
tion shutters are pulled inward by the 
fixed de bias from the NRA, to a half-
track position. It will be noted the shut-
ters are closed down to a position where 
only a very small amount of light is 
permitted to pass through the recording 
slit to the film. These small beams of 
light at the upper corners form the bias 
lines when the galvanometer is in a 
steady-state condition. When viewed 
through a periscope placed in the opti-
cal system, they appear as two pin-
points of light and are often referred 
to as "snake eyes." 
The light image appears as shown at 

(c) in Fig. 18-78 when the galvanometer 
is modulated 100 percent. Here it will 
be noted the shutters are pulled out-
ward beyond the ends of the slit and 
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the light image has moved upward to a 
position where the slit is completely 
covered, except for the small dark por-
tion in the center of the slit. The center 
portion of the slit is purposely left dark 
so as not to expose the an in the cen-
ter. This prevents clipping of the mod-
ulation peaks. If the slit were com-
pletely covered with light, the peaks of 
the negative image would meet in the 
center. When printed, they are reversed. 
Thus, the modulation peaks would be 
clipped. As peak clipping causes exces-
sive harmonic distortion the peaks are 
prevented from meeting by leaving the 
center portion of the slit dark. The 
position of the light image for a condi-
tion of 50-percent modulation is shown 
at (b) in Fig. 18-78. The light image is 
in the same position as for the standby 
position, except the noise-reduction 
shutters have been pulled partially out-
ward by the action of the noise-reduc-
tion bias current. Only the ends of the 
slit are illuminated. The center portion 
is dark. For 25-percent modulation, the 
light image does not rise as far as for 
50-percent modulation. Also, the noise-
reduction shutters do not open as wide. 

Because the recording amplifier that 
drives the galvanometer and the noise-
reduction amplifier receive the signal 
simultaneously, the noise-reduction am-
plifier pulls the shutters outward as the 
percentage of modulation increases. 
However, the shutters are never com-
pletely out of the way; thus, the first 
few modulation peaks are clipped and 
appear as shown at (a) and (b) in 
Fig. 18-61. 

18.79 How does the optical mask 
form the sound track image when using 
a biased galvanometer?—Fig. 18-79 
shows the image reflected from the gal-
vanometer mirror as seen on the end of 
the optical system barrel. The lower 
point of the reflected image is brought 
to the edge of the slit by adjustment of 
the fixed bias in the noise-reduction 
amplifier. The width of the bias line is 
determined by recording several cur-
rent settings, developing the negative, 
and then measuring the width of the 
line. 

With no modulation applied to the 
galvanometer, the image rests as shown 
by the solid lines. With modulation ap-
plied, the image moves up, down, and 
around a mean average, depending on 
the amount of cancellation of the bias 

NO MODULATION 
POSITION 

50% 
MODULATION 

100% 
MODULATION 

GALVANOMETER 
IMAGE 

BIAS LINE 
EXPOSURE 

RECORDING 
SLIT 

Fig. 18-79. Biased galvanometer using 
a bilateral sound mask. 

current and the percentage of modula-
tion. In no case should the modulation 
be great enough to pull the image up-
ward to the point where the bias-line 
exposure is removed. This would result 
in a loss of the bias line. Two other 
positions of modulation are shown by 
the dotted lines. As it may be seen, the 
area of exposure across the slit is var-
ied with the percentage of modulation. 
With the film traveling at a constant 
velocity past the slit, an oscillographic 
picture is obtained on the film. 

78.80 h an optical mask required 
with a light valve?—Yes, a mask is re-. 
quired. The type mask used depends on 
the type light valve used. In the West-
rex Corp. recorders, the appropriate 
mask is put in place by turning a thumb 
screw in the modulator unit in which 
the light valve is mounted. 

Different type light valves are used 
for variable-area recording than are 
used for variable-density push-pull re-
cording. For variable-area recording, 
the light-valve ribbons are placed in a 
vertical plane, as may be seen in Fig. 
18-26B. For variable-density recording 
the ribbons are placed in a horizontal 
plane. 

18.81 What ore the factors govern-
ing the recording of dialogue?—Because 
dialogue is generally reproduced at a 
higher sound level than that at which 
it was originally recorded, it will sound 
boomy and unnatural if the human ear 
characteristic is not considered when 
making the original recording. To ob-
tain a listening quality pleasing to the 
ear, dialogue equalization is used in the 
recording channel as shown in Fig. 
18-81. It will be noted the frequencies 
below 800 Hz are slowly attenuated to 
reduce the amplitude of 100 Hz 8 to 12 
dB compared to the level of 1000 Hz. 
The frequencies above 1000 Hz are ac-
centuated to add presence to the voice. 
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Fig. 18-81. Dialogue equalization cures. 

However, the amount of midhigh fre-
quency equalization will be governed 
by the stage acoustics, the type micro-
phone employed, and the type recording 
channel used. As a rule, each recording 
activity develops its own standards of 
equalization to produce an overall fre-
quency response which will meet the 
accepted reproducing standards of the 
industry. Meeting the standards of re-
production is highly important because 
theaters throughout the world are 
treated acoustically and the sound sys-
tems equalized electrically to produce a 
high rate of intelligibility, and to pro-
vide the overall best reproduction pos-
sible. The low end of the dialogue must 
be rolled off in order to achieve intel-
ligibility. 

In addition to the equalization, com-
pression may be used when rerecording 
which also induces a certain character-
istic. This subject is discussed in Ques-
tion 18.84. Microphone placement is dis-
cussed in Question 4-114, and dialogue 
equalization is treated in Question 6.122. 
(See Question 18.169.) 

18.82 h the peak energy of music 
and dialogue the same as for a sine 
wave?—No. The peak energy of music 
and speech is from 8 to 12 dB greater 
than that of a sine wave for a given 
level. A complex waveform compared to 
a sine wave is shown in Fig. 18-82. This 
subject is further discussed in Question 
17.163. 

18.83 Are the waveforms of music 
and dialogue of sine wave character?— 
No, the greater percentage of recorded 
sound is not symmetrical in character 
as the pressure half of the waveform 
is generally greater in amplitude. It is 

10kHz 20kHz 

highly important in an optical film re-
cording system that the complete re-
cording channel starting at the micro-
phone and continuing through to the 
light modulator be in phase electrically 
and that if any piece of equipment is 
removed its phasing be checked before 
putting it into permanent operation. 
Phasing is discussed in Question 23.104. 

18.84 What is compression?—A sig-
nal is said to be compressed when it is 
reduced or held within a given ampli-
tude at the output of a device, for a 
given increase in signal level at the in-
put. Compressor amplifiers are em-
ployed with recording systems, particu-
larly with the optical recording system, 
to prevent the overloading of the light 
modulator. Compression is of great 
value when recording high-level dia-
logue or sound effects. Compression 
should not be confused with overload-
ing of the system. When properly ap-
plied, compression reduces overloading 
distortion, and generally improves the 
overall recording characteristic. 

Experience has shown that certain 
types of recorded dialogue and sound 
effects are of such volume range they 
cannot be reproduced to the best ad-
vantage in a theater. When reproduced, 
the loud passages are too loud and the 

ONE 
H.-  CYCLE -al 

Fig. 18-82. One cycle of a complex 
waveform superimposed on one cycle of 

a sine wave. 
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low passages are too low. Many times 
the low-level passages are lost in the 
ambient noise level of the theater. Also, 
the high-level material appears exag-
gerated, producing an unnatural quality. 
Because manual compression of pro-
gram material is impractical, electronic 
compressors (sometimes called elec-
tronic mixers) have been developed 
which do a very satisfactory job. Al-
though a compressor restricts the vol-
ume range to some extent, it aids in flat-
tening out excessive peaks and valleys 
in the overall characteristic. Compres-
sion is seldom used with music record-
ing, although a compressor can be used 
as a limiter for supplying 1 to 3 dB of 
limiting when transferring magnetic 
sound track to photographic sound 
track. This is necessary because of the 
greater dynamic range of the magnetic 
track, compared to the optical sound 
track. Variable-area photographic sound 
track is limited by the mechanical de-
flection of the galvanometer, while vari-
able-density is limited by the exposure. 
Limiting is also used in the transfer of 
magnetic sound track to disc records. 
Here again, the peaks must be con-
trolled to permit increasing the average 
level to an acceptable value. (See Ques-
tion 18.101.) 

18.85 What are the characteristics 
of the average compression used for film 
recording?—Two types of compression 

are in general usage, gradual and limit-
ing. Gradual compression is set to give 
a slope of 2 to 1 as shown by the curve 
(a) in Fig. 18-85. Limiting curves have 
slopes between 4 and 6 to 1 as shown by 
curve (b). Compression ratios are ex-
pressed by stating the breakaway point 
which is relative to 100-percent modu-
lation of the system. The breakaway 
point is defined as that point where 
compression can just be observed or it 
affects the system 0.5 dB. Curve (a) 
represents a compression ratio of 20 dB 
into 10 dB at an output level of plus 
4 dBm. Curve (b) is a ratio of 17 dB 
into 3 dB at an output level of plus 4 
dBm. Curve (c) is the input-output 
characteristic of the compressor ampli-
fier uncompressed below its overload 
point. 

78.86 Show a schematic diagram for 
a compressor amplifier.—The schematic 
diagram for a Westrex Model RA-1593A 
compressor is given in Fig. 18-86A, and 
its control panel RA-1594A is shown in 
Fig. 18-86B. Fig. 18-86A shows that the 
amplifier consists of three push-pull 
stages connected in tandem. The first 
stage is comprised of two 12BA6 remote 
cutoff tubes, VI and V2. The second 
stage, V3A and V3B, is transformer-
coupled to the output stage V4A and 
V4B. Compression and limiting are ob-
tained by varying the de bias applied to 
MA and V2A. At the lower part of the 
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diagram is a control or side amplifier. 
The input and output circuits are trans-
former-coupled and are designed to 
operate from and into 600-ohm circuits. 
The input signal for the control ampli-

933 

fier is taken from one side of the output 
transformer T3, through capacitor C9 
and resistor R31. 
The control runplifier consists of 

tubes V7A and V7B, with the second 

Fig. 18-86A. Westrex Corp. Model RA-1593A compressor amplifier. 
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stage transformer-coupled to a full-
wave rectifier V6. The dc voltage from 

the rectifier is fed to the control-grid 
return circuit of VIA and V1B, which 
acts as a variable gain stage. A de am-
plifier is connected across the output of 
rectifier V6 to drive the meter or 
meters which indicate the amount of 
compression. Potentiometers Pl and P2 
provide a means of dynamically bal-

ancing the stage following the compres-
sion stage, to minimize transients (gen-

erally referred to as thumps) resulting 
from the compression of a steep wave-
front signal. 

The operating controls are mounted 
on remote control panel RA-1594A (Fig. 
18-86B). A selector switch in this panel 
provides a means of varying the com-
pression slope, and the threshold at 
which compression starts. The compres-
sion meter is calibrated from 0 to 15 dB, 

and it indicates the amount of compres-
sion while the compressor is operating. 
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Fig. 18-868. Westrex Corp. Model RA-1594A control unit for RA-1593A compressor 
amplifier shown in Fig. 18-86A. 
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Fig. 18-86C. Basic circuit for RCA MI-10234C compressor amplifier. 

The attack time is approximately 1 mil-
lisecond for all conditions. The release 
time may be varied over a range of 100, 
250, and 500 milliseconds. Five values of 
high-frequency equalization are pro-
vided for de-essing (see Question 18.89) 
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z 

by the connection of different value 
capacitors across R34, the cathode resis-
tor in the first stage of control amplifier 
V7B. These capacitors affect the fre-
quency characteristics of the control 
amplifier in steps of 2 dB at 10,000 Hz, 
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causing the high frequencies to be com-
pressed more than the lower frequen-
cies. A flat position is also provided. The 
range of compression, release time, and 
high-frequency equalization is given in 
Fig. 18-86B. A special 20,000-Hz transis-
tor oscillator automatically keyed on 
and off at a level sufficient to drive the 
amplifier into compression by approxi-
mately 2 dB is patched into the input 
and used to balance the compression 
amplifier. A VU meter is connected 
across the output of the compressor 
amplifier, in parallel with a circuit 
containing a 200-ohni resistor and a 
4-µF capacitor connected in shunt. Po-
tentiometers P1 and P2 are then ad-
justed for a minimum thump on the 
VU meter. 

The amount of compression to be 
used will be governed by the type of 
program material to be recorded. A 
properly designed compressor-limiter 
amplifier adds very little distortion to 
the overall recording and may be dis-
regarded when compared to the over-
all results obtained. 
A second schematic diagram for a 

compressor amplifier appears in Fig. 
18-86C and is similar to that in Fig. 
18-86A, except for certain circuit 
changes. The first stage consists of two 
6K7 variable-mu tubes, VI and V2, 
connected push-pull. A dual input at-
tenuator, calibrated in 1-dB steps, is 
connected across the secondary. It will 
be observed that a fixed resistor, R5, is 
connected in the cathode circuit of 
these tubes to establish an initial bias. 
In the plate circuit of the tubes is con-
nected balancing potentiometer R.9. The 
first stage is transformer-coupled to a 
two-stage amplifier, and then to an out-
put transformer. 

At the lower portion of the diagram 
is the control or side-amplifier, consist-
ing of a two-stage amplifier and a recti-
fier. The center tap of the terminating 
resistors across the secondary of the 
input transformer Ti is returned 
through an RC network to the rectifier 
V?. With an audio signal at the primary 
of the input transformer Ti, the sec-
ondary applies the signal to the control-
grids of VI and V2 simultaneously, but 
180 degrees out of phase. The signal is 
amplified and passed on to the second 
and third stages and then to output 
transformer T3. A portion of the output 
signal is fed to the control amplifier in-
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put stage V5, through capacitor C10 and 
resistor R28, to slope control R29. After 
amplification, the signal is again ampli-
fied by V6 and rectified by full-wave 
rectifier V7. Here the audio signal after 
rectification is applied to the grid-re-
turn circuit of VI and V2. As the ampli-
tude of the signal rises and falls, the 
variable bias voltage supplied by the 
diode rectifier rises and falls in propor-
tion to the average value of the input 
signal. Thus, the gain of the input stage 
is controlled, holding the output to a 
predetermined level as set by the ad-
justment of the threshold, slope, and 
compression controls. 

The amplifier may be dynamically 
balanced to remove the effect of transi-
ents and the tendency to thump by ap-
plying a 60-Hz signal of approximately 
2 Vac to the grid return of the first 
stage by means of the balance voltage 
jack. Because the balancing signal is 
connected in series with the return cir-
cuit of control grids of V1 and V2, the 
signals at the grid of each tube will be 
in phase; that is, both grids will have 
the same instantaneous polarity. There-
fore, the signal at the plates will also be 
in phase. For all practical purposes, the 
signal can be completely balanced out 
by connecting a vacuum-tube voltmeter 
and a 600-ohm terminating resistor 
across the output winding of trans-
former T3, and adjusting potentiometer 
R9 for a minimum reading on the vac-
uum-tube voltmeter. The minimum 
level is greater than minus 52 dBm. 

The restoring time is 100 milliseconds 
for 99-percent restoration. This may be 
increased to 500 milliseconds by chang-
ing resistor R4 in the grid-return lead 
of VI and V2 to a value of 2.4 megohms. 
The power supply, although not shown, 
is straight forward with low ripple volt-
age and good regulation. In the uncom-
pressed position (Manual), the fre-
quency response is plus or minus 1 dB, 
20 to 10,000 Hz. In the compressed posi-
tion, it will approximate that shown in 
Fig. 18-91. Total harmonic distortion in 
the uncompressed position is less than 
0.7 percent for an output of plus 28 
dBm. Harmonic distortion in the com-
pressed position, using a compression 
ratio of 20 into 10, is 0.9 percent with a 
100-millisecond release time, or 02 per-
cent for a 500-millisecond release time. 
Both measurements are at 400 Hz. The 
reference frequency for testing com-
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pression ratios of the amplifier in Fig. 
18-86C is 300 to 400 Hz. 

18.87 What does the term 20 into 
10 compression mean?—It is a term 
used in stating the characteristics of a 
compressor amplifier and means that 
for an increase of 20 dB in level at the 
input the output level will only increase 
10 dB. 

18.88 What are the compression ra-
tios most commonly used for motion pic-
ture rerecording and transfer?-30 into 
10, 20 into 10, and 30 into 15. For trans-
fer work only limiting is used, with the 
limiter set for 1 to 2 dB at 95-percent 
modulation of the light modulator. 

18.89 What does the term "de-ess-
ing" meant--It means that the high fre-
quencies have been compressed a 
greater amount than the lower fre-
quencies to remove sibilance. This is 
accomplished by equalizing the rectifier 
amplifier (side amplifier) so that greater 
compression is obtained above 1000 Hz 
than below 1000 Hz. 

It has been shown from experience 
that a more natural and pleasing repro-
duction of dialogue can be achieved if 
the tendencies toward accentuation of 
sibilants is reduced or eliminated. 
Equalization used in compressors for 
this purpose is derived from considera-
tion of the average relative-spectral en-
ergy distribution of the male and female 
voice, speaking in the English language. 
For languages other than English, it 
may be necessary that the characteris-
tics of the compressor equalizer be 
changed slightly. Equalizers used for 
the suppression or elimination of sibi-
lants are termed "de-essing equalizers" 
and are connected in the control or side 
amplifier of the compressor. 

18.90 When are compressors and 
limiters essential?—With the present 
policy of recording original dialogue 
and music on magnetic tape or film, and 
because of the dynamic range of mag-
netic sound tracks, it is essential that a 
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compressor be employed when rere-
cording dialogue, and limiting be em-
ployed when transferring a master 
magnetic sound track to an optical 
sound track. 
The overload point of variable-area 

sound track is reached quite suddenly, 
and peak clipping occurs, squaring-off 
the peaks of the waveforms. If the track 
is composed of dialogue or music, con-
siderable distortion may result. 

Variable-density sound track over-
loading is rather gradual; however, if 
the levels are high, compression or lim-
iting is also called for. It is next to im-
possible to hold down manually a high-
level dialogue track when rerecording, 
and still attain a fairly high average 
level of dialogue. This is particularly 
true for 16-mm fihn. (See Question 
18.88.) 

18.91 What is the frequency re-
sponse of a compressor amplifier using a 
de-esser equaliser?—In Fig. 18-91 two 
compressor frequency characteristics 
are shown, with and without de-essing 
equalization. It will be noted that in 
the de-essing position the response at 
10,000 Hz is reduced 9 dB, and at 40 Hz 
it is reduced 4 dB. Without de-essing 
the frequency characteristics are essen-
tially flat. 

18.92 What frequency is used when 
adjusting the compression ratio of a 
compressor amplifier?—For compressors 
using a de-esser equalizer and having 
a frequency characteristic as shown in 
Fig. 18-91, 300 to 400 Hz is used. Com-
pressors with other frequency charac-
teristics will require a frequency in the 
flat portion of the frequency response. 
If a de-esser equalizer is not used, 
either 400 Hz or 1000 Hz may be used. 
The compression ratio should be 

checked before each recording session. 
This may be done by applying a normal 
signal to the recording channel and 
throwing the compression key from 
manual to compress and noting the drop 

••••• 

-DE-ESSER OUT 

--DE-ESSER IN 

lkHz 2kHz 3kHz 5kHz 10kHz 20 kHz 20liz 30Hz 50Hz 100Hz 200Hz300Hz 500Hz 

Fig. 18-91. Compressor de-essing characteristics. 
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in level on a VU meter. For a ratio of 
20 into 10, this will be 5 dB; for 8 into 
4, it will be 2 dB; and for 32 into 16, 8 
dB. 

18.93 Will the use of compression 
when set for a high ratio increase the 
harmonic distortiont— Only a small 
amount. The benefits gained by the use 
of compression are such that the slight 
increase of disfortion is negligible. 

18.94 When should compression be 
used?—When recording dialogue and 
certain types of sound effects. Gener-
ally, for dialogue about 20 into 10 will 
be suitable. Compression is seldom used 
for mimic recording; however, a small 
amount of limiting is sometimes used as 
a ceiling control. 
When recording original dialogue 

sound tracks on magnetic tape or film, 
no compression is used. However, when 
rerecording, compression is used in the 
dialogue tracks. Limiting may be re-
quired when transferring from a dub-
bing master sound track to an optical 
sound track for release prints. (See 
Question 18.88.) 

18.95 Describe the procedure for 
balancing a compressor amplifier.—For 
the RCA compressor amplifier, a 50- or 
60-Hz signal is applied to the balancing 
voltage input, in series with the grid re-
turns of the first-stage variable-mu 
tubes. A vacuum-tube voltmeter is con-
nected across the output, and the bal-
ancing control (R9 in Fig. 18-86) is bal-
anced for a minimum indication on the 
meter. As a rule, at least 50 dB or better 
is obtained. Indications of minus 60 dB 
are not uncommon. 

To balance a Westrex compressor, a 
special oscillator is used that supplies a 
20,000 Hz signal pulsed about once per 
second. While watching a meter con-
nected across the output of the com-
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pressor, the balancing control is ad-
justed for a minimum thumping indi-
cation on the meter. If a compressor 
amplifier is not balanced, a breathing or 
thumping sound may be heard between 
pauses in dialogue. (See Question 18.86.) 

18.96 What is the gain of a com-
pressor amplifier?—As a rule, it is oper-
ated as a no-gain device. However, the 
manufacturer generally provides some 
means for increasing the gain so that 
the amplifier may serve the purpose of 
both a line and a compressor amplifier. 

18.91 What precaution should be 
taken when using a compressor?—If the 
channel employs high- and low-pass 
filters, they must be connected after the 
compressor amplifier. This is to prevent 
a change in their frequency character-
istics by the action of the compressor. 
Compressors have a tendency to smooth 
out the frequency characteristics of the 
recording system preceding it, resulting 
in a form of "automatic effort equaliza-
tion." Thus, when the voice is raised in 
level, the amount of low-frequency at-
tenuation is reduced, thus preventing 
the voice from becoming harsh and 
shrill. Normal low-frequency equaliza-
tion used for dialogue prevents thump-
ing due to unbalance that may exist in 
the push-pull stages of the compressor 
amplifier. 

18.98 Where is a compressor ampli-
fier normally connected in a recording 
channelt—For dialogue recording, at 
the output of the mixer network, as 
shown in Fig. 18-98. A separate pot 
called a ceiling control is connected in 
the output of the compressor and may 
be used to change the amount of com-
pression. Changing the compression in 
this manner does not affect the slope of 
the compressor characteristic, only the 
amount of compression. 

HIGH 
PASS 
FILTER 

LOW 
PASS 
FILTER 

LINE 
AMP 

Fig. 18-98. Dialogue recording with a compressor amplifier. 
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18.99 At what percentage of modu-
lation does a compressor take hold?—It 
will depend entirely on the setting of 
the compression ratio and the level se-
lected for the breakaway point. Com-
pression may be smoothly controlled 
over a wide range of levels. 

18.100 What are the average at-
tack and release times for a compressor 
amplifier?—Attack time: 1 to 10 milli-
seconds. Release time: 100 to 500 milli-
seconds. A typical timing test of the 
opening characteristics of a compressor 
amplifier is shown in Fig. 18-100. The 
test is made by applying 5000 Hz at an 
amplitude 20 dB below the normal in-
put level and then suddenly applying a 
level that will result in the maximum 
output level. Not more than three peaks 
of the 5000-Hz modulations should be 
clipped. Only a negative sound track is 
required for the above test. 

18.101 What is the difference be-
tween compression and limiting?—Com-
pression is used to hold down or limit 
the peaks of dialogue in the ratio of 30 
into 10, or 20 into 10; limiting is gener-
ally set for 1 to 3 dB and is used as a 
ceiling control when transferring from a 
high-level track to a photographic 
sound track. In both these instances, the 
dynamic and average levels are in-
creased due to limiting of the peak val-
ues. (See Question 18.85.) Limiters are 
used extensively in broadcasting, as 
they permit the transmitter to be fully 
modulated, thus increasing the coverage 
without overmodulation. 

18.102 What is a ceiling controlt— 
A variable attenuator connected at the 
output of a compressor-limiter ampli-
fier to control the amount of compres-
sion. Increasing the loss of the ceiling 
control causes the compressor amplifier 
to be driven harder to secure the same 
output; thus, the amount of compres-
sion is increased. However, the slope 
characteristics are not affected. 

18.103 What type volume indicator 
is recommended for photographic film 

pieumemmemmie 

Fig. 18-100. Attack-time test for com-
pressor amplifier, opening time 3 milli-

seconds. 

recording?—The standard meter for 
monitoring is a vu meter with ballistic 
characteristics that meet the USASI 
(ASA) Standard C16.5-1961. However, 
for photographic film recording, a peak-
indicating instrument, if available, 
should be used. It is adjusted to indi-
cate the maximum deflection when the 
light modulator indicates 100-percent 
deflection. In this manner, the peak ex-
cursions of the light can be monitored. 
In the absence of a volume indicator of 
this type, an oscilloscope can be used as 
it is a peak-indicating instrument. 

If a peak-indicating device is not 
available, at least an 8-dB lead must be 
inserted in the VU meter circuit to pre-
vent the overloading of a light valve or 
galvanometer after lining-up the chan-
nel. (See Questions 10.3, 10.7, and 
17.163.) 

18.104 What is a background-noise 
suppression amplifier (BNSA)?—It is a 
special type amplifier that operates 
somewhat like a noise-reduction ampli-
fier (NRA) used for photographic film 
recording. However, in the instance of 
the background-noise suppression am-
plifier, it is connected early in the re-
cording circuits to reduce unwanted 
noise in the sound track to be rere-
corded. The amplifier is set up in such a 
manner that it closes down during 
pauses in the dialogue and other por-
tions of the sound track. A typical ex-
ample of its use follows. Assume that 
dialogue has been recorded on a street 
with considerable traffic noise in the 
background. During rerecording (dub-
bing), the BNSA is set to close down a 
given amount during dialogue pauses; 
thus, the background noise is reduced. 
Precautions must be taken to keep the 
reduction in the background from be-
coming great enough to be noticeable, 
since too much reduction at a pause be-
tween sentences become quite annoying 
to the listener. Also, if the amplifier is 
set up too tight, it causes a thumping 
noise at the end of the spoken word, 
which also becomes annoying. A small 
amount of noise must be left in each 
pause to avoid listening fatigue. Such 
amplifiers are not used with music. 
When employed properly, a BNSA 

may be used to salvage sound tracks 
previously considered unusable. Be-
cause such amplifiers are provided with 
an adjustable release time, they may be 
used to reduce reverberation to an ex-
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The term "background noise suppres-
sion amplifier" (BNSA) should not be 
confused with the background amplifier 
(up and downer). This was an amplifier 
used in the early days of rerecording 
(1931) to reduce the music and sound 
effects behind the dialogue when the 
actor spoke, without disturbing the 
level of the dialogue. The control or 
side amplifier had frequency character-
istics that would allow it to respond to 
frequencies only within the dialogue 
range. The first amplifiers of this kind 
used voice-operated relays; later, elec-
tronic control was added. For opera-
tional purposes, the sound effects and 
music had to be on separate sound 
tracks, with a separate background am-
plifier in each track. The use of such a 
device was annoying, as the sound ef-
fects and music levels were continually 
being increased or decreased, which de-
tracted from the dialogue. 
Modern background-noise suppres-

sion amplifiers are generally con-
structed to use five stages of noise re-
duction of 5 dB each, that may be in-
serted singly or together, reducing the 
noise by an equivalent amount. During 
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Fig. 18-104A. Position of a background-noise suppression amplifier (BMA) in a 
rerecording channel. 

tent. It should be understood that this 
amplifier does not actually remove the 
noise recorded in the dialogue, but be-
cause the listener is concentrating on 
the dialogue, a reduction of noise be-
tween words makes it appear that the 
background noise has been reduced. If 
the original sound track contains back-
ground noise that is equal to or greater 
in level than the dialogue, little can be 
done to improve the situation. 

Devices of this type are not discrimi-
natory to frequency and operate re-
gardless if the background noise is of 
low or high frequency in nature. The 
frequency response is generally greater 
than that of the recording channel. The 
small amount of added distortion is of 
little consequence. 
A block diagram showing the posi-

tion of a BNSA in a rerecording chan-
nel is shown in Fig. 18-104A. Back-
ground suppression amplifiers as a rule 
have sufficient gain to be placed in a 
fairly low-level position; however, this 
is not always true. Therefore, to attain 
the most efficient operation of the de-
vice, the manufacturer's data sheet 
should be consulted. 
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Fig. 18-104B. Magna-Tech Model 348, solid-state background-noise suppression 
amplifier. 
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periods of no modulation, the attenua-
tion of these stages is reduced rapidly 
to zero, to permit the program signal to 
be passed without attenuation. The 
noise thresholds of the various stages 
are staggered to remove the background 
noise gradually. 

During its operation, by inserting the 
first stage the signal-to-noise ratio is 
increased by 5 dB. Inserting the second 
stage increases the ratio by another 5 
dB, and so on for the additional stages. 
In this manner, a total of 25-dB back-
ground reduction can be attained. The 
attack time is on the order of 1 milli-
second, and the release time is adjust-
able in three steps—fast, medium, and 
slow. By selecting the proper release 
time, sibilant distortion and reverbera-
tion in sound tracks can be consider-
ably reduced. As mentioned previously, 
in the initial adjustment for a given sit-
uation, care must be taken to avoid 
clipping the end of the words, or using 
too much background reduction. 

18.105 What is an electronic mixer? 
—It is another name for a compressor-
limiter amplifier. 

18.106 What is a dynamic noise 
suppressor?—A method of suppressing 
noise in recording circuits by control-
ling the bandwidth of the reproducing 
circuits. The control circuits make use 
of a reactance tube, electronic gating, 
and filter circuits. The bandwidths of 
the reproducing circuits are automati-
cally controlled by the amount and 
character of the noise in the recorded 
material. 

18.107 What is compres recording? 
—A system of recording in which the 
original sound track is compressed a 
given amount reducing the dynamic 
range. When reproduced, the sound 
track is expanded the exact amount it 
was compressed. Because of the diffi-
culty of controlling both the recording 
and reproducing characteristics, it has 
not been accepted commercially. 

18.108 What is overmodulationl— 
Overloading or overshooting the maxi-
mum amplitude for a given recording 
system. Overmodulating increases har-
monic and intermodulation distortion. 

18.109 What does the term "per-
centage modulation" meant—It is the 
percentage of the applied signal with 
reference to the maximum signal that 
may be applied to a recording system. 
One hundred-percent modulation of a 

recording system is the maximum sig-
nal amplitude that may be applied 
without overloading or with reference 
to a given amount of distortion. Fifty-
percent modulation of a recording sys-
tem is an input signal that is one-half 
the maximum signal amplitude, or 6 dB 
down from 100-percent modulation. In 
Fig. 18-24A is shown percentage modu-
lation of a light modulator for optical 
film recording with reference to the 
maximum signal amplitude or 100-per-
cent modulation. 

18.110 How is percent modulation 
of a recording system calculated?—Per-
cent modulation may be calculated: 

A 
Percent modulation -= — >< 100 

where, 
A is the signal amplitude, 
B is the carrier amplitude (the clear 
area of the film base). 

18./11 Define the term "rerecord-
ing."—Whenever a sound track is re-
corded a second time it is said to be re-
recorded. In the motion picture indus-
try, it is common practice to rerecord all 
sound tracks into one composite track 
called a master. During the rerecording 
operation, music and sound effects are 
added as required and the levels 
smoothed out. 

18.112 Define the term "dubbing." 
—In the early days of sound motion pic-
tures when only disc records were used, 
the process of rerecording disc records 
was termed duplicating. The area where 
this work was performed was called the 
duplicating room, or "dupe-room." In 
some studios, the term "doubling" was 
also used. This term then degenerated 
to dubbing and has remained so 
throughout the years. Therefore, dub-
bing has become the expression for re-
recording and vice versa. 

18.113 What is lip-sync?—A re-
cording procedure for recording dia-
logue by actors while watching a silent 
motion picture. The words desired are 
spoken in synchronization with the lip 
motion of the characters in the picture 
and recorded. Sometimes, previously 
recorded dialogue is used for timing 
and inflection. 

18.114 Describe the mechanographic 
system of recording.—This is a system 
where the sound track is engraved in 
an opaque film. The finished sound 
track is similar in appearance to a vari-
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able-area sound track and is repro-
duced using a photocell. This system 
was invented by James A. Miller of the 
Phillips Miller Co., of Holland. 

18.115 What is a rerecording moni-
tor low-pass filter?—A low-pass filter 
used in rerecording channel monitoring 
systems, having the frequency charac-
teristics of the average motion picture 
theater. This filter was used when pho-
tographic film was the only medium for 
recording sound for theater use. The 
characteristics of this filter were based 
on hundreds of acoustical measure-
ments in theaters conducted throughout 
the United States. A composite was 
then made of the measurements and the 
filter designed accordingly. The rere-
cording mixer was then in a position to 
better judge the final recording. The 
frequency response is that shown in 
curve (a) Fig. 18-115. Since magnetic 
sound tracks are used extensively in 
theaters, a rerecording filter is seldom 
used. 

In the rerecording of 16- and 35-mm 
optical sound track, it may be desirable 
to include in the rerecording monitor 
system a low-pass filter, having the 
characteristic given in curves (b) or 
(c). In some installations, only a 10,000-
Hz low-pass filter is used and is left in 
the monitoring circuit permanently. 

18.116 What is a monitor card?—A 
scale on a film recorder for indicating 
the percentage modulation of the light 
modulator to the recordist. Calibrations 
are also included to aid in the setting 
of the noise-reduction bias current and 
margin. 
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18.117 What is the purpose of a 45- 
Hz high-pass filter in a rerecording chan-
ne1P—To limit the response of the chan-
nel at the low frequencies. The original 
optical film rerecording channels con-
tained such a filter to eliminate the ef-
fect of low-frequency rumble in repro-
ducers, which generally occured below 
45 Hz. Unless very wide-range record-
ing is being done, many recording ac-
tivities still use a 45-Hz high-pass filter 
to remove the possibility of low-fre-
quency noise. High-pass filters are also 
used in transfer channels in combina-
tion with optical recording equipment. 
(See Question 18.331.) 

18.118 What are the bandwidths 
used for production recording and rere-
cording?—For production recording in-
volving only dialogue and using 1/4-inch 
magnetic tape, the bandwidth is 40 to 
8000 Hz, with dialogue equalization be-
ing used below 800 Hz, and the mid-
range high-frequency equalization 
above 1500 Hz. If the production chan-
nel uses 16-mm magnetic film, the 
high-frequency response will be about 
7000 Hz, and for 17.5 mm, about 8000 
Hz. The best dialogue recording is ob-
tained when this frequency range is 
used. 

For rerecording, the bandwidth is 
generally 40 to 8000 Hz. This is particu-
larly true if the final product to be re-
leased uses an optical sound track. If 
the release print uses magnetic sound 
track, the music is sometimes extended 
to 10,000 Hz. However, this will depend 
entirely on the type of music, and 
whether the distortion is low in the 
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Fig. 18-115. Rerecording low-pass filters for 16- and 35-mm optics, film recording. 
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original sound track. Generally speak-
ing, for either type release print, a fre-
quency range of 40 to 8000 Hz will be 
quite satisfactory. (See Question 6.122.) 

18.119 Describe a photocell (PEC) 
monitor system used in photographic 
film recorders.—Photocell or PEC moni-
toring, as it is sometimes called, is a 
method used to monitor directly from 
the modulations of the light modulator 
in a photographic film recorder and is 
used by both RCA and Westrex. A por-
tion of the modulated light beam is split 
off and passed through an optical sys-
tem, amplified, and is available over the 
monitor system for comparison with the 
direct sound and that generated by the 
light modulator. 

Early type film recorders monitored 
through the film base by placing the 
phototube behind the film. However, 
this method is now obsolete, as the film 
created a high-frequency hiss in its 
passage in front of the phototube, and 
the monitoring system required consid-
erable high-frequency equalization to 
compensate for the loss of high fre-
quencies. 
A modern PEC monitoring system 

used by Westrex is illustrated in Fig. 
18-26B. The method used by RCA is 
quite similar. 

18./20 What is 35/32-mm optical 
film recording stock?—It is a standard 
35-nun film base with 16-mm perfora-
tions, as shown in Fig. 18-120A, and is 
used in 35-mm film recorders that have 
been modified to run at a speed of 36 

fPrn• 
Two methods of recording the sound 

tracks are used. In the first method, the 
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Fig. 18-120A. A 35/32 film base with 
two 16-mm sound tracks. 
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Fig. 18-12011. A 35/32 film base with a 
single 16-mm sound track. 

sound track is recorded near the center 
at a distance equivalent to sound track 
placement for 16-mm film. After re-
cording the full length of the roll, with-
out rewinding, the filin is rethreaded on 
the recorder and a second track is re-
corded. 

After the film has been processed, it 
is split down the center and 1.5-mm of 
film is removed from the two outer 
edges. This results in two 16-mm sound 
tracks from a single base. Hence, the 
name 35/32-mm film. 

hi a second method, a single sound 
track is recorded in the exact center of 
the film (Fig. 18-120B). After process-
ing, the film is not split. Both these 
methods result in considerable saving of 
storage space, as the storage of film be-
comes quite a problem in a large studio 
where several million feet must be 
stored every year. 

It is the policy of most studios to 
modify their older recorders for this 
type recording. Because of the demand 
for this type recording, film manufac-
turers now supply a 32-mm base film 
with 16-mm perforations. 
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Fig. 18-121. A typical H and D curve. 

18.121 What is an H and D curve? 
—A curve showing the relationship of 
exposure to density for a given film 
emulsion. This curve was originated by 
Hurter and Driffield, hence its name. 
It is also known as a D Log E curve 
A typical H and D curve is shown in 
Fig. 18-121. 

18.122 What h a D Log E curve?— 
See Question 18.121. 

18.123 Define the term "density"? 
—It is the common logarithm of opacity. 
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18.124 What is fog density?—An 
increase in density caused by develop-
ment and is not due to exposure. 

18.125 How is the correct density 
for sound track negative and print de-
termined?—For variable-area recording, 
by the cross-modulation method. For 
variable-density, by the intermodula-
tion method. 

18.126 What is a cross-modulation 
test?—A test used with variable-area 
recording to determine the correct neg-
ative and print densities by measur-
ing the fill-in of the valleys between 
modulations. 

18.127 What is an intermodulation 
test?—A test used in variable-density 
recording for determining the correct 
negative and print densities. The inter-
modulation distortion is measured for 
a combination of negative and print 
density that will result in the lowest 
distortion. The combination which re-
sults in the lowest distortion is the opti-
mum value of negative and print den-
sity. 

18.128 How are the optimum neg-
ative and print densities determined, if 
test equipment is not available?—By 
making a series of exposure tests start-
ing at a low-exposure lamp current set-
ting and increasing the exposure cur-
rent in fractions of an ampere in the 
following manner: 
Assume the manufacturer's recom-

mendation is that the exposure lamp be 
operated at 5.6 amperes. Start at 5.4 
amperes and record sibilant words such 
as, "sister Susie is sewing shirts for 
soldiers," or "she sells sea shells by the 
seashore." Do this for every 0.20-am-
pere increase of the current until 6.6 
amperes is reached. 

Develop several samples of unex-
posed sound recording stock at devel-
oping times of 4, 5, 6, 7, 8, 9, and 10 
minutes. This test is to determine how 
long the film may be developed without 
the fog exceeding 0.06. Next, develop 
the exposure tests to the maximum time 
determined by the fog test and then 
make prints for each sound track nega-
tive at the following densities: 120, 
1.30, 1.40, 1.50, and 1.60. The print fog 
density must not exceed a density of 
0.30. 

Play back the prints, starting with 
the lightest density, on a reproducer 
having a known frequency response and 
pay particular attention to high-fre-

quency distortion, sibilance, signal-to-
noise ratio, and whether noise reduction 
breathing can be detected. Sibilance 
should not be confused with high-fre-
quency distortion as there is a consid-
erable difference between the two. Im-
proper combinations of print and nega-
tive densities will cause high-frequency 
distortion, which is similar in sound to 
excessive sibilance. 
The output level will vary with dif-

ferent combinations of negative and 
print density. Select a combination for 
the best reproduction of the high fre-
quencies and overall level. Although 
the foregoing method is not entirely 
satisfactory, it can be used for either 
variable-density or variable-area sound 
tracks when test equipment is not avail-
able. However, whenever possible, the 
densities should be determined by the 
use of an intermodulation analyzer or 
cross-modulation oscillator for best re-
sults. It is the policy of most recording 
activities to hold the print density to a 
given value. If subsequent tests indicate 
a change in density because of a change 
in emulsions, the negative density is 
changed rather than the print density, 
as this method simplifies the making of 
future prints. Also, in this way the print 
density is always an optimum value. 

18.129 Are tests required every 
time the emulsion is changed?—Yes. 
Every time a new emulsion number is 
used, tests must be made to determine 
the correct negative density, lamp cur-
rent, and high-frequency loss. (See 
Question 18.160.) 

18.130 What is image spread?—It 
is a term used to indicate the growth 
of the silver image beyond the outline 
of the optical image which originally 
formed it. A negative which has been 
properly exposed and processed will 
appear clean and sharp under a micro-
scope. A good print will appear almost 
as sharp as the negative, with only 
slight deterioration. 

If a variable-area negative is ex-
amined under a microscope, it will be 
noted the peaks of the modulations ap-
pear to be slightly rounded when com-
pared to the valleys which appear to 
be sharp. This nonsymmetry is caused 
by the high density of the negative. 
Image spread is necessary in the nega-
tive to compensate for the image spread 
in the print which is in the opposite 
direction. For variable-area recording, 
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the print density should be approxi-
mately 1.40 for satisfactory reproduction 
and good signal-to-noise ratio. 

18.131 What is the principal cause 
of image spread?—Reflection and re-
fraction in the film base between the 
halide grains and the surrounding gela-
tin causing the light to be scattered. 
Scattered light produces a latent image 
in the grains outside the exposure area. 
Therefore, as the density is increased, 
distortion of the modulation image in-
creases. When developed at low den-
sity, peaks of modulations are reduced. 
For high densities, they are increased. 

18.132 What is the effect on re-
production if the image spread is too 
great?—The reproduction appears to 
have excessive sibilance. However, this 
is actually not the case, but is high-
frequency distortion. 

18.133 How does the density of a 
print affect the electrical output from 
a photocell in a reproduced—The out-
put voltage from the photocell is di-
rectly proportional to the change in 
transmission between the light and dark 
areas of the sound track. 

18.134 What routine tests should 
be made to maintain a uniform product? 
—Exposure tests to determine whether 
any change has taken place due to 
aging in the exposure lamp. This may 
be ascertained by running a series of 
wide-track exposures and reading the 
densities, then comparing them with 
previous tests against a standard de-
veloping time, or by means of a pho-
tometer mounted on the recorder. 

18.135 What type film is used for 
recording sound?—Although the film 
used for sound recording is called 
sound-positive, when it is exposed and 
developed, the image is black. A nega-
tive sound track is shown at (a) in 
Fig. 18-288 and a positive one is shown 
at (b). (See Questions 18.142 and 
18-151.) 

18.136 What is a negative blow-up? 
—A 35-mm sound track made from a 
16-mm sound track by optical enlarge-
ment. This practice is not recommended 
because of the increased background 
noise, image, spread, and distortion. 
However, reducing a 35-mm negative to 
16 mm is common practice, as very sat-
isfactory results are obtained. 

18.137 What is the dynamic range 
of o 16-mm sound track?—Approxi-
mately 35 to 40 dB. 

18.138 What is the dynamic range 
of a 35-mm sound treckt—From 40 to 
50 dB. 45 dB is about average when 
good quality control is maintained. 

18.139 What is an "A" or "I" film 
windingt—A method of winding 16-mm 
optical or magnetic recording stock to 
bring the sprocket holes into the right 
position for a given optical or magnetic 
film recorder. When purchasing 16-mm 
film, the type winding must be speci-
fied. The USASI (ASA) Standard for 
16-mm film winding is given in Fig. 
18-139. It will be observed that the 
emulsion or magnetic coating is inside 
for either type winding. 

18.140 Is the "A" or "8" winding 
used with 35-mm filmt—No. Only with 
16-mm film. 

18.141 What is the color sensitivity 
of sound recording filnd—It is blue-sen-
sitive only. 

18.142 Can the same recording 
stock be used for both variable-area and 
variable-density?—No. They require dif-
ferent emulsions and characteristics. 
For variable-area recording, the re-
cording stock has fine grain and high 
contrast to permit the attaining of a 
sharp image over a wide range of fre-
quencies. The control gamma generally 
falls between 3.0 and 3.20. Recording 
stock used for variable-density record-
ing is also fine grain, but with lower 
contrast, with the control gamma falling 
between 0.40 and 0.60. Although the 
foregoing stock is referred to as sound-
positive stock, the word positive is used 
only to indicate that the speed of the 
film is similar to release print stock and 
can be handled under the same safe-
light conditions. Positive perforations 
are used in both types of film. (See 
Questions 18.135, 18.150, and 18.151.) 
Both emulsions are blue-sensitive only, 
and employ a gray antihilation base. 

18.143 Show a flowchart for 16-mm 
black and white negative and sound 
track.—See chart in Fig. 18-143. 

18.144 Show a flowchart for 16-mm 
color reversal original and sound track. 
—Such a chart is given in Fig. 18-144. 

18.145 Show the method of produc-
ing 16-mm positive prints from black 
and white film, using 35/32 method, 
with sound track.—Such a method is 
given in Fig. 18-145. 

18.146 Give a flowchart for 35-mm 
color negative and sound track.—Such a 
chart is pictured in Fig. 18-146. 
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American Standard 

A and B Windings of 16mm Film, 

• Perforated One Edge 

U.S. Pa. Vd. 

PH22.75-1953 

'UDC 778 5 

Winding A Winding B 
Emulsion side in Emulsion side in 

(With the types of winding described below, the emulsion side of the film 
shall face the center of the roll.) 

1. Scope 
1.1 The purpose of this standard is to insure 
a uniform method of designating the type of 
winding (the location of the perforated edge) 
when ordering or describing 16mm raw-stock 
film with the perforations along one edge. 

2. Film on Cores for Darkroom 
Loading 

2.1 When a roll of 16mm raw stock, per-
forated along one edge, is held so that the 
outside end of the film leaves the roll at the 
top and toward the right, winding A shall 
have the perforations along the edge of the 
film toward the observer, and winding B shall 

hove the perforations along the edge away 
from the observer. No preference for either 
type of winding is implied, since both types 
are required for use on existing equipment. 

3. Film on Spools for Daylight 
Loading 

3.1 When the film is wound on a spool with 
a square hole in one flange and a round hole 
in the other flange, it shall be specified as 
winding B when wound as described for B 
above and with the square hole on the side 
away from the observer. Windings other than 
winding B, on spools, are čonsidered as spe-
cial-order products. 

Appendix 

(This Appendix is not o part of American Standard A and It Windings of 16mm Film, 
Perforated One Edge, PF122.75-1953.) 

Al. The types of winding covered by this standard square hole in one flange and a round hole in the 
are limited to those which are in general use, other, can be wound in other ways than that de-

scribed as winding B, and that for special purposes 
A2. It is recognized that film on spools, with a these windings may be supplied commercially. 

Approved December 17, 1953, by the American Standards Association, Incorporated 
Sponsor: Society of Motion Picture and Television Engineers •I'reitereal Derimal 

Cairmight 1914 he lbw Amerkm Purdue, AmerWine. Inempermed 

70 Ewa Fony.fith 5.eet, New Yedi lt. N. Y 

Primed in U.P.A. 

tr.,51234 
Prier. n Om. 

Fig. 18-139. USASI (ASA) Standard for A and B wind 16-mm film. This Standard 
was originated in 1953 and reaffirmed in 1961. 

18.147 What is row stock?---Unex-
posed film. 

18.148 What is safety base film?— 
A film base made from a slow burning 

material called acetate. This base is 
used in the manufacture of all present-

day 35-mm motion picture film. Safety 
base film may be identified by small 
marks placed at a distance of one frame 

along the edge of the sprocket holes and 
the words safety film. The marks are 
parallel to the film length and distin-
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Fig. 18-143. Flowchart for 16-mm block and white negative and sound track. (Cour-
tesy, General Film Laboratories, Division of Deluxe Laboratories, Inc.) 
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Fig. 18-144. 16-mm color-reversal original and sound track. (Courtesy, General Film 
Laboratories, Division of Deluxe Laboratories Inc.) 
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guish safety base film from the older 
nitrate base type. The marks may be 
seen in Fig. 18-148. 

18.149 What is a nitrate base film? 
—A highly inflammable material for-
merly used for the making of motion 
picture film base before the introduc-
tion of safety base film. Nitrate base 
film may be identified by small marks 
in the sprocket hole area placed at right 
angles to the film length. Nitrate film is 
no longer manufactured in the United 
States because of its inflammatory na-
ture. However, many valuable nitrate 
base films are still in archival vaults 
throughout the world; therefore, if 
there is contact with nitrate film, it 
must be handled with extreme care. 

18.150 What is fine-grain sound re-
cording stock?—A fine-grain emulsion 
with an antihalation base with a grain 
size much finer than emulsions used 
prior to 1939. Although line-grain film 
does not require a blue or ultraviolet 

e • • • • 
Ifentin 111/W 
Reversal 

CONTACT POINTING 

SOUND 

MASTER 

E MACCODING 

35/32 
SOUND 

NEGATIVE 

filter, a somewhat better image is ob-
tained with its use. Such emulsions may 
be loaded, using a red light in the dark 
room, inasmuch as they are insensitive 
to red light. The antihalation backing is 
a gray dye which serves to prevent 
halation. If the dye were not present, 
light penetrating the emulsion would 
be reflected at an angle from the back 
of the base to strike the emulsion again 
and cause halation around the image of 
the sound track. By using an antihala-
tion backing, the light not absorbed by 
the emulsion undergoes absorptive ac-
tion of the dye twice in order to return 
to the emulsion. Under these circum-
stances, the chances of halation occur-
ing are practically nonexistent. The dye 
does not bleach out when the film is 
processed and it has no effect on the 
printing, except that the lamp current 
must be increased slightly. 

18.151 Why is a positive stock used 
for sound recording?—The negative 

35mm 
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35mm 131W 

Master 
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Posdive Print 
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Fig. 18-145. The 35/32-mm method of producing 16-mm positive prints from block 
and white films. (Courtesy, General Film Laboratories, Division of DeLuxe Laborato-

ries, Inc.) 
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Fig. 18-146. 35-mm color negative flowchart with sound track. (Courtesy, General 
Laboratories, Division of Deluxe Laboratories, Inc.) 

stock used for the picture is not suitable 
for sound reproduction because of the 
higher background noise. The finer 
grain of a positive emulsion has a 
greater signal-to-noise ratio. 

18.152 What is a reversal film?— 
One which, after exposure, is processed 
to produce a positive rather than a neg-
ative image. (See Question 18.287.) 

18.153 Under what conditions should 
sound recording film be storodP—Nega-

APIRMIZINIMQ 
=1313111========1313111===113136 

_ S*A-FETT rig.m - 

Fig. 18-148. Method of identifying 35-
mm safety base film. 

tive reversal and sound film may be 
stored for a period of 6 months in a 
temperature not to exceed 55 degrees 
Fahrenheit, provided it is in the sealed 
cans as received from the manufacturer. 
For positive stock, the maximum storage 
temperature is 65 degrees Fahrenheit. In 
both instances, the relative humidity 
must not exceed 50 to 60 percent. Sound 
stock, when exposed, should be proc-
essed as soon as possible. Film may be 
subjected to temperatures from minus 
65 degrees F to 160 degrees F. However, 
at the lower temperatures, the film 
speed is reduced and the film requires a 
much longer exposure time. Above 70 
degrees sensitometric deterioration of 
the emulsion is much more rapid. At 
temperatures of 200 degrees, raw stock 
becomes badly fogged, with shrinkage 
and deterioration increasing rapidly. 

18.154 What is projection printing? 
—A method of reducing a 35-mm sound 
track or picture by optically projecting 
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the image of the negative on the print 
stock. It is more commonly known as 
optical reduction printing. (See Ques-
tion 18.157.) 

18.155 Define the terms "inserted" 
and "wound-on" relative to motion pic-
true film raw stock.—The expression 
"wound-on" is used to denote that the 
film is wound tightly on a core which 
cannot be removed from the roll, except 
by rewinding the film. Inserted means 
that the film initially was wound using 
a collapsible mandrel, and the core has 
been inserted in the roll. Thus, the film 
is not actually attached to the core. 
When received from the manufacturer, 
sound recording stock is wound-on. 
When purchasing 16-mm film, the type 
winding "A" or "B" must be specified. 
(See Question 18.139.) The cores for 
35-mm stock are supplied with or with-
out a keyway in the core, and they are 
generally referred to as male and fe-
male cores. Therefore, when ordering 
35-nun stock, the type core must be 
stated. 

18.156 Can a negative sound track 
be developed in a positive-type solution? 
—Yes. This is often done in small labo-
ratories where it is impractical to have 
both negative and positive developing 
machines. The developing solution is 
slightly different from that used for 
normal positive development. Cross-
modulation tests are made in the same 
manner and plotted as for normal sound 
track negative development. 

18.157 What are the basic princi-
ples of an optical reduction sound track 
printer?—The basic components are 
shown in Fig. 18-157. The 35-mm sound 
track A to be optically reduced to 
16-mm is placed at the left end of the 
machine. The image of the sound track 

OEr  

55-MPA 
FILM 

iC 

PRISM 

OPTICAL 
SYSTEM 

16F-ILT 
STOCK 

. F 

Fig. 18-157. Basic components of the 
optical reduction printer. 

is projected on a prism C through the 
optical system B by the exciter lamp D. 
The projected image of the sound track 
is turned 90 degrees by the prism both 
at the head end and at the point where 
it enters the 16-mm section of the 
printer. A second optical system E fo-
cuses the sound track on the 16-mm 
raw stock at F. 

18.158 What ore the principal ob-
jections to optical reduction sound 
tracks?—Possible increase in the back-
ground noise and distortion, as well as 
loss of high frequencies as a result of 
print slippage. Also, the printer may in-
duce flutter in the final print. However, 
all of these defects may be controlled by 
close maintenance of the machine. 

18.159 What is a contact sound-
track printer?—A sound printer in 
which the negative sound track is held 
in close contact with the print stock on 
which the image is to be printed. 

18.160 What method is used by the 
manufacturer of raw stock to indicate a 
new emulsion run?—The manufacturers 
of raw stock number their emulsions in 
different manners. Eastman Kodak uses 
three groups of figures. The first group 
designates the type emulsion, the sec-
ond group the emulsion run, and the 
third group the emulsion cut. A typical 
number might be: 

Type Run Cut 

5375 101 21 

If the second group of figures is differ-
ent from those on the stock previously 
used for recording, a new set of cross-
modulation or intermodulation tests is 
in order to determine the correct nega-
tive and print densities. Under certain 
instances different emulsion cuts will 
require a different exposure lamp cur-
rent; therefore, a lamp test is required. 

18.161 What are the laboratory 
processing tolerances for negative and 
print sound-track densities?—Most labo-
ratories can hold the requested densities 
within plus or minus 0.05 points. Thus, 
if a negative density of 2.50 is requested, 
the density could vary from 2.45 to 2.55. 
For a print of 1.40, the density could 
vary from 1.35 to 1.45. Under no cir-
cumstances should the density be per-
mitted to exceed 0.10 points from the 
optimum density. 

18.162 Is it permissible to hold the 
print density at a given value and vary 
the negative density when changing 
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Fig. 18-163A. Exposure lamp current plotted versus negative density for 16-mm film. 

emulsions?—Yes. The print density 
should be held at a given value and 
small variations, as required, made in 
the negative density. By this method 
prints may be ordered at any future 
time knowing that the print density will 
always be correct. If such a system is 
not adopted, it will be necessary to 
specify a different print density for each 
sound track. With different print densi-
ties, the output level will change and 
make it difficult to intercut sound tracks 
made at different times. 

18.163 What is a photometer and 

how is it used with a film recorder?—It 
is a photocell of the self-generating 
type which is placed in such a position 
that a portion of the exposure light in 
the recording optical system falls on its 
light-sensitive target. Although the ex-
posure lamp is initially set by its cur-
rent, the final adjustment is made by 
the photometer. As the exposure lamp 
ages, the emitted light falls off and, for 
a given ampere setting, less light is ob-
tained. U the reading of the photometer 
is noted when the exposure lamp is first 
calibrated, it may be used to set the 

A 

s 

A LAMP-1 
B LAMP-2 

10 20 30 
PHOTOMETER 

40 50 60 

Fig. 18-1638. Typical photometer reading versus exposure lamp current for 35-mm 
film. Readings for two lamps are given to show the difference in exposure between 

the lamps. 
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lamp current for the same amount of 
illumination each time. Thus, the re-
cordist is assured of the correct expo-
sure at all times. It is also a good indi-
cator as to when the exposure lamp 
should be changed. Recorders such as 
those in Fig. 18-26A, F, and G are 
equipped with photometers. A typical 
plot of exposure lamp versus negative 
density for 16-mm film is shown in Fig. 
18-163A. The actual readings are shown 
by the dots above and below the line. 
For all practical purposes, the line can 
be assumed to be straight. Fig. 18-163B 
is a plot of photometer readings versus 
exposure lamp current for 35-mm film. 
Two lamps are plotted to illustrate the 
difference in exposure for a given lamp. 
This indicates the importance of a pho-
tometer. 

18.164 What is a working print?— 
A print used by the editorial depart-
ment for editing purposes. When com-
pleted, the negative is cut and a new 
print made for rerecording. 

18.165 What does the term "opac-
ity" mean?—It is the amount of opposi-
tion offered to light transmission by ex-
posed and unexposed film. It is the re-
ciprocal of transmission. A table of 
opacities is given in Section 25. 

18./66 What is percent transmission 
of film?—The amount of light that will 
pass through an exposed and processed 
filin. Percent transmission may be ex-
pressed: 

Transmission = 100 >< ri 
where, 
Lo is the total incident light, 
Li is the total light through the film. 

Generally, the transmission of film is 
measured in terms of its opacity: 

Density = Log Opacity 

1 

where, 
T is the transmission. 

(See Fig. 25-160.) 
18.167 What are dailies or rushes? 

—The first print made from the previ-
ous day's shooting. The picture and 
sound track are placed in sync by the 
cutting department and run for the di-
rector, camera, and sound departments 
to check picture and sound quality. 

18.168 What is the aperture effect? 
—A term applied to the high-frequency 

harmonic distortion caused by the height 
of the recording and reproducer aper-
tures. For recording, the slit height 
should be as small as practicable to re-
duce the effects of harmonic distortion. 
The slit height in a modern film re-
corder is approximately 0.25 mil. To 
reproduce 9000 Hz with minimum dis-
tortion, the reproduce slit should be 
1.0 mil, in order to cancel second har-
monic distortion. 

Motion picture theater reproducing 
equipment as a rule employs slits of 
12 to 1.3 mils in height. Such heights 
may be used because the frequency re-
sponse is limited to approximately 8000 
Hz. 

18.169 What is film-loss equalize-
tiont—Film-loss equalization is equal-
ization inserted in the recording circuit 
of a photographic film recorder to com-
pensate for the high-frequency loss of 
the film. High-frequency loss is due to 
the characteristics of the film, linear 
speed, optics, printer loss, and process-
ing losses. (See Question 6.127.) 

18.170 How is film loss measured? 
—When a new recorder is installed or 
the optical system is overhauled, it is 
necessary to make film-loss measure-
ments to establish the amount of film-
loss equalization required to compen-
sate for the characteristics of the film, 
linear speed, optical printer, and proc-
essing losses. All equalization and filters 
normally used in the recording channel 
(except in the instance of a light valve 
equalizer) are removed. Frequencies of 
interest, generally 400 Hz to 10,000 Hz, 
are applied to the input of the recording 
amplifier, and the light modulator is 
deflected by 80-percent modulation (2 
dB below 100-percent modulation) as 
accurately as possible for each fre-
quency. 

After the negative has been recorded 
and processed, the peak amplitudes of 
each frequency are measured with a 
calibrated microscope or optical com-
paritor. The results are plotted, fre-
quency versus amplitude, as shown in 
Fig. 18-170A. The amplitudes of the 
print are measured in a similar manner. 
Before measuring the print, a fre-
quency-response measurement of the 
reproducer must be made, using a mul-
tifrequency test film. From its fre-
quency-response test, necessary correc-
tions are determined and applied to the 
print measurement to compensate for 
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Fig. 18-170A. Negative and print losses for 35-mm variable-area film. 

the variations in the reproducer re-
sponse. 

If both the negative and print are 
measured using a comparitor, the dif-
ference between the two is the printer 
loss. The negative cannot be success-
fully measured in a reproducer. 

If the print density is satisfactory, 
the required film-loss equalization will 
be an inverse characteristic of the film 
loss. The measurements given in Figs. 
18-170A and B are for galvanometer re-
cording. Typical film-loss characteris-
tics using a light valve for both vari-
able-area and variable-density film are 
given in Figs. 18-170C and D. 
To make the initial recording for 

variable-density filin, an exposure is 
made for a negative density of about 
0.48 and a print of 0.6. For variable-

area film, a negative density of about 
2.40 and a print density of 1.40 will be 
satisfactory. After the film equalization 
has been established, cross-modulation 
or intermodulation measurements are 
then made, as discussed in Questions 
18.232, and 18.274 through 18.277. Film-
loss equalization requires no further at-
tention when once established, unless 
there is some radical change in the 
method of processing, printing, or other 
devices directly affecting the recording 
on the negative. Film-loss equalizers 
are discussed in Question 6.127. 
The variations in the negative re-

sponse of Fig. 18-170A are caused by 
the slight variations in reading the op-
tical comparitor. It will be observed 
that the graduations for this particular 
graph are 02 dB per graduation. 

N N  NN N N NI 
ZZZI.ge 

1 A e rr; a groiß= CY F) .3. e  iä) r- a) ae .z.' Z,G. 

2 
+ 

REFERENCE 
FREQUENCY 

,.." 

11.........ampetie ..,-.,-..-°-°-0-- 
.'°-..* 

+ 

------1.-----.... 

,.....„ 0 

......., 

... 
• 

N.,. 

QUALIZATIA PRINT LOSS 
LOSS 

RESULTANT ------

o 

5 

5 

o 
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Fig. 18-170C. Typical recorded variable-area frequency characteristics 
light valve. Response is measured electrically. 

18.171 How is a sound head equal-
ized for a uniform frequency response?— 
By playing back a multifrequency film 
and adjusting the sound head optical 
system for maximum output at 9000 Hz. 
The equalization in the photocell pre-
amplifier is then adjusted for a uniform 
output frequency characteristic. 

18.172 What is the loss per genera-
tion of rerecorded film?—For each gen-
eration, approximately 85 percent of the 
resolving power remains. 

18.173 Show the characteristics of 
a light-valve equalizer. —Light valves 
have a rising frequency characteristic 
caused by the resonant frequency of 
the ribbons, starting at about 3000 Hz 
and continuing to a resonant peak of 
approximately 6 dB at 6000 Hz. To com-
pensate for this rising characteristic, a 
light-valve equalizer is employed, with 
a frequency characteristic inverse to 
that of the light valve. In Fig. 18-175 is 
shown the frequency characteristic for 

+5 

using a 

such an equalizer, strapped for a 7-dB 
insertion loss. The amount of equaliza-
tion depends on the type of light valve. 
(See Question 18.15, and Fig. 18-26E.) 

18.174 Give a recording characteris-
tic suitable for optically reducing 35-mm 
sound track to 16-mm sound track.— 
Such a characteristic is given in Fig. 
18-175. It will be noted that an 80-Hz 
high-pass filter is used to limit the low-
frequency end. A small amount of mid-
range high-frequency equalization is 
used to compensate for losses in this 
region and to add presence to the re-
production. The magnitude of the 
equalization will vary with the optical 
reduction machines and laboratory 
processing; therefore, the characteristic 
shown is only for guidance. Listening 
tests must be conducted and the char-
acteristic altered to determine the final 
characteristic. 

18.175 What are the techniques 
used for rerecording 16-mm sound track? 

35mm 

1 mm 

20 50 100 200 500 1000 2000 

FREQUENCY N HERTZ 

Fig. 18-170D. Typical recorded variable-density frequency characteristics using a 
light valve. Response is measured electrically. 

5000 10,000 
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Fig. 18-173. Light-valve equalizer characteristic for Westrex light valves. 

—Because the dynamic range of 16-mm 
fihn is considerably less than 35-mm 
film, it is necessary that 16-mm dia-
logue be recorded at approximately 75-
to 80-percent modulation. To aid the 
mixer in obtaining a correct balance 
and to bring the lower levels up to an 
intelligible level (for television), the 
monitor level is lowered 4 dB below 
that normally used for 35-nun rerecord-
ing. The frequency response of the 
monitor should be cut off at about 6000 
Hz. For dialogue, an 80-Hz high-pass 
filter is employed to limit the low-fre-
quency end. A suggested recording 
characteristic is given in Fig. 18-175. 

18.176 Describe the characteristics 
of a direct-positive recording.—Direct-
positive recordings are made using a 
variable-area sound track, recorded 
with either a light valve or galvanome-
ter. The track is developed to a gamma 
of 2.5 to 3.0, and exposed for a density 
as determined by cross-modulation or 
sibilant tests. In some instances, a spe-
cial device called a cross-modulation 
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35 
201-12 30Hz 50Hz 

compensator is used in the recording 
circuit to permit the making of a high-
density print (1.5 to 1.9), with lower 
cross-modulation products. This is ac-
complished by predistorting the re-
corded signal in order to cancel the 
cross-modulation components produced 
by image spread due to the high den-
sity. A typical frequency response from 
a 16-mm direct-positive recording is 
shown in Fig. 18-176. The cross-modu-
lation compensator is a development of 
RCA, and can only be used with a 
biased galvanometer. (See Questions 
18.201 and 18.246.) 

18.177 Describe the various optical 
test films available for photographic 
sound equipment.—Test films for optical 
devices, like those for magnetic equip-
ment, are many and varied. Among 
these are: multifrequency test films, 
Academy test film (with picture) con-
sisting of products from the majority of 
the major studios, focusing azimuth, 
flutter, and many others. Also available 
are special test films for television 

-....."........«OE 

ŕ 
100Hz 200Hz300Hz 500Hz IkHz 2kHz 3 kHz 5kHz 10kHz 20kHz 

Fig. 18-175. Suggested recording characteristic for rerecording 35-mm sound tracks 
to 16-mm photographic film. 
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Fig. 18-176. Recording frequency characteristic for 16-mm variable-area, direct-
positive recording. 

equipment. These films may be obtained 
from the Society of Motion Picture and 
and Television Engineers (SMPTE). 

18.178 What does the term 
"gamma" mean?—The gamma of a pho-
tographic material is the slope of the 
straight-line portion of an H and D 
curve, as shown in Fig. 18-121. Gamma 
represents the rate of change of the 
photographic density with the logarithm 
of exposure, and does not by itself de-
fine the contrast of the negative or print, 
but is only one of the many contributing 
factors in the processing chain of events. 
Both gamma and density are specifica-
tions used in the development of photo-
graphic sound track. 

18.179 What does the term "print-
up" or "print-down mean?—It is associ-
cated with a method used in printing 
variable-density sound tracks to in-
crease or decrease the output level by 
changing the average transmission. The 
purpose of the change from normal is to 
increase the output level for main or 
end title music and to obtain the great-
est dramatic effect in certain portions of 
the film. By this method, an increase of 
4 to 6 dB may be gained in the re-
lease print. The output increases when 
the sound track is printed lighter than 
normal, thus increasing the dynamic 
range. 

18.180 What is a film buckle?—It 
is a condition which occurs when the 
film in a camera or sound recorder 
jumps the sprockets and piles up in the 
transport system. As a rule, a switch is 
provided to protect the equipment 
when this occurs. 

18.181 What is a scratch track?—A 
temporary sound track used for cuing 
purposes only. It is generally made by 
a person other than the one who will do 
the final recording. One-quarter inch-

tape machines are often used for this 
purpose. 

18.182 What is a blimp?—A sound 
deadening cover placed over a motion 
picture camera on a motion picture set 
to prevent the noise of the camera 
movement from being picked up by the 
microphone. It is also called a barney 
(horse blanket). 

18.183 What is grandeur film?—A 
70-mm film introduced by 20th Century 
Fox several years ago for wide screen 
projection. 

18.184 What is a loading bag?—A 
cloth bag with arm sleeves for loading 
film in daylight. 

18.185 What is papering a sound 
track?—Dropping small pieces of paper 
in the reel while it is running to mark 
a cue or rewind point. 

18.186 What is a montageT— A 
group of dissolves and superimpositions. 
A term used by the special-effects de-
partment of a motion picture studio to 
describe a jumble of pictures or sounds. 

18.187 What are edge numbers?— 
A series of numbers with key letters 
appearing along the edge of negative 
film. Their purpose is to identify the 
footage of sound track or picture. Such 
numbers may be seen on the film out-
side the sprocket holes in Fig. 18-191. 

18.188 What is the purpose of wax-
ing film?—To prevent the filin from 
sticking to the shoes of the projector 
aperture plate. The wax is applied to 
the edges of the film: 

18.189 What is green film?—Film 
which has not been properly dried and 
waxed. Green film when run through 
a projection machine will stick to the 
aperture plates causing the emulsion to 
pile up and damage the sprocket holes. 
Green fihn also causes the 'picture to 
go in and out of focus. Sticking to the 
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Fig. 18-190. A Fig. 18-191. A 
cinex strip. sensitometric strip. 

aperture plate can be prevented by ap-
plying a mixture of beeswax and carbon 
tetrachloride, or special solutions de-
veloped for this purpose, to the Mm. 

18.190 What is a cinex strip?—A 
film strip with a series of exposures 
corresponding to standard printer lights 
from 1 to 21. Each succeeding exposure 
is given a greater exposure than that of 
the previous one, as shown in Fig. 
18-190. 

18.191 What is a sensitometric test 
strip?—A strip of film containing a 
series of graded exposures as shown in 
Fig. 18-191. It is used for quality control 
in Mm-processing laboratories. It is also 
called a gamma strip. 

18.192 What are printer light 
steps?—Varying degrees of printer light 
intensity for increasing or decreasing 
the density of exposure on a printing 
machine. The film illustrated in Fig. 
18-190 is a typical example of the differ-
ent light steps of a printer. Printers for 
sound-track printing include half-step 
lights. 

/8.193 What is a gamma strip?—A 
film strip exposed in a sensitometric 

printer and used in a motion picture 
processing laboratory for the control of 
gamma. A typical gamma strip appears 
in Fig. 18-191. 

18.194 What is a control strip?— 
A gamma strip as described in Question 
18.191. 

18.195 What is a loading hook?—A 
metal rod bent in the form of a square 
hook and used for releasing the light 
trap in a filin magazine when loading 
the magazine. 

18.196 Describe the construction of 
a densitometer.—A densitometer is ba-
sically a sensitive light meter for mea-
suring the density of exposure of mo-
tion picture film, in either the picture or 
sound track areas, for both black and 
white or color. 

The Westrex Model RA-1100H, pic-
tured in Fig. 18-196A is a direct-read-
ing integrating-sphere type electrical 
densitometer using two photocells for 
measuring the ratio between the light 
transmission with and without the film 
in the beam of light. Light from an ex-
citer lamp, held constant by a voltage 
regulator, is interrupted by a light 
chopper (rotating disc) and directed 
through the filin and a limiting aperture 
by suitable lenses. After passing 
through the film, the light enters an in-
tegrating sphere where it produces a 
signal in the photocell, proportional to 
the amount of light transmitted. The 
amplified and rectified output of the 
photocell is indicated on a meter cali-
brated to read directly in terms of den-
sity. A schematic diagram of the inte-
grating sphere and photocells is shown 
in Fig. 18-196B. 

This densitometer is designed to pro-
vide three types of integral diffuse-
density measurements. The integrating 
sphere essentially collects all the light 
passing through the film and aperture. 
A type 929 blue-sensitive and a type 
925 red-sensitive photocell are mounted 
in the sphere in a manner in which they 
receive only the light that has been re-
flected at least once from the surface of 
the sphere. Three light filters mounted 
on a filter disc provide transmission of 
limited spectral ranges for the type of 
measurement desired. Setting the filter 
disc in place, with the desired filter in 
the optical path, automatically operates 
switches. In turn, these switches control 
a relay that connects the appropriate 
photocell to the input circuit of the pre-
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Fig. 18-196A. The Westrex Corp. Model 

amplifier. The resulting reading of den-
sity, as defined by Hurter and Driffield, 
is based on the differential with and 
without film sample in the light beam 
path. 

Three filters are mounted in the 
head, with the chopper wheel. Filter 
"V" is used for measuring the visual 
density of black and white film. It has 
been selected so that the resultant spec-
tral response closely simulates that of 
the human eye. 
A Filter "P" is used for measuring 

the printing density of black and white 
film. It provides a density reading which 
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RA-1100H densitometer. 

is essentially the same as is seen by the 
positive film. 
A Filter "IR" is an infrared filter and 

is used in the measurement of silver or 
silver sulfide with dye sound tracks. 
This filter in conjunction with the 
photocell characteristics provides a nar-
row bandpass in the spectral region of 
800 millirnicrons. Its use results in a 
thoroughly reproducible density reading 
of tracks on color films measured at the 
peak wavelength of the spectral sensi-
tivity of the average theater reproducer. 

Densities from 0 to 4.0 may be read 
with the visual or printing filter in use. 

.-INTERRUPTER 
WHEEL 

INTEGRATING 
SPHERE 

MIRROR 

OBJECTIVE 
LENS 

FILM SAMPLE 

PEC 
925 

Fig. 18-1960. Diagram of the optical system used in the Westrex Corp. Model 
RA-1100H densitometer. 
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The infrared filter passes only a very 
narrow band at 800 millimicrons and 
consequently reduces the sensitivity of 
the instrument by approximately 20 dB. 
This limits the readings with this filter 
to a density of 3.0. 

The head assembly at the left of the 
instrument (Fig. 18-196A) contains the 
optical system and filters. Below the 
head assembly is an aperture plate in 
the form of a metal slide. Just above 
the aperture plate is a film gate which 
is designed to accommodate 35-mm film. 
The film gate may be locked in position 
by a locking lever located at the left of 
the head assembly. Immediately below 
the aperture plate is the integrating 
sphere. 

To the right of the head assembly is 
a meter having a logarithmic response, 
calibrated in density. It, therefore, reads 
linearly in density. The scale is cali-
brated 0 to 1.1. Four density ranges: 
0 to 1, 1 to 2, 2 to 3, and 3 to 4, are 
covered by the use of pushbuttons be-
low the meter. An extra 0.1-density cal-
ibration point at the upper end of the 
scale provides overlap between ranges. 

Fig. I8-196C. Macbeth Instrument Corp. 
Model TD-102 Quantalog densitometer. 

INCIDENT 
LIGHT 
FLUX (L) 

TRANSMITTED 
LIGHT FLUX (I.) 

PHOTO-
MULTIPLIER 

TUBE 

VOLTAGE 
AMPLIFIER 

Three potentiometers are provided 
on the left side of the meter case for 
presetting the meter zero point for the 
three light filters. Contacts, operated by 
the filter wheel (on top the optical 
housing) automatically select the ap-
propriate preset meter zero point for 
each filter in the optical path. On the 
right side of the meter case is a poten-
tiometer for calibrating the high end of 
the meter scale. 

The light source is a straight filament 
lamp, operated at a relatively low tem-
perature to insure long life. The current 
for this lamp is maintained constant 
over a wide voltage range, by a voltage-
regulator transformer. The condenser 
lens assembly consists of a pair of 
plano-convex lenses which image the 
lamp filament on a block of optical 
glass, the length of which is chosen to 
eliminate the coil pattern at its exit 
surface. The cone of light falling on 
this block is interrupted by a synchro-
nously driven interrupter wheel (chop-
per) which gives a frequency of 375 or 
450 Hz on a power supply of 50 to 60 Hz 
respectively. The light from the glass 
block is reflected downward by an 
aluminum-coated first surface mirror to 
the objective lens which brings the exit 
face of the glass block to a focus at the 
film plane. The filter wheel previously 
discussed is located between the con-
denser lens and the interrupter wheel. 
Pittsburg HA-2043 heat-absorbing fil-
ters are mounted in front of the visual 
and print light filters in the filter disc. 
The aperture plate contains a wide 

and narrow aperture. The wide aper-
ture clears the scanning beam, the nar-
row aperture limits the width of the 
light beam. 

Pictured in Fig. 18-196C is a Macbeth 
Instrument Corp. Model TD-102 Quan-
talog densitometer. This instrument 
may be used for measuring both picture 

POWER 
MPLIFIER 

HIGH VOLTAGE 
POWER 
SUPPLY 

 1-4---VOLTMETER 
COMPENSATING 

CIRCUITRY 

Fig. 18-196D. Block diagram for Macbeth Instrument Corp. Model TD-102 Quanta-
log densitometer. 
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and sound track. A block diagram of its 
basic components is shown in Fig. 18-
196D, with the schematic diagram 
shown in Fig. 18-196E. The operation of 
the instrument is based upon the use of 
a photomultiplier tube in a feedback 
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circuit, which automatically adjusts the 
dynode voltage applied to the photo-
multiplier tube, so as to maintain con-
stant anode current. The dynode volt-
age required to maintain a constant 
current for any particular amount of 
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Fig. 18-196E. Schematic diagram for Macbeth Instrument Corp. Model TD-102 
Quantalog densitometer. 
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light falling on its photosensitive cath-
ode is used as a measure of the optical 
density of a sample placed between a 
light source and the photomultiplier 
tube itself. 

If the light flux falling on the photo-
sensitive surface of the photomultiplier 
decreases when a sample of film is in-
troduced into the light path, the input 
signal of the voltage amplifier decreases. 
This signal is amplified and fed into the 
input of a power amplifier, which con-
trols the output voltage of the high-
voltage power supply. With a film sam-
ple in the optical path, the output of the 
high-voltage supply increases in order 
to maintain a constant anode current 
within the photomultiplier tube. The 
meter indicating the density is in real-
ity a voltmeter, which constantly mea-
sures the voltage applied to the dynode 
element. Since the meter is calibrated 
in terms of density, the voltage increase 
indicates an increase in density. The 
dynode voltage for a typical photomul-
tiplier tube will vary between 220 and 
750 volts for samples whose optical den-
sities fall between 0 and 4.0. As the re-
lationship is not completely linear, a 
compensating circuit is used to calibrate 
the density readings to a standard. This 
instrument may be used for both color 

and black and white densities. (See 
Question 11.32.) 

18.197 Can any type densitometer 
be used for the measurement of color 
film sound tracks?—No. A special den-
sitometer must be used. (See Question 
18.196.) 

18.198 What is a Moviola?—A mo-
tion picture film editing and synchro-
nizing machine manufactured by the 
Magnasync-Moviola Corp. The machine 
pictured in Fig. 18-198A is designed for 
editing 35-mm picture and sound track. 
Various combinations of 16-mm, 17.5-
mm and 35-min film heads may also be 
obtained using sound reproduction from 
either optical or magnetic sound track. 

The sound track which is on a sepa-
rate film is placed on the sound head 
section at the left and the picture film 
at the right. The picture and sound 
head sections are connected by a me-
chanical clutch, which may be disen-
gaged to permit either head to be run 
independently of the other. Also, the 
machine may be run backward or for-
ward at standard sound speed, or at a 
variable speed controlled by means of 
a foot pedal. The sound-pickup unit 
employs a photocell or a magnetic head, 
amplifier, and loudspeaker. Headphones 
may also be used when required. 

Fig. 18-198A. The Magnazync-Moviola Corp. Model UD-20-CS editing machine for 
synchronizing the sound track with the picture. 
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Corp. Model Fig. 18-198B. Magnasync-Moviola 

OE 

0 

UD-20-S editing machine with the 
Carlos Revas magnetic search head at the left. 

Another machine also manufactured 
by Magnasync-Moviola Corp. and 
equipped with a Carlos Revas magnetic 
searching head for synchronizing mag-
netic sound tracks to the picture is 
shown in Fig. 18-198B. The magnetic 
sound track is threaded in the head on 
the left and passes over two sprockets 
placed approximately 14 inches apart. 
Between the sprockets is a magnetic 
pickup head C mounted on a movable 
arm. 

In normal operation, the magnetic 
head remains stationary and the film is 
passed over it for regular sound repro-
duction. In the event it is desired to 
locate a particular sound or modula-
tion, the film is stopped with the section 
of interest between the sprockets. The 
magnetic pickup is then oscillated be-
tween the sprockets at sound speed by 
means of an electric motor. This enables 
the operator to hear the sound recorded 
on the magnetic sound track between 
the lower position indicator A and the 
upper position indicator B. An auto-
matic switch is provided which cuts out 

the sound during the return trip of the 
magnetic pickup head. The start and 
ending of a particular sound or group 
of modulations may be accurately lo-
cated by moving the position indicators 
A and B. Sound and picture action may 
be synchronized without stopping the 
machine by shifting the magnetic pickup 
head through use of hand wheel E. 

The machine also contains a complete 
reproducing system for optical sound 
tracks; however, the optical reproduc-
ing unit D remains in a fixed position at 
all times. The switch for the motor driv-
ing the pickup head is shown at F. This 
machine may also be obtained for vari-
ous combinations of film size and speed 
and for multiple sound track and pic-
ture reproduction. 
An editing machine manufactured by 

the Westrex Corp. and designed for 
editing both optical and magnetic sound 
tracks with picture appears in Fig. 
18-198C. Although the machine shown 
is for 35-mm film, it may be obtained 
for use with any size film. Normally, 
the picture is viewed on a small screen 
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Fig. 18-198C. Magnasync-Moviola combination 16/35-mm preview-type editing 
machine. 

in the center of the machine; however, 
if desired, the picture may be viewed 
considerably enlarged on a screen 
placed at the rear of the machine. 
Facilities are provided so that the ma-
chine may be run either backward or 
forward at the sound speed or a vari-
able speed. If the variable speed is used, 
the speed is controlled by means of a 
foot pedal. Footage counters and re-
winds can be seen at the right- and 
left-hand sides. 
One of the features of this machine 

is the elimination of the conventional 
intermittent sprocket employed in the 
picture head section. The picture is pro-
jected by means of a 12-sided prism 
which rotates at a continuous speed to 
provide continuous projection without 
the use of a shutter or intermittent 
mechanism. 

18.199 What is the difference be-
tween a diagonal and a straight splicing 
machine?—As far as the machine itself 
is concerned, there is little difference, 
except for the shape of the cutting 
knives. A straight splice is one which 
is made at right angles to the motion 

of the film. A diagonal splice is made at 
an angle running from one corner of a 
frame to the other. This means the 
splice crosses the sound track at an 
angle. 

Diagonal splices may be used with 
any standard type sound track, either 
variable-area or variable-density. How-
ever, they cannot be used with push-
pull sound tracks, because part of the 
splice is out of phase with the sound 
track and will cause a noise when it 
passes before the photocell. Blooping is 
discussed in Questions 18.209, 18.210, 
and 18.211. A 35-mm automatic film-
splicing machine manufactured by Bell 
and Howell is shown in Fig. 18-199A. A 
close-up of the splicing mechanism is 
shown in Fig. 18-199B, and typical 
splices appear in Fig. 18-199C. 

18.200 What is sprocket-hole mod-
ulation and what is its cause?—During 
the development of the sound track, the 
sprocket holes, in passing through the 
developing solution, cause eddy cur-
rents to be set up in the solution. This 
action causes an increase in the devel-
opment around the sprocket hole area 
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Fig. 18-199A. The Bell and Howell 35-mm automatic film-splicing machine. 

compared to other portions of the film. 
When played back, a frequency of 96 Hz 
will be heard (35-mm film running at 
90 feet per minute). 

Sprocket-hole modulation may be 
prevented by turbulating the developer 
around the area of the sprocket holes to 
prevent the formation of eddy currents. 

Sprocket-hole modulation may also 
be created by the misalignment of the 
film as it passes through the transport 
system of the projector. 

/8.20/ What is meant by the term 
electronically printing a sound track?— 
The term is another name for direct-
positive recording, and is a method of 
transferring a prerecorded sound track 
to a release print without intermediate 
steps. In the procedure used, the labo-
ratory exposes the picture on the print 
stock but does not process it. A punch 
mark is put on the filin where the sound 

is to start. The picture is then loaded in 
a sound magazine and placed on a re-
corder, with care taken to line up the 
punch mark in the film with the light 
beam of the recorder optical system. 
The sound is then recorded in the usual 
manner for direct-positive recording, as 
discussed in Question 18.176. Ekto-
chrome reversal print stock may be 
used for this purpose. 

As there are no intervening genera-
tions and the final sound track is a 
. direct transfer from the original, con-
siderable time is also saved. The prin-
cipal drawback to this method of re-
cording release prints is that each print 
must be recorded individually. 

18.202 What is toe recording?—A 
meth6d used in the early days of vari-
able-density sound recording. The ex-
posure was confined to the toe portion 
of the H and D curve for both negative 

Fig. 18-1996. Close-up of the splicing mechanism of the Bell and Howell automatic 
film splicer. 
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Fig. 18-199C. Optical film splices on 16-mm and 35-mm film, as made on o Bell 
and Howell automatic film-splicing machine. 

and print. Such prints were used for 
playback purposes and tests. Their use 
was similar to the direct positive of to-
day. The output level is about 6 dB 
greater than for a normal print. How-
ever, the signal-to-noise ratio is lower 
and the distortion is higher. 

18.203 What is painting out a 
sound track?—The removal of unwanted 
noises of trailing sibilants by the use of 
an air brush and indelible ink. (This is 
not very satisfactory.) 

18.204 What is a glow tube record-
ing system?—An obsolete film recording 
system which used for its light modula-
tor a vacuum tube containing two or 
more elements in a combination of rare 
gases. A high voltage is used to bias the 
elements on which the audio sighs' is 
superimposed. The audio signal causes 
the gas to ionize and vary its light in-

GLOW 
TUBE SLIT 

lOK  

Fig. 18-204. The coupling circuit for the 
glow tube. 

tensity, thus producing a variable-den-
sity recording. 

This method of recording is now ob-
solete because of its low light intensity, 
large wattage consumption (causing a 
considerable amount of heat), very 
short life, lack of uniformity, low sen-
sitivity, low signal-to-noise ratio, and 
erratic electrical characteristics. The 
outline of this tube is shown in Fig. 
18-4B and the method of coupling it to 
the output of an amplifier is shown in 
Fig. 18-204. About 100 volts of audio 
signal are required to properly modu-
late the tube. 

78.205 What is a periscope?—A de-
vice used for checking the optical sys-
tem of a film recorder. It is also known 
as a focusing microscope. 

78.206 What is a silent sound 
track?—A sound track containing no 
modulation and used for intercutting 
between sections of dialogue to prevent 
having a completely dead period be-
tween the sections. For variable-density 
sound tracks, it consists of a light gray 
exposure the full width of the track. 
For variable-area sound tracks, it con-
sists only of the bias lines. 

18.207 What is a room noise track? 
—A sound track of the noise of a room 
or set. This track is made when every-
one on the set is quiet while the ambi-
ent noise is recorded. This track is later 
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(a) Variable-density and variable-area standard sound 
tracks. 

Fig. 18-209A. Bloop configurations. 

used by the editorial department for in-
tercutting between scenes for a uniform 
background noise. (See Question 
18.206.) 

18.208 What is a Kerr, cent—A 
light modulator containing two elec-
trodes immersed in a solution of nitro-
benzol. The exposure light is passed 
through a Nicol prism and focused on a 
position between the electrodes of the 
Kerr cell. The pale polarized light is 
rotated under the influence of a strong 
magnetic field external to the cell. This 
action results in a variable-density 
sound track. It was used in the early 
days of the development of film re-
cording. 

18.209 What is a bloop?— An 
opaque patch or painted image over a 
splice where two sound tracks are 
joined together (Fig. 18-209A). Its pur-
pose is to prevent a sudden impact or 
click, caused by the splice, as it passes 
the photocell. 

Sound-print bloops are painted over 
the splice with indelible ink, using an 
artist's air brush. Negative bloops are 
made by punching a hole in the nega-
tive, using an oval-shaped punch. When 
prints are made from the negative, the 
punch hole appears as an opaque oval-
shaped patch over the splice. A flash 
bloop is a photographic bloop made 

(b) Variable-density and 
variable-area push-pull 

sound tracks. 

during the making of prints by expos-
ing the splice area to a strong light as 
it passes through the printing machine. 
The density variation is such that a 
smooth transition is obtained from one 
section of a sound track to another. 
The blooping operation is automati-

cally controlled by a notch punched in 
the edge of the sound negative which 
operates a microswitch turning on the 
blooping light. A typical flash bloop is 
shown in Fig. 18-209B. 

18.210 How long should a bloop be 
for a standard sound twat—One wave-
length longer than the lowest frequency 
to be recorded. If the lower limit of the 
system is 45 Hz, the bloop image must 
be 0.409 inches in length or one wave-
length of 44 Hz. The wavelength for 
film running at a speed of 90 feet per 
minute or 18 inches per second may be 
calculated: 

18' 000 X 10'  x  
frequency 

18.211 is it necessary to bloop a 
push-pull sound track?—Generally, no. 
In the push-pull system of recording, 
the two halves of the sound track are 
recorded 180 degrees out of phase with 
respect to each other. Therefore, their 
outputs as seen by a push-pull photo-
cell are additive. When a splice appears 

Fig. 18-209B. Flash bloop. 
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Loss in dB 

Slit 0.5 1.0 2.0 3.0 4.0 5.0 6.0 7.0 8.0 9.0 10.0 
Height kHz kHz kHz kHz kHz kHz kHz kHz kHz kHz kHz 

1.00 Mil 0.1 0.3 1.1 2.6 4.9 8.5 14.0 31.0 - - - 

0.75 Mil - 0.2 0.6 1.5 2.6 4.3 6.5 9.7 14.0 23.0 - 

0.50 Mil - 0.1 0.3 0.6 1.1 1.8 2.6 3.7 4.9 6.5 8.5 

Fig. 18-213. Loss for different slit heights with reference to frequency. 

across a push-pull sound track, the 
noise caused by the splice appears 
across both plates of the photocell 
simultaneously (see part (a) of Fig. 
18-209A) causing a simultaneous volt-
age to be generated by each half of the 
photocell. These two signals being equal 
in amplitude and in phase are cancelled 
out in the output circuit of the photo-
cell; thus, no signal or noise is gen-
erated. 
The foregoing statements apply only 

to a push-pull reproducer in which the 
cancellation is at least 30 dB. The sub-
ject of push-pull sound heads is dis-
cussed in Questions 19.97, 19.98, and 
19.99 

18.2/2 What is slit toss?-The loss 
caused by the aperture size in an opti-
cal system used for either the recording 
or the reproduction of sound tracks. 

18.213 What is the loss for differ-
ent slit heights with reference to a given 
frequency?-See Fig. 18-213. 

18.2 /4 What is the cutoff fre-
quency for slits of different heights? 

Slit Height 
in Inches 

0.0012 
0.0010 
0.00075 
0.00050 
0.00040 
0.00014 

Cute Frequency 
in Hz 

6000 
7200 
9600 

14,400 
18,000 
51,000 

18.215 What is the scanning beam 
height used in film recorders?-For var-
iable-density recording, 0.5 mil. For 
variable-area, 0.2 mil. The mechanical 
slit in the optical system is considerably 
higher than the actual beam on the film. 
The final height at the film is obtained 
by optical reduction. 

18.216 Show the details of a motion 
picture film processing machine.-An 
automatic film developing machine 
manufactured by Houston-Fearless is 
shown in Fig. 18-216A. It may be used 

for the development of reversal and 
negative or positive 16-mm motion pic-
ture filin. Although the machine shown 
is designed primarily for the processing 
of reversal film, a simple rearrangement 
of the processing solutions or the film 
travel sequence will enable it to process 
either negative or positive film. 
The machine is designed to be port-

able, if necessity requires. Casters, lev-
eling devices, and locks are provided 
at the front end of the cabinet. It may 
also be loaded in the daylight, making 
special partitions unnecessary. External 
water and power connections are in-
cluded at the rear. The housing con-
tains eight solution tanks, two water 
tanks, a drying cabinet, a film driving 
mechanism with a variable-speed trans-
mission, a solution circulating pump, an 
air compressor, a refrigeration system, a 
solution heater, thermometer, and foot-
age counter. It is equipped with three 
electric motors. Heat lamps for drying 
the film and an air filter are also pro-
vided. A 1200-foot magazine which is 
loaded in a dark room and placed on 
the machine is also provided. This type 
operation permits the machine to be 
operated in white light. 
A continuous minimum tension on 

the film, that eliminates breakage and 
assures uniform processing results, is 
provided by a clutch-controlled film-
driving mechanism. This mechanism 
eliminates stretching and contraction 
due to the process cycles, and makes 
mechanical control and manual adjust-
ments unnecessary. 

Replenishers are furnished for the 
first and second developers, the bleach, 
and hypo tanks. The replenisher bottles 
are fitted with glass petcocks and the 
rate of replenishment is adjusted by 
calibrations on the replenisher brackets. 
Fresh water replenisher solution is 
added at the bottom of the tanks and 
the solution level is maintained by 
overflow drains at the top of the tanks. 
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H 114 

Fig. 18-216A. The 16-mm automatic film developing machine manufactured by 
Huston-Fearless. 

The overflow is piped to a drain at the 
rear of the machine. The principal com-
ponents, as indicated are: A film maga-
zine for unprocessed film, B and C 
solution tanks in which rollers pass 

film through processing stages, D re-
plenisher bottles, E take-up reel for 
processed film, F footage counter, G 
temperature gauge, H start and stop 
buttons, and I access door to solution 
valves. 

The interior view of the machine 
with the top covers and replenisher 
bottles removed is shown in Fig. 18-
216B. Starting at the lower right corner, 
the loaded film magazine (not shown) 
feeds the unprocessed film to the first 
group of rollers A. The film passes 
downward over another group of roll-
ers and then upward to the next set B 
and so on until the last group H is 
reached. The direction of the film is 
then changed and passed over roller I 
and to the other side of the machine 
where it passes over other groups of 
rollers K to Q and to the take-up reel. 
Shaft R drives a pulley which drives 
the take-up reel spindle S by means of 
a V-belt. The transmission system con-
sisting of a gear box T and a group of 

clutches U driven by chains Y is shown 
in the center compartment. The ma-
chine is driven by three motors, operat-
ing from 220 volts ac, single-phase, and 
consumes about 3.5 kW. 

Fig. 18-216C shows the methods used 
for reversal or negative processing of 
film. The loading elevator holds 20 feet 
of filin, the first developer tank 7 gallons 
of solution and 40 feet of film. The 
wash, bleach, clear, and second devel-
oper each hold 3.5 gallons of solution 
and 20 feet of film. The stop bath holds 
3.5 gallons of solution and 26 feet of 
film. The fixer tank holds 4.5 gallons of 
liquid and 26 feet of film. The two wash 
tanks are filled with running water and 
will hold 26 feet of film each. The dry 
box will hold 110 feet of film. The total 
amount of leader required to run 
through the machine is 354 feet. The net 
weight of the machine is approximately 
1100 pounds. 

The interior of a film processing lab-
oratory installed by Houston-Fearless 
in Hollywood, California, is shown in 
Fig. 18-216D. At A are the processing 
tanks with their rollers, and at B the 
dry boxes. The processed film is wound 
onto a reel at the extreme left (not 
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Fig. 18-216B. Interior view, from the operating end, of the Huston-Fearless I6-mm 
automatic film developing machine. 

shown). Duplicate equipment appears 
at the right. 

Fig. 18-216E shows the laboratory 
developed by Hi-Speed Equipment Di-
vision of the Artisan Industries. This 
laboratory is designed for either color 
or black and white processing. The con-
trol equipment is pictured in Fig. 18-
216F. 

18.217 How are variable-area sound 
tracks processed?—Variable-area sound 
tracks are processed in the same solu-
tions as used for regular positive film 
development. (See Question 18.218.) 

18.218 How are variable-density 
sound tracks processed?—In the past 
years, it was necessary to process vari-

able-density sound track in a special 
developer having low activity, in order 
that the development time for the re-
quired low gamma would not be too 
short for the linear speed of the average 
processing machine. With the emulsions 
in use, this practice is unnecessary, and 
they are processed in a regular negative 
developer. A typical developer is the 
Eastman Kodak D-76 developer. 

18.219 Define the term "speed of 
film."—It is the inherent sensitivity of 
the emulsion for a specified set of con-
ditions, relative to its exposure and de-
velopment. If such conditions of expo-
sure are known precisely, such numbers 
may be said to describe the absolute 
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speed of the material. As a rule, only 
the relative speed is required. The term 
"speed" is defined as the reciprocal of 
the exposure required to produce a spe-
cific result and can be equated: 

K 
S = —E 

where, 
K is constant, 
E is the exposure corresponding to a 
point on the toe or shoulder of the 
curve at a specified density gradi-
ent over a specified log E range. 
Various values of K are also used. 

18.220 At what speeds are sound 
tracks developed?—The time of devel-
opment and speed of the developing 
machine depend on the type of sound 
track being processed, the developing 
solution, and the required density. A 
variable-area sound track developing 
time could run from 4 to 12 minutes, 
with machine speeds of 30 to 250 feet 
per minute. 

18.221 What are hand tests?—They 
are hand-developed recording tests for 
checking optical focus, track placement, 
azimuth, or any other tests requiring 
only a negative. They are not critical, 
in regard to a specific density. Hand 

tests are generally developed in the 
same solution used by the laboratory. 

18.222 What is the average nega-
tive-fog density for variable-area sound 
track?—Approximately 0.01 to 0.05. This 
figure does not include the base density. 
With the base density included, it will 
measure about 0.26 and will vary with 
the time of development. (See Question 
18.271.) 

18.223 What is the average print 
fog density for variable-area sound 
track?—Approximately 0.12, including 
the base density. As for the negative, 
the amount of fog will depend on the 
time of development. (See Question 
18272.) 

18.224 What is the cause of fog 
density?—It is a slight density produced 
on the film in areas where there has 
been no exposure. The net fog value for 
a given development time is obtained 
by subtracting the total base density 
and fix-out emulsion from the density 
of the unexposed, but processed, film. 
With modern films, the fog density is 
quite small. 

18.225 What are the basic compo-
nents of a cross-modulation oscillatort— 
A high-frequency oscillator for gener-

(a) Negative processing. 

(b) Reversal processing. 

Fig. 18-216C. Methods of setting up the Huston-Feorless 16-mm automatic film 
developing machine. 
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Fig. 18-216D. The interior of a typical film processing laboratory. 

ating carrier frequencies and a second 
oscillator to modulate the carrier fre-
quency at a lower frequency, generally 
around 400 Hz at 75-percent modulation. 

18.226 What are the carrier Ire-

quencies employed for 35-mm cross-
modulation tests?-6000 or 9000 Hz. 

18.227 What carrier frequency is 
used for 16-mm cross-modulation tests? 
—A frequency of 6000 Hz modulated by 

Fig. 18-216E. Film processing laboratory equipment manufactured and installed by 
Hi-Speed Equipment Division, Anisen Industries Inc. 
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Fig. 18-216F. Processing control equipment for the film processing equipment shown 
in Fig. 18-216E. 

400 Hz, at 75 percent (Westrex) or 80 
percent (RCA). 

18.228 To what percent is a light 
modulator deflected for cross-modulation 
tests?—Eighty-percent modulation. This 
modulation or deflection must not be 
confused with the 75-percent (Westrex) 
or the 80-percent (RCA) modulation of 
the cross-modulation oscillator carrier 
frequency. These are two separate and 
distinct functions. 

18.229 Why is the light modulator 
deflected 80 percent for cross-modula-
tion tests as opposed to 100 percent?— 
The use of 80-percent modulation pre-
vents any possibility of overmodulation 
of the sound track. 

18.230 Describe the design of cross-
modulation oscillators.— Cross-modula-
tion tests are used only with variable-
area photographic film recording and 
are particularly well adapted to the 
measurement of photographic film dis-
tortion (image spread). Since the dis-
tortion occurs principally as a fill-in on 
the clear half of the recorded waveform, 
it is an unsymmetrical form of distor-
tion. (See Question 18.232.) 

Basically, a cross-modulation oscilla-
tor consists of two internal oscillators, 
one generating a carrier frequency, and 
the second generating a carrier-modu-

lating frequency. Different carrier fre-
quencies are employed, depending if the 
test is to be recorded on 16-mm or 
35-mm film. At the present tizne, a car-
rier frequency of 6000 Hz is employed 
for 16-mm film, and 9000 Hz for 35-mm 
film, although older equipment may use 
4000 and 6000 Hz, respectively. How-
ever, regardless of the carrier fre-
quency, the modulating frequency is 
always 400 Hz. The oscillators must not 
have a THD greater than 0.5 percent. 
The schematic diagram of an RCA 

MI-10803-B cross-modulation oscilla-
tor is given in Fig. 18-230A. Tube V1 
functions as both a carrier oscillator 
and a mixer tube for the 400-Hz modu-
lating frequency, with switch S1 select-
ing the desired carrier frequency. Tube 
V2 functions as a modulator, operating 
at 400 Hz and a reference frequency of 
1000 Hz, and is coupled to V1 by means 
of two windings on the carrier oscilla-
tor coil. Switch S2 selects the type test 
to be recorded. 

Mounted on the front panel are three 
continuously variable attenuators, Pl, 
P2, and P3. These attenuators are for 
adjusting the amplitude of the carrier 
frequency, 1000-Hz reference frequency, 
modulated carrier, and the overall out-
put level. As pointed out in Question 
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Fig. 18-230A. Schematic diagram 

18.232, the amplitude of the individual 
oscillators must be precisely set when 
recording tests. Attenuator P3, the out-
put control, is always in the circuit, re-

gardless of the tests being conducted. 
When only the carrier frequency is 

being recorded, it is first passed through 

OE 

r,• 
ei 00010CIO Olt  

for o cross-modulation oscillator. 

the carrier level attenuator, and then to 

output level attenuator P3. When re-
cording the modulated carrier, the sig-
nal pggses through the modulated car-
rier attenuator P2, then to the output 
attenuator P3. When recording a 400-Hz 

or 1000-Hz reference signal, the output 
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level of V2 is fixed, but the overall level 
is adjustable by means of P3. Switch SI 
is mounted inside the instrument and 
is generally left at a given carrier fre-
quency. The use of the various controls 
is discussed in Question 18.232. 

The schematic diagram for a Westrex 
Corp. Model RA-1397 cross-modulation 
signal generator is given in Fig. 18-
230B, and although the circuit is some-
what different from the oscillator previ-
ously described it will produce the 
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same results. Fig. 18-230C shows that 
two frequencies, A and B, are gener-
ated: one at 8600 Hz and a second at 
9000 Hz (35-nun film). These frequen-
cies are added together, resulting in a 
difference frequency C, with an enve-
lope varying at a rate corresponding to 
the difference between the two fre-
quencies, or 400 Hz. 
When such a signal is applied to a 

recording system having nonlinear dis-
tortion characteristics (photographic 
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Fig. 18-230B. Schematic diagram of Westrex Model RA-I397 cross-modulation 
signal generator. 
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FREO -I 

FRE0-2 

NONSYMETRICAL 
DISTORTION 

1A3OULATED SIGNAL AFTER PASSING 
THROUGH 400H: BANDPASS FILTER 

Fig. 18-230C. Waveforms encountered 
using the Westrex Model RA-1397 cross-

modulation signal generator. 

recording), new frequencies are gener-
ated which equal the difference fre-
quency and multiples of the two prin-
cipal frequencies (also the harmonics of 
each component frequency). Curve D 
illustrates a typical case of nonsymmet-
rical distortion. It should be noted that 
the peak amplitudes are greater on one 
side of the baseline than on the other. 
This gives rise to a low-frequency com-
ponent shown at E (envelope shaped). 
This component is isolated for mea-
surement by passing it through a 400-Hz 
read-out filter. The amplitude of the 
400-Hz read-out signal is compared with 
a reference frequency of 400 Hz. The 
amplitude of the read-out frequency is 
measured and termed "cancellation," 
and its amplitude is expressed in deci-
bels. 

It should be observed that if the dis-
tortion is symmetrical with respect to 
the positive and negative halves of the 
signal, the cancellation is complete and 
no difference frequency distortion is 
present. Thus, a sensitive even-order 
distortion measurement is provided that 
does not indicate odd-order distortion. 
A typical cross-modulation test made 

using the Westrex method of measure-
ment is shown in Fig. 18-230D. The plot 
shows the cancellation for various com-
binations of print and negative density. 

The schematic diagram given in Fig. 
18-230B shows that the instrument con-

sists of three RC oscillators, V1, V5, and 
V12, two amplifiers, a hybrid mixing 
circuit, and a power supply. Oscillators 
V1 and V5 consist of 2C51/396A dual-
triode tubes, connected as resistance-
capacity tuned oscillators, with a ther-
mistor in the feedback loop for control-
ling the amplitude of oscillation. Oscil-
lator V1 provides frequencies of 3600 
and 8600 Hz. Oscillator V5 generates 
frequencies of 4000 and 9000 Hz. The 
modulating oscillator generates a 400-Hz 
frequency. 

For 16-mm film, frequencies of 3600 
and 4000 Hz are employed; for 35-mm 
film, 8600- and 9000-Hz frequencies are 
used. Individual controls for adjusting 
the oscillator amplitudes, output level 
control, and an output meter, are pro-
vided on the front panel, along with 
several other controls for circuit ad-
justment when first installed. 

Relative levels of the two superim-
posed signals are initially adjusted for a 
2.5-dB differential, which results in a 

75-percent modulated envelope. The 
peak values of the two frequency sig-
nals and the 400-Hz reference signal are 
made equal in amplitude and applied to 
the recording system at a peak level 2 
dB down from the 100-percent record-
ing level of the channel. 

The motion picture industry has 
standardized cross-modulation tests in 
order that the values of cancellation 
measured will have a definite meaning 
in the terms of distortion (cancella-
tion). A cancellation of 30 dB is consid-
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Fig. 18-230D. Cross-modulation distor-
tion plot using Westrex cross-modulation 

signal generator. 
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ered to be the minimum acceptable 
value for good quality recording. The 
reader is referred to USASI (ASA) 
Standard PH22-52-1960 reaffirmed De-
cember 1967. 

18.231 Show a block diagram of a 
cross-modulation oscillator connected to 
a recording channel.—As a rule, cross-
modulation oscillators are patched di-
rectly into the recording amplifier that 
drives the film recorder. However, in 
some instances, the gain of the record-
ing amplifier may not be sufficient, in 
which instance the cross-modulation 
oscillator may be patched into an am-
plifier ahead of the recording amplifier, 
or into one of the mixer inputs, as 
shown jn Fig. 18-231. Care must be 
taken that all equalization and any fil-
ters between the mixer console and the 
recorder are patched out of the circuit. 
This does not include the light-valve 
equalizer (if such a device is being 
used). The cross-modulation oscillator 
is used as described in Question 18.232. 

MIXER 

o 

CROSS-
MODULATION 
OSOLLATOR 

AMP 

BB 
MOEN, 

FILM 
RECORDER 

Fig. 18-231. The cross-modulation oscil-
lator connected to the recording channel 
for recording a cross-modulation test. 

18.232 Explain the theory of cross-
modulation tests and how they are 
mode.—Because of the characteristics of 
motion picture film, complete opacity 
and transmission are not possible. For 
high-quality recording and reproduc-
tion, it is essential for the print to have 
a high ratio of signal to noise and low 
distortion. To determine the correct 
negative and print densities and to 
maintain a uniform quality from day to 
day, it is necessary that tests be made 
frequently to assure the correct devel-
opment of both the negative and the 
print, and to determine the correct neg-
ative density when an emulsion is 
changed The following discussion per-
tains to both light-valve and galvanom-
eter light modulators recording vari-
able-area sound track. For variable-
density sound track, an intermodula-
tion oscillator and analyzer are used as 

described in Question 18.274. Although 
the following examples are based on a 
print density of 1.30, the procedure is 
the same for any density. 

For satisfactory reproduction, the 
image of the sound track on the print 
must be identical to the image formed 
on the negative by the optical system of 
the recorder. However, such conditions 
do not prevail because of the diffusion 
created by the light-sensitive emulsions, 
the wavelength of the exposure light, 
and the angle of incidence at which the 
exposure light strikes the film. These 
factors and others cause the image on 
the print to become larger or smaller 
than the image originally formed by the 
recorder optical system. This phenome-
non is called image spread. Image spread 
is not important at frequencies below 
1000 Hz, but at the higher frequencies 
it is all important and is the controlling 
factor in the final quality of reproduc-
tion. Because the image on the print 
will always be larger than the optical 
image that formed it, image spread is 
purposely introduced in the negative 
sound track for compensation. 

The images on the print are reversed 
from those on the negative. The blacks 
of the negative become white on the 
print and the whites of the negative 
become black on the print. If image 
spread is induced in the negative, the 
white spaces between modulations on 
the print become smaller; thus, the 
print image is brought to the exact size 
of the original image formed by the 
recorder optical system. Because image 
spread at 1000 Hz is quite small, this 
frequency is used as a reference fre-
quency for 35-mm film measurements. 
For 16-mm film, 400 Hz is used. 

Quality control of sound tracks using 
the cross-modulation method of mea-
surement consists of recording a high 
frequency modulated by a lower fre-
quency. If too great an image spread 
is present in the print, the valleys be-
tween the modulations will be filled in. 
On the other hand if too great an image 
spread is present in the negative, the 
valleys between the modulations of the 
print will be widened because of the 
reversal process between the negative 
and the print. Typical cross-modulation 
recordings are shown in Fig. 18-297. 
When measuring a cross-modulation 

test, the reference frequency is first re-
produced and used as an index for the 
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balance of the test. Next, the high-fre-
quency signal is reproduced to measure 
the high-frequency loss. Finally, the 
several cross-modulation tests are re-
produced. The signal measured in a 
cross-modulation test will be the same 
as the modulating frequency used to 
modulate the carrier frequency when 
the tests were recorded. 

During the reproduction of the cross-
modulation frequencies, a bandpass fil-
ter is used to permit only the modulat-
ing frequency (400 Hz) to be measured, 
while rejecting the high-frequency car-
rier. The amplitude of the 400-Hz mod-
ulating signal, when measured, will be 
governed by the amount of image 
spread existing in the negative and 
print. When the image spread of the 
negative matches or cancels the image 
spread of the print, the amplitude of 
the 400 Hz will be at a minimum. This 
is referred to as the cancellation voltage. 
The high-frequency film loss is mea-

sured by using either 9000 Hz or 6000 
Hz. The difference in amplitude be-
tween the 1000-Hz reference frequency 
and the 9000- or 6000-Hz signal will be 
indicative of the high-frequency loss. 
High-frequency loss is compensated for 
in the film loss equalizer; however, a 
small variation of plus or minus 1 to 
2 dB will be noticed from day to day. 
This must be expected, as processing, 
filni emulsions, printing, and other fac-
tors all have their effects on the high-
frequency response. If this loss is im-
portant, it may be compensated for 
during the rerecording operations or 
during the transfer from magnetic film 
to optical sound track. Generally, if the 
loss is within the limits mentioned, it 
may be ignored. 
To illustrate the procedure used for 

making cross-modulation tests, it will 
be assumed a 35-min variable-area 
studio-type recorder using either a light 
valve or galvanometer is to be put into 
service. 

Before starting the cross-modulation 
tests, a series of exposure lamp tests 
must be made, using the same emulsion 
that is to be used for the cross-modula-
tion tests. Start by adjusting the lamp 
current to 5.6 amperes and expose about 
10 feet of wide track on the film. In-
crease the lamp current to 5.7 amperes 
and make a second exposure. Continue 
this routine up to 6.4 amperes, increas-
ing the current in steps of 0.10 ampere. 

Request the process laboratory to de-
velop this negative to a gamma of 2.5 
or 3.0. After development, measure and 
log the lamp current versus density as 
these exposures will be referred to 
again later in the tests. If the recording 
channel is to be used for making cross-
modulation tests, all filters and equal-
izers must be patched out to provide a 
flat frequency response within plus or 
minus 1 dB up to the frequency used 
for measuring the high-frequency loss. 

Next, a tabulation sheet similar to 
that shown in Fig. 18-232 is prepared. 
On this sheet are entered data pertinent 
to the tests. At the left in column A are 
the modulating and carrier frequencies 
used for both 16-mm and 35-mm Mm 
tests. In column B is entered the per-
centage of modulation of the light mod-
ulator, which is generally 80 percent. 
Using 80-percent modulation of the 
light modulator precludes any chance 
of overmodulation and clipping of the 
peaks which would result in a distorted 
sound track. Photometer settings are 
entered in column C, if used. 

The lamp current used for each 
cross-modulation test is entered in col-
umn D and the measured densities 
(wide-track portion) in column E. Print 
densities asked for and received back 
from the laboratory are entered in 
columns F to J. Additional space is pro-
vided for entering the emulsion, edge, 
and light modulator numbers, negative 
fog density, recorder number, and type 
sound track recorded. At the bottom of 
the page are spaces for entering the 
density tolerances for a minimum can-
cellation of 30 dB and the high-fre-
quency loss. 

Referring to previously logged lamp 
current versus density tabulation, select 
a lamp current for a density of about 
2.50 to be used as the midpoint exposure 
for the cross-modulation tests. The se-
lection of a density of this value aids in 
plotting the cancellation as it will likely 
occur between a density of 2.4 and 2.6. 
Enter this lamp current (for this illus-
tration it will be assumed to be 6.0 am-
peres) in column D, lines 1, 3, and 9 of 
Fig. 18-232. Fill in lines 5 to 13 starting 
at a lamp current of 5.6 amperes and 
increasing the current in steps of 0.10 
ampere up to and including 6.4 amperes. 
Linn 2 and line 5 of column D are the 
same current (5.6 amp) as are lines 4 
and 13 (6.4 amp). 
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Engineer 

The lamp currents in column D are 
those which will be used when record-
ing the cross-modulation tests. If, how-
ever, the highest negative density is 
about 2.0 or slightly less, select as the 
midpoint of the tests a lamp current 
that will result in a density about 0.2 
to 0.3 below the maximum density, and 
enter the other lamp currents in the 
manner described previously. It will be 
noted the lamp current for the 1000-Hz 
reference frequency and the second 

9000-Hz high-frequency loss test are 
the same as for the midpoint of the 400/ 
9000-Hz cross-modulation test (line 9). 

The following procedure is that used 
when making cross-modulation tests 
using the RCA cross-modulation oscil-
lator. Insert the optical system peri-
scope in the recorder optical system and 
observe the waveforms of the cross-
modulation oscillator in the following 
manner: (If the recorder does not use 
a periscope, the following tests may be 

EMULSION DATA TEST-No. -3 / 7 

3,1f-
Date /2X'11/47Type of Test Mee" Emulsion No.52.e1/4 .3 "/Edge No-'/ 
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9/4 
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4:7 2. /d - 31. 0 -33.0 -2go 

9/4 5., ,§) 2, 25 - 95. 0 - 940 - 33.0  
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5.9 .7,5‘) - .7.5'. a -ye. o -9.5; .9 

9/4 
6e2 -2 • 40 '''.7. a -29...r -39.0 
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4./ 2, 7 5/ -2V- 0 --.ZS..5- -27.5 

9/4 6.2 .7. g 7 -2/.5 -22,9 --73,5 

9/4 6..7 OE. 95 -/g.5- -20-.0 --zz. o 

9/4 d . 9 3. d 0 -a. o -/go - Ax_e-

2-35  Neg. Den. for 1.30/.1/ 9(Print 

CONCLUSIONS 

Tolerance for 30 dB Cancellation 

Max. Neg. Density  2.5,  

Max. Print Density 

Min. Neg. Density ..z. 

Min. Print Density  /•25--

9,000 Cycle Output 

Fig. 18-232. Tabulation sheet for cross-modulation tests. 
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made by observing the deflection of 
the light modulator on the monitor 

card.) 

1. Connect the output of the cross-
modulation oscillator to either the 
recording amplifier or to one of the 
mixer inputs. Set the mixer control 
to the average or normal signal level 
for the channel and leave it set 
throughout the balance of the tests. 
2. Set the cross-modulation oscillator 
to the 1000-Hz position and adjust 
the output control for this frequency 
for exactly 100-percent deflection of 
the light modulator as observed in 

the periscope or on the monitor card. 
3. Set the cross-modulation oscillator 
to the 9000-Hz position and adjust 
the output at this frequency for 100-
percent deflection of the light modu-
lator. 
4. Set the cross-modulation oscillator 
to the 400/9000-Hz position and ad-
just the output control. for these fre-
quencies to exactly 100-percent mod-
ulation of the light modulator. 
5. Reduce the gain of the recording 
amplifier 2 dB. This will then result 
in a recording level of 80-percent 
modulation of the light modulator. 
After the above adjustments are 
completed, the controls are left set 
throughout the balance of the tests. 
6. Adjust the exposure lamp current 
to 6.0 amperes. 
7. Start the recorder running with 
the light modulator switch in the 
OFF position. When the recorder is 
up to speed, throw the light modu-
lator switch to RECORD and expose 
25 feet at 1000 Hz as a reference 

frequency. 
8. Throw the light modulator switch 
to OFF position, including the bias. 
9. Record 5 feet of wide track. This 
exposure will be used later for den-
sity measurements. (A wide-track 
exposure is made at the end of each 
cross-modulation recording.) 
10. With the light modulator switch 
in the OFF position (including bias), 
switch the cross-modulation oscilla-
tor to 9000 Hz and change the lamp 
current to 5.6 amperes. 
11. From the wide-track position (9) 
return to the normal recording posi-
tion and record 10 feet at 9000 Hz. 
12. Repeat operations (10 and (11), 

in essence, except for changing the 

lamp current to 6.0 amperes and then 

to 6.4 amperes. 
13. Throw the light modulator switch 
to the OFF position, including bias. 

Set the cross-modulation oscillator to 
the 400/9000-Hz position. Record 10 
feet of sound track for each lamp 
current in column D, starting at line 
5 (5.6 amp) and continuing up to 6.4 
amperes with a section of wide track 
between each test. 
14. Send the exposed sound track to 
the process laboratory with instruc-
tions to process it to exactly the same 
value of gamma to which the lamp 
test was developed. Laboratories test 
their developing solutions daily to as-
sure a uniform product from day to 
day. To arrive at a given gamma, the 
developing time of the machine is 
altered by changing the linear speed. 
15. Request three prints at densities 
of 120, 1.30, and 1.40 At times, it 
might be advantageous to request 
prints at densities of 1.10 and 1.50, in 
addition to the above to extend the 
range of measurement. 

Although the foregoing tests appear 
rather complicated and difficult to make, 
they must be made in the order given 
and while the recorder is in motion. 
The cross-modulation tests may be used 
with any type variable-area film re-
corder using either a light valve or a 
galvanometer. The recording of cross-
modulation tests for push-pull record-
ers is described in Question 18.251. For 
16-mm recorders, the procedure is ex-
actly the same as for 35 mm, except 
that 6000 Hz is used for the carrier fre-
quency and 400 Hz is used for the ref-
erence frequency. If optical reduction 
prints are used, the cross-modulation 
test must be made to include the final 
16-mm print. 
The cross-modulation test used by 

Westrex for variable-area recording 
differs somewhat from that used by 
RCA. Two frequencies of 8600 and 9000 
Hz are combined in a hybrid coil to 
provide an envelope varying at a rate 
of 400 Hz (the difference frequency be-
tween the two frequencies). 
The application of such a complex 

waveform to a recording system having 
nonlinear characteristics causes the 
generation of new frequencies which 
equal the difference between the two 
high frequencies, (400 Hz), also, multi-
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ples of the difference frequency, and 
harmonics of the two high frequencies 
(8600 and 9000 Hz). 

In a recording system having non-
symmetrical distortion, the peak excur-
sions of one side of the sound track will 
have greater amplitude than the other. 
This condition causes the generation of 
a low-frequency component which is 
later isolated during the reproduction 
of the test track, by passing the re-
corded signal through a 400-Hz band-
pass filter. 

The amplitude of this low-frequency 
component is compared with a refer-
ence frequency of 400 Hz and is called 
the "cancellation." It is expressed in 
decibels. 

The relative levels of the three sig-
nals (8600, 9000, and 400 Hz) have been 
standardized to permit the amount of 
cancellation to be stated in terms of the 
amplitude of the nonlinearity. The rel-
ative level of the 8600- and 9000-Hz sig-
nals is set to result in 75-percent modu-
lation; that is, the 8600 Hz is set 2.5 dB 
lower in amplitude than the 9000-Hz 
signal amplitude. 

If the distortion of the recorded test 
is symmetrical with respect to both 
halves of the signal, cancellation will 
be complete, and no difference fre-
quency (400 Hz) will be measured. This 
provides only a test for even-order 
harmonic and does not indicate the 
degree of distortion for odd harmonics. 
When the Westrex and RCA method 

of measuring cross modulation is ap-
plied to a given recording channel, the 
values of cross modulation measured 
will not be exactly the same for both 

methods, but only approximately the 
same. The minimum acceptable cancel-
lation for the Westrex method is also 
30 dB for both 16- and 35-mm sound 
tracks. The test is made using 80-per-
cent modulation of the light modulator. 
For 35-nun sound tracks the frequen-
cies are 8600 and 9000 Hz with a 400-Hz 
reference frequency. For 16-mm sound 
tracks the high frequencies are 3600 and 
4000 Hz. 

Measurement of the test is handled 
in the same manner as that described 
for the RCA cross-modulation test, re-
questing from the laboratory several 
different negative and print densities. 
The combination of negative and print 
densities that results in the greatest 
value of cancellation is the correct one, 
and should fall at a print density be-
tween 1.30 and 1.50. 

Cross-modulation test equipment 
should be tested frequently as described 
in Question 23.185. 

18.233 How are cross-modulation 
tests measured?—By filtering out the 
high-frequency component (carrier fre-
quency) and measuring the amplitude 
of the lower frequency (fill-in). The 
greater the fill-in between modulations, 
the less cancellation obtained. 

18.234 What are the basic compo-
nents of a cross-modulation read-out 
set?--A 400-Hz bandpass filter for fil-
tering out the high-frequency carrier 
and allowing only the 400-Hz compo-
nent to be measured. A pad with a loss 
equal to the insertion loss of the filter 
is inserted by a key switch when the 
filter is removed from the circuit. This 
is necessary to prevent affecting the 

PAD LOSS -------
EQUALS INSERTION 
LOSS OF BAND-
PASS FILTER 

Fig. 18-234. Diagram for a cross-modulation test readout set for measuring tests 
made with either Westrex or RCA cross-modulation oscillators. 
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REPRODUCER 
ZPEC PREAMP MIXER 600 CROSS-MODULATION READ-OUT SET • 

Fig. 18-235A. Using a cross-modulation 

level of the single-frequency measure-
ments which would result in erroneous 
readings. If the device is used in cir-
cuits that are balanced to ground, re-
peat coils should be connected in the 
input and output as the case may re-
quire. This is important as high-fre-
quency leakage may result because of 
unbalance and give rise to false read-
ings at 9000 Hz. A diagram of a typical 
cross-modulation test set is shown in 
Fig. 18-234. (See Question 5.30.) 

18.235 Show a block diagram for 
connecting a cross-modulation read-out 
unit.—Because a considerable amount 
of amplification is required following a 
cross-modulation read-out unit, either 
the recording channel or a vacuum-tube 
voltmeter will be required for its oper-
ation. In the first method of connection, 
the read-out unit is connected in the 
recording channel as shown in Fig. 18-
235A. Care must be exercised in order 
that all impedance matches are satisfied, 
and that the channel has a uniform fre-
quency response up to and including 
the carrier frequency used for the 
cross-modulation measurements. A VU 
meter is connected across the output of 
the amplifier normally used to drive the 
recorder. This combination is used to 
measure the cancellation levels of the 
cross-modulation test. If any doubt ex-REPRODUCER PREAMP 

BRIDG BUS. LINE AMP. 
MON. AMP. 
VU MTR. AMP. BB TERM. 

MONITOR L/S 
VU MTR. 

readout set with a recording channel. 

ists as to the frequency response, a 
measurement is made from the repro-
ducer to the output of the amplifier 
driving the VU meter, using a multi-
frequency test filin. Correction factors 
(if required) can then be applied to the 
measured response at the carrier fre-
quency. The measurement is made using 
the procedure given in Question 18237. 
A second method, shown in Fig. 18-

235B, uses the recording amplifier con-
nected at the output of the cross-modu-
lation read-out unit. It is important that 
the amplifier used for driving the VU 
meter have sufficient gain and output to 
deflect the VU meter up to and includ-
ing about plus 38 dBm (plus 40 dBm 
equals 10 watts). Additional gain may 
be obtained, if needed, by operating the 
amplifier without a termination, pro-
vided the frequency response is not af-
fected and the amplifier is not driven 
into excessive distortion. The procedure 
is the same as for the first method dis-
cussed. 
A third method, the preferred one, is 

shown in Fig. 18-235C. Here, a vacuum-
tube voltmeter is connected at the out-
put of the read-out unit. The output of 
the filter must be terminated in its nor-
mal load impedance because of the high 
impedance input of the vacuum-tube 
voltmeter. Using this method, the signal CROSS-MODULATION READ-OUT UNIT 600 11 PI MON. AMP. BRIDGING INPUT 

AMP. VU MTR 
/ MON. LOES 
OE\ 

Fig. 18-235B. Using a cross-modulation readout set with an amplifier and VU meter. 
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REPRODUCER 
CROSS -MODULATION 
READ-OUT SET 

PI 

600 fl 

VTVM 

BRIDGING 
INPUT 

MON. AMP. 

 (MON. L/S 

Fig. 18-235C. Using a cross-modulation readout set with a vacuum-tube voltmeter. 
This is the preferred method. 

from the reproducer is adjusted for zero 
dBm output at 1000 Hz, and the cancel-
latiofi read directly in relation to the 
1000-Hz reference frequency. 

/8.236 Are special calibrations re-
quired for the connections shown in Fig. 
18-2358?—Yes. A special scale is made 
(Fig. 18-236) for the amplifier used in 
combination with the VU meter in Figs. 
18-235A and B. This scale is placed 
around the outer edge of the 34-dBm 
calibration of the VU meter attenuator 
scale. It will be observed that the minus 
34-dBm calibration of the new scale is 
opposite the plus 4-dBm calibration of 
the normal meter scale. If a vacuum-
tube voltmeter is employed as shown 
in Fig. 18-235C, the amplifier is not 
required. 

NORMAL VU 
SCALE 

SCALE FOR 
CROSS -MODULATION 

TESTS 

Fig. 18-236. A special VU meter attenu-
ator scale for cross-modulation test 

measurements. 

18.237 What is the procedure for 
measuring a cross-modulation test?— 
First, measure the visual density of the 
negative test tracks made as described 
in Question 18.232. Enter the densities 
in column E of the tabulation sheet 
(Fig. 18-232). Next, measure the print 
densities and enter them in columns F, 
G, and H. As the received densities will 
not always be the exact value ordered, 

enter both the requested and received 
densities at the top of the last three 
columns. This information will prove 
useful later when making corrections or 
estimates. The actual measurements are 
made as follows: 

1. Set the switch on the filter to 
FILTER OUT. Thread up the 1.20 
density print on the sound head. 
When the machine is up to speed, 
adjust the gain of the amplifiers and 
the pot P1 at 1000 Hz for an output 
level of zero on the new volume in-
dicator scale. (This is opposite the 
plus 38-dBm calibration on the nor-
mal meter attenuator scale.) After 
setting the level, pot Pl is left un-
changed for the balance of the mea-
surements associated with the 1.20-
density print. All output levels are 
read on the new scale of the volume 
indicator meter. Read the output 
levels of the three 9000-Hz record-
ings and enter them in column F. In 
reality, the output level is started at 
a plus 38 dBm and, as the levels drop 
off, the sensitivity of the meter is 
increased by removing loss from the 
meter attenuator. Starting at a high 
output level, using the inverse scale 
facilitates the reading of the meter 
and requires no mental corrections. 
2. After reading the amplitude of the 
three 9000-Hz recordings, throw the 
filter switch to FILTER IN and read 
the amplitude of the nine 400/9000-
Hz recordings. The filter removes the 
9000-Hz signal and leaves only the 
400-Hz signal. Read the levels by in-
creasing the sensitivity of the volume 
indicator meter. Enter the levels in 
column F, as shown in Fig. 18-232. 
It will be noted as the cancellation 
increases, the level of the 400-Hz 
signal drops and, at a given density, 
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starts to return to a higher level. At 
the lower cancellation levels, it will 
be necessary to read down on the 
meter scale which is added to the 
meter attenuator. For example, if the 
attenuator scale reads minus 34 dBm 
and the meter indicates a minus 6 
dB, the level is minus 40 dBm. 
3. Measure the 1.30 and 1.40 densities 
in a similar manner. The results of 
these tests are then plotted as shown 
in Fig. 18-232. 

18.238 How are cross-modulation 
tests plotted?-0n cross-sectional pa-
per, as shown in Fig. 18-238A. The 
graph is prepared by entering the print 
densities and cancellation in decibels at 
the left. A line is drawn across the 
paper at the 30-dB cancellation point P. 
It will be assumed for this example of 
plotting that the print density is to be 
held to 1.30, for reasons as explained in 
Questions 18.239 and 18.240. Under these 
conditions, the negative density will be 
varied to obtain a print density of 1.30. 
Therefore, the negative density will 
vary for different amounts of cancella-
tion. The first curve plotted is for the 
1.18 received print density, by taking 
the data from columns E and F of Fig. 
18-232. 
As an example, a print density of 

1.18 and a negative density of 1.80 have 
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1.40 

L30 

1.20 

a cancellation of 29 dB. Enter this value 
on the graph at the junction of the 29-
dB line and a negative density of 1.80. 
Next, plot for a negative density of 2.10 
and so on for all the negative densities 
in the 1.18 column. In this manner, the 
cancellation for all three print densities 
and negative densities are plotted. It 
will be noted that after. a maximum 
cancellation has been reached, the curve 
rises again. The rising cancellation is 
plotted at the right and labeled for each 
density. 

After plotting the three densities, an 
X is made where the curves cross the 
30-dB cancellation line. Next, two lines 
D1 and D2 are drawn in at print den-
sities of 1.25 and 1.35. Lines Q and R 
are drawn in by pointing off the three 
densities 1.18, 1.29, and 1.37 above the X 
point on the three cancellation curves, 
as indicated by the dotted lines. This is 
done for both the decreasing and in-
creasing cancellation curves. If the 
points for lines Q and R do not result 
in a straight line, an average value for 
the three is taken. A vertical line, S, is 
drawn downward from the point where 
lines DI and Q meet. Also, line "T" 
from the point where D2 and R meet. 
Read the negative densities at the lower 
ends of lines S and T and compute their 
average (2.11 plus 2.55 divided by 2). 
This results in a density of 2.33. This is 
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Fig. 18-238A. Method of plotting cross-modulation measurements. 
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the negative density required for a 
print density of 1.30. The cancellation 
of this negative and print density will 
be approximately 45 dB. It should be 
noted that the loss at 9000 Hz will be 
about 3.0 dB. 

The diagonal line U is drawn from 
the junction of line D2 and line S to the 
junction of line DI and line T. A verti-
cal line V is drawn downward from the 
point where a print density of 1.30 
crosses line U. This ends at a negative 
density of 2.33. Line U may be em-
ployed for selecting the correct print 
density when the negative density is 
incorrect, or vice versa. For example: 
What is the correct print density for a 
negative density of 2.60? Answer, 1.36. 
Or, what is the negative density for a 
print density of 1.23? Answer, 2.02. 

In Fig. 18-238B are shown the results 
of an unsatisfactory cross-modulation 
test. It may be seen that the negative 
density can only be varied plus or 
minus 0.04 point from the optimum 
density before the cancellation becomes 
less than 30 dB. After plotting up the 
results and determining the optimum 
negative density for a given print den-
sity, the laboratory is instructed to de-
velop the negative to within plus or 
minus 0.05 point of the specified den-
sity. The same tolerance is requested 
for the print. The spread between the 

P
R
I
N
T
 D
E
N
S
I
T
Y
 

1.40 

1.30 

1.20 

g 20 
z 

.5 30 

C 40 

curves plotted for a given negative and 
print density should not be less than 
plus or minus 0.22 from the optimum 
negative density. This will allow for 
variations in processing. 

18.239 Why is the sound print den-
sity held constant and the negative den-
sity varied?—To facilitate the ordering 
of prints at a future time. All prints are 
made to a given density, thus permit-
ting a better quality control. 

18.240 Why is a density of 1.30 to 
1.40 used for variable-area prints?—Be-
cause this range of print density per-
mits the negative density to be varied 
within a practical range, and with good 
signal-to-noise ratio. Studios using var-
iable-area recording systems (galva-
nometer or light valve) use print densi-
ties between 1.30 and 1.50, the average 
being 1.40. 

18.241 What is the minimum ac-
ceptable cancellation for cross-modula-
tion tests?—It has been determined 
from exhaustive listening tests that the 
minimum acceptable cross-modulation 
is 30 dB. This is true for both 16- and 
35-mm filin. However, good laboratory 
control should yield at least 36 to 40 dB, 
with 45 dB not uncommon. For direct-
positive recording, the cancellation 
should be on the order of 36 dB or 
greater. (See Question 18246.) 

18.242 What are the causes of poor 

X- MOD TEST 210 9/21/67 
5375 -103 -14 L AB- TCF   
RECORDER- PR 31 . 1 NEG. FOG - 0.10 

2.70 2.80 2.00 2.10 2.20 2.30 240 2.50 260 

NEGATIVE DENSITY 

Fig. 18-23813. Unsatisfactory cross-modulation measurements. 

2.90 3.00 
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cross-modulation cancellation?—The pri-
mary cause is image spread. If this is 
not the cause, there are many other 
items to be checked. The optical system 
of the recorder may be out of adjust-
ment, negative or print developer not 
correct, poor contact between the neg-
ative and print in the printing machine, 
over- or underexposure of the negative 
or print, recorder or reproducer optical 
systems out of focus, high distortion in 
the 400-Hz oscillator of the cross-mod-
ulation oscillator, noise in the cross-
modulation measuring circuit, excessive 
flutter in the recorder or reproducing 
system or printer, or the frequency re-
sponse of the measuring circuit is in-
adequate. The frequency of the 400-Hz 
oscillator in the cross-modulation oscil-
lator may not correspond to the center 
frequency of the bandpass filter used in 
the readout panel. 
As may be seen from the foregoing, 

there are many factors which can con-
tribute to poor cancellation; therefore, 
each and every piece of equipment from 
the original recorder must be function-
ing at its peak performance, if a maxi-
mum cancellation is to be achieved. 
This is the reason why a tight quality 
control must be established to obtain 
quality sound tracks. 

18.243 If the density of a variable-
area sound track exceeds the optimum 
value, how is the reproduction affected? 
—The high-frequency response is re-
duced and the high-frequency distor-
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tion is increased. This is often mistaken 
for excessive sibilance. If the density is 
too light, the signal-to-noise ratio is 
decreased and the background noise is 
increased. 

18.244 Define the term "balanced 
density."—It is a term used to express a 
condition when the negative and print 
densities are such that the cross-modu-
lation or intermodulation product is at 
a minimum, and there is little or no 
image growth or contraction. 

18.245 When is a 6000-Hs carrier 
frequency used for 35-mm cross-modula-
tion tests?—When the frequency re-
sponse of the recording channel is lim-
ited to 6000 Hz; however, 9000 Hz is the 
frequency generally used. 

18.246 Describe a cross-modulation 
compensator and its purpose.—A cross-
modulation compensator is an ampli-
fier developed by RCA for use with a 
recording galvanometer when record-
ing direct-positive variable-area sound 
track. It is applicable to both 16-mm 
and 35-mm recording. This device will 
permit the production of higher densi-
ties with lower cross-modulation prod-
ucts. This is accomplished by predistort-
ing the audio signal in such a manner 
that the cross-modulation components 
caused by image spread because of 
the high sound-track density are can-
celled. 

Because of the inherent characteris-
tics of photographic materials, the at-
tainment of complete opacity and trans-
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Schematic diagram for RCA Ml-10285 cross-modulation compensa-

tor amplifier for recording direct-positive sound track. 

parency is not possible. However, it is 
possible to produce a density contrast 
that is practical and will generally sat-
isfy most requirements. The theory of 
cross-modulation tests is discussed in 

Question 18.232. By the use of the com-
pensator, it is possible to produce di-
rect-positive sound tracks and cancella-
tion of 40 dB or more at a density of 
1.90. 
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Direct-positive recording deals with 
a single recording consisting of a sound 
track on a positive print, which cannot 
be corrected for cross-modulation dis-
tortion, as when a negative and a print 
are used. This restricts the density to a 
low value of between 1.2 and 1.4. If the 
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Fig. 18-246C. Frequency characteristics 
of RCA cross-modulation compensator 
amplifier for recording a direct-positive 

sound track. 

exposure is increased to obtain a higher 
density, excessive sibilant distortion is 
encountered because of the filling in of 
the recorded waveforms due to image 
spread at the higher density. The cross-
modulation compensator corrects this 
distortion by predistorting the recorded 
signal. By altering the shape of the sig-
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nal as it is being recorded, the shape of 
the optical image can be such as to 
counteract the distortion induced by 
image spread and the processing. 

If the original signal is passed 
through a filter, a compensating signal 
can be derived with a rising character-
istic, then rectified and fed to the re-
cording galvanometer as a bucking sig-
nal. If the phase and amplitude are 
properly corrected, optimum cancella-
tion of the image spread or cross-mod-
ulation effects may be achieved. 
A block diagram for the connection 

of a cross-modulation compensator am-
plifier is given in Fig. 18-246A. Except 
for the connection of the cross-modula-
tion amplifier, the recording channel is 
normal. Cross-modulation amplifiers 
can be used only with a biased galva-
nometer and are not applicable to 
noise-reduction shutters. The output of 
the compensator unit is connected in 
parallel with the output of the noise-
reduction amplifier (NRA) to buck the 
noise-reduction current. Normally, the 
noise-reduction current decreases with 
an increase of signal amplitude, while 
the compensating unit current in-
creases. Therefore, the compensator 
current must be proportional to the sig-
nal amplitude. 
A schematic diagram for a cross-

modulation compensator is shown in 
Fig. 18-246B. The signal is applied to a 
bridging input of transformer Ti, and 
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Fig. 18-246D. Cross-modulation cancellation versus density for direct-positive record-
ing using a cross-modulation compensator amplifier. 
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terminated at the secondary by a gain 
control. The signal is then applied to the 
control grid of cathode follower VIA 
through a frequency-selective network 
which supplies the frequency correc-
tion. The slope of this correction is 6 dB 
per octave and attenuates frequencies 
below 500 Hz. The signal from the out-
put of VIA is applied to the control 
grid of a two-stage amplifier, VlB and 
V2, employing negative feedback from 
the plate of V2 to the cathode of V1B. 
The feedback lowers the plate imped-
ance of V2 and improves linearity and 
stabilizes the gain. Leaving V2, the sig-
nal is applied to transformer T2 and 
full-wave rectifier V3. The output of V3 
is developed across R14 and applied, 
without filtering, to the control grid of 
V4, a de amplifier. Because of its high 
output impedance V4 may be connected 
directly across the galvanometer bias 
coil without any loading effects occur-
ing. The plate current of V4 for a zero 
signal is quite low due to the applica-
tion of a high grid-bias voltage. Be-
cause the cathode of this tube is un-
bypassed, negative-current feedback is 
induced and the input to output line-
arity is maintained. 

The rectifier in the compensator gen-
erates products consisting of sum and 
difference frequencies of both the fun-
damental and harmonics. Because the 
galvanometer does not respond to fre-
quencies above 9000 Hz, the sum fre-
quencies of the rectification products 
contribute nothing to the corrective sig-
nal. The difference frequencies of the 
fundamental from the rectifier products 
provide the corrective signal which 
cancels the cross-modulation compo-
nents. To eliminate the effects of phase 
shift, filtering of the signal at the con-
trol grid of V4 has been omitted. The 
frequency characteristics are given in 
Fig. 18-246C. 

The compensator is put into service 
by first making a series of lamp tests« to 
determine the lamp current for the de-
sired density, which for this discussion 
will be 1.60. After determining the cor-
rect lamp current, a series of cross-
modulation recordings are made for 
different readings of the meter on the 
cross-modulation compensator, by keep-
ing the percentage of modulation (gal-
vanometer) constant and varying the 
input gain control on the compensator 
unit. The first recording is 1000 Hz for a 

reference frequency, then an 8000-Hz-
carrier frequency for high-frequency 
attenuation, followed by an 8000-Hz-
carrier frequency modulated 80 percent 
by 400 Hz. For these recordings, the 
galvanometer is deflected to 80 percent 
(down 2 dB from 100 percent). 

After the film has been processed, 
the tests are measured in the usual 
manner using a cross-modulation read-
out unit. Tests with the greatest cancel-
lation and minimum distortion are se-
lected, and the compensator current 
noted. Assuming that the test indicates 
a current of 5 milliamperes, an 8000-Hz 
sine-wave signal is applied to the chan-
nel and the gain of the recording chan-
nel and the compensator are adjusted 
for an 80-percent deflection of the gal-
vanometer. (The 8000-Hz signal is be-
low the resonant frequency of the gal-
vanometer.) 
When adjusting the compensating 

amplifier and recording channel as just 
described above, the compensator ad-
justment is independent of the record-
ing channel frequency characteristics, 
since any change in the characteristics 
is automatically reflected to the com-
pensator unit because of its position in 
the recording circuits. 

After the tests have been made, dia-
logue tests are recorded at the exact 
compensator current selected, then at 1 
and 2 milliamperes above and below the 
selected value, using sibilant sentences, 
as given in Question 2.96. It may be 
found, after listening to the tests, that 
the compensator current should be in-
creased or decreased slightly from the 
value of 5 milliamperes. 

Typical cross-modulation measure-
ments are plotted in Fig. 18-246D. When 
the compensator current has once been 
established, it will require no further 
attention, unless the laboratory proc-
essing methods are changed. 

18.247 What are the effects of 
cross-modulation distortion?—The sound 
seems to have excessive sibilance which 
is not the case, but is high-frequency 
distortion. Cross-modulation distortion 
is caused by improper negative and 
print densities which affect the cancel-
lation of cross-modulation distortion 
components. Cross-modulation distor-
tion is more disturbing to the ear than 
harmonic distortion. 

The proper negative and print den-
sities may be determined by one of the 
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two methods described in Questions 
18.128 and 18.232. 

18.248 What is the percent trans-
mission when the negative and print den-
sities for variable-area sound tracks are 
correct?—Including the fog density, the 
percentage of transmission is 50 percent. 
This condition is determined by the 
cross-modulation test. 

18.249 If the exposure lamp in a 
film recorder is replaced, is it necessary 
to make a complete family of new cross-
modulation tests?— Not if previous 
cross-modulation test data are available. 
An exposure lamp test is made and 
compared with the old and new den-
sities for a group of given lamp cur-
rents. If the comparison is favorable, a 
lamp current corresponding to the old 
lamp is selected and recording is con-
tinued in the usual manner. If a pho-
tometer is used for monitoring the ex-
posure lamp, the same readings for a 
given density are used. 

18.250 How are exposure lamps for 
film recorders selected?— Exposure 
lamps for an optical film recorder must 
be carefully selected. Many times new 
lamps designed for recorder use are not 
entirely satisfactory. Several types of 
lamps are available for recording use 
which employ straight and curved fila-
ments and have either bayonet or pre-
focused bases. 
The filament should be carefully in-

spected as to its placement in the en-
velope relative to the optical system. 
If the filament is a curved one, the coils 
should be even and the arc smooth, with 
even spacing between the coils. If a line 
is drawn from the base of the lamp up-
ward through the center of the filament, 
the filament should be at right angles 
to the line and the line should pass 
through the filament. If the filament 
is curved, the curved side is turned 
toward the optical system. 

Most recorders are provided with an 
eccentric adjustment in the lamp socket 
for positioning the lamp horizontally 
and a vertical adjustment for centering 
the filament on the center axis of the 
optical system. The best way to install 
the lamp is to observe the filament 
through the optical system, if possible, 
by looking back into the optical system 
with a periscope and having the lamp 
burning just above a dull red color. 

After installing a new lamp, it should 
be allowed to burn at its rated current 

for at least two hours before attempting 
to make any tests involving the record 
ing of film. If the recorder is equipped 
with a photometer, the deflection for a 
given exposure current is noted and the 
lamp adjusted by the photometer rather 
than by current alone. After the lamp 
has been in operation for a few hours, 
it starts to blacken inside the envelope 
as a result of carbon deposits thrown 
off by the filament. This causes a re-
duction of intensity for a given current. 
The photometer indicates the light in-
tensity and may be used for resetting 
the current for a given intensity, where 
the current alone would not be accurate. 
When an exposure lamp is replaced, 

it is necessary to make a series of ex-
posures at several different lamp cur-
rents, as explained in Question 18.249. 
The use of a photometer for monitoring 
the intensity of the exposure lamp will 
result in better control of the exposure, 
and eliminate the need for lamp tests 
when the lamp must be replaced in an 
emergency. 
Lamps that are used for recording 

and reproduction are generally rated at 
about 75 percent of their burn-out cur-
rent. A lamp rated at 10 volts, 5 am-
peres will burn out at about 6.5 am-
peres, while a lamp that is rated at 10 
volts, 7.5 amperes, will burn out at 
about 10 amperes. 

With a 10-volt, 5-amp lamp operating 
as rated, a color temperature of about 
2950K (Kelvin) will be developed. If 
the lamp is operated at 6 amps, a color 
temperature of approximately 3200K 
will be developed. The color tempera-
ture of a 10-volt, 7.5-amp lamp, operat-
ing as rated, will develop a color tem-
perature of about 2925K. With the same 
lamp operating at 9 amps, a color tem-
perature of around 2975K will be de-
veloped. 

Prefocussed recorder lamps employ-
ing curved filaments are manufactured 
in two types. It is possible for the fila-
ment to be turned 180 degrees from the 
normal for a given recorder lamp 
socket. Therefore, the filament curve 
must be checked in relation to the base 
before installation. 

18.251 How are cross-modulation 
tests recorded on a push-pull recorder?— 
In a manner similar to that described 
for a standard recorder (Question 
18.232), except only one side of the 
push-pull sound track is used. This is 
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accomplished by racking over the galva-
nometer to one side and exposing only 
one-half of the track. If, after the prints 
are measured and excessive sibilance 
exists, yet the cancellation is satisfac-
tory, the density of the exposed side of 
the track should be checked for non-
uniformity. 

If the density appears to be satisfac-
tory, the trouble may be due to slippage 
in the printer. It is generally more sat-
isfactory to measure the density of the 
exposed sound track before attempting 
to make a cross-modulation test. 

Measurements of the density between 
the two sides of the exposure should 
also be made, because when the re-
corder is used in its normal manner 
(push-pull), the density variation be-
tween the two sides of the sound track 
must be nearly the same. If the density 
variation is excessive, severe distortion 
will result. 

18.252 Why is it desirable to use 
push-pull sound tracks for recording 
rather than standard sound tracks?— 
Because of the greater signal-to-noise 
ratio, cancellation of even-order har-
monics, and relieving of the necessity 
for blooping splices. Also, noise-reduc-
tion equipment is generally not re-
quired. (See Questions 18.209, 18.210, 
and 18.211.) 

18.253 What is a galvanometer 
crossover test?—A test made on a vari-
able-area push-pull film recorder to 
determine where the sound tracks are 
180 degrees out of phase with respect to 
each other and if the azimuth adjust-
ment is correct. 

18.254 How is a crossover test 
mode?—Thread up the recorder and 
proceed in the following manner: 

1. Set galvanometer to the standby 
position (as shown at A of Fig. 
18-254). Apply 1000 Hz to the galva-
nometer and deflect it to 10 percent-
modulation (20 dB down from 100-
percent modulation). 
2. Galvanometer off. 
3. Move galvanometer to the left far 
enough to cut off one sound track as 
shown at B in Fig. 18-254. The 
amounť of movement is checked be-
forehand by observing the movement 
with a periscope in the optical system. 
4. Record 10 feet of 1000-Hz track. 
5. Galvanometer off. 
6. Move galvanometer to standby po-
sition, (shown at A in Fig. 18-254). 

7. Record 10 feet of 1000-Hz track. 
8. Galvanometer off. 
9. Move galvanometer to right until 
one track is cut off as shown at C in 
Fig. 18-254. 
10. Record 10 feet of 1000-Hz track. 
11. Develop negative and make one 
print. 

(A) 

(B) 

(C) 

I  

STANDBY 

LEFT 

RIGHT 

Fig. 18-254. Galvanometer crossover-test 
images as seen on the monitor card of a 
variable-area push-pull film recorder. 

18.255 How is a crossover test mea-
sured?—The print is run on a normal 
sound head and measured by observing 
the output level from the three 're-
corded positions on a VU meter in the 
following manner. Set the output level 
from the right-hand track to a conven-
ient point on the VU meter scale, say 
zero. Tabulate the output readings as 
shown below. Assume the right-hand 
track reads zero, the standby position 
—L5 dB, and the left-hand track —3.0 
dB. 

Crossover 
Right 
O 

Crossover 
Standby 
—1.5 dB 

Crossover 
Left 

—3.0 dB 

The average values of the right and left 
tracks are subtracted from the standby 
output reading. Example: right side 
reads 0.0 dB; left side reads —3.0 dB. 

= —1.5 dB 
2 

—1.5 dB — (-1.5 dB) = 

Tolerance for the crossover test is —1.0 
dB to +0.5 dB. A typical crossover test 
is shown in Fig. 18-255. The two sides 
of the track should not vary in output 
level more than plus or minus 0.10 dB. 

18.256 Why is a lower exposure 
lamp current used for 16-mm than for 
35-mm film?— The linear speed of 
16-mm film is 40 percent slower than 
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Fig. 18-255. A typical push-pull crossover test for a push-pull variable-area photo-
graphic film recorder (print). 

35-mm film; therefore, for the same 
emulsion or a given density, the lamp 
current must be reduced to equal the 
exposure of the film running at 99 fpm. 

18.257 In what direction is the fil-
ament of on exposure lamp placed?—If 
the filament is of the curved type, the 
curved side is placed facing toward the 
film. This is quite important as less light 
and possible shadows may be indicated 
with the filament turned in the oppo-
site direction. In some instances, pre-
focused-base lamps may not fit in the 
exposure lamp socket with the curved 
side of the filament toward the film; 
therefore, lamps should be carefully in-
spected before installing them in the 
recorder. 

18.258 What is the average nega-
tive base-fog density for variable-area 
sound track?—From 0.28 to 0.30, de-
pending on the time of development. 
This figure includes the film-base den-
sity, and is referred to as the base-fog 
density. 

18.259 What is the transmission 
through the opaque area for a print den-
sity of 1.40P—Four percent. This is the 
amount of light transmitted through the 
opaque portion of the film. (See Ques-
tion 25.160.) 

18.260 How are the optimum nega-
tive and print densities determined for a 
single-system recorder-camera?--By lis-
tening tests, as described in Question 
18.128. 

18.261 How is the optimum density 
determined for dupe negatives?—A typi-
cal example follows. Assume that an 
original negative is developed to a den-
sity of 2.35, and that a print made frotn 
this negative has a density of 1.40 and 
measures 42-dB cancellation. The nega-
tive consists of 1000 Hz for a reference 
frequency, 9000 Hz for high-frequency 
loss, and a 400/9000-Hz cross-modula-
tion test. 

This print is sent back to the labora-
tory and dupe negatives with densities 
of 1.60, 1.70, and 1.80 are made. A print 
having a density of 1.40 is made for 
each dupe negative and the cross-mod-

ulation is measured. Cross-modulation . 
measurements indicate 40-dB cancella-
tion for a print density of 1.60, with a 
high-frequency loss of 1 dB. Prints 
which will prove quite satisfactory may 
then be made at a density of 1.40. 

18.262 What is an antihalation 
base film?—A film with a gray dye in-
corporated in the base to prevent hala-
tion around the image. This is ex-
tremely important for photographic film 
sound recording and is discussed fur-
ther in Question 18.150. 

18.263 What solution is used for 
cleaning sound track?—Several com-
mercial solutions are available on the 
market. If optical sound track is to be 
used for rerecording, the track should 
be cleaned in advance of its use. 

18.264 What are the average sound-
track densities for Ektachrome reversal 
print film?— 

Unmod- Unmod-
ušated ulated 

density of track 
positive density of 

Track print color print 

Variable-area 2.0 to 2.2 0.22 to 0.25 
(clear area) 

Variable-
density 0.6 to 0.7 0.65 to 0.75 

The sound track is printed from a posi-
tive sound track. (See Questions 18.287 
and 18.315.) 

18.265 What is the zero-shift 
method of determining negative and 
print densities for variable-orea record-
ing?—A method of determining the op-
timum densities for both negative and 
print by recording a high frequency 
(6000 Hz for 16-mm film and 9000 Hz 
for 35-mm film) at 80-percent modula-
tion. A series of negatives is made using 
different lamp currents, with a section 
of unmodulated track between. The 
densities are then read and tabulated. 
Prints are made and their densities read 
on a special densitometer consisting of 
two photocells in a balanced circuit. 
Minimum distortion is achieved when 
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the clear and opaque areas are equal, or 
when a condition of 50-percent trans-
mission is obtained. 

18.266 What other factors rather 
than image spread affect the high-fre-
quency reproduction?—If overload takes 
place in the higher frequencies, the 
effect is often mistaken for excessive 
sibilance. This effect has been noted 
when the original sound tracks were 
recorded on magnetic tape which had 
been overloaded by driving the tape 
into saturation. 

18.267 Describe the sound track im-
age most commonly used for variable-
area  ding. —Present-day systems, 
using a light valve or a biased galva-
nometer, employ the double bilateral 
image, as shown in Fig. 18-299A. In the 
older systems, the single bilateral image 
was used. 

18.268 What sound track image is 
most commonly used for variable-density 
recording?—The most commonly used 
image is that shown in Fig. 18-306A. 

18.269 How are the negative and 
print densities determined for variable-
density recording?—By the intermodu-
lation distortion test method. Intermod-
ulation tests are made in a manner 
similar to that described in Question 
18.232, that is, by making a group of 
negatives and prints and then measur-
ing the intermodulation distortion of 
the prints. The combination of densities 
having the lowest distortion is the cor-
rect combination of densities for the 
negative and print. In the absence of an 
intermodulation oscillator and analyzer, 
sibilant tests may be used as described 
for variable-area recording. (See Ques-
tion 18.128.) 

18.270 What is the relationship be-
tween the transmission and density of a 
variable-density sound track?—The neg-
ative is exposed on the straight line 
portion of the H and D curve where a 
linear relationship exists between the 
log of exposure and density. (See Ques-
tion 18.121.) 

18.271 What is the average visual 
density for a variable-density negative? 
—Approximately 0.45 to 0.60, as deter-
mined by an intermodulation test. 

18.272 What is the average visual 
density for a variable-density print?— 
Approximately 0.6 to 0.8, as determined 
by an intermodulation test. (See Ques-
tion 18.315.) 

18.273 What is the effect when a 

variable-density sound track is over-
modulated? — When a variable-density 
sound track is overmodulated, it is ex-
posed along the sloping portion of the 
exposure curve. Thus, the distortion in-
creases gradually. When a variable-area 
sound track is overloaded, the modula-
tion peaks are clipped, as shown in Fig. 
18-293. The distortion rises very rapidly. 

18.274 Describe briefly an inter-
modulation analyzer.—Basically, the in-
strument consists of two separate units, 
a signal generator and an analyzer unit. 
The signal generator contains two sta-
bilized oscillators with several fixed 
frequencies which may be used in com-
bination. The second unit is the ana-
lyzer section consisting of an input 
attenuator, high-pass filter, amplifier, 
rectifier, low-pass filter, and a vacuum-
tube voltmeter calibrated in percent in-
termodulation. When the instrument is 
used, the outputs of the oscillators are 
combined in a hybrid coil and an atten-
uator panel, then applied to the input 
of the recording channel. Sound track 
negatives are recorded at several densi-
ties from which prints are made at sev-
eral densities. The prints are played 
back and the intermodulation distortion 
measured with the analyzer section. 
The percent intermodulation for the 
different density combinations is plotted 
and analyzed. The combination of nega-
tive and print density resulting in the 
lowest intermodulation distortion are 
the correct densities. (Intermodulation 
analyzers are described in detail in 
Question 22.129.) 

18.275 Describe how intermodula-
tion distortion is plotted to determine 
the correct negative density.—By plot-
ting the intermodulation distortion for 
negative density against a given print 
density, as shown in Fig. 18-275. It will 
be noted the lowest intermodulation is 
obtained for a negative density of 0.45, 
using a print density of 0.75. The curve 
is rather broad in the region of the op-
timum densities. Under a condition of 
balanced densities, the intermodulation 
distortion can, as a rule, be held to less 
than 5 percent for standard track, and 
3 percent for push-pull sound track. 

18.276 How is intermodulation data 
plotted for print densisty?—It is plotted 
similar to Fig. 18-275, negative density 
versus print density (reverse of Fig. 
18275). With these two curves, the per-
missible variation in density above and 
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Fig. 18-275. lntermodulation tests for variable-density recording. The above plot 
indicates the lowest distortion is attained when the negative and print densities are 

0.45 and 0.75 respectively. 

below the optimum values can be read-
ily determined. 

18.277 Are intermodulation tests 
made with or without noise-reduction 
bias?—They may be made either way. 
However, they are generally made with-
out bias. A slightly lower density is 
indicated when the measurements are 
made using noise-reduction bias. 

18.278 At what percentage of mod-
ulation are intermodulation tests made? 
—At 2 dB and 10 dB below 100 percent-
modulation of the light valve. A typical 
IM sound track is shown in Fig. 18-278. 

18.279 What frequencies are used 

for intermodulation tests?—According to 
the USASI (ASA) Standard PI122.51-
1961, 60 Hz and 2000 Hz. 

18.280 In what ratio are the inter-
modulation frequencies mixed?—The ac-
cepted practice is to use a ratio of 4:1 
with the higher frequency 12 dB lower 

in amplitude than the low frequency. 
This is called the SMPTE (Society of 

Motion Picture and Television Engi-
neers) method. 

18.281 Are intermodulation distor-
tion measurements applicable to vari-
able-area recording systems?—The re-
sults, as a rule, are not too satisfactory. 
Cross-modulation measurements are 
used for variable-area sound track dis-
tortion, as described in Questions 18.225 
to 18.238 inclusive. 

18.282 Describe additional tests 
that may be made with an intermodula-
tion analyzer.—A test for spurious var-
iations may be made by omitting the 
low-frequency signal and recording 
only the high-frequency signal. Ob-
serving the signal through the analyzer 
section will indicate intermodulation 
distortion from sources other than the 
nonlinearity of the exposure print-den-
sity characteristics. Any modulation of 
the high-frequency signal at a low-fre-
quency rate, such as might result from 
poor printer contact, can also be mea-

t .2:Jr fortis 

Fig. 18-278. A class-A push-pull variable-density sound track (print) with inter-
modulation test frequencies of 60 and 2000 Hz, mixed in a ratio of 4:1. Record 

level, 4 dB below 100-percent modulation. 
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sured with the analyzer. The repro-
ducer used for playing back the inter-
modulation print tests should be tested 
to assure that the phototube circuit is 
not introducing distortion. 

18.283 How are the optimum nega-
tive and print densities determined in 

the absence of a cross-modulation oscil-
lator or an intermodulation analyzer?---
A series of sibilant sentences are re-
corded; for instance, "Sister Suzie sells 
seashells by the seashore," or "Sister 
Suzie is sewing shirts for soldiers." The 
various print densities are listened to 

American Standard 
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Fig. 18-284. Present USASI (ASA) PH22-41-1957 Standard for 16-mm optical film-
track placement. This Standard is now under review by the SMPTE. 
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Photographic Sound Record 
on 35mm Motion-Picture Prints 

1. Scope 

1.1 This standard specifies the location and di-
mensions of variable area and variable density 
sound records on 35mm motion-picture prints. 

1.2 This standard specifies the area scanned in 
the sound reproducer. 

2. Dimensions 
2.1 The dimensions and location of the sound 
record shall be as specified in the figure and 
table. 

2.2 The sound record on the film shall be dis-
placed from the center of the corresponding pic-
ture by a distance of 21 frames le 1/3 frame in 
the direction of film travel during normal pro-
jection. 

3. Related Standards 

3.1 Prints made in conformance with this stand-
-ard are intended to be used in accordance with 
USA Standard 35mm Photographic Sound Mo-
tion-Picture Film, Usage in Projector, PH22.3-
1961. 
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3.2 Dimensions A and B. describing the printed 
area of the sound record, are established by 
USA Standard Dimensions of Exposed Areas for 
Picture and Photographic Sound on 35mm Mo-

tion-Picture Prints Made on Continuous Contact 

Printers, PH22.111-1965, and are shown in the 

table as nominal values for reference only. 

Appendix 

This Appendix it not a port of USA Stendord Dimensions of Phologrophic Sowed Record on 35min Motion-Picture Prinh, 0822.401967. but is 
included to focilitote its use.) 

This standard specifies that the photographic sound 
record will be advanced with respect to the picture by 
21 frames when a composite print i& produced. Conse-
quently, when sound and corresponding picture should 
be synchronized for on observer close to the projected 
picture, or if a situation not introducing an acoustic 
delay at the time of projection is desired, the scanning 
point of the sound record must be positioned at the 
21st home ahead of the corresponding picture frame. 

In the average theater, however, it is necessary to 
emit the sound pulses before the corresponding picture 
frame is positioned in the aperture. Since sound travels 

P1422.40-1967 

approximately 1100 ft per second or about 50 ft per 
frame during the normal projection rate of 24 frames 
per second, the projectionist can place the sound and 
picture in synchronization in the theater where he wishes 
by varying the length of the threading path in the 
projector. 

For example, if the positioning of frame 21 at the 
scanning point brings the corresponding picture and 
sound to the screen and the speaker at the some instant, 
then positioning frame 20 at the scanning point would 
give synchronism at about 50 ft from the screen, 19 
frames would give synchronism at 100 ft; etc. 

Fig. 18-285. Standard sound-track placement dimensions for 35-mm photographic 

film recording. 
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and the combination of negative and 
print density with the least sibilance is 
then selected for use. (See Questions 
18.128, 18.232, and 18.274.) 

18.284 What is the standard for 
track placement on 16-mm optical film? 
—This Standard is at the present time 
under review by the SMPTE; however, 
the new Standard will be similar to the 
existing PH22-41-1957 (Fig. 18-284). 
See page 994. 

18.285 What is the standard for 
sound-track placement on 35-mm optical 
film?—The USASI (ASA) Standard 
PH22.40-1967 is given in Fig. 18-285, 
and is a revision of PH22.40-1957. See 
page 995. 

18.286 What type sound track is 
used with Ektachrome reversal print 
film?—A positive sound-track image is 
required. During the processing, a sul-
phide developer is applied to the sound-
track area, resulting in a reversal sul-
fide track. The sound-track image may 
be either variable-area or variable-

STEP- I 
EXPOSED SILVER 
HALIDES DEVELOPED 
TO NEG. SILVER 

STEP-2 
REMAINING UNEXPOSED 
HALIDES CONVERTED TO 
SILVER SULFIDE 

STEP-3 
NEGATIVE SILVER 

 SILVER SULFIDE 
SOUND TRACK 

Fig. 18-287. Ektachrome print-reversal 
process. 

density. Optimum densities are deter-
mined by the cross-modulation or in-
termodulation tests discussed in Ques-
tions 18.232 and 18.274. 

18.287 Describe the reversal film 
process.—Ektachrome print is a reversal 
film. It is exposed as a negative, but 
after processing, it becomes a positive 
as shown in Fig. 18-287. Three steps 
take place in the reversal process. In 
the first step the exposed silver halides 
are developed to a negative silver, hi 
the second step, the remaining unex-
posed halides are converted to silver 
sulfide. In the third and final step, the 
white image of step one becomes the 
black silver-sulfide image—a complete 
reversal from the original exposure. 
Ektachrome print film is designed to 
yield a nonreversal silver sound track, 
rather than a dye-sulfide sound track. 
Therefore, the track must be exposed 
from a negative. Such negatives may be 
either variable-density or variable-area. 
The correct density is determined by a 
series of intermodulation or cross-mod-
ulations tests, discussed in Questions 
18.232 and 18274. 

18.288 Show the appearance of a 
40-Hz modulated bilateral (duplex) 
sound track.—Such a track is shown in 
Fig. 18-288. The 40-Hz modulation is 
shown coming from the bias lines into 
full modulation. This particular track is 
slightly modulated over 100 percent, as 
can be seen by the loss of the bias lines 
between the waveforms. 

18.289 Show a 9000-Hz bilateral 
variable-area sound track modulated 100 
percent—See Fig. 18-289. 

18.290—Show the appearance of the 
bias lines in a bilateral (duplex) sound 
track.—See Fig. 18-290. The bias lines 
in the original sound track were 4 mils 
wide. 

18.291 Show the effect of improp-
erly centering a galvanometer. —The 

JLruurLruLr 

(a) Negative. 

F- 1. T-1  

(b) Print. 

Fig. 18-288. Variable-area, bilateral (duplex) 35-mm sound tracks with a frequency 
of 40 Hz. 
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(a) Negative. 
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(b) Print. 

Fig. 18-289. Bias lines for a 35-mm variable-area bilateral (duplex) sound track. 

Fig. 18-290. Bias lines for a 35-mm, 
variable-area, duplex sound track (print). 

negative image in Fig. 18-291 shows 
that the peaks of the waveforms (black) 
in the center of the sound-track area 
are almost touching, while the valleys 
still have some distance to go before 
reaching the outer edges of the enve-
lope. This condition is the result of not 
centering the galvanometer properly 
when it is at rest (before recording). 
Under these conditions, if the galva-
nometer is permitted to deflect to its 
100-percent mark, the peaks at the cen-
ter will touch and the bias line will be 

lost. This is the same as overmodulating 
(deflecting over 100 percent) with the 
galvanometer properly centered. This 
may be seen more clearly by referring 
to the image print in Fig. 18-291. Here, 
the image (black) has a separation be-
tween each modulation and no bias line 
between. The effect on a complex mod-
ulation is shown in Fig. 18-293 (an 
overmodulated sound track). The im-
portance of properly calibrating and 
centering the galvanometer cannot be 
overstressed. 

18.292 Show o heavily modulated 
bilateral (duplex) variable-area sound 
track.—Such a sound track is shown in 
Fig. 18-292. 

18.293 Show on orermodulated var-
iable-urea sound track.—See Fig. 18-293. 
It will be noted that the peaks of the 
modulations are severely clipped; also, 
the bias line completely disappears in 

U 
 myOETTMTTYYTT1111/11111111T1MYYTTY1 

(a) Negative. 

(b) Print. 

Fig. 18-291. Galvanometer improperly centered—frequency, 1000 Hz. 
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(a) Negative. 

J- ( F-1 F-1  

(b) Print. 

Fig. 18-292. Heavily-modulated bilateral or duplex variable-area, 35-mm 
track. 

the heaviest modulated portions. Clip-
ping of the peaks, as shown, results in 
harmonic distortion. Although the mod-
ulation is high in Fig. 18-292, the peaks 
are not clipped. 

=== 
(a) Negative. 

(b) Print. 

Fig. 18-293. Variable-area, duplex, 35-

mm overmodulated sound tracks showing 
the loss of bias lines and the clipping of 

the modulation peaks. 

18.294 Show a 1000-Hz variable-
area sound track modulated 80 percent, 
with too little noise-reduction margin.— 
See Fig. 18-294. Note that the peaks are 
clipped. 

18.295 Show a 1000-Hz variable-
area sound track with 3 dB of noise-re-
duction margin.—See Fig. 18-295. No 
clipping of the peaks is apparent. 

sound 

18.296 Show a 6000-Hz variable-
area sound track print which has been 
underexposed, normally exposed, and 
overexposed.—See Fig. 18-296. Print is 
overexposed. Negative density is correct. 

ITYYMITYYMITYYTTITYYT 
ÂÁAÁÁÂÁÂÂÁÁÂÁÁÂÁÂÁÁÂÁÁÂÁ 

(a) Negative. 

IIIIIIIVITYYTIVITYYTYYTTY 
1111111111111111111111111 

(b) Print. 

Fig. 18-294. Variable-area, duplex, 35-
mm sound tracks, 1000 Hz, modulated 
80%, with too little noise-reduction 

margin. 

18.297 Show a 6000/400-Hz cross-
modulated variable-area sound track 
with low-, normal-, and high-density 
prints.—See Fig. 18-297. It will be noted 
in (a) the average transmission is de-
creased, while in (e) it has increased. 

In (c) the average transmission is 50 
percent or correct. The 400-Hz com-

Fig. 18-295. Variable-area, duplex, 35-mm sound tracks, 1000 Hz, modulated 80% 
with a 3-dB noise reduction (print). 
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I 

(a) Underexposed. 

(b) Correct exposure. 

Li 

11•11311•11•1111311M111111311113•11 

(c) Overexposed. 

Fig. 18-296. Variable-area, duplex, 35-
mm sound tracks-6000 Hz (print). 

panent in both (a) and (e) can be mea-
sured. In (c) it is at a minimum. 

18.298 Show a class-8, variable-
area sound-track print with modulation 
and bias lines.—See Fig. 18-298. In the 
class-B system of recording, the posi-
tive half of each cycle is recorded on 
one track, with the negative half on the 
other track. The bias lines may be seen 
between the modulation. The frequen-
cies shown are dialogue. 

18.299 Describe a variable-area, 
double-bilateral sound track.—It will be 
noted that this sound track (Fig. 18-
299A) consists of two identical bilateral 
tracks recorded side by side. Sound 
tracks of the double-bilateral type are 
less affected by uneven slit illumina-

tion and azimuth adjustment in a re-
producer sound head. This is because 
the tracks are narrower than a single 
bilateral track. A slight increase in the 
signal-to-noise ratio is also obtained. A 
double-bilateral track must not be mis-
taken for a push-pull sound track, as 
double-bilateral tracks are in phase, 
while push-pull tracks are 180 degrees 
out of phase. Variable-area push-pull 
sound tracks are illustrated in Figs. 
18-298 and 18-309. Push-pull variable-

Ireg."181P-meerixisrnommuP•earrieormarmip 

(a) Negative (low density). 

(b) Print of (a). 

(c) Negative (normal density). 

1111=111111111111111111111111311111111111Bill 

(d) Print of (c). 

IMIOMPRIONMINIPIPIIMOR 

(e) Negative (high density). 

14444,4»411104111 

(f) Print of (e). 

Fig. 18-297. Variable-area, duplex 35-
mm standard tracks-6000/400 Hz 

cross-modulation test. 
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density sound tracks are shown in Figs. 
18-278 and 18-306. (See Fig. 18-302B.) 

18.300 When is a high-density print 
used?—Before the advent of magnetic 
recording, considerable difficulty was 

Fig. 18-298. A class-B modulated vari-
able-area, 35-mm sound track (print). 

encountered when rerecording (dub-
bing) because of the rather low signal-
to-noise ratio. To increase the signal-
to-noise ratio special high-density dub-
bing prints called trans-tracks (transfer 
tracks) were used, having a density of 
2.15 or greater. Although these tracks 

Fig. 18-299A. A double-bilateral modu-

lated, variable-area sound track (print). 

are no longer used, their appearance is 
of interest. Fig. 18-300 shows a cross-
modulation negative and a high- and 
low-density print made from this same 
negative. The developers used were 
then called P-1 and P-2. 

18.301 Show a 9000-Hz in-and-out-
of-focus test.—See Fig. 18-301 Focus 

.) U _L 
--ode 
--411111 

(a) 60 Hz. 

ettomottototototti 
esstittootottottom 

(b) 1000 Hz. 

Fig. 18-29913. Double bilateral sound 
tracks (negative). 

adjustments and tests are discussed in 
Questions 18.52 and 18.53. 

18.302 Show a noise-reduction am-

plifier opening test.—In Fig. 18-302A is 
shown an opening test for a bilateral 
(duplex) sound track using noise-re-
duction shutters. The test frequency is 
1000 Hz. The track shown in Fig. 18-

302B is for a biased galvanometer, using 
a double-bilateral sound track configu-
ration. Both illustrations are negative 
(black) images. 

18.303 Show a 1000-Hz noise-re-
duction closing time test.—A closing 
time test for a double-bilateral recorder 
using a biased galvanometer is given 
in Fig. 18-303A. The normal closing 
time is 4 inches of film. for 90 percent-
closure. The track shown in Fig. 18-

MYTTITTITTYMMTI 

(a) Negative, density 2.54. 

3 

(b) Print, developed in P-1 developer, print density 1.40. 

C 

somistosserfewo  081110••••••••• 

(c) Print, developed in P-2 developer, print density 2.15. 

Fig. 18-300. Cross-modulation test negative with high- and low-density prints. 
Frequency 6000 Hz, modulated by 400 Hz. 
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(a) Correct focus. 

111111111111131111111111111111111111111111111111111 

(b) Out of focus. 

Fig. 18-301. A 9000 Hz negative focus 
test. 

303B is of a duplex recorder using 
noise-reduction shutters. The normal 

closing time is 3.5 inches of film, starting 
from the last modulation to a point 
where the bias line returns to its normal 
dimensions. 

18.304 Show the appearance of a 
16-mm direct-positive variable-area 

sound track.—Such a sound track is 
shown in Fig. 18-304. 

18.305 Show a standard variable-
density sound track.—Two standard 

variable-density sound tracks, one with 
music modulations, the other with 4000-
Hz signal, are shown in Fig. 18-305. 

18.306 Show a 200-mil variable-
density push-pull sound track.—Such a 
sound track is shown in Fig. 18-306. The 
modulations of the two halves of the 
track are 180 degrees out of phase with 
respect to each other. 

18.307 Describe a magoptical re-
lease print.—A magoptical print is a re-
lease print having a combination of 
magnetic and photographic sound 
tracks. The magnetic sound tracks are 
placed in their normal position on the 

release print, with the optical sound 

1111111.1111911.1110111111 

Fig. 18-304. A 16-mm variable-area bi-
lateral, black and white, direct-positive 

sound track. 

 MOEVIVIMMITITTITYMMYTM 

Fig. 18-302A. A 35-mm, duplex variable-area noise-reduction shutter opening test. 

OE M011ii0i0SHOMMttlittinni 
0000MM 

Fig. 18-302B. A 35-mm, double-bilateral, variable-area, biased galvanometer, noise-
reduction opening time test. 

Fig. 18-303A. A 35-mm, double-bilateral, variable-area, biased galvanometer clos-
ing time test. 

iii1111411.11)  

Fig. 18-303B. Closing time test for a variable-area bilateral or duplex noise-reduc-
tion shutter. 
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(a) Music, modulated 100%, 100 mils wide. 

• 

(b) 4000 Hz, modulated 80%. 

Fig. 18-305. Variable-density 

track also in its normal position, al-
though somewhat narrower than usual. 
Using this method of making release 
prints, the same print may be played in 
theaters having either magnetic or op-
tical sound heads. For 16-mm prints, a 
different method is used, as explained in 
Questions 18.314 and 17.184. 

18.308 What is a supersonic noise-
reduction amplifier?—A system devel-
oped in 1948 by the Westrex Corp., for 
direct-positive recording, whereby a 
high-frequency signal was applied to 
the light valve ribbons along with the 
audio signal for variable-density re-
cording. This signal changes the wave-
form in such a manner that when com-
bined with the toe characteristic of the 
film, the waveform would result in a 
linear relationship between the audio 
signal in the light valve and the trans-
mission characteristic of the film. This 
method accomplished in somewhat the 
same manner, results which the cross-
modulation compensator, manufactured 
by RCA, achieved with variable-area 
filin. 
A frequency of 24,000 Hz is applied to 

the ribbons of a biplanar light valve. 
The valve ribbons are continuously 
modulated to an amplitude of 200 per-
cent. This high-frequency bias signal 

OE ' OE.OE:i; OE tiOEOE' '' 

35-mm sound track prints. 

is applied in conjunction with the nor-
mal audio signal. 
An elementary block diagram for a 

supersonic bias recording system is 
shown in Fig. 18-308. The light valve 
is driven from its normal amplifier. The 
high-frequency bias is induced in series 
with the center leg of the light valve. 
It will be noted particularly that a 
noise-reduction amplifier is not used 
with this system; only the supersonic 
bias oscillator is used. 

18.309 Show the appearance of a 
200-mil variable-area direct-positive 
push-pull sound track.—The images 
shown in Fig. 18-309 were made using a 

INPUT 
LIGHT-
VALVE 

AMPUFIER 

LIGHT 
VALVE 

Fig. 18-308. Supersonic bias system used 
by Westrex for direct-positive variable-

density recording. 

OE ' • ! • r OE . lIlIřt I 
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Fig. 18-306. A 35-mm variable-density 200 mil, push-pull sound track (print). 
Modulated 100%. 
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Fig. 18-309. A 200 mil, variable-area, 
direct-positive, push-pull sound track. 

light valve. It will be noted that the 
peaks (white) of the modulation are 
180 degrees out of phase with respect 
to each other. 

18.310 What is latent image keep-
ing and how are such tests made?—The 
term "latent image keeping" is the 
change in the exposure of the film be-
tween the time of exposure and the time 
of development. No definite rules can be 
applied as to the handling of the film 
between the time of exposure and de-
velopment, except that it should be han-
dled in the manner prescribed for such 
film. Because of the many variable fac-
tors involved, any one may cause the 
exposure to increase or decrease. Fac-
tors affecting the exposure are the type 
of emulsion, degree of exposure, tem-
perature, humidity, and the time lapse 
between exposure and processing. 

Latent image keeping tests are made 
by taking a series of lamp tests exposed 
at different time intervals and develop-
ing them all at the same time. The den-
sity of each test is then plotted as time 
versus density. It is of extreme impor-
tance when making such tests, that the 
exposure lamp be set to exactly the 
same intensity and that the same emul-
sion be used for all tests. Suggested 
time intervals are 36, 24, 12, 8, and 6 
hours, exposed in that order. 

18.311 Give a cross-sectional view 
of color film construction.—A cross-sec-
tional view of an Ektrachrome color 
print is given in Fig. 18-311. It can be 
observed that the stock has three layers, 
which consists of blue, green, and red. 
(See Question 18.287.) 

18.312 What is the cause of density 
drift in a recorder, although the photom-
eter readings are normal?—This is gen-
erally due to the improper air circula-
tion around the exposure lamp and the 
recording optical system. This can be 
overcome by the use of a small fan, 
such as a Muffin fan, mounted to pull 

the air out of the exposure lamp com-
partment, rather than blow the air in. If 
the recorder case will permit, a square 
hole for the fan is cut in the rear of the 
case and the fan is mounted to draw out 
the air. The fan should be connected by 
a relay across the de exciter lamp volt-
age so that the fan starts when the ex-
citer lamp is energized. 

18.313 What is a trans-track?—A 
special variable-area high-density print 
used for rerecording before the advent 
of magnetic recording. Now obsolete. 

18.314 Describe a magoptical re-
lease print using an infrared exciter 
lamp for recording the optical sound 
track.—Magoptical sound prints can be 
made - which utilize a discovery of 
George Lewin in 1955. He covered the 
optica/m sound track with a full-width 
magnetic stripe. The procedure for 
making such prints is: After the print 
has been processed, the sound track, 
which may be either variable-area or 
variable-density, is fully covered with 
a magnetic stripe, and the sound is re-
corded in the usual manner. To repro-
duce the optical sound track, an infra-
red exciter lamp is used, rather than the 
white light, because the magnetic stripe 
is transparent to the infrared light. A 
germanium photodiode, which is sensi-
tive to infrared light, is used to repro-
duce the sound from the optical track. 
In this system, either one of the sound 
tracks may be reproduced individually 
or simultaneously. The reader is re-
ferred to the references. (See Questions 
18.307 and 17.184.) 

18.315 Describe a simple device for 
marking takes while looping.—A simple 
device that may be used for marking 
takes while looping dialogue is shown 
in Fig. 18-337. It consists of a 500-Hz 
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Fig. 18-311. Color layers of Ektachrome 
reversal print film. 
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high-frequency buzzer and a repeat 
coil. A 10,000-ohm resistor is connected 
in series with one side of the coil to 
provide a high-impedance output which 
may be bridged across a bridging bus, 
or any other convenient part of the re-
cording system. When the system is up 
to speed, a single tone is recorded ahead 
of each take. If the take is satisfactory, 
two tones are recorded at the end of 
the take. Later, these tones are used by 
the editorial department for identifying 
the selected takes. 

18.316 Can alternating current be 
used on a recorder exposure lamp?—Yes, 
but it may induce a 60-Hz modulation 
on the sound track. This is possible if 
the lamp filament is of a light construc-
tion. Alternating current should not be 
used if a dc supply is available. Exciter 
lamps in 16-mm projectors use ac, but 
of a high frequency generated by an os-
cillator. This subject is discussed in 
Question 19.166. 

18.317 What are the characteristics 
of a class-A8 recorder?—The recording 
mask is so shaped that, at low percent-
ages of modulation, the system records 
as a class-A recorder. Above a given 
level, the system acts as a class-B re-
corder. This system was used a number 
of years ago for variable-area recording 
in some types of newsreel cameras. A 
noise reduction system is not required. 
Now obsolete. 

18.318 Do push-pull recording sys-
tems require a noise-reduction system?— 
Push-pull recording systems such as 
the variable-area class-AB and class-B 
are inherently noiseless recording sys-
tems, requiring neither bias-current 
shutters or a noise-reduction amplifier. 
However, the variable-area class-A 
push-pull recording system does require 
a noise-reduction system, somewhat 
similar to that of the duplex system. 

The Westrex Corp. three-ribbon light 
valve described in Question 18.15 also 
requires a noise reduction-amplifier. 

18.319 How long may exposed film 
be held before development?—It should 
not be held longer than 24 hours. An 
exposure test must be included for use 
by the processing laboratory. This test is 
developed before processing the sound 
track to assure a correct development 
time. 

18.320 What is o step tablet?—It is 
a piece of film with accurately gradu-
ated exposures which range from a 

diffused density of 0.05 to 3.00 in 21 
steps, and is used for the calibration of 
densitometers. Each tablet is individu-
ally calibrated. 

/8.321 Can negative sound tracks 
be used for reproduction?—Yes. How-
ever, they are likely to be quite dis-
torted and noisy because of the low sig-
nal-to-noise ratio and image spread. 
The sound track on a negative is black, 
with a large amount of the sound-track 
area clear, which reduces the signal-to-
noise ratio. Because this is a negative, 
the action of the noise-reduction sys-
tem, insofar as the reproduction is con-
cerned, is in reverse. 

18.322 Why is a positive sound 
track used for release prints?—The elec-
trical output from a photocell when 
used with optically recorded sound 
tracks is dependent on the amount of 
light falling on the photocell anode and 
the frequency of interruption of that 
light. 
When a positive sound track is 

played back, the greatest output signal 
from the photocell is obtained as the 
clear areas pass before the scanning 
beam. During periods of low or no 
modulation, the signal-to-noise ratio of 
the print is high because the areas 
around the sound track image are 
opaque, due to the noise-reduction ac-
tion during the recording of the original 
negative. 

18.323 Why is a negative sound 
track used for adjusting and measuring 
the cancellation of a push-pull sound 
heocf?—Prints are not used because of 
printer slippage and variations in the 
processing which will cause variations 
in the adjustment of the cancellation. 
A typical example is a sound head 

which, when measured with a negative 
sound track, indicated a cancellation of 
40 dB. Using a print made from the 
same negative, the cancellation mea-
sured 14 dB. (See Questions 19.97, 19.98, 
and 19.99.) 

18.324 Show the construction of a 
laboratory motion picture printer. — In 
Fig. 18-324 is shown a Bell and Howell 
Model-C additive color printer. This 
machine is capable of printing 16-, 35-, 
35/32-, and 65/70-mm picture with 
sound track, running at either 60 or 180 
fpm. The operation may be controlled 
by the use of punched tape. 

18.325 What is a wild shot?—A 
sound track made without the benefit 
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.-
Fig. 18-324. Bell and Howell Model-C additive color printer. 

of synchronous driving system between 
the camera and the sound, or the cam-
era is driven alone at an increased or 
decreased frames-per-second speed. 
When making running shots, such as 

a running horse or fast-moving vehicle, 
the camera is mounted on a camera car 
and the camera motor driven from bat-
teries. The frames per second are set 
using a tachometer. Very often, a wild 
shot involving sound is made using a 
1/4 -inch tape recorder which is battery 
driven. (See Question 3.72.) 

18.326 What is printer distortion?— 
Distortion of the sound track created by 
flutter and slippage in the film transport 
system of the printer mechanism. 

18.327 What effect does printer 
flutter have on the sound track repro-
duction?—The same effect as a sound 
head with flutter. Piano music takes on 
the characteristics of a harp, resulting 
in distorted reproduction. 
The flutter of a printer in good con-

dition will generally be on the order of 
0.12 percent or less. Excessive flutter 
also affects the printing of cross-modu-
lation tests. (See Question 18.242.) 

18.328 How may the flutter of a 
printer be measured?—By recording a 
3000-Hz negative on a recorder known 
to have low flutter, and then making a 
print from this negative on the printer 
in question. The flutter of the print and 
negative is then measured on a sound 

head of low flutter. The measured dif-
ference in flutter between the negative 
and print is an indication of the printer 
flutter. (Flutter bridges are discussed in 
Question 22.41, and flutter measure-
ments are discussed in Question 23.149.) 

18.329 What is an exposure test?— 
It is a full-width exposure of the sound 
track without modulation, put on the 
end of each roll of recorded sound 
track. It is generally about 20 feet long, 
and it is the exact same exposure as the 
sound track. It is torn off by the labora-
tory and run through first to determine 
the time of development for the re-
quired density. At the end of the pro-
gram material, a punch mark is put in 
the film to assist the laboratory in find-
ing the inner end. In a variable-area 
recording system, the exposure test is 
made by tilting the galvanometer so 
that the light image covers the full slit. 
For a light valve, the bias is removed. 
For a direct positive, the procedure is 
reversed; that is, the bias is closed down 
to near the closure point. 
When a biased galvanometer is re-

cording a standard track, it is tilted to 
completely illuminate the slit. For a 
direct-positive track, the procedure is 
again reversed; that is, the galvanome-
ter is tilted until the slit is completely 
dark. The importance of these tests 
cannot be overemphasized, as it is the 
only means the laboratory has for de-
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termining the correct density. It is the 
polky in some studios to first record a 
spot-check cross-modulation test for 20 
feet at the end of the program on each 
roll, and then use the exposure test. 
The cross-modulation test is then run 
along with the dailies, and is then mea-
sured. This test can be used as a quality 
control. For the light-valve variable-
density recording, the procedure is the 
same. 

18.330 Describe the facilities re-
quired in a transfer channel for magnetic 
tape, film, and photographic sound 
track..—Generally, one of the busiest 
sections of a sound department is the 
one that. deals with transfer channels. 
It is here that the production sound 
track from the shooting of the previous 
day is transferred, along with music 
and sound effects. 

If the studio employs Y4-inch sync-
pulse magnetic tape recorders or 17.5-
mm magnetic film for production re-
cording, these tracks must be trans-
ferred to 35-mm magnetic film for 
editorial purposes. After a rerecording 
session, the master sound track must be 
transferred to a photographic sound-
track negative for printing on the re-
lease print, or magnetic submasters 
must be made for transferring to re-
lease prints, using magnetic sound 
tracks. (See Questions 17.179 and 
17.202.) The 1/4 -inch sync-pulse equip-
ment must also be capable of transfer-
ring recorded tapes, using Rangertone, 

Ryder Echelon, and Nagra sync-pulses, 
and equipped to record a sync pulse on 
a tape when required. 

The equipment of a transfer channel 
must be quite flexible and capable of 
being patched up quickly. When neces-
sary, it must be usable as back-up 
equipment for other parts of the de-
partment. A typical transfer channel in 
one of the Canadian motion picture stu-
dios, consisting of eight racks of equip-
ment, is shown in Figs. 18-330A and B. 

In rack 1 at the far end are mounted: 
film-loss equalizers, a machine-and-
monitoring-selection panel, high- and 
low-pass filters, cross-modulation read-
out panel, and a small patch panel. (See 
Question 18.234.) Rack 2 houses two 
line amplifiers, limiter-compressor am-
plifier and balancing panel, patch panel, 
attenuators, and two monitor amplifiers. 
Rack 3 contains an RCA 1/4 -inch sync-
pulse recorder-reproducer, with a sync-
pulse synchronizer and resolver used 
for the transfer of daily production 
sound track. A magoptical machine is 
shown in rack 4. This machine will re-
produce 17.5-mm magnetic film at 45 
fpm and 35-mm film at 90 fpm, as well 
as standard or push-pull optical sound 
track. It can also be used to record ei-
ther 17.5- or 35-mm magnetic film. 
A three-track magnetic recorder-re-

producer is shown in rack 5. This ma-
chine is used to transfer dubbing mas-
ters to photographic sound track. At the 
extreme right in rack 6 is a 16-min 

Fig. 18-330A. Recording and reproducing equipment in a transfer channel. Transfers 
may be made to magnetic or photographic film. 



OPTICAL FILM RECORDING 1007 

Fig. 18-33013. Photographic film recorders and control equipment. 

rnagoptical machine capable of record-
ing and reproducing 16-mm magnetic 
film running at 36 fpm. This machine is 
also capable of reproducing 16-mm op-
tkal sound track. All the machines 
shown and those in the machine room 
and the projection booth are capable of 
being selsyn interlocked, when neces-
sary, with the transfer room. 
On the other side of the room (Fig. 

18-330B) are two RCA photographic 
film recorders and two racks of control 
equipment. These two racks, 7 and 8, 
contain two RCA recording and noise-
reduction amplifiers, and two Kepco 
constant-voltage power supplies for the 
recorder exposure lamps. Included also 
are two VU meters for indicating the 
magnetic and optical bus levels, patch 
panel, and a cross-modulation oscilla-
tor. Turntables and nonsync tape ma-
chines (not shown) are included as 
auxiliary equipment. 

The motors of all machines are dual-
purpose; that is, they may be operated 
selsyn interlock or as a straight syn-
chronous motor. Two selsyn buses are 
provided at each machine, with the dis-
tributors being remotely controlled by 
a 28-Vdc control system near the cen-
ter of the racks. Intercommunication is 
provided throughout the department. 

All magnetic reproducers are sup-
plied high and low voltage from a group 
of Kepco constant-voltage power sup-
plies in a power room some 75 feet. 
away. Interconnecting wiring and wir-
ing to other parts of the department are 

carried by a 6-cell metal gutter above 
the racks. Such a gutter is discussed in 
Question 24.49. The block diagram for 
this installation is given and discussed 
in Question 18.331. 

/8.331 Give the block diagram for 
the transfer channel discussed in Ques-
tion 18.330.—Starting from the upper 
left in Fig. 18-331A, and proceeding 
downward are shown racks, 5, 4, 6, and 
3. At rack 5 is a three-track 35-mni re-
corder-reproducer used for transferring 
the dubbing-master sound tracks to 
photographic sound track. The output 
at the top is taken from a combining 
network which combines the three 
sound tracks into a composite sound 
track, and is fed to a machine monitor 
switch Sl. This switch is used to select 
the monitor circuits of the several ma-
chines. The signal from SI passes 
through monitor gain control Pl, then 
to switch S2 and to a monitor amplifier 
and loudspeaker. In the direct position 
of switch S2, monitoring is taken di-
rectly from the magnetic recording 
bridging bus, through bridging trans-
former 1, gain control P2, then to the 
monitor amplifier. The individual sound 
tracks from the machine are brought 
out separately to jacks in the patch 
panel. 

Switch S3 selects the signal to be re-
corded and applies it to the channel 
gain control P3, and from this control to 
the input of line amplifier 1, which 
drives the magnetic bridging bus. From 
the bus, the signal is taken through 
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bridging transformer 2, an attenuat,or, 
and to the input of a limiting amplifier. 
The limiting amplifier is so adjusted 
that 1 dB of limiting is obtained for 90-
percent deflection of the recording gal-
vanometer on the photographic record-

ers. Ceiling control P4 permits the 
amount of limiting to be varied over a 
range of 4 dB, in steps of 1 dB. 

At the output of the limiting ampli-
fier is an attenuator which reduces the 
signal level and applies the signal to a 
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Fig. 18-331A. Block diagram for the transfer channel discussed in Question 18.331. 
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Fig. 18-331B. Bridging-bus connections for transfer channel. 

high- and low-pass filter, film loss 
equalizer, line amplifier, and to the op-
tical recording bridging bus. Across the 
bus are fed the noise reduction and re-
cording amplifiers for the optical re-
corders, also two VU meters that ap-
pear in racks 1 and 7 (Fig. 18-330B). 
Two VU meters are also connected 
across the magnetic bridging bus and 
appear in the same racks. A meter for 
indicating the amount of dB limiting 
(not shown) also is mounted in rack 1. 
The details of the optical bridging bus 
are shown in Fig. 18-331B. 

For transfer of 16-mm magnetic 
sound track to an optical sound track, 
an 80-Hz high-pass filter and a 6000-Hz 
low-pass filter are used. For 35-mm 
transfers, the 45-Hz high-pass and 8000 
Hz low-pass filters are employed. The 
combination of equipment permits any 

type transfer to be made, either mag-
netic or photographic. The same output 
lines are used for the magoptical ma-
chines; the type reproduction is selected 
at the machines. 

Only the basic design has been given 
for this installation. Operating levels 
have been purposely left out, as each 
installation is set up to meet local con-
ditions and equipment. The bridging 
bus with its various pieces of equip-
ment is shown in Fig. 18-331B. 
The frequency response of such an 

installation in the flat position should be 
within plus or minus 1 dB, at 30 to 12,000 
Hz, and the optical recorders should be 
well within the manufacturer's specifi-
cations. The monitoring system should 
have wide-frequency characteristics 
with low distortion. As a rule, the 
transfer channel does not attempt to 
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make any corrections to an existing 
sound track; its purpose is to make, as 
nearly as is possible, a one-to-one copy 
of the original sound track. 
The recording and reproducing levels 

must be checked before any transfers 
are made, and if the material carries a 
head tone, the level is individually ad-
justed for each sound track to be trans-
ferred. The signal-to-noise ratio, fre-
quency response, and distortion must 
be checked daily. Equipment for such 
installations is discused throughout the 
various sections. 

18.332 What is an editorial sync 
mark?—lt is a sync mark used by the 
editorial department to synchronize the 
sound tracks with the picture for re-
recording. 

Because each sound track is separate 
from the picture during rerecording 
and the rerecording sound heads and 
projector are interlocked electrically, 
the machines all start from the same 
point. Therefore, a start mark is placed 
on the sound track so that the sound 
starts with the action. This is illus-
trated in Fig. 18-332. 

After the picture has been rere-
corded, the master sound track is trans-
ferred to an optical negative and syn-
chronized with the picture for printing. 
The sound is then moved ahead by the 
prescribed amount for the particular 
film in use. 

18.333 What is a mercer clip?—A 
plastic or metal clip the size of one pic-
ture frame and having four fingers at 
each end that may be slipped into the 
sprocket holes. It is used by film editors 
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Fig. 18-332. Comparison of editorial 
sync marks and that used on a composite 

release print. 

Fig. 18-333. Mercer clips for making 
temporary splices in a film-processing 

laboratory. 

and laboratories to mark a section of 
picture or sound track to be printed. 
The clips are placed at the start and at 
the end of the desired section. A clip of 
this type is shown in Fig. 18-337. 

18.334 What are clap sticks and 
how are they used?—Two flat sticks 
hinged at one end, with a camera scene 
slate attached. When the camera and 
sound are up to speed, the assistant 
cameraman holds the slate before the 
camera to photograph the scene num-
ber. If it is a sound shot, the assistant 
cameraman announces the production, 
scene number, and take number, then 
claps the sticks together making a loud 
sharp sound. This sound is rerecorded 
in sync with the picture and is later 
used by the editorial department to 
synchronize the picture and sound track 
by matching them in an editing ma-
chine. 
A single frame of film is shown in 

Fig. 18-334 with the clap sticks in front 
of the camera. The appearance of the 
recorded waveform is shown at part 
(b). Because of its steep wavefront, it 
can be easily identified by sight or 
sound. In some types of clap sticks, a 
microswitch is incorporated which ac-
tuates a buzzer whose sound is re-
corded rather than the sound of the 
sticks. The waveform of the buzzer is 
shown at part (c), and like the sticks, 
has a steep wavefront. 

18.335 What is a pop mark?—A 
cue signal cut into the head end of a 
sound track by the editorial department 
to warn the rerecording mixer that the 
first modulations are about to start. For 
optical sound track, several scratches 
are made across the track in the dis-
tance of one frame. When these 
scratches pass the phototube of the re-
producer, they cause a popping sound 
because of the steep waveform of the 
scratches. 

For magnetic film, a single frame 
containing 400 or 1000 Hz is cut into the 
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Fig. 18-334. Clap sticks, and clap-stick modulations. 

track or recorded by a hand device that 
impresses a saturated signal which also 
results in a distinctive sound. 

18.336 What are the gear ratios 
normally used for synchronous film re-
cordeis?—For portable recorders using 
16-mm magnetic film and running at a 
linear speed of 36 fpni, the motor turns 
at 1800 rpm. This speed is reduced 
through a 25:1 gear reduction to a 20-
tooth film sprocket turning at 72 rpm. 
The motor is on the order of *5 hp and 
of the permanent split-capacitor type, 
with a torque rating of approximately 
3 inch/pounds. 

For 35-mm film, running at a linear 
speed of 90 fpm, the gear reduction is 
10:1, using a 32-tooth sprocket turning 
at 180 rpm. 

Studio recording equipment gener-
ally employ dual-purpose motors de-
signed to run at 1200 rpm, so that they 
may be used as both synchronous mo-
tors or selsyn interlock. Various types 
of motors are discussed in Section 3. 

18.337 Define the terms "Sepmag," 
"Commag," and "Compt." —These are 
terms used in Europe to designate dif-
ferent type of film operation. 
Sepmag—Sound on a separate mag-

netic film. 
Cornmag—Magnetic stripe on picture 

base. 

Compt—Photographic sound track on 
16-mm fihn base. 

18.338 Describe the basic principles 
of a variable-area optical system for 
sound recording.—Such an optical sys-
tem is shown in Fig. 18-338A and is 
similar to that used in the RCA PR-31 
film recorder, discussed in Question 
1826. At the upper center is an expo-
sure lamp filament A directed to a con-
denser lens B. In front of this lens is 
placed an image or optical mask (See 
Question 18.77). The light leaving the 
mask strikes an objective lens E where 
it is focused on the recording galva-
nometer mirror F. The light is reflected 
from this mirror to another condenser 
lens G. On the opposite side is placed 
a mechanical slit H which forms the 
scanning beam I at the film N. A sharp 
image of the slit is obtained by an ob-
jective lens J near the film. A small 
portion of the light reflected from the 
galvanometer mirror F is reflected on 
a curved mirror K thence to a flat mir-
ror L and from there to a monitor card 
M at the top of the schematic. The re-
flected image of the galvanometer mir-
ror permits the recordist to observe the 
percentage modulation of the galva-
nometer while recording. Various cali-
brations are provided on the monitor 
card to show the basic setting, margin, 
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Fig. 18-338A. An optical system for recording variable-area sound tracks similar to 
that used by RCA. 

and the operation of the noise reduction 
system. 
A schematic diagram of a Westrex 

Corp. optical system used in their RA-1 
1231 photographic recorder is given in 
Fig. 18-338B, and is of interest since a 
large number of these recorders are still 
in service. This recorder employs an 
RA-1438 modulator unit (Fig. 18-338C), 
with the optical train given in Fig. 18-
338B, which may be used for recording 
either negative or direct positive sound 
tracks. 

Referring to Fig. 18-338B, in the neg-
ative sound track position the exposure 
lamp beam A is projected through a 
light tunnel B which turns the light 90 
degrees and directs it through an ob-

BC 

DIRECT-
POSITIVE 
POSITION_ 

jective lens C then through the light 
valve ribbons D. The light then passes 
through a light valve objective lens E 
and through a 45-degree angle mirror F 
which is used only when the exposure 
lamp is in the direct-positive position. 
Leaving mirror F the light is reflected 
at a 45-degree angle by mirror G to 
another objective lens J at the film K 
on the surface of the recording drum L. 
When the exposure lamp is changed 

to the direct-positive position (down-
ward) the light passes through con-
denser lens H, to the slit mirror F and 
is reflected upward through the light 
valve objective lens E onto the light 
valve ribbon surfaces at D and back 
again through the objective lens and 

Fig. 18-338B. The optical schematic of the Westrex RA-1438 variable-area mod-
ulator unit used in the RA-1231 photographic film recorder. 
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Fig. 18-338C. The Westrex RA-1438 modulator used in the RA-1231 photographic 
film recorders for recording negative and direct-positive sound tracks. 
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mirror F. The 45-degree mirror G re-
flects the light to the remainder of the 
optical system as described for negative 
sound track recording. 

Returning to Fig. 18-333C, the prin-
cipal components are: the light valve 
unit A, exposure lamp B, objective lens 
C, and its focus ring D. 
At E is shown an eyepiece or peri-

scope used for checking the noise-re-
duction current settings, and observing 
the percentage of modulation of the 
light valve ribbons. This eye piece must 
be removed when recording as it is in-
serted in the path of the light on its way 
to the objective lens. A calibrated scale 
in the eye piece permits the percentage 
of modulation of the light valve to be 
measured in milliamperes. 

Part F is a cover to close the opening 
in the modulator when the periscope is 
not being used. Screw G is a tilting ad-
justment for the exposure lamp, and H 
an adjustment screw for adjusting the 
position of the exposure lamp in the 
direct-positive recording position. Ad-
justment screw I positions the exposure 
lamp for recording negative sound 
track. The exposure lamp in the illus-
tration shown, is in position for direct-
positive recording. 

The schematic diagram for the opti-
cal system is given in Fig. 18-338B. A 
later type optical train used in the RA-
1581A photographic recorder is given in 
Fig. 18-26B. 

18.339 Describe a footage-counter 
system for rerecording stages.—Over the 
years, several different designs of foot-
age counters have been used. The first 
systems were designed around the use 
of a Strowger stepping switch, used in 
automatic telephone exchanges. The 
switch was actuated by a commutator 
on the projection machine, and ener-
gized lamps painted with numerals lit 
up in various combinations to indicate 
the footage. Small mechanical counters 
mounted at the mixer console were the 
next to be used. These also operated 
from a commutator on the projection 
machine, or in some designs were 
driven by a selsyn interlock motor from 
the motor system. Another system em-
ployed a mechanical counter driven by 
a selsyn motor in combination with an 
optical projection system that projected 
the numerals on the upper or lower 
portion of the screen. 
A later-type counter uses a selsyn 

motor to drive a group of printed-cir-
cuit switches which energize a group of 
lights on a readout unit placed either 
above or below the screen. The readout 
unit contains a group of plastic lenses 
on which numerals are painted. The 
image of the numeral is projected on 
a small plastic screen about eight inches 
in height. The readout unit is small 
enough to be mounted at the bottom or 
top edge of the picture screen. A reset 
button at the console actuates a motor 
that returns the counting switch to zero. 
When the counter is at rest, a time-de-
lay circuit holds the lamp on the run 
position for one minute. If the system is 
not turned over within this time, the 
lamps are automatically cut off, thus 
increasing their life. 

18.340 Describe a small studio com-
bination magnetic and photographic 
film-recording channel.—The basic block 
diagram for a small studio installation 
employing both magnetic and photo-
graphic recorders is given in Fig. 18-
340. This system can be used for re-
cording music, dialogue, and looping, 
and then for rerecording to a photo-
graphic sound track, while recording a 
magnetic sound track for protection and 
playback. 
At the left is a mixer console, with 

four inputs and a fifth input for rever-
berating the sound tracks. The four in-
puts may be from a microphone, turn-
table, or magnetic or film-reproducing 
devices. If a microphone is used for dia-
logue, an additional preamplifier will be 
required for each microphone, as the 
system shown is designed for an input 
level of between minus 10 and 0 dBm. 
An equalizer is shown in each input, 
although only one or two can be used. 
In this instance, a pad will be required 
to compensate for the insertion loss of 
the equalizer if it is removed. Leaving 
the equalizers, the signals are fed 
through the preamplifier and then to a 
four-position mixer-combining network 
with the four mixer controls. 

At the output of the mixer is a hy-
brid coil feeding a compressor-limiter 
amplifier. The lower winding of this 
coil is fed from the output of a rever-
beration unit, or chamber, through a 
separate control at the mixer panel. The 
output of the compressor-limiter ampli-
fier passes through a separate ceiling 
control, then to a 40/80-Hz high-pass 
filter, and then to a 6000/8000-Hz low-
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pass filter, which feeds a 600-ohm 
bridging bus. From the bus, the signal 
is fed through a monitor amplifier low-
pass filter and a power amplifier, to the 
loudspeaker behind the screen. The VU 

meter is also fed from the bridging 
bus. 

The bridging bus also feeds a mag-
netic film or tape recorder for protec-
tion tracks, a film-loss equalizer for the 
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Fig. 18-340. Basic block diagram for a small studio installation employing both 
magnetic and photographic recorders. 
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film recorder, recording amplifier, film 
recorder, and noise-reduction amplifier. 
Many other combinations of equipment 
are possible, and are discussed in Sec-
tion 9. The other devices are discussed 
throughout the various sections of this 
book. 

18.341 Describe the procedure for 
checking out o rerecording channel.— 
Consistent recording quality requires 
that certain tests and measurements of 
the equipment be made daily. These 
tests consist of measuring the overall 
gain, distortion, signal-to-noise ratio, 
compression, monitoring level, and 100-
percent modulation of the recorders. If 
photographic recorders are being used, 
the noise-reduction amplifiers and the 
margin must be checked. It is the policy 
in most recording establishments to 
make certain spot checks before each 
recording session. If the equipment has 
been off for any time, a reasonable 
amount of warm-up time must be al-
lowed, particularly for exposure lamps 
in photographic recorders. It has been 
found from experience that equipment 
will give its best service if it is left on 
throughout the day. Generally, equip-
ment turned on and off will require 
greater maintenance. A list of the most 
important tests and measurements are 
given below. They represent no partic-
ular equipment and will be altered by 
local conditions. 

A. Send a 400-Hz signal correspond-
ing to the output level of the repro-
ducer into a mixer input. The mixer 
control is set to its normal operating 
point (generally 15 to 20 dB loss) and 
left there. Key out any equalization in 
the input circuit and set the compressor 
to compression off. Assuming that the 
system has been operating normally, the 
VU meter across the bridging bus 
should indicate its normal level (which 
is fisually plus 10 or plus 14 dBm). The 
bus level should be within plus or 
minus 025 dB of its normal operating 
level (sine wave). 

B. Key in the compressor. The level 
at the bridging bus should drop a given 
amount, depending on the compression 
ratio in use. 

C. Measure the monitoring level. This 
should be within plus or minus 0.5 dB 
of the normal level. • 

D. Measure the signal-to-noise ratio 
across the bridging bus. It should be at 
least 60 dBm. If the bus is operated at 

plus 10 dBm, the signal-to-noise ratio 
is then 70 dB. 

E. The distortion of the system with 
and without compression is then mea-
sured. The distortion at the normal 
bridging bus level without compression 
should not exceed 0.50 percent, with 
compression 1 percent. 

F. A spot check of the frequency re-
sponse may be made by sweeping the 
oscillator across the bandwidth of the 
console, taking into consideration any 
filters in the circuit. 

G. The deflection of the light modu-
lator in the photographic recorder is 
noted, and the noise-reduction amplifier 
is checked. 

H. The 100-percent modulation of 
the magnetic recorders is noted. 
L Thread loops consisting of a 400-

Hz or 1000-Hz signal on all the repro-
ducers. For optical reproducers, the 
percent modulation should be 80 per-
cent; for magnetic reproducers, 100 per-
cent. The output level of each repro-
ducer is adjusted to produce the same 
bridging bus level as the oscillator, with 
the mixer control set to the same loss as 
given in A. 

J. The VU meter may now be set for 
a lead of 6 to 8 dB to prevent unseen 
peaks from overloading the system. 

The various items used in a rere-
cording channel are dealt with in more 
detail in their appropriate sections, and 
their operations are fully explained. 

18.342 Give a brief description of 
sound trucks.—Sound trucks are de-
signed using two different methods. In 
the first method, the truck is designed 
to house portable equipment. In the 
second design, the truck houses per-
manently installed equipment, and it is 
much larger in size with more facilities 
provided. 

In the first design, the truck is prin-
cipally a carrier, with racks and fixtures 
built in for holding the portable equip-
ment during transportation. For bad 
weather or nonset operation, the mixer 
is mounted on the right side of the 
drivers seat and the recorder is on a 
table in the interior, with the camera 
control and batteries. Usually a rack is 
mounted on either the side or the top 
of the truck for carrying the micro-
phone boom. 

The second design incorporates a 
modified studio installation. The truck 
contains a battery system which drives 
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an alternator that generates single and 
three-phase power for operating the 
sound equipment and driving the cam-
•eras. A portable mixing panel with in-
terconununication is set on the stage, 
and is connected to the sound truck by 
cables. The permanently installed 
equipment is shock-mounted in racks 
which also contain test equipment and 
other devices necessary for its opera-
tion. In the studio, these trucks are 
parked outside a stage or may be used 
for locations. However, most heavy 
sound trucks have now been replaced 
with light portable equipment, as de-
scribed throughout the various sections. 

18.343 Describe how the monitoring 
level for a rerecording stage is deter-
mined.—Each rerecording stage has a 
particular monitoring level that is best 
for the size of the room, the picture, and 
the distance the mixing console is placed 
from the screen. There is a definite psy-
chological relationship between these 
factors. If the picture is small for the 
distance and the monitoring level is low, 
the mixer will have a tendency to re-
cord everything at too high a level. If 
possible, the picture size should be 
slightly oversize for the room and the 
monitoring level kept on the high side. 
This keeps the sound perspective in re-
lation to the picture in balance. 

After the monitoring level has once 
been determined for a stage, it should 
be kept within 0.5 dB by measuring the 
electrical monitor level daily. If the 
stage is large, temperature and humid-
ity will also have their effects. 

For recording 16-mm pictures, the 
monitoring level should be reduced 3 to 
4 dB below that normally used for re-
cording 35-mm pictures. The reason for 
this is that dialogue for 16-mm pictures 
is generally recorded with an average 
level of 70 to 85 percent, whereas for 
35-mm, it is recorded at an average 
level of 40 to 60 percent. The monitor-
ing level, if left set as for 35-nun re-
cording, would be too high. Thus, the 
mixer has a tendency to pull everything 
down in level. Reducing the monitoring 
level by 4 dB will result in a proper 
balance for 16-mm between the dia-
logue, sound effects, and music. 

It is assumed that before the moni-
toring level is finally set, the monitor 
low-pass filter (if used) has the proper 
cutoff, and the low-end characteristic 
of the stage has been properly adjusted 

for its reverberation characteristic. This 
may be ascertained by the use of an 
Academy Test Reel (see Question 
19.62). The reproducing characteristic 
should never be over-bassed, or the 
high end made "hot." This only results 
in false reproduction, and the final re-
corded program material will not be 
suitable for either theater or television 
reproduction. The final listening quality 
of a stage should be natural and free 
from distortion, with a high rate of in-
telligibility. When rerecording, if the 
original dialogue has a bassy sound, 
then a low end rolloff should be used 
(as discussed in Questions 6.80 and 
6.122). 
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Fig. 18-344A. Cross-sectional view of a 
thermoplastic (TPR) tape for recording 

optical images. 

18.344 Describe a thermoplastic re-
cording system.—Thermoplastic record-
ing (TPR) is a development of General 
Electric, invented by Dr. William E. 
Glenn of the General Electric Research 
Laboratory. The recording medium is a 
thermoplastic film, with a base similar 
to regular motion picture film, and re-
quires no processing. It is said to com-
bine the immediate playback features 
and the versatility of magnetic film, or 
tape, with the storage capacity of pho-
tography. 

Electrons are used to convert infor-
mation to be recorded, including visual 
images, into microscopic wrinkles in 
the surface of the film. The ripples are 
formed by means of a minute, modu-
lated electronic beam which scans the 
surface of the film, and charges the sur-
face in a pattern comparable to the im-
age to be recorded. The recorder has an 
electrical input similar to a magnetic 
recorder, and an image output similar 
to photographic film. The image can, if 
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Fig. 18-3448. Basic plan of the thermo-
plastic recorder. 

necessary, be converted to electrical 
impulses. 

The basic principle for recording the 
image is shown in Fig. 18-344A, a cross-
section of the theromplastic film. On 
top of the base is a transparent con-
ducting coating, and on top of this is a 
thin coating of thermoplastic material. 
This material will melt when subjected 
to fairly high temperature. The surface 
of the thermoplastic is charged with an 
electron beam in a pattern that corre-
sponds to the pattern of ripples from the 
Image. As the film moves on, a current 
induced in the transparent conducting 
coating heats the fihn, and the thermo-
plastic coating melts. The charges are 
attracted to the conducting coating and 
depress the surface of the thermoplastic. 
After the surface has been deformed 
by the charges, the film is permitted to 
cool, which freezes the ripple pattern 
into place in less than 1/100 second. The 
recorded information may be erased by 
heating the thermoplastic again to a 
higher temperature, to permit the 
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Fig. 18-344D. Projection optical system 
for a TRP projection system. 

charges to leak away. Surface tension 
smooths the surface back to its original 
shape, and the film then becomes re-
usable. 

The basic design for a thermoplastic 
recorder is shown in Fig. 18-344B. The 
film is recorded in a vacuum (0.1 mi-
cron pressure) since the electron gun of 
the recording mechanism must be in a 
vacuum. This is not difficult because 
with modern equipment, the required 
vacuum may be achieved in about one 
minute. The signal source for this par-
ticular recorder is simply the inter-
mediate frequency taken from a black 
and white television set with about a 
1-volt level. For color recording, an-
other signal of the same voltage level is 
added to an additional electrode. 
To illustrate the principles of pro-

jecting the picture, the basic principle 
of a standard motion picture projector 
is shown in Fig. 18-344C. It employs a 
plane light source, condensing lens, and 
a projection lens. The light source is 
imaged on the projection lens by means 
of the condensing lens; in turn, the pro-
jection lens images the slide to the pro-
jected screen. 

If this plan is modified to use a line 
light source and image on a set of bars 
in front of the projection lens (Fig. 18-
344D), no light passes through the 
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Fig. 18-344C. Conventional motion pic-
ture projector optical system. 

Fig. 18-344E. Optical system for a TRP 
system projecting a color film. 
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screen. If, however, there are ripples on 
the surface of the film at any particular 
point, these will scatter light through 
the bars. Thus, the bars act somewhat 
like a shutter, and permit the light to 
pass where ripples occur. As the light 
passes through the projection lens, it 
images the ripple on the screen as a 
white spot. A clear slide with ripples 
on the surface will appear as a black 
and white picture when projected on 
the screen. 

The system can be modified to pro-
duce color pictures, as shown in Fig. 
18-344E. Each picture element has in it 
a set of ripples that form a small dif-
fraction grating. The light that is dif-
fracted by this grating forms a spec-
trum on each side of the central beam. 
The slots are made small enough so that 
only one color from the spectrum passes 
through the projection lens. Since the 
projection lens can receive only one 
color of the spectrum, the spot that ap-
pears on the screen will appear as a 
single color. For the spot to appear as 

another color, the spacing of the grating 
is changed, allowing a different part of 
the spectrum to pass through the grat-
ing. To produce a color that is formed 
by a superimposition of two or more 
colors, the gratings are superimposed 
and superimposition of the color results. 
To illustrate its storage capacity, a 

TPEt system could, in principle, record 
24 volumes of the Encyclopaedia Bri-
tannica on a reel the size of a spool of 
thread, taking only one minute to re-
cord each volume. The recorder uses a 
16-mm film base with 8-mm perfora-. 
tions, with an image size for 8-mm film. 

18.345 Show a typical mixers log 
sheet for production recording.—A pro-
duction mixers log is shown in Fig. 
18-345. The time, scene, and take num-
ber are entered for each take, along 
with the crew names and other perti-
nent data. 

18.346 Describe a microscope suit-
able for optical sound-track inspection. 
—Such a microscope is shown in Fig. 
18-346. The microscope sample stage is 
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modified and fitted with two guide roll-
ers and bars to hold either 16- or 
35-mm film in place. The film may be 
mounted on rewinds if desired and 
passed under the objective lens of the 
microscope. The rollers move inward 
for 16-mm film inspection. The eye piece 
should be fitted with a reticule cali-
brated zero to 100 mils, with the capa-
bility of being read to within 0.5 mil. A 
magnification of 10 is generally suffi-
cient for most purposes. 

18.347 Describe an optical compari-
tor.—A comparitor is an optical device 
for magnifying samples placed on a 

Fig. 18-346. Microscope for inspecting 
end measuring optical sound track. 
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stage. It is similar to a microscope ex-
cept that the image of the object is rear-
projected on a screen about 12 inches 
in diameter. Transparent scales with 
many different type calibrations may be 
placed over the viewing screen. Mi-
crometer adjustments on the sample 
stage permit the measurements of the 
sample in two planes in 1/10,000 inch. 

Such devices are quite useful where 
a large amount of optical film has to be 
inspected, as the operator is not re-
quired to use an eye piece, but only to 
view the sample on a screen. Compari-
tors can be used for inspecting the 
sharpness of the sound track, place-
ment, modulation amplitudes, and many 
other measurements. They are quite 
useful for inspecting magnetic record-
ing and reproducing heads, particularly 
if the gap is less than 1 mil in height. 
Objects may be magnified 10 to 100 
times, depending on the particular ob-
jective lens employed. 

18.348 Describe a solid-state mod-
ulator for recording on photographic 
film.—A Russian scientist, Lossov, dem-
onstrated in 1922, that optical film could 
be exposed by the electroluminescent 
properties of silicon carbide. Only re-
cently with semiconductor devices 
available, this phenomenon has been 
applied to sound recording on photo-
graphic film. A silicon-carbide diode 
emits either a yellow or blue light, de-
pending on the impurities used to form 
the junction. This material is high on 
the hardness scale. It will withstand 
temperatures up to 1000°C, and will op-
erate at near room temperatures. Its life 
is limited only by its external equip-
ment, such as leads and contacts. 

Diodes capable of emitting light are 
termed light-emitting diodes" (LED) 
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Fig. 18-348A. Frequency response for silicon carbide electrolurninescent diode. 
Recorded on Kodachrome IIA color film. 
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Fig. 18-3488. Frequency response for silicon-carbide electroluminescent diode. 
Recorded on black and white Plus-X reversal film. 

and change electrical energy into light 
energy without passing through a ther-
mal stage, as do incandescent lamps. 

For 16-mm recording, the dimensions 
of the diode are 0.5 x 1 X 2 cm, with 
the 1X 2-cm face parallel with the 
light-generating junction. It is thought 
that the light is emitted from a region 
10 cm thick, about two light wave-
lengths in width. While blue silicon 
carbide is somewhat faster, the yellow 
diode is essentially constant over the 
audio spectrum, being down less than 
6 dB at 50 kHz. Frequencies of 100 to 
6000 Hz have been achieved on 16-mm 
film with suitable equalization (diode 
dimensions curtail the range). The 
light is produced by the forward bias at 
the p-n junction which is about 1 X 2 
mm for 16-mm recording. 
The frequency-response measure-

ments given in Figs. 18-348A and B 
were recorded using constant-ampli-
tude frequencies applied to the input of 
the diode. The loss of high-frequency 
response can be overcome to a great 
extent by the use of equalization in the 
recording amplifier circuits. Such de-
vices are under development for optical 
sound-track recording on both 16- and 
8-mm photographic film. 
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Fig. 18-349. Marking device for indicat-
ing selected takes when looping dia-

logue. 

The diode is held in close proximity 
to the film (not in actual contact). No 
electro-optical parts are required, and 
the recording is of variable-density 
type. The operating point is at 10-per-
cent transmission for black and white, 
and 70-percent transmission for color at 
9000A. Signal-to-noise ratio is about 30 
to 40 dB for black and white, and 20 dB 
for color. 
Power specified is 15V at 50 mA for 

16 mm. For 8-mm recording, the diode 
diameters are smaller; thus, less power 
is required. The diode light output is 
slightly sublineal with current. The 
THD is on the order of 4.9 percent at 
40 percent modulation. For further dis-
cussion of this subject, the reader is re-
ferred to the reference. 
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Section 19 

Motion Picture 
Projection Equipment 

Heinrich Hertz discovered photoeznission in 1887, but until Dr. Lee DeForest 
invented the "Audion" in 1907, photoemission could not be electronically amplified 
and reproduced. Lauste and Ruhmer were experimenting with photographic sound 
recording around the turn of the century. Edison, Gaumont, Whitman, Madelar, 
and others worked to develop talking pictures, but most projection involved pho-
nographic devices. More than eighty different systems, using both film and disc, 
were on the market around 1928. No standardization existed, which must have 
resulted in confusion in the projection booth. 

With the varied-type productions of today, this confusion could still occur, 
unless the projectionist is well equipped and has a store of knowledge to meet the 
problems. He must be somewhat of a showman, and he must be familiar with 
lenses, apertures, aspect ratios, synchronization, and various type sound tracks. 
Also, he must understand the proper use and care of his equipment. In the motion 
picture studio, the projectionist is a key figure who works closely with the sound 
department. He operates specialized equipment adapted for dubbing, looping, and 
the running of dailies. 

Maintenance is generally the responsibility of the souhd department. This de-
partment has at its disposal such test films as Academy test reels, frequency films, 
and track for checking alignment and flutter, etc. 

In addition to the types of motion picture projection equipment previously men-
tioned, this section also deals with 8- and 16-mm projectors, combination 35-, 55-, 
tioned, this section also deals with 8- and 16-mm projectors, combination 35-, 55-, 
general information. The Standards given and quoted in this section are those in 
present use. However, several are at present under review and may be changed 
in the near future. 

19.? What are actinic rays?—Light 
ray colors to which photographic emul-
sions respond, such as red, green, blue, 
violet, and ultraviolet. 

19.2 What is a lambertP—A unit of 
brightness. 

19.3 What is a lumen?—The unit of 
luminous flux representing a definite 
rate of light emission. 

19.4 What is a lux?—The practical 
unit of illumination. 

19.5 Explain candle and candela, 
and their associated terms.—One candle 
power is the amount of light given off 
by one candle over one square foot of 
surface, when located one foot from 
that surface. Other terms associated 
with the measurement of light are 
given. 

Foot-candies — lumens foot-lamberts 
area — reflectivity 

Lumens = foot-candles x area = 
foot-lamberts x area 

reflectivity 

lumens X reflectivity 
Foot lamberts = 

area 
foot-candles x reflectivity 

Foot-lambert = 3.426 nits 

nit = 0.2919 foot-lambert 

The nit is an international unit of lumi-
nance equal to 1 candle/sq meter. Mo-
tion picture screen luminance in the 
United States is generally measured in 
foot-lamberts, although in international 
usage, the preferred unit is the nit. 

1023 
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Luminous intensity or candle power 
is a measure of light source which de-
scribes its luminous flux per unit solid 
angle in a particular direction. For 
many years, the standard measure of 
luminous intensity has been the inter-
national candle, established by the Na-
tional Bureau of Standards. The light 
from a group of carbon marnent lamps 
was used as the basis for this standard 
measure. In 1948, the International 
Commission on Illumination agreed on 
the introduction of a new standard of 
luminous intensity, candela, to distin-
guish it from the term candle. The can-
dela is defined by the radiation from a 
black-body radiator operating at the 
solidification temperature of platinum. 
One candela is the luminous intensity of 
Yooth square centimeter of such a radia-
tor. The effective change in the candle 
is on the order of tenths of a percent. 
The term luminous flux is used to 

denote the time-rate flow of light en-
ergy, that characteristic of radiant en-
ergy which produces visual sensation. 
The unit of luminous flux is the lumen, 
which is the flux emitted in unit solid 
angle by a uniform point source of one 
candela. Such a source produces a total 
luminous flux of 4ir lumens. Illumina-
tion is the density of luminous flux in-
cident on a surface. The common unit 
of illumination is the foot-candle. 

Black-body radiation can be ex-
plained as follows. As a body is raised 
in temperature, it first emits radiation 
primarily in the invisible infrared re-
gion. Then as the temperature is in-
creased, the radiation shifts to the 
shorter wavelengths in the visible spec-
trum. If the radiating body is one that 
can be technically called black, its be-
havior can be accurately described by 
the laws of radiation. A black body is 
one which absorbs all incident radia-
tion. This radiation is neither trans-
mitted nor reflected. 

19.6 How does the intensity of light 
vary with distance?—It varies inversely 
as the square of the distance. 

19.7 What are the basic types of 

ienses?—Plano-convex, double-convex, 
concave-convex (sometimes called a 
meniscus), plano-concave, and double-
concave. Lenses are divided into two 
groups, positive and negative. A posi-
tive lens converges the light rays and 
must be thicker at the center than at 
the outer edges. A negative lens di-
verges the light and must be thicker 
at the borders than at the center. Basic 
lenses are shown in Fig. 19-7. 

19.8 What is a wide-angle lens?— 
One in which the field of view covers 
an area of 70 to 100 degrees. 

19.9 What is the focal length of a 
lens?—The distance from the focal point 
to the center of the lens. 

19.10 What is the f number of a 
hue—A number used to indicate the 
speed of a lens. The number is equal to 
the focal length divided by the effective 
aperture. The f value deals with the 
relationship of the diameter to the focal 
length. A lens with an fl rating means 
that for every inch of focal length there 
will be one inch of diameter. Therefore, 
an fl, 6-inch lens will have a diameter 
of 6 inches. An f2, 6-inch lens will have 
a 3-inch diameter, or 2 inches of focal 
length for every inch of diameter. 

19.11 What is a lens "T" stop cali-
brationP—An individual calibration of a 
lens relative to its light passing capabil-
ities. A "T" stop calibration takes into 
account the light lost by reflection, the 
number of elements in the optical train, 
the light lost by absorption as it passes 
through the lens elements, and manu-
facturing tolerances. As a rule, the lens 
elements are coated, which reduces the 
light loss from about four to one per-
cent. 

In the f system of lens calibration, 
each f value is computed mathemati-
cally from the physical dimensions of 
the lens system. Lenses calibrated by 
the "T" stop method use a calibrating 
light which is passed through the lens, 
and the loss of light for different dia-
phragm settings is measured by means 
of a photocell. Thus, a "T" stop cali-
bration is an individual calibration of 

(a) (b) (c) (d) (e) (f) 
Fig. 19-7. Basic lenses. (a) Plano-convex. (b) Double-conve. (c) Converging con-
cavo-convex. (d) Diverging concavo-convex. (e) Plano-concave. (f) Double-co aaaaa . 
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the true light-passing capabilities of the 
lens. As a rule, lenses used in the 
motion picture industry are calibrated 
at regular intervals or after they have 
been serviced. The term "T" is short 
for transmission. 

79.12 What is meant by the speed 
of a lens?—It is the diameter relative 
to the equivalent focus (abbr. ef). Pro-
jection lenses vary in diameter from 
1% inches to 5 inches. The diameter has 
no bearing on the picture size; however, 
the smaller the lens diameter, the more 
sharply defined will be the picture, but 
with less light. The larger the lens, the 
greater the amount of light, but with 
less definition. 

Projection lenses are made in three 
Sizes: quarter, half, and full size. A 
quarter-size lens means that the diam-
eter is one-fourth the equivalent focus. 
For example, a quarter-size 8-inch lens 
has a diameter of two inches. 

19.73 What is the optical axis of o 
lens?—The one path (through an opti-
cal system) which does not change the 
direction of light rays transmitted by 
that lens. • 

19.14 What is chromatic aberration 
in a lens?—Color fringes when white 
light is passed through a lens caused by 
the light rays of different colors being 
bent different amounts. This effect is 
also called light dispersion. 

19.15 What is spherical aberration 
in a lens?—A deviation of the light rays 
as a result of different zones of the lens 
having different focal lengths. The rays 
of light form images at various points 
along the optical axis, resulting in a 
blurred image. 

19.16 Does the curvature of a lens 
affect the focal length?—Yes. The 
greater the curvature the shorter will 
be the focal length, because of the 
greater angle of incidence and conse-
quent greater refraction of the light 
rays. 

19.17 What is a meniscus lens?— 
One with a concave and a convex sur-
face. (See Question 19.7.) 

19.18 What are Newton's rings?— 
Colored rings due to light interference. 
They may be seen about the contact 
area of a convex lens with a plane sur-
face, or they may be caused by two 
lenses differing in curvature. 

19.19 What does the term enamor-
phosis mean?—It is a term applied to a 
lens system used in the photographing 

and reproduction of wide-screen mo-
tion pictures. The image is photo-
graphed using a predistorted optical 
image, which elongates the image in the 
vertical plane. The image is restored to 
its normal appearance by the use of the 
lens system in the projector. This par-
ticular lens system has a reverse char-
acteristic of the lens system used to 
photograph the image, and it was de-
veloped by a French physicist, Dr. 
Henri Chretien. This system, using an 
aspect ratio of 2.35:1, was first used by 
20th Century-Fox, in the production of 
The Robe, in 1953. This system is now 
used by most motion picture studios, 
with aspect ratios up to 2.94:1. 

In the original CinemaScope system, 
the camera lens sees a picture twice as 
wide as the conventional lens does, but 
it compresses the image horizontally by 
50 percent, in order to eliminate the 
need for a film twice as wide. When 
projected, the projector lens system 
spreads the image to the desired aspect 
ratio. The image ratio or screen is gen-
erally on the order of 2.35:1, or greater. 
(See Questions 19.83, 19.123, and 19.126.) 

19.20 What is a coated lensP—A 
lens in which the elements are coated 
with a solution of magnesium fluoride 
to reduce reflections from the surface 
of the glass and to improve the trans-
mission of light. A coated lens will 
transmit approximately 30 percent more 
light than an uncoated one. As an ex-
ample, uncoated glass reflects about 6.5 
percent of the light falling upon it. 
When the lens is coated, this figure 
drops to about 0.30 percent. A six-ele-
ment uncoated lens may transmit 73.51 
percent of the light, but when coated, 
this same lens will transmit 94.15 per-
cent of the light. An eight-element un-
coated lens may transmit 66.34 percent 
of the light, but when coated, the trans-
mission is increased to 92.27 percent. 

Coated lenses may be identified by 
shining a light on their surfaces and 
noting the color of the reflected light. 
If the lens is coated, the reflected light 
will appear light blue in color. 

19.27 What is the recommended 
method for cleaning projection lenses? 
—Modern projection lenses must be 
cleaned very carefully. Although they 
may be coated and present a fairly hard 
surface, the coating is microscopically 
thin and may be scratched very easily. 
Solvents such as alcohol and petroleum 
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ether should be used very sparingly, as 
these solvents may attack the optical 
cement or the lens-mount lacquer. A 
lens should be cleaned with a lint-free 
cotton cloth and a camel's hair brush. 
Heavy scum may be removed with a 
cleaning solution of mild pure soap in 
water. Precaution should be taken that 
the solution contains no caustic soda. 
Isopropyl alcohol has been found to be 
a good cleaner. Several commercial lens 
cleaners, sold under various trade 
names, are also available. 

19.22 How is a projection lens using 
multiple elements constructed?—In Fig. 
19-22 is shown a six-element lens used 
in a motion picture projector manufac-
tured by the Kollmorgen Optical Cor-
poration. The various optical elements 
may be clearly seen. 

19.23 What is an iris?—An adjust-
able lens diaphragm. 

19.24 What is the frame rate for 
silent motion picture projection?-

35-mm, 24 frames per second 
16-nun, 18 frames per second 
8-mm, 18 frames per second 

Originally, the frame rate for both 8-
and 16-mm silent projection was 16 
frames per second. However, to elimi-
nate flicker, the frame rate has been 
increased to 18 frames per second. A 
three-blade shutter is used, and this re-
sults in a flicker rate of 54 Hz. 

19.25 What are the standard num-
ber of frames per foot of film? 

35-mm, 16 frames per foot 
16-mm, 40 frames per foot 

8-mm, 72 frames per foot (nonprofes-
sional) 
8-mm, 80 frames per foot (Super 

8-mm professional) 
(See Questions 19.26, 19.31, and 18.50.) 

19.26 What is the projection frame-
rate per second for 8-mm film?—For 
single film, the rate is 18 frames per 
second and for Super 8-mm, it is 24 
frames per second. The sound is re-
corded on a magnetic stripe, using a 
frequency response within the limits of 
the Standard given in Fig. 17-170. Be-
fore the issuance of the present Stan-
dard, the linear speed was 16 frames per 
second. However, because of the im-
provements in projector design and il-
lumination (with a noticeable reduction 
of picture flutter on the screen), the 
linear speed has been increased to 18 
frames per second (nonprofessional), 
and 24 frames per second for Super 
8-mm film (professional). A three-
bladed shutter is employed. 

Although the linear speed for pro-
fessional sound projection is 24 frames 
per second, in the nonprofessional field, 
using a single system or sound camera 
with prestriped film, the sound and pic-
ture are run at 18 frames per second to 
conserve film. If the picture and sound 
are run at 24 frames per second, the 
product is termed "Super 8-mm film." 
(See Questions 19.25, 19.31, and 18.50.) 

19.27 Can optical sound track be 
recorded on 8-mm filmt—Yes. Consider-
able work has been done in this direc-
tion. However, it is the general practice 
at the present time to magnetically 

Fig. 19-22. Kollmorgen Super Snaplite six-element projection lens. 
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stripe the print. The magnetic fre-
quency response is given in Fig. 17-170, 
as set forth in USAS! (ASA) Standard 
PH22.134-1963. (See Question 18.348.) 

19.28 Give the number of perfora-
tions per frame of picture.-
8-mm, one hole above and below the 

frame, on the frame line, one edge 
only. 

16-mm single perforation, one hole 
above and below the frame, on the 
frame line, one edge only. 

16-mm double perforation, one hole 
above and below the frame, on the 
frame line, both edges. 

35-mm, four holes each side of the 
frame splitting the frame line. 

55-mm, 6 perforations. 
70-nun, 5 and 6 perforations. 
As a rule, double perforated 16-mm film 
is used only in the amateur photo-
graphic field. 

19.29 Why is the sound track ad-
vanced or retarded in relation to the pic-
ture?—To compensate for the physical 
displacement of the photocell or mag-
netic head, relative to the picture head. 
When magnetic sound tracks are used, 
the sound track is retarded, or behind 
the picture. Optical sound tracks are 
advanced relative to the picture. In the 
first instance, it is termed, pull-up, and 
in the second, pull-down, with refer-
ence to the picture aperture. For 35-mm 
and 16-mm projection, this subject is 
discussed in Question 19.44. For 8-mm 
projection, an optical sound track is ad-
vanced 22 frames, and for a magnetic 
track, it is advanced 18 frames. This is 
the present recommended practice, 
since no Standard has been published. 
(See Question 19.30.) 

19.30 What is the sound track dis-
placement relative to the picture?—The 
actual displacement of the sound track 
will depend on whether the track is 
magnetic or optical. For reproducing 
35-mm optical sound track, the photo-
tube and its associated equipment is 
placed in a sound head below the pic-
ture head, and the magnetic reproduc-
ing head is housed in a penthouse above 
the picture head. For standard optical 
sound track reproduction, the sound 
start mark is 20 frames ahead of the 
picture aperture, while the 35-mm 
magnetic sound start mark is 28 frames 
behind the picture. The only reason for 
this displacement is purely one of me-
chanical design. For 70-mm film, the 

sound start mark is 24 frames behind 
the picture. 

In studio 35-mm projection rooms 
where only rough cuts of picture con-
sisting of a single sound track and pic-
ture are run, the machines are fitted 
with a magnetic sound head placed in 
approximately the same position as the 
phototube. Most projectors used for 
dubbing are set up in this same manner. 
Therefore, the sound start mark is set 
the same for both types of sound track 
—20 frames ahead of the picture. If the 
projectors are fitted with preview mag-
azines, the sound start mark is also 20 
'frames ahead of the picture. 

The sound start mark for 16-mm film 
is placed 26 frames ahead of the picture 
for both optical and magnetic reproduc-
tion. These start marks relative to the 
picture start mark are shown in Fig. 
19-44. A projector with both a sound 
head and penthouse is shown in Fig. 
19-80A. 

In large theaters where the projec-
tion throw is greater than 100 feet, it 
may be necessary to advance or retard 
the sound track a few sprocket holes to 
bring the sound into proper synchroni-
zation at audience distances of 100 feet 
or more from the screen. This may be 
accomplished for optical sound track by 
threading the sound start mark at the 
19th, rather than the 20th frame. In the 
average theater it is necessary to emit 
the sound before the corresponding pic-
ture frame is projected, since sound 
travels at approximately 1100 fpm or 
about 50 ft per frame for a normal pro-
jection rate of 24 fpm. The projectionist 
can place the sound in synchronization 
in the theater by varying the length of 
the threading path between the projec-
tor and the sound head. 

For release prints using magnetic 
sound tracks and a penthouse, the start 
mark is moved upward. Installations 
using separate sound heads running in-
terlock with the projectors will move 
downward. To summarize: 

Film and 
Sound Track 

35-mm optical 
35-mm magnetic 
16-mm optical 
16-mm magnetic 
8-mm magnetic 
8-mm optical 

70-nim magnetic 

Displacement 
Relative to Picture 

20 frames ahead 
28 frames behind 
26 frames ahead 
26 frames ahead 
18 frames ahead 
22 frames ahead 
24 frames behind 



1028 THE AUDIO CYCLOPEDIA 

The displacement for 8-nun film is the 
recommended practice at this time, as 
no standard has yet been published. 

19.31 At what linear speeds are 
sound motion pictures projected?— 
Sound motion pictures must be repro-
duced at exactly the same linear speed 
at which they were recorded. Standard 
linear speeds in the industry are: 

35-mm, 90 feet per minute, or 18 inches 
per second, 

16-mm, 36 feet per minute, or 7.2 inches 
per second, 

8-nun, 18 feet per minute, or 3.6 inches 
per second (nonprofessional), 

8-mm, 20 feet per minute, or 4 inch 
per second (Super 8-mm profes-
sional). 

For home use or nonprofessional use, 
the slower speed is used to conserve 
film. (See Questions 19.25, 1926, and 
18.50.) 

19.32 What is projection synchro-
nism?—The physical distance the start 
marks for sound and picture are sepa-
rated. (See Questions 19.29 and 19.30.) 

19.33 How do projection light sys- • 
tems compare to direct sunlight?—The 
intensity of direct sunlight is approxi-
mately 10,000 foot-candles. In Fig. 19-33 
is a graphical comparison for four 
sources of light—sunlight, incandescent, 
the conventional arc light, and xenon 
gas lamps. It will be observed that the 
incandescent lamp is the poorest of all, 
while the arc lamp falls off rapidly in 
the shorter wavelengths. The xenon 
lamp approaches that of the sun in the 
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Fig. 19-33. Relative intensity of tung-
sten incandescent lamp and high-inten-
sity arc lamp compared to direct sun-

light. 

shorter wavelengths. The selection of a 
proper light source for screening rooms 
is an important factor, particularly for 
color prints. 

It should be mentioned that the arc 
lamp and the xenon lamps are of ex-
tremely high intensity, and should 
never be directly viewed without eye 
protection. 

19.34 How may the candle power of 
an incandescent lamp be estimated?— 
Properly heated, about 27 candle power 
per square millimeter of heated surface. 

19.35 What is the overage bril-
liancy in candle power of an arc light 
used for motion picture projection?—For 
low-intensity arcs using 15 to 45 am-
peres, approximately 150 candle power 
per square millimeter of heated surface. 
High-intensity arcs using 50 to 150 
amperes have a brilliancy in the order 
of 700 candle power per square milli-
meter of heated surface. 

19.36 How are the polarities of the 
carbons determined in a projection arc 
light?—If operated from direct current, 
the rear carbon is always negative. As 
the carbons burn down, a crater is 
formed in the positive carbon. An image 
of the crater is reflected by a concave 
mirror at the rear of the negative car-
bon on the picture aperture. Because 
the negative carbon protrudes through 
a hole in the reflecting mirror, some loss 
of light will take place. 

19.37 Why is it desirable to use di-
rect current with an arc light?—Princi-
pally because the light is steadier than 
if operated from alternating current. 
Also, if ac is used, special carbons must 
be employed to produce a white light. 
Arc lights operated from alternating 
current polarize the carbons in one di-
rection more than the other. Because 
the carbons are alternately positive and 
negative, craters are formed in both 
carbons, resulting in an unsteady light 
with less brillance. 

19.38 What type rectifiers are rec-
ommended for arc lights?—Vacuum 
tube, silicon-diode rectifiers, or a motor 
generator. The silicon-diode rectifier is 
preferred. 

19.39 What is the purpose of a 
motor feed in an arc light?—Because 
the carbons burn slowly at the ends, 
they require constant attention to main-
tain a steady light intensity. They must 
be moved toward each other at a steady 
rate comparable to their burning rate. 
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A drive motor, operated from a relay 
connected across the carbons, moves the 
carbons at a predetermined rate; thus, 
the light intensity remains constant. (In 
high-intensity arc lights, the negative 
carbon is rotated to obtain an even 
burning surface.) The motor relay is 
controlled by the voltage drop across 
the carbons. As the carbon burns away, 
the voltage drop increases, the relay 
closes, and the motor starts to close the 
gap between the carbons. When the 
carbons reach a certain point, the volt-
age drop across the relay is quite low, 
the relay drops out, and the motor 
stops. Thus, the distance between the 
carbons and the light output is kept 
fairly constant. 

19.40 Does all the light from the 
arc reach the screen?—No; about 5 per-
cent of the light striking the lens is re-
flected, with another one-half percent 
lost because of the density of the lens 
system. The aperture at the film reduces 
the light approximately 50 percent. 
Thus it is evident that less than 50 per-
cent of the light actually reaches the 
screen. If dirt is permitted to accumu-
late on the lens and porthole glass, an 
additional loss is induced. It is not un-
common to lind that only 30 percent of 
the light leaving the arc arrives at the 
screen. If the projection system is used 
for projecting wide-screen pictures, it 
will be necessary to increase the am-
perage of the arc to two or more times 
that normally used for a standard 
Academy aperture ratio. 
As a typical example, a review room 

normally using 42 amperes is required 
to increase the current to 75 amperes to 
obtain a satisfactory picture when pro-
jecting a wide-screen picture. The in-
crease in current is governed by the 
ratio of the picture, the type of screen, 
the efficiency of the lens system, and 
the lamphouse reflection system. 

19.41 What is a craterT—The de-
pression burned in the positive carbon 
when direct current is used to operate 
an arc light. 

19.42 What is a douser?—An auto-
matic control set in motion by the pro-
jectionist when cutting over from one 
projector to another. The douser cuts 
off the light from one machine, opens 
the other, turns on the sound-head 
exciter lamps, and transfers the sound 
circuits from one machine to the other. 

19.43 How is projector changeover 

indicated?—By small opaque dots which 
appear in the upper right portion of the 
picture. The changeover operation con-
sists of two steps: the motor cue and 
the actual changeover. When the first 
group of dots are seen, the motor of the 
projector is started. When the second 
group of dots are seen, the changeover 
switch is actuated. This action operates 
the douser that cuts off the light of the 
machine which is running, and opens 
the douser shutter on the machine be-
ing cut over. Assuming that the up-to-
speed time of the projectors is known 
by the projectionist, the changeover can 
be made smoothly, and the audience 
does not have to be aware of the 
changeover. Motor cue and changeover 
cue marks can be seen on the standard 
leader (Fig. 19-44). 

19.44 Describe an SMPTE universal 
picture leader.—The leader is a length 
of filin attached to the head end of a' 
motion picture. It contains sound and 
picture start marks, cutover cues, and 
other information required by the pro-
jectionist. The various markings are 
placed at standard distances and may 
be used in any standard projector either 
for 16-mm or 35-mm projection. Prints 
that are suitable for making negatives 
of this standard leader are available 
from the SMPTE (Fig. 19-44). 

The SMPTE recommended practice 
RP-25-1968 states that for 16-mm and 
35-mm synchronization information 
during the editing and rerecording pe-
riods, a single frame of 1000 Hz modu-
lated 80 percent can be inserted to coin-
cide with single frame number-2 of the 
universal leader when aligned for edi-
torial sync. The same procedure is used 
for both magnetic and optical sound 
track. (See Question 18.332.) 

19.45 What is the aspect ratio of o 
picture?—The ratio of the width to 
height. The standard ratio is 1.34:1 and 
is often referred to as the Academy 
Standard because this ratio was orig-
inally adopted by the Academy of Mo-
tion Picture Arts and Sciences. (See 
Question 19.83.) 

The width of the screen is generally 
based on a ratio of three times the dis-
tance from the rear row of seats to the 
screen. Thus, a screen of 24 feet would 
be approximately 75 feet from the last 
row of seats. However, for wide-screen 
presentation this ratio does not always 
apply. For dubbing stages (rerecord-
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Fig. 19-44. USASI (ASA) Standard PH22.55-1966 leader for composite print contain-

ing both "icture and sound track, as viewed from the light source in a projector. 
For 16-mm film, the sound track is on the left edge of the film. 

ing), the screen is generally larger than 
it would be for a theater of equivalent 
dimensions. 

19.46 What are the aspect ratios 
for wide-screen projection?— Wide-
screen projection has used many differ-
ent ratios since its introduction by 
Lyman H. Howe. He used this for his 

travelogues several years ago. Pres-

ently, the ratios are many and varied 
and range from 1.66:1 to 2.94:1. A tab-
ulation of the ratios in use today is 
given in Question 19.83. 

19.47 What is the relationship be-
tween the size of the picture and the 
amount of light required?—Halving the 
focal length of the lens increases the 
picture area four times. This means that 
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Fig. 19-46. Aspect ratios used for wide-screen motion picture projection. 

the light intensity must be increased 
four times to obtain a picture having a 
brightness equal to the original. A typi-
cal example would be replacing a lens 
of 5-inch focal length with a 2.5-inch 
lens. 

19.48 What does cropping a picture 
mean?—To block off the top and bottom 
by changing the ratio of the aperture 
plate in the projector to obtain a given 
ratio for wide-screen projection. Crop-
ping is illustrated in Fig. 19-48. 

19.49 What does the term "throw" 
mean?—It is the distance from the cen-
ter of the projector lens to the center 
of the screen. This is sometimes called 
the front focus. 

19.50 How can the picture size for a 
given lens size be calculated?—The pic-
ture säe equals, 

Throw X Width of aperture 
Equiv. focal length of lens 

19.51 For a lens of given size, how 
is the distance from the screen to the 
projector calculated?—The throw equals, 

Width of screen X Equivalent focus 
Width of projector aperture 

19.52 How is the proper size lens 
calculated for a given size picture? 

Throw X Width of aperture 
Width of picture 

19.53 What is the standard for motion 
picture screen luminance?--The Stan-
dard for 16-mm motion picture screen 
projection luminance is given in USASI 
(ASA) PH22.100-1967, and for 35-mm 
indoor projection in USAS! (ASA) 
PH22.133-1965. However, in the absence 
of such standards, the following general 
conditions should prevail. 

ORIGINAL 
ACADEMY RATIO 

L -1 

NEW 
WIDE-SCREEN 

RATIO 

Fig. 19-48. A standard Academy aper-
ture cropped by means of a cropping 

aperture in the projector. 

Studio review rooms are used for 
screening the studio product; therefore, 
they must meet certain standards of the 
industry if the final product is to be sat-
isfactory. Also, review rooms are used 
by the producer, the director, the cast, 
the camera, sound, and lighting crew, 
and the editorial staff for reviewing 
their work. This requires that the light 
and sound levels be standard (in most 
instances they are checked daily). 

The measurement of screen lumi-
nance is made daily. The projection 
machine is in complete operation, but 
there is no film in the aperture. The 
photometer used for measuring screen 
luminance is to have the sensitivity of 
an average observer, as specified by the 
International Commission on Illumina-
tion. Such meters are available from 
theater equipment supply houses. The 
acceptance angle of the meter must be 
small and must accept the reflected 
light from the screen area no larger 
than a circle whose diameter is 10 per-
cent of the screen width. 

For both 16- and 35-mm projection 
the luminance at the center of the 
screen must be within 16 foot-lamberts, 
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plus or minus 2 foot-lamberts, or 55 nits 
plus or minus 7 nits, and is to be uni-
form over the area observed. (See 
Question 19.5.) Luminance at a distance 
of 5 percent of the screen width from 
the side edges of the screen on a hori-
zontal axis is to be 80 percent of the 
center luzninance, plus or minus 10 per-
cent of the center luminance. Because 
of other differences between the Stan-
dard for 16- and 35-nun projection, the 
reader is referred to the Standards. 

Studio review rooms generally are 
designed to seat about 25 to 40 people. 
Therefore, the standard viewing area is 
to be within 15 degrees of each side to 
the center of the screen, in both the 
horizontal and vertical planes, and 
within three picture heights plus or 
minus 1. To meet these conditions, the 
projection machine must project the 
picture close to the center axis of the 
screen in both vertical and horizontal 
planes to reduce the effect of keystoning 
to a negligible amount. Keystoning in 
the horizontal plane must be kept to an 
absolute minimum. (See Question 
19.54.) 

The Standard for indoor theater 
screen luminance is given in USASI 
(ASA) PH22.124-1961. For drive-in 
theaters, the Standard is given in the 
SMPTE recommended practice 12, July, 
1962. 
The term "nit" may be converted to 

screen luminance foot-lamberts as fol-
lows: 

1 nit = 0.2919 foot-lamberts 

1 foot-lambert = 3.426 nits 

It should be kept in mind that although 
the Standards specify that screen 
brightness (luminance) is measured 
with no film in the projector aperture, 
the average luminance will be consid-
erably decreased with film running in 
the aperture. 

19.54 What does the term keyston-
ing mean?--It is seldom that the pro-
jection machines in a theater or a re-
view room are on the same level as the 
screen. As a rule, they are considerably 
higher than the center of the screen. 
This difference in height causes what is 
known as keystone distortion, because 
the shape of the picture on the screen 
resembles an inverted keystone. In Fig. 
19-54 is shown how keystone distortion 
is developed. The projection machine is 

shown at A, the screen at B, the top of 
the picture at C, and the bottom of the 
picture at D. The line is drawn perpen-
dicular to the screen through the center 
line of the picture. It will be noted that 
the distance from A to C is less than the 
distance from A to D. Therefore, the 
light rays traveling from A to D will 
«diverge farther than those traveling 
from the projector to the top of the pic-
ture. The result is that the picture is 
projected in the shape of an inverted 
keystone, wider at the bottom than at 
the top. AEF is the angle of projection, 
and AE is the axis of projection. The 
projection angle is the angle formed by 
the projection axis and an imaginary 
line drawn through the center of the 
picture perpendicular to the screen. The 
greater the angle formed, the greater 
the keystone distortion. Keystone dis-
tortion may also be caused by the offset 
of the projectors in a horizontal plane. 
The effects are about the same. The ef-
fect of horizontal keystoning changes as 
the picture is changed from one projec-
tor to the other. With the advent of 
wide-screen projection, keystoning has 
become more noticeable because of the 
greater magnification and spread of the 
picture. 

PROJECTION 
BOOTH 

Fig. 19-54. Keystoning of a projected 
picture due to a high angle of projection. 

Keystoning may be offset somewhat 
by tilting the top of the screen back-
ward in an attempt to equalize the 
throw between the top and the bottom 
of the screen. The use of curved screens 
to compensate for these effects is of 
some help; however, keystoning cannot 
be entirely eliminated, because of the 
relationship between the projectors and 
the screen. To obtain a square frame 
line and eliminate the distortion of the 
aperture outline on the screen, the 
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metal aperture in the picture head is 
filed to obtain a square frame line on 
the screen. Also, the screen is masked 
at the sides, top, and bottom into a 
small amount of the picture, to help 
clear up the effects of keystoning. 

In the design of studio review rooms, 
keystoning must be kept to an absolute 
minimum. If possible, axes of the pro-
jectors lens should be above 8 feet from 
the floor level to clear persons standing 
at the rear of the room. The screen 
should be installed in such a manner 
that the vertical keystone is not more 
than a maximum of 5 degrees. The ma-
chines should be set as closely together 
as operation will permit to reduce the 
horizontal keystone effect to not more 
than 6 degrees. These factors are im-
portant, as such rooms are used to 
judge quality and composition of a pic-
ture. If the keystone is excessive, dis-
tortion and out-of-focus conditions will 
prevail at the edges of the picture. 

19.55 What is the angle before key-
stoning becomes objectionable?— The 
maximum in the vertical direction is 
about 12 degrees. In rerecording stages 
and review rooms, if possible, the pro-
jection room should be set high enough 
for the beam to clear persons standing 
in the rear of the room. Also, the beam 
should be as near on the center axis of 
the screen in the vertical plane as pos-
sible. The keystone in the horizontal 
plane should be kept to a minimum. 
(See Question 19.54.) 

19.56 How is a motion picture 
screen evaluated?— A motion picture 
screen in which the loudspeaker system 
is to be placed behind the screen must 
be selected with care, as considerable 
loss of high-frequency reproduction is 
possible. The manufacturers' data sheets 
should be consulted in advance to de-
termine the loss at frequencies above 
6000 Hz. The loss at 10,000 Hz should 
not be greater than 4 dB, with respect 
to 1000 Hz. Along with the transmission 
characteristics, the reflective qualities 
must also be taken into consideration. 
(See Questions 19.5 and 23.187.) 

19.57 What type screen is used for 
3-D projection?—An aluminized surface. 
The audience views the picture through 
polarized glasses. Flat or beaded surface 
screens will depolarize the light, thus 
destroying the three-dimensional effect. 
The analglyphic system of projecting 
3-D pictures supplies the audience with 

red and green filter eye glasses. Both 
these systems are now obsolete and no 
longer used. 

19.58 Describe the different type 
motion picture screens in use. —The 
three most commonly used screens are 
the matte white, beaded surface, and 
lenticulated. Matte white screens are 
employed with front type projection 
systems and may be a solid or perfo-
rated (sound) surface. Images projected 
on this latter type screen diffuse the 
projected light evenly in all directions. 
About 15 percent of the incident light 
is lost. However, viewing an image from 
far off-side results in considerable dis-
tortion of the image. 

Lenticulated screens are constructed 
of minute horizontal and vertical reflec-
tive areas in the form of diamonds or 
rectangles. The size of the lenticulation 
affects the viewing angles and bright-
ness. Such screens are capable of pro-
viding images several times brighter 
than those shown on white matte screen. 
Lenticulated screens are not perforated 
for sound. 

Beaded screens are quite popular for 
16-mm home projection, halls, and au-
ditoriums. They may be considered to 
be a type of lenticulation accomplished 
by surfacing the screen with small glass 
beads approximately 0.5 to 0.1 nun in 
diameter. This results in a bright image 
but a narrow viewing angle. If used in 
a high ambient light, the brightness of 
the image is reduced. These screens are 
not perforated. 

Screens used for rear projection con-
sist of glass, Vinyl-latex plastic, and 
acrylic plastic and are used for audio-
visual displays, with the projection sys-
tem placed at the rear of the screen. 
The surface of the screen is not per-
forated. 

Black lenticulated screens, developed 
by Sasuke Takahashi of Japan, are 
unique because of the black lenticulated 
vertical and horizontal surface. It is 
claimed by the inventor that in com-
parison with a matte white screen, it is 
25 times greater in black and white 
contrast and ideal for color projection. 
Also, it absorbs scattered stray ambient 
light, and prevents halation on the sur-
face with wide-angle viewing. It may 
also be used for stereographic projec-
tion. With no light on its surface, the 
screen appears black. This is advan-
tageous for some types of display. Be-
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cause of the lenticulation, the surface 
is not perforated for sound. 

19.59 What is the process of back-
ground or rear projectionT—A method of 
projecting background scenes on a 
transparent screen from the rear. It is 
used in both motion picture and televi-
sion production. The actors and props 
are placed in front of the screen and the 
scene is photographed as a whole. If 
properly lighted, the finished picture 
appears as if the scene had been shot 
on location. To provide synchronization 
between the camera and projector shut-
ters, they are driven from a selsyn-in-
terlock system. Before each take the 
shutters are accurately aligned to pre-
vent shutter-drag, blank spots, and 
flicker in the photography. Selsyn dis-
tributors are discussed in Section 3. 

19.60 Describe a 16-mm television 
projector.—Projectors used for televi-
sion require special features not found 
in theater projectors. Such a projector 
manufactured by RCA is shown in Fig. 
19-60A and has several features making 
it peculiar to television, with complete 
remote and automatic control of its 
various functions. A rear view is given 
in Fig. 19-60B. 

Earlier television projectors did not 
use an intermittent motion, but em-
ployed special shutters or an electronic 
shutter similar to a strobelight, syn-
chronized with the power-line fre-
quency supplying the station. In this 
RCA machine, an intermittent motion is 
used, having a precision claw-type 
movement, with a high degree of film 
registration. A three-toothed claw pulls 
the film downward. The center claw is 
sapphire lined, with the other claws 
made of hardened steel. The film speed 
is 24 frames per second, with a shutter 
speed of 720 rpm supplying 60 light 
pulses per second. 

Starting time is 0.3 second. The pro-
jector can be run in reverse for re-
hearsals, thus eliminating the need for 
rewinding and rethreading. It may also 
be used to project a single picture for 
extended periods of time. A neutral 
filter is automatically inserted in the 
light path to prevent burning of the film 
with the shutter held open. Metallic cue 
marks may be attached to the film for 
automatically stopping and inserting a 
commercial and returning to the pro-
gram again. The motor turns at 1800 
rpm. Other features are an automatic 

Fig. 19-60A. RCA Model TP66 16-mm 
television projector. 

Fig. 19-602. Rear view of RCA TP66 
16-mm television projector. 
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loop restorer, projection lamp, and 
sound exciter lamp change. The elec-
tronics for the sound are completely 
transistorized. 

In the earlier type projectors special 
shutters were employed which per-
mitted the light to reach the film for 
34200 second every 3(3 second. Thus the 
first frame was projected on the camera 
tube twice, and the second frame three 
times, the third frame twice, and the 
fourth three times. This was an average 
scanning of each frame 2.5 times. Scan-
ning the picture in this manner, 24 
frames times 2.5 results in a television 
image of 60 fields or 30 frames per-sec-
ond. This permitted the television to 
lock in with the power frequency, re-
ducing flicker and other objectionable 
effects. 

Television projectors also make use 
of electronic shutters, similar to a 
strobelight, which are synchronized 
with the power frequency. The light is 
out during the pull-down period, thus 
no shutter is required. The film in this 
type projector runs at a constant linear 
speed and requires no intermittent 
movement. 

19.61 Describe test films available 
for optical and magnetic sound recording 
and reproducing equipment.—Test films 
for optical and magnetic sound repro-
ducing equipment are many and varied. 
A few of the more important are: The-
ater test film containing dialogue music 
and sound effects; multifrequency films 
for frequency response measurement; 
sound focus; azimuth; and flutter. Such 
films are available for 8-, 16-, 35-, 55-
and 70-mm equipment, and may be ob-
tained from the SMPTE. 

For those interested in video tape re-
cording and reproduction, recom-
mended practices and Standards are 
also available from the same source. 

1962. Describe a Standard theater 
test reel.—A special test film containing 
picture and sound track from major 
studio productions. Each sound track 
has been selected for its special char-
acteristics and quality of reproduction. 
This film is used by theater service or-
ganizations for adjusting the reproduc-
ing characteristics of a theater sound 
system. If the frequency characteristics 
of the system have been properly ad-
justed for a particular theater, good 
sound reproduction will result when 
this film is played on the system. 

The film also contains a piano re-
cording for checking flutter and heavy 
sound effects to determine the power-
handling capabilities of the system. This 
film may be obtained in both 16- and 
35-mm from the SMPTE. 

19.63 Describe a flutter film.— 
Flutter films are used for measuring the 
amount of irregularity in the transport 
system of a magnetic or optical sound-
reproducing machine. The flutter of this 
film must be extremely low, or it would 
be of little value. Flutter films made for 
measuring motion picture sound-repro-
ducing equipment have slightly differ-
ent Standards, depending on the type of 
equipment with which they are to be 
used. Therefore, the reader is referred 
to USASI (ASA) Standards PH22.43, 
22.98, 22.113, and 22.128. Flutter films 
may be obtained from the SMPTE. (See 
Question 17.144.) 

19.64 What is a buzz track?—A 
buzz track is a test film containing two 
square-wave frequencies used for the 
adjustment of the lateral placement of 
an optical filin, while running through 
a sound head in a motion picture pro-
jector. The sound track consists of an 
0.087-inch opaque center with a fre-
quency of 1000 Hz on one edge and 300 
Hz on the other. The positions of the 
sound tracks are accurately located on 
the film, so that when they are run in a 
projector sound head, no sound will be 
heard from either track, if the lateral 
adjustments of the film guide are cor-
rect. If the film is out of placement or 
the film weaves in its motion while run-
ing, one of the two tracks, or both, will 
be heard. The film guides are adjusted 
for a no-sound position. Such test films 
may be obtained for both 16- and 
35-mm use. The standard for this film 
is given in Fig. 19-64. 

19.65 What is a sound-focusing 
film?—A test film used for focusing the 
optical system of a photographic sound-
reproducing head. USASI (ASA) Stan-
dard PH22.61-1963 specifies that the 
print is to be made from an original 
negative with a frequency of 7000 Hz. 
The sound track may be either vari-
able-area or variable-density. The azi-
muth of the sound track is to be within 
plus or minus 3 minutes of arc. Such 
films may also be obtained for 16-mm 
projectors; however, for 16-mm, the 
sound track is made in a different man-
ner, as discussed in Question 19.74. 
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American Standard Specification for 

Buzz-Track Test Film for 

35mm Motion-Picture Sound Reproducers, 

Photographic Type 

gS% 
Re. U.S. Pat. 01. 

PH22.68-1962 

Revision of 
PH22.68-1949 

•UDC 778534.45 

1. Scope 

This standard describes a film that may be 
used for checking the lateral-scanning slit 
placement of photographic-type 35mm mo-
tion-picture sound reproducers. 

2. Test Film 

2.1 The telst film shall be a direct positive 
recording or a print from an originally re-
corded negative and shall contain 300-cycle 
and 1000-cycle square-wave tracks on 
either side of the central exposed strip, as 
shown in the diagram. 

2.2 The central exposed strip and the ex-
posed portion of the two signal tracks shall 
have a minimum density of 1.4 and a max-
imum density of 2.0. 

300 CIS 

A 4 8 

— 
o 

Dimensions Inches Millimeters 

A 
B 

C 

D 

0.012 min 
0.007 min 
0.201 max 
0,200 min 
0.289 max 
0.287 min 

0.30 min 
0.18 min 
5.10 max 
5.08 min 
7.34 max 
7.29 min 

2.3 The film stock used shall be cut and per-
forated in accordance with American Stand-
ard Dimensions for 35mm Motion-Pciture Posi-
tive Raw Stock, PH22.36-1954. 

2.4 The film stock used shall have a shrinkage 
of not more than 0.50 percent. 

3. Revision of American Standard 
Referred to in This Document 

When the following American Standard re-
ferred to in this document is superseded by 
o revision approved by the American Stand-
ards Association, Incorporated, the revision 
shall apply: 

American Standard Dimensions for 
35mm Motion-Picture Positive Raw Stock, 
PI122.36-1954 

NOTE: A test film in accordance with this standard is 
available from the Society of Motion Picture and 
Television Engineers. 

Approved April 25, 1962, by the American Standards Association, Incorporated 
Sponsor: Society of Motion Picture and Television Engineers • Carmel Dermal Clarification 

Copyright 1062 by the American Standarde Arociation, Incorporated 
10 Fret 40th Street, New York 16, N.Y. 

Fig. 19-64. USASI (ASA) Standard for 35-mm buzz track. 

19.66 What is a level-balancing 
loop?—It is a test film, recorded at 1000 
Hz and then made into the form of a 
loop. Such loops are used for adjusting 
the output between projectors, or any 

type sound reproducers. In the studio, 
if the loop is magnetic, it is generally 

Printed in U.S.A. 
A8A3/410563/40 

recorded at a level representing 100-
percent modulation. 

For optical sound track, maximum 
output is limited by the maximum 
modulation that may be applied to the 
light modulator. Therefore, to assure 
that the track will not be overloaded, it 
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is recorded at 80-percent modulation. 
The maximum deviation from the es-
tablished level for such sound tracks is 
plus or minus 0.25 dB. 

19.67 What is a visual test film?— 
A special type print (picture only) con-
taining four targets to check the focus 
and alignment, travel ghost, jump and 
weave, and lens abberation. This film is 
used when installing new equipment or 
making maintenance checks. 

The focus-alignment target shows if 
the picture size and the screen masking 
are correct and the projected picture is 
properly centered on the screen. The 
travel-ghost target will show improper 
timing of the projector shutter and will 
give an indication of the correct ad-
justment as the timing is being cor-
rected. The jump-and-weave target 
gives an accurate indication of the un-
steadiness of the projected picture. Pic-
ture jump is measured in percent of 
picture height. Picture weave is mea-
sured in percent of picture width. The 
lens-aberration target shows picture 
distortion and gives an indication of the 
lack of sharpness that will be present 
in pictures run on a particular pro-
jector. 

19.68 Describe multifrequency test 
films.—Multifrequency test films con-
sist of a series of frequencies, which 
range from 30 Hz to 12,000 Hz. They are 
recorded on either magnetic or optical 
film, for both 16- and 35-mm use. Each 
print is individually calibrated. Gener-
ally, the frequencies are preceded by a 
voice announcement. The amplitude 
variation of such filins is on the order 
of 0.25 dB. After a measurement has 
been made, the absolute response may 
be ascertained by the use of a calibra-
tion sheet supplied with the film. Such 
filins are also called constant-amplitude 
or constant-frequency films. 

19.69 What is a sound-transmission 
film?—A film similar to that described 
in Question 19.68, except it contains 
fewer frequencies than the multifre-
quency filin. It is used by theater serv-
ice organizations. 

19.70 What is a warble film?—A 
film used for making acoustical mea-
surements of an auditorium. This is ac-
complished by reproducing the film on 
the normal projection system and mea-
suring the acoustical output for each 
frequency, using a sound-level meter 
as described in Question 22.94. 

The sound track contains frequencies 
from 40 Hz to 8000 Hz. Each frequency 
is warbled plus or minus 12.5 percent of 
the nominal frequency. Above 1000 Hz, 
the frequencies are warbled 125 Hz plus 
and minus the nominal frequency. The 
warble rate is varied from 2.5 Hz to 
5 Hz per second. The purpose of war-
bling the frequencies is to prevent the 
formation of standing waves in an audi-
torium or enclosure while making the 
measurements. 

19.71 What is a scanning-beam il-
lumination film?—A sound track used 
for checking the uniformity of illumina-
tion across the scanning slit in a sound 
head. The sound track consists of 17 
incremental 1000-Hz tracks, all of an 
equal amplitude of approximately 0.007 
inch. The tracks appear on the film in 
succession, each preceded by an an-
nouncement identifying the track num-
ber. The 17 tracks cover a width greater. 
than the standard scanning beam. By 
running this test film and observing the 
indications on an output meter, it is 
possible to correct unevenness of illu-
mination in the optical system and 
bring the variation in output to within 
plus or minus 1.5 dB, which is the rec-
ommended maximum variation. The ad-
justment is accomplished by replacing 
the exciter lamp or adjusting its posi-
tion relative to the scanning slit. (See 
Question 19.72.) 

19.72 What is a snake track?—A 
1000-Hz sound track with an 0.007 am-
plitude and placed on the film in such a 
manner that the track moves across the 
scanning slit from one edge to the other 
at a uniform rate. The output from the 
film is measured using an output or VU 
meter, and adjustments of the exciter 
lamp are made to compensate for the 
variations. For 16-mm projectors, the 

Fig. 19-72. A 35-mm snake-track for 
measuring the variation in slit illumina-
tion of a sound-reproducer optical 

system. 
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amplitude of the signal is 0.005 inch. A 
sample of a typical snake track is shown 
in Fig. 19-72. (See Question 19.71.) 

19.73 What is a 16-mm projector-
resolution target?—A glass slide 1 inch 
by 2 inches containing 19 resolution test 
patterns photographed within the stan-
dard 16-nun projector-aperture area. 
This slide is used in determining the 
resolving power of projector lenses in 
terms of the number of lines per milli-
meter which are resolved. 

19.74 How does a 16-mm sound-
focusing film differ from a 35-mm focus-
ing film?—For 16-mm sound focusing, 
a special square-wave sound track is 
used because its output changes more 
rapidly with changes of focus than the 
output from the conventional sine-wave 
sound track. The square wave gives a 
more sensitive indication of errors of 
azimuth adjustment. The frequency 
used is 7000 Hz. 

19.75 What is a 3-D and a 2-D 
projector-alignment film?— This film 
contains a special target for visually 
aligning projectors used for 3-D and 
2-D projection. The film is made up in 
loop form. The projectors are aligned 
physically so that projected images fall 
on top of each other while both ma-
chines are running. It is absolutely es-
sential that both projectors be perfectly 
aligned when projecting 3-D pictures, 
as both projectors are used simulta-
neously. 

19.76 How are multiple magnetic 
sound head clusters tested?—By the use 
of multiple sound-track test films. 
These films are available in a variety of 
different types covering many tests and 
are somewhat similar to those used for 
the testing of photographic sound-track 
heads. Magnetic multifrequency test 
films have considerable greater fre-
quency range than optical test films. 

19.77 What is the height of the 
optical slit used in a motion picture pro-
jector sound head?—From 1.2 to 1.5 mils. 
A larger slit height is employed in a 

o 

5 

10 

-15 
100Hz 

theater sound head because the fre-
quency response is not as great as that 
required for rerecording sound heads. 
The attenuation characteristics for a 
1.2-mil slit are shown in Fig. 19-77 as 
compared to the attenuation of a 0.5-mil 
slit. 

19.78 Give the average frequency 
response for motion picture theaters.— 
For reproduction from magnetic sound 
track, the reproducing frequency char-
acteristic is generally as shown in Fig. 
19-78A. However, in some theaters a 
slight tilt up or down is required at the 
low- and high-frequency ends to com-
pensate for theater acoustics. The am-
plifier system is equalized by using a 
resistive termination in place of the 
speaker system. 

Reproduction from photographic 
sound track is quite different from that 
of magnetic film, as the high-frequency 
end is rolled-off in a manner similar to 
that shown in Fig. 19-78B. Theater am-
plifier systems are so designed that 
when switching from one type sound 
track to the other, the equalization is 
taken care of automatically. 

Further extension of the frequency 
response for optical sound track beyond 
6500 Hz is undesirable because of the 
decreasing sensitivity of the human ear, 
the small amount of energy in the 
higher frequencies, and the increased 
background noise from the film. Thea-
ters that have attempted to widen the 
response for optical film, even up to 
8000 Hz, have returned the response to 
the 6500-Hz cutoff because of the in-
creased background noise from the film, 
the audience, and the air conditioning. 

Most studios, during the time of 
transfer of the master sound track to 
the release print, tilt up both the low-
and high-frequency ends to increase the 
signal-to-noise ratios at these frequen-
cies. Therefore, the theater reproducing 
characteristic should be uniform, except 
for any correction required for theater 
acoustics. 

REPRO 
0.5 MILS. 

200Hz 400Hz 'kHz 2kHz 4kHz 6kHz 0kHz 

Fig. 19-77. Attenuation of 0.5-mil slit compared to that of ci 1.2-mil slit. 
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Fig. 19-78A. Suggested frequency response for magnetic sound track reproduction. 
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Fig. 19-788. Frequency response for reproducing 35-mm optical sound track. 
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Fig. 19-79. Typical frequency response of o 16-mm projector with the controls set 
for a flat frequency response. 

After the frequency response has 
been set, a Standard Academy test reel 
(see Question 19.62) is used to check 
the final response. Readjustment of the 
low and high frequency is made, if 
necessary. 

19.79 What is the recommended 
frequency response for I6-mm projector 
systems?—Because of the wide variation 
in the frequency characteristics of 
16-mm recordings and the conditions 
under which the films are projected it is 
difficult to make recommendations. 
However, the frequency response shown 
in Fig. 19-79 is that generally found 
when measuring 16-mm projectors, 
with the low- and high-frequency con-
trols set to the flat position. For good 
reproduction, the high-frequency con-
trol should be adjusted to give presence 
and intelligibility. The low-frequency 
control should be adjusted for good 
low-frequency reproduction without its 
being boomy. The local acoustic en-
vironment will have a considerable ef-
fect on both the control settings. 

19.80 Describe the principal compo-
nents of a theater-type motion picture 
projector.—Pictured in Fig. 19-80A is a 
35/70-mm theater-type motion picture 
projector, manufactured by Cinemec-

canica of Milan, Italy. This machine is 
designed for both magnetic and optical 
sound-track reproduction. The major 

Fig. 19-80A. Cinemeccanica Model Vic-
toria-8 35/70-mm projector. (Courtesy, 

Carbons, Inc.) 
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Fig. 19-808. Interior view of Cinemeccania Victoria-8 35/70-mm projector showing 
the penthouse, picture head, and optical film sound head. (Courtesy, Carbons, Inc.) 

components are the picture head A, 
magnetic head compartment B, optical 
sound head C, drive motor D, upper and 
lower magazines E and F, lamp house 
G, and the base H. The whole assembly 
is so mounted on the base that it may 
be tilted upward 5 degrees, and down-
ward 18 degrees. This pictured model is 
equipped with an XeTron lamphouse, 
rather than the conventional arc light. 
(See Question 19-105.) 

Fig. 19-80B shows that the interior 
of the magnetic head compartment, the 
picture, and the optical sound heads are 

PICTURE 
START 

SCANNING 

BEAM 

SOUND 
START 

Fig. 19-80C. Film-threading path for 
35-mm film using optical sound track 

reproduction. 

exposed. If the threading path of the 
film shown in Fig. 19-80C is referred to, 
a somewhat clearer understanding of 
the various components shown may be 
had. Combination 35/70-mm sprockets 
are used to facilitate changing from one 
size film to the other. The film sprocket 
idlers are turned over 180 degrees for 
the desired film size. 

Starting at the top, the film A passes 
over magazine roller B, and through 
two fire-trap rollers C, to a constant-
speed pull-down sprocket E, with its 
two idler rollers. Sprocket D is not used 

SOUND 
START 

Fig. 19-80D. Film-threading path for 35-
and 70-mm film using magnetic sound 

track reproduction. 
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Fig. 19-80E. Magna-Tech Electronic Co. Inc., Model PJ-35, 35-mm projector. 

with optical film. A loop F, about 17 
perforations long, is made in the film 
and threaded over roller G above the 
picture-aperture plate H. The film is 
now pulled downward by intermittent 
sprocket I (see Question 19.86). A sec-
ond loop J, of about 15 perforations 
long, is made before the film is passed 
over sound impedance drum K, then 
over an oil-filled damper F to constant-
speed sprocket m, and to a magazine 
roller and fire-trap in the lower maga-
zine. The sound start mark is placed 
over the impedance drum K in the ex-
citer lamp light beam, and the picture 
start frame is placed in the picture-
aperture plate H. The same callouts are 
used for Figs. 19-80C, D, and E. 

For 35- and 70-mm screening using 
magnetic sound track, the threading 
path differs from that for optical filin 
and is shown in Fig. 19-80D. After the 
film leaves the fire-trap rollers C, it 
passes over constant-speed sprocket D, 
then over a group of guidance and ten-
sion rollers 0, to impedance drum P 
with its pad roller Q, over magnetic 
head cluster R. This cluster has in real-
ity 10 magnet heads, 4 on one side and 
6 on the other, and is rotated to the one 
desired. A second group of rollers S 
directs the film back to sprocket E, 
roller G, and to aperture plate H. For 
70-mm film operation, loops F and J are 
decreased to 13 and 11 perforations, re-

spectively. Leaving the aperture plate, 
the film is looped at J and passed di-
rectly to constant-speed sprocket M and 
down to the lower magazine through 
fire-trap rollers N. 

Fig. 19-80B shows that there are ad-
ditional items still to be considered. 
These are the pad roller T over the op-
tical impedance drum K, the exciter 
lamp housing U, the optical lens system 
V for optical sound reproduction, drive 
motor W, framing control X, projection 
lens Y, and the shutter shaft Z. The 
housing ZZ at the rear of the picture 
head encloses a two-bladed conical pic-
ture shutter rotating at 1440 rpm and a 
safety shutter. Because the picture 
shutter cuts the light beam very close 
to the film, the efficiency is close to 50 
percent for 70-mm film. 

The motor drive system is designed 
for both 24- and 30-frame projection, 
by the use of a double pulley on the 
motor shaft. Because of the close toler-
ance and design of projection machines, 
a force-feed continuous lubricating sys-
tem is necessary. This machine makes 
use of a gear pump, which forces oil to 
each gear, bearing, and intermittent 
movement. In addition to the above 
items, forced air and water cooling is 
provided around the picture gate area 
and the shutter housing. The upper and 
lower magazines will each accommodate 
5900 feet of film. Because of the stabi-
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lizers used with both the optical and 
magnetic transport systems, the total 
flutter is less than 0.10 percent. 
When two or more projectors are 

mounted in a projection room, some 
means of automatically cutting over 
from one to the other must be provided. 
The control system must change over 
the picture and sound simultaneously, 
arc lamp excluded. For Cinemeccanica 
installations, this is accomplished by the 
installation of a microswitch at the 
armature of the changeover solenoid 
douser (See Question 19.42). The mi-
,croswitch operates a group of change-
over relays for the optical sound or the 
4 or 6 magnetic sound tracks. A push-
button at the lamp house provides the 
control. This changeover system will 
provide facilities for three machines. 

Pictured in Fig. 19-80E is a Magna-
Tech Corp., 35-mm reversible projector 
designed particularly for dubbing for 
small studio operations. Basically, the 
projector is a Phillips-Norelco Model 
FP-20 35-mm projector, with several 
modifications. 

This machine is equipped with a 
dual-purpose 220V 3-phase sync-inter-
lock motor, upper and lower magazine 
torque single-phase motors, automatic 
gate-release mechanism, and an on/off 
control circuit for the lamp douser. The 
light source may be incandescent, arc, 
or a xenon type. When running inter-
lock, all of the principal functions take 
place automatically. The lamp turns on 
and off whenever the projector is run in 
the reverse direction. Torque motors on 
the upper and lower magazine spindles 
provide rewinding, take-up, and feed 
for running in the reverse direction. 

The remote-control features make 
this machine particularly desirable for 
dubbing operations. The projector can 
be threaded and the film can be run 
down into a reel. Difficult cues can be 
rehearsed by running the machine with 
the film in sync with the reproducers 
and recorders, both forward and back-
ward. A satisfactory rehearsal can re-
sult from these operations. The film is 
then run back to the head end and 
rolled forward for a take. If the cue is 
missed, it may be stopped in sync and 
rolled back again. Regardless of where 
the projector is stopped, it will always 
remain in sync with the balance of the 
rerecording equipment, unless removed 
from the distributor line. Generally, for 

this type operation a xenon or incan-
descent-type projection lamp is used. A 
control box on the wall provides 
switching for different size reels of film, 
forward or reverse, or remote control 
of these functions. Rollers are provided 
above and below at the rear of the ma-
chine for loop operation (see Question 
17.223). Reversible distributors are dis-
cussed in Question 3.56. 

19.81 Describe a preview magazine 
and its use.—A preview magazine is 
generally a triple reel, lower magazine, 
which replaces the regular single mag-
azine on a projection machine. It per-
mits the screening of a picture with a 
separate sound track. 

Preview magazines originated in 
Hollywood to be used in preview thea-
ters for running sneak previews of pic-
tures not yet released. The purpose of 
this was to get the audience reaction 
before making the final cut. 
Such magazines, using separate sound 

tracks and picture for the editorial de-
partment, are also installed on machines 
in the studio for running dailies and 
rough cuts. 
When these magazines are used, the 

picture print carries no sound track, 
since the sound track is on a separate 
magnetic fihn. Several different types 
of such magazines are available to fit 
projectors of different design and 
threading paths. The magazine shown in 
Fig. 19-81A has been selected for its 
simplicity and ease of explanation. This 
magazine is designed for use with a 
sound head where the optical and mag-
netic sound pickups are contained in 
the same compartment. 

The threading path for a typical pre-
view magazine of the design illustrated 
is given in Fig. 19-81B. Starting with 
the film A as it leaves the intermittent 
sprocket J, it is threaded over guide 
rollers B and C in the sound head, then 
to the take-up reel D in the magazine. 
As this is only the picture, the usual 
threading path over the sound drum K 
is omitted. The sound track is fed from 
supply reel E at the bottom, through 
chute F, over rollers G, H, and I, to in-
termittent sprocket J, over the sound 
drum K, to rollers B and C, to the 
take-up reel L. With this type arrange-
ment, the sound and picture is kept in 
synchronization. 

19.82 What is a film gate—The 
mechanism that holds the film against 
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Fig. 19-81A. Preview magazine mounted on a Simplex 35-mm motion picture 
projector. 

the aperture plate in the picture head 
of a projection machine. 

19.83 Describe a projector aperture 
plate and its purpose.—The aperture 
plate consists of a rectangular hole in a 
removable plate that may be changed 
while the projector is in operation, if 
necessary. It is inserted in the picture 
head to establish the correct picture 
image ratio before the image arrives at 
the projection lens system. 

Because of the many aspect ratios 
and different sizes of mm, a number of 
plates are required for the average the-
ater. Various size aperture plates are 

given in the tabulation in Fig. 19-83, 
along with the film size normally used. 

Other ratios are: 1.66:1, 1:75:1, and 
1.85:1. If the keystone is excessive, it 
may be corrected by filing the opening 
of the aperture plate to obtain a rec-
tangular image on the screen. When 
the projection angle is greater than 
zero degrees downward, an undersized 
aperture plate is used and filed out 
to fit the particular projection angle. 
The bottom of the undersized plate is 
filed to the correct horizontal dimen-
sion to obtain the necessary width at 
the top of the picture. If the projection 

Fig. 19-81B. Threading path for preview magazine shown in Fig. 19-81A. 
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Film Width Aspect Ratio Aperture Dimensions 

35 nun 1.34:1 0.825 x 0.600 inch (Academy standard) 
35 zmn 2:1 0.839 x 0.715 inch 
70 nun 2.21:1 1.913 x 0.866 inch 
35 mni 221:1 0.839 x 0.715 inch 
70 mm 2.21:1 1.913 x 0.866 inch 
3 x 35 ram 2.27:1 0.985 x 1.088 inch (Ultra-Panavision) 
70 nun 227:1 1.913 x 0.866 inch 
35 mm 2.34:1 0.839 X 0.715 inch 
35 mm 2.35:1 0.839 x 0.715 inch 
55.6 mm 2.55:1 1.340 x 1.050 inch 
3 x 35 znm 2.77:1 0.985 x 1.088 inch (Cinerama) 
70 nun 2.94:1 1.913 x 0.811 inch 

Fig. 19-83. Aperture plates of various sizes. 

angle is minus zero degrees (projector 
shooting upward), the filing procedure 
is reversed. For curved screens, an un-
dersized aperture will also be required 
and must be filed in a similar manner 
in order that the top and bottom will 
appear horizontal and parallel to each 
other on the screen. After the inside 
edges are filed, they are beveled about 
30 degrees, with the sharp edge toward 
the fdm, to eliminate fringa effects at 
the edges of the picture. The bevel is 
then painted dead black or black ano-
dized to prevent reflections. (See Ques-
tion 19.54.) 

19.84 What is an electronic shut-
ter?—A special electronic control device 
connected to the photocathode of an 
image-orthicon tube used for the trans-
mission of motion pictures by means of 
television. The control device keys the 
image-orthicon tube in such a manner 
that it operates only during the vertical 
blanking period. The fdm travels 
through the projector at a continuous 
linear speed, even during the pull-down 
period, and this electronic device re-
places the conventional mechanical 
shutter. (See Question 19.60.) 

19.85 What is a rotary stabilizerP— 
A hollow drum similar to a flywheel 
and filled with oil. It is used on motion 
picture projectors and sound heads. The 
stabilizer is attached to the film-drum 
(impedance-drum) shaft. When the film 
is pulled over the drum by a constant-
speed sprocket, friction of the film on 
the surface of drum causes it to rotate. 

The outer shell of the stabilizer is 
made of thin metal so as not to impose . 
a heavy load on the impedance drum 
when it first starts to rotate. Inside the 
light shell is a heavy flywheel mounted 

OIL FLYWHEEL 

OUTSIDE 
CASE 

SHAFT 

Fig. 19-85. Cross-sectional view of RCA 
rotary stabilizer. 

on ball bearings. The inside of the 
stabilizer is completely filled with oil. 
When the outer shell begins to rotate, 
it transmits its motion to the flywheel 
through the oil. After attaining its nor-
mal speed, the stabilizer tends to stabi-
lize and filter out variations in the lin-
ear speed of the film. A cross-sectional 
view of a rotary stabilizer developed by 
RCA and used on their projectors and 
sound heads is shown in Fig. 19-85. 

19.86 What is on intermittent 
movement? — A mechanical movement 
used in a motion picture projector to 
pull the film downward intermittently 
at a given rate of speed. 35-mm sound 
projectors pull the film downward at a 
linear speed of 90 feet per minute, or 24 
frames per second. 

While the film is in motion, a me-
chanical shutter blanks out the light 
from the lamp house and hides the 
downward motion from the viewer. Due 
to the persistence of vision of the hu-
man eye, the projected series of pictures 
appears to have continuous motion. 

19.87 How does an intermittent mo-
tion operate?—A Geneva intermittent 
movement is shown in Fig. 19-87A. The 
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Fig. I9-87A. A 4:1 Geneva intermittent 
movement used in 35-mm motion picture 

projecto". 

movement consists of four parts: a pin 
A, a start or cross B, cam C, and ring D. 

If point X, the center of the star 
(connected to the intermittent sprocket), 
and point Y, the center of cam C, are 

o 

EQUIPMENT 1045 

continued to the center Z of the pin A, 
a right angle is formed. The arrow indi-
cates the direction of travel of the cam. 
Pin A is shown at the exact instant it 
starts to engage the slot in the star B. 
Until cam C has reached this position 
there is no movement of the star. 

At the instant pin A engages the 
slot E, the pin travels along the line ZX. 
Therefore, the pin will enter the slot 
cleanly with no chatter along the side 
walls of the slot. Observation will show 
that at the exact instant the pin enters 
the slot there is still no movement of 
the star, inasmuch as the motion of the 
pin coincides with the slot. After the 
pin passes completely into the slot, its 
motion no longer coincides with the slot 

1 2 

3 4 

5 6 o 

o 
Fig. 19-87B. Six stages of movement of a Geneva intermittent movement. 
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Fig. 19-87C. 35-mm motion picture projector intermittent movement. 
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and the star begins turning. This move-
ment is slow at first and gradually in-
creases until the star has reached its 
maximum speed when the pin is com-
pletely in the slot and is in line with 
the centers X and Y. When the pin 
leaves this position, the star (and con-
sequently the film) begins to slow 
down. At the end of the movement, the 
pin leaves the slot and returns to its 
original position. When the pin leaves 
the slot, the star has stopped moving. 

The purpose of the ring D is to hold 
the star stationary after the pin leaves 
the slot. A a result, the film is motion-
less during the time the cam completes 
its movement. 
A study of the six positions shown in 

Fig. 19-87B will show that, from the 
time the pin enters and leaves the slot, 
the star has made a quarter revolution. 
For one complete revolution of the cam, 
one-fourth or 90 degrees of its time is 
devoted to moving the film. This is 
called a 4:1 or 90-degree movement. 
35-mm film travels at a speed of 90 feet 
per minute, or 24 frames per second. 
Therefore, each frame has WI of a sec-
ond devoted to it. The film is in motion 
one-fourth of the time or 1/96th of a 
second for each frame. To assure quiet 
and smooth operation, the complete 
movement is placed in a sealed casting 
where it runs in a continuous bath of 
oil. An assembled intermittent and the 
principal parts of the movement are 
shown in Fig. 19-87C. 

19.88 What is an Askania claw 
movement?—An intermittent movement 
used in 16-mm projectors (Fig. 19-88). 

This movement has a ratio of 1:1. The 
hinged lever F modifies the motion of 
the cam B and imparts to the pulldown 
claw C the motion indicated by the 
dotted line D which moves the film E in 
the direction shown by the arrow. Be-
cause of the film wear induced by this 
movement, it is used only in 16-mm and 
8-mm projectors. Intermittent, Geneva-
type movements used in 35-mm pro-
jectors are too expensive for the aver-
age 16- mm projector. 

19.89 What is a beam splitter?—A 
prism used in the optical system of a 
sound head designed for push-pull op-
eration. The beam splitter divides the 
light beam in such a manner that the 
modulations of the push-pull sound 
track fall on the two plates of the pho-
tocell. This is illustrated in Fig. 19-94. 

19.90 What is a fader?—A dual 
gain control connected between the 
outputs of two projectors, as shown in 
Fig. 19-90. 

In the early installations of projec-
tion equipment, the fader was mounted 
on the front wall of the projection 
booth. When changing over from one 
machine to the other, the operator faded 
the sound from one machine to the 
other, thus obtaining a smooth transi-
tion between machines. Present-day 
equipment uses automatic changeover 
devices which permit smooth cutovers 
without the operator being required to 
fade the sound. (See Question 19.42.) 

19.91 What causes noise in an opti-
cal sound head? — Several different 
things may cause such noise. Among 
the most common are mechanical vibra-
tion of the exciter-lamp filament, mi-
crophonic tubes in the preamplifier 
stages, and the phototube. 

If the exciter-lamp filament is loose 
or improperly adjusted, the slit modu-
lates the scanning-beam image because 
of vibration from the motor and drive-
gear train. The sound generated ap-
pears as a low-frequency gear noise. 

PROJECTOR 
No.1 

OUTPUT 

PROJECTOR.' 
No.2 

8+ 

Fig. 19-88. Askania claw movement 
used in 16- and 8-mm projectors. 

Fig. 19-90. Fader control for cutting 
over from one projector to another. 
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Replacement or adjustment of the lamp 
will generally remove the noise. To 
check the exciter-lamp noise, run the 
projector without film and turn up the 
gain about 20 dB above normal. If the 
exciter lamp is vibrating, the noise can 
be made to disappear by interrupting 
the light to the phototube with a card. 

Background noise is also generated 
by the vibration of the phototube coup-
ling transformer, or the phototube it-
self, because of loose elements. If the 
transformer is at fault, the only cure is 
to float the transformer in sponge rub-
ber, then place it in a nested shield to 
prevent pickup from surrounding mag-
netic fields. (See Question 8.51.) 

19.92 What type optical sound 
tracks are most sensitive to sound-head 
misalignment?—Variable-area tracks. It 
is quite important that the slit azimuth 
and slit illumination be properly ad-
justed; if they are not, serious harmonic 
distortion may result. If the reproducer 
is the push-pull type, the photocell cir-
cuit must be carefully balanced for 
maximum cancellation. This subject is 
discussed more fully in Question 19.64. 

Variable-area sound tracks must be 
aligned more carefully than variable-
density ones. However, in a properly 
maintained system, little trouble is ex-
perienced with either type of track. 

19.93 Describe the construction of 
a phototube.—A phototube consists 
principally of two electrodes in a glass 
evacuated envelope (Fig. 19-93A and 
Fig. 19-93C). The cathode emits elec-
trons when its sensitized surface is ex-
posed to a source of light or other radi-
ant energy. Electrons are drawn to the 
anode because this electrode is at a pos-
itive potential. The number of electrons 
emitted by the cathode depends on the 
wavelength and the amount of radiant 

SINGLE 

CATHODE 

ANODE 

Fig. 19-93A. Phototube 
construction. Single tube 
plan view showing the 

cathode and anode. 

energy falling on the cathode. The pho-
totube thus provides an electric current 
whose magnitude can be controlled by 
the light or other radiant energy. 
The sensitivity of a phototube is 

basically defined as the quotient of the 
current through the tube by the radiant 
flux received by the cathode. The sensi-
tivity of the tube depends on the color 
of the light or spectral distribution of 
the radiant flux to excite the tube. 
When two such tubes are being consid-
ered for use with a given light source, 
and if the tubes have a different color 
response, a comparison of the sensitiv-
ity may be misleading, unless both 
ratings are for the same light color. 
Sensitivity can be measured with the 
radiation supplied by a tungsten lamp, 
operated at a filament color tempera-
ture of 2870 degrees Kelvin, since the 
exciter lamp in a projector is operated 
at or near this temperature. 

The presence of inert gas in a photo-
tube will increase its sensitivity, there-
fore the manufacturer of the tube in-
troduces a controlled amount of gas 
after evacuation. Gas-type phototubes 
have higher sensitivity than corre-
sponding vacuum types. Insertion of the 
gas in the tube causes the following ac-
tion. Electrons moving from the cathode 
to anode collide with gas atoms. In such 
a collision, the electrons may disrupt 
the atom, knocking an electron out of 
the atom, leaving a position ion. This 
disruption of the atom increases the 
current through the tube because the 
new electron is drawn to the anode and 
the positive ion is drawn to the cathode. 
The positive ion can further increase 
the current when it arrives at the cath-
ode, by causing secondary emission 
from the cathode. Therefore, the pres-
ence of gas increases current in two 

PUSH-PULL 

CATHODE 1 CATHODE 2 

ANODE 2 ANODE 1 

Fig. 19-93B. Dual photo-
tube used for the repro-
duction of push-pull op-

tical sound track. 

ANODE 

CATHODE 

ENVELOPE 

Fig. 19-93C. Interior 
construction of a single 
phototube showing the 

major parts. 
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Fig. 19-93D. Typical frequency characteristic for a gas phototube used for sound re-
production. Equalization is used to compensate for the loss at the higher frequencies. 
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Fig. 19-93E. Optical train for conventional phototube sound reproducer. 

ways—by the production of ions and by 
increasing the amount of cathode emis-
sion present. 
When phototubes are used for the 

reproduction of sound, the light to the 
phototube is varied at an audio-fre-
queny rate. Under these operating con-
ditions, the luminous sensitivity of the 
tube is defined as the quotient of the 
amplitude of variation in phototube 
current by the amplitude of the varia-
tion of the light source. Increasing the 
load resistance increases the output 
voltage, but with higher distortion. A 
typical frequency response for a gas 
phototube used for sound reproduction 
is given in Fig. 19-93D. 

Push-pull phototubes have charac-
teristics similar to a single tube, except 
that the two sets of elements are treated 
as a single phototube. The most impor-
tant factor in their use is that the two 
sides of the tube must be balanced elec-
trically, as discussed in Question 19.96. 
Fig. 19-93B shows how the elements are 
placed in a push-pull phototube. The 
term phototube is used only with vac-
uum-type photosensitive devices. Other 
types are referred to as photocells. 

CATHODE 

LIGHT 
BEAM 

Fig. 19-93F. Method of installing photo-
tube so that the light beam clears the 

anode element (rod). 

When installing phototubes in a 
sound head, care must be taken that the 
exciter lamp light beam is so placed 
with respect to the anode and cathode 
of the phototube that the light beam 
clears the anode (rod) and falls on the 
cathode element, as shown in Figs. 
19-93E and F. 

19.94 How is the optical train for a 
push-pull sound head constructed?—In 
Fig. 19-94 is shown a typical optical 
train designed to reproduce both single 
and push-pull sound tracks. 

The image of the exciter-lamp fila-
ment A is projected on a mechanical 
slit B in the objective-lens barrel C. 
The image of the slit is focused as a 
long narrow beam F on the sound track 
D by the objective lens E. Leaving the 
sound track, the light falls on a cylin-
drical lens G, then passes through a 
condenser lens H to a double prismatic 
lens I. The prism turns the beam up-
ward 90 degrees to a second prism J 
where it is directed to the anode K and 
L of a push-pull phototube M. Varia-
tions in the amount of light falling on 
the phototube anodes generate minute 
changes of current in the cell. These 
changes are amplified and passed on to 
the main amplifier equipment. 

Single and push-pull sound tracks 
are reproduced by connecting the cath-
odes together, thus making the photo-
tube operate as a single cell. For proper 
operation in the push-pull position, it 
is necessary that the voltages applied to 
the anodes have exactly the same value. 
(See Questions 19.96 to 19.99.) 



MOTION PICTURE PROJECTION EQUIPMENT 1049 

NOTE: OUTSIDE HALF OF TRACK IS 
REPRODUCED BY LOWER ANODE 
AND CATHODE - INNER HALF BY 
UPPER ANODE AND CATHODE. 

Fig. 19-94. Push-pull beam-splitting optical system, used for the reproduction of 
push-pull optical sound track. 

19.95 What precautions must be 
taken in the operation of gas-type pho-
totubes?—The actual voltage at the 
anode of the phototube is generally 90 
Vdc. This voltage must not be exceeded. 
If it is, a gas discharge is likely to occur. 
This discharge is indicated by a blue 
glow within the tube. Once started, the 
glow will continue until the anode volt-
age is reduced or disconnected. If the 
glow is permitted to continue, the tube 
will be severely damaged. The anode 
voltage can only be measured using a 
vtvm. 

19.96 Describe an optical sound 
head circuit for both standard and push-
pull sound track.—A basic circuit for a 
single phototube is given in Fig. 19-96A, 
with the circuity used for push-pull 
phototubes given in Fig. 19-96B. To 
achieve a balance between the two 
halves of the phototube, it is necessary 
to balance the voltage applied to the 

0.1 

PHOTOTUBE 

+90V 
MAX. 

-90V 

Fig. 19-96A. Basic circuit for o single-
section phototube. 

anode of each half of the tube. When a 
balance has been achieved, the signal 
voltage at the cathodes will be of the 
saine amplitude. 

The applied voltage is balanced by 
a voltage-divider circuit and a poten-
tiometer Pl connected in the center of 
a voltage-dividing network. When the 
switch is in the push-pull position, the 
cathodes are connected to a push-pull 
coupling transformer Ti which has a 

Fig. 19-96B. Schematic diagram for optical sound head for reprolucing both stan-
dard and push-pull sound track. 
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high-impedance primary and a low-
impedance secondary. 
When the switch is in the standard 

position, the cathodes are connected in 
parallel and returned to one side of the 
output-transformer primary. For this 
connection, the phototube operates as a 
single-ended p4ototube. 

Capacitors Cl. and C2 and resistors 
R1 and R2 are for frequency correction. 
The capacitors C3 and C4 in the bal-
ancing network provide a low-imped-
ance path to ground for the audio cur-
rents and keep them out of the power 
supply. Resistors R3, R4, R5, and R6 
constitute the voltage-balancing circuit. 

19.97 How is the cancellation of a 
push-pill phototube sound head ad-
justed?—If the phototube circuits are 
similar to those of Fig. 19-96, the can-
cellation is adjusted by the use of the 
test circuit of Fig. 19-97 and by a loop 
of negative-bilateral sound track mod-
ulated about 80 percent. A voltage am-
plifier and VU meter are connected 
across the output of the sound head. 
(No termination is required for the 
voltage amplifier.) With the sound head 
phototube switch in the standard posi-
tion (non push-pull) the gain of the 
voltage amplifier is increased to a read-
ing of plus 30 dBm on the VU meter. 
The phototube switch is now thrown to 
the push-pull position until a reading is 
obtained on the meter. 
The voltage-balancing potentiometer 

in the sound head is adjusted for a min-
imum reading on the VU meter. The 
plus reading is added to that of the 
minus reading as if they were both pos-
itive values. As an example: assume the 
meter reads a plus 30 dBm in the stan-
dard position and the reading in the 
push-pull position, for the best balance, 
is minus 10 dBm. Adding of the two 
readings results in a figure of 40 dB. 
Thus, the cancellation is 40 dB below 

o 

PHOTOTUBE 

PREAMPLIFIER 
VOLTAGE 
AMPLIFIER RL 

VU 
METER 

 COE 

Fig. 19-97. Test circuit for adjusting the 
cancellation of a push-pull phototube 

optical film reproducer. 

the output level of the track when re-
produced in the standard position. The 
greater the cancellation, the lower will 
be the noise from splices and bloops. 

19.98 How is cancellation in a push-
pull sound head achieved?—Assume that 
a 1000-Hz negative-bilateral sound 
track is playing back on an optical 
sound head in the push-pull position. 
The bilateral sound track generates a 
signal in both anodes of the dual photo-
tube simultaneously. If the two halves 
of the phototube are in alignment and 
balance, the signal is the same at each 
cathode. When the cell is in balance, 
the signal voltage across the primary of 
the coupling transformer will be of the 
same amplitude for both tracks but will 
be 180 degrees out of phase. Therefore, 
the signals cancel, and the output signal 
across the secondary is zero. 
When a push-pull sound track is 

played in the push-pull position, the 
sound tracks on the film are 180 degrees 
out of phase with respect to each other; 
therefore, a signal which is 180 degrees 
out of phase and similar to that gener-
ated in a push-pull amplifier described 
in Question 12.226 is generated in each 
cathode. 

With the switch in the standard posi-
tion (non push-pull), the cathodes of 
the phototube are connected in parallel 
and the tube functions as a single pho-
totube. Push-pull sound heads are sel-
dom found in a theater installation and 
will only be found in older studio 
equipment. 

19.99 What factors affect the can-
cellation in an optical push-pull sound 
head?--The mechanical placement of 
the sound track, azimuth adjustment, 
optical-system adjustments, electrical 
balance between the two halves of the 
phototube, and the general mechanical 
condition of the sound-head mechanism. 
(See Question 19.64.) 
The cancellation of a sound head 

should not be adjusted until the ma-
chine has been thoroughly warmed up. 
Mechanical adjustments should be made 
according to the sound-head manufac-
turer's instructions. 

19.100 How is the sound level from 
two or more sound heads balanced?—By 
means of balancing loops which are 
built from constant-frequency, con-
stant-amplitude stock—either optical or 
magnetic film. The loops are made just 
long enough to run in the sound head. 
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With the machines in motion and a VU 
meter connected at the output of the 
main amplifier system, the output levels 
for either optical or magnetic reproduc-
tion are adjusted to match between ma-
chines. As a rule, theater equipment in-
cludes a test position for this purpose. 
Constant-frequency film for making 
such loops can be obtained from the 
SMPTE. 

19.1 01 How are magnetic head 
clusters mounted in a penthouse sound 
ilea/It—They are mounted in two differ-
ent ways. One method employs two 
separate head clusters, one for 35-mm 
heads and a second for 70-mm heads. 
The second method employs a single 
head cluster with 35-mm heads on one 
side and 70-mm heads on the other. The 
cluster is rotated for the desired-type 
head. Such a scheme is discussed in 
Question 19.80. Typical threading paths 
for a penthouse using separate magnetic 
heads for 35- and 70-mm reproduction 
are given in Fig. 19-101. 

19.102 Are magnetic sound tracks 
affected by the steel parts of a motion 
picture projector?—Not to any great ex-
tent; however, as a precaution, it is 
good practice to demagnetize, at least 
once each day, all parts that come in 
contact with the magnetic film. The use 

(a) 35-mm. 

(b) 70-mm. 

Fig. 19-101. A typical threading path 
for 35-mm and 70-mm penthouse sound 
heads, using separate 35- and 70-mm 

magnetic head clusters. 
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of nylon rollers has greatly facilitated 
the running of magnetic sound tracks. 
(See Question 17.90.) 

19.103 What is the width and 
height of the scanning beam in an opti-
cal sound head?—At the present time, 
the standard for 35-mm is 84 mils in 
width and 1.2 mils in height. For 
16 mm, the width is 72 mils; no height 
is stated. 

19.104 Describe a phototransistor. 
—Phototransistors are of the junction-
type construction, with leads attached 
to the collector and emitter regions of 
the semiconductor wafer, but with none 
attached to the base. Packaged, the 
wafer is mounted so that the base re-
gion may be illuminated by an exciter 
lamp, through a tiny lens in the nose of 
the enclosing shell (Fig. 19-104). 

TUBULAR 
CASE LENS 

LIGHT - 
SOURCE :II 

- + 
40V 

Fig. 19-104. Basic design for a photo-
transistor. 

A de voltage is applied between the 
emitter and cathode in the conventional 
manner. The circuit then becomes that 
of a common-emitter amplifier. When 
the wafer is dark, the cutoff current is 
extremely small. When it is illuminated, 
current carriers are injected into the 
base region. The base current is ampli-
fied beta times by the transistor struc-
ture, and a large collector current pro-
portional to the light intensity is caused 
to flow. 

Silicon planar npn phototransistors 
are operated at a de voltage of about 
40 volts and provide approximately 9 
mA of collector current for 1000 foot-
candles illumination. The dark current 
is about 0.25 microampere. The upper 
frequency limit is around 25,000 Hz. The 
advantage of such a device is that it 
provides amplification for relatively low 
light intensities with a comparatively 
large output current The device may 
be operated with a steady or modulated 
source of illumination. Such devices are 
being used to replace the conventional 
phototube when the amplifier systems 
are of transistor design. The circuit for 
a phototransistor is given in Fig. 19-104. 
(See Question 11.161.) 
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19.105 Describe a high-pressure 
xenon lamp used for projection.—Xenon 
lamps are high-pressure, gas-filled 
lamps designed for de operation. The 
use of such lamps in motion picture 
projection is only one of its many uses. 
The outstanding features of these lamps 
include a color temperature that resem-
bles natural daylight (which is a mix-
ture of direct sunlight and reflected 
skylight), immediate readiness for op-
eration, extreme brightness, and ex-
tremely good stability. (See Question 
19.33.) The light color of xenon lamps is 
independent of variations in the supply 
voltage and will remain unchanged 
even when the light output is being 
regulated. Xenon lamps emit a strong 
medium and long wave ultraviolet radi-
ation with a continuous spectrum and 
have several radiation maxima in the 
short wavelength infrared range be-
tween 8000 and 10,000 angstrons. Such 
lamps can be used in 16-, 35-, and 
70-mm projectors, in small devices such 
as slide projectors, in light-scanning 
devices, and for many industrial pur-
poses. They are particularly well suited 
to wide-screen projection. A typical in-
stallation of such a lamp is shown in 
Fig. 19-105. It will be observed that the 

mirror from the arc lamp has been re-
tained and only the arc mechanism has 
been removed. The illustration is the 
interior of the lamphouse shown in Fig. 
19-80A. 
Xenon lamps are manufactured by 

Osram of Berlin, West Germany, To-
shiba of Japan, and others. This lamp is 
rapidly replacing the conventional arc 
lamp and incandescent light, because of 
its long life and color spectrum. Al-
though many installations employ the 
lamp in a vertical mounting position, it 
may be mounted horizontally, with the 
length parallel to the sides of the lamp 
house. One of the advantages of such 
lamps is that as the lamp output is re-
duced in intensity, the color tempera-
ture remains the same. 

19.106 Describe the construction of 
xenon projection famp.—The envelope 

of a xenon lamp consists of quartz of 
ellipsoidal shape, with two electrodes 
placed diametrically opposite. The cath-
ode (negative) must be made small. 
The anode (positive) must be relatively 
large in comparison, in order to dissi-
pate the heat. The overall length of the 
lamp is determined by the temperature 
gradient between the electrodes and the 
bases. Because of the prefocus base, the 

Fig. 19-105. Installation of a XeTron (xenonlamp) in a motion picture projection 
lamphouse. (Courtesy, Carbons Inc.) 
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Fig. 19-106. A 1600-watt xenon high-
pressure projection lamp. Manufactured 
by Osram of West Germany. (Courtesy, 

Macbeth Sales Corp.) 

lamp in use may be replaced by a simi-
lar lamp without making any adjust-
ment. A special property of the xenon 
arc lamp is that it absorbs only a min-
imum of its own radiation. When re-
flecting an inverse image of the arc in 
the mirror used in the original arc-lamp 
installations, the inverse image must be 
aligned so that the bright parts of the 
arc (cathode hot spot) are not imaged 
on one of the two electrodes. Although 
the concentration of power is high, 
xenon lamps need no forced-air cooling 
because of their shape. Because of the 
glare, the ultraviolet radiation, and the 
high operating pressure, the lamp must 
be completely enclosed in the lamp-
house with air vents. 

The gas filling has an excess pressure 
of several atmospheres (14 lbs per sq. 
in.) even when the lamp is not in use. 
Therefore, protective gloves and mask 
must be worn when handling the lamp. 

The burning position is always vertical, 
with the smaller electrode downward, 
as shown. To ignite the lamp, a special 
ignition device is used. The lamp may 
be started quickly by pushing a button 
for less than one-half second. A 1600-
watt xenon lamp is shown in Fig. 
19-106. 

19.107 What is the life of a xenon 
tube?—The life of these lamps is gen-
erally terminated by the blackening of 
the discharge vessel. The degree of 
blackening is influenced by the magni-
tude of the current pulsations and the 
number of starts. The average life for a 
150-watt lamp is 1200 hours; for 450 to 
1600-watt lamps, the life is 200 hours; 
for 2500-watt lamps, the life is about 
100 hours. 

19.108 Give the characteristics for 
xenon projection lamps.—As an illustra-
tion, three sizes of lamps will give 450, 
900, and 2500-watts. Xenon lamps are 
generally powered from single or three-
phase silicon rectifiers, having fairly 
good regulation. A switch is provided in 
the primary winding to set the operat-
ing voltage to its correct value. In addi-
tion, an igniter circuit is also required. 
Voltage, current, and luminous flux will 
vary with tubes of different manufac-
ture. 

19.109 Give the circuit for a high-
pressure xenon lamp.—The circuit for 
igniting the lamp and the keep-alive 
low-voltage power supply is shown in 
Fig. 19-109. The circuit consists of a 
transformer Ti which steps up the line 
voltage to 5000 volts and applies it to a 
5000 to 30,000-volt step-up transformer 
T2, which is connected across the elec-
trodes of the xenon lamp. When the 
lamp is energized, the low voltage is 
applied first, and then the push button 
for the igniter circuit is held down for 
less than one-half second. This causes 
a spark across the quenched gap, which, 
in turn, generates a 30,000 V spark 
across the electrodes of the lamp. This 
spark gap breaks down the internal re-

Rated 
watts 

Lamp 
supply vit, 

Operating 
vlts. 

Current 
Amperes 

Luminous 
flux lumens 

Light output 
to screen 
(lumens) 

450 
900 

2500 

70 Vdc 
70 Vdc 
85 Vdc 

18 Vdc 
22 Vdc 
30 Vdc 

28 
50 
95 

13,500 
32,000 

100,000 

2400 
7000 

18,000 

Fig. 19-108. Characteristics of some xenon projection lamps. 
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117 VAC 

QUENCHED 
GAP 

450 -WATT 
XENON 

LAMP 

Fig. 19-109. Basic circuit for the igniter and keep-alive low-voltage power supply for 
a 450-watt xenon projection lamp. (Courtesy, Carbons Inc.) 

sistance between the electrodes. As the 
resistance is now low between the elec-
trodes, the low voltage power supply is 
turned off. The quenched gap consists 
of several small gaps in series with 
cooling fins similar to heat sinks. These 
fins radiate the heat and cool the gaps 
almost immediately and cause deioniza-
tion, and thereby conduction. 

19.110 What is the spectral sensi-
tivity characteristic of a gas phototube 
used for sound reproduction?—The max-
imum sensitivity centers around 8000 
angstroms, or in the red region. The 
spectral sensitivity of a typical gas-
filled phototube is shown in Fig. 19-110. 
(See Question 19.111.) 

19.111 What is the sensitivity of 
the human eye compared to a phototube 
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Fig. 19-110. Spectral sensitivity charac-
teristics for a typical gas phototube used 

for sound reproduction. 

for a given colore—A phototube will re-
spond to variations of light intensity in 
the order of 0.10 percent. The human 
eye will not recognize a change less 
than 2 percent The spectral sensitivity 
characteristic for the human eye is 
given in Fig. 19-111. 

19.112 What is the strongest light 
the average human eye will accept?— 
About 16 billion times brighter than the 
least perceptible light. This is a range of 
0.000001 to 16,000 millilamberts. 

19.113 What methods are used to 
couple phototubes to a preamplifiere— 
Phototubes may be connected by a spe-
cial coupling transformer or by a low-
capacity cable. In the latter type of con-
nection, the output of the phototube is 
taken directly to the control-grid cir-
cuit of the first tube in the preamplifier. 
Two methods of connection are shown 
in Fig. 19-113. 

19.114 What causes a picture 
flicker?—If a vacuum-tube rectifier is 
being used to supply direct current for 
the arc lamp, the rectifier is generally 
designed to use six rectifier tubes in a 
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Fig. 19-111. Spectral sensitivity charac-
teristic of the human eye. 
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(a) Direct coupling using low-capacity 
cable. 
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(b) Transformer coupling. 

Fig. 19-113. Methods of coupling a pho-
totube to the input of a preamplifier. 

full-wave, 3-phase rectifier circuit. 
(See Fig. 19-114.) If the rectified cur-
rent is not the same in each tube, a 
flicker will be noted on the screen. 

Since the projector shutter frequency 
is 48 Hz, and if the rectifier is operating 
from 60-Hz power, the flicker rate will 
be 12 Hz, which is below the rate of 
persistence of human vision. Thus, a 
flicker is seen. The current passed by 
each rectifier tube should balance with 
respect to that passed by the others 
within 1 ampere. 

I- 7—J-
8 ° SI D  T T 

 I 1 

,n 

V3, 

V4 

20V 
12C --0 _ 

 0* 

V5,V6 

V7, V8 

V9, VIO 

VII, VI2 

Fig. 19-114. Three-phase, vacuum-tube 
rectifier for motion picture arc lamp use. 
Each rectifier actually consists of two 

tubes connected in parallel. 
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With rectifiers such as silicon diodes, 
flicker can often be traced to a voltage 
difference between the three phases of 
the power source feeding the rectifier 
unit. 

Regardless of the number of phases, 
flicker can be caused by voltage unbal-
ance between the phases. The greater 
the unbalance the greater the flicker. 
If possible, the voltage between phases 
should balance to within 2 percent. 

-I Balancing of the voltage between 
phases is a must with either type recti-
fier. In cutting over from one machine 
to another, the ac voltage to the pri-

_i mary and not the de voltage to the lamp 
should be broken, otherwise damaging 
transients can be produced and cause 
the rectifier tubes to burn out or cause 
damage to the rectifier units because of 
heavy surges. As a rule, when the ac to 
the rectifier is opened, a relay opens 
the de line to the arc lamp. 

19.115 What is the cause of flicker 
in a 16-mm projector?—Generally, it is 
due to the type shutter and the pull-
down mechanism. However, in the 
newer projectors, because of the im-
provement of the illumination systems, 
the flicker is reduced by the use of a 
three-bladed shutter, as it increases the 
flicker rate to 50 Hz. 

19.116 What is the procedure for 
adjusting an anamorphic lens?—Using a 
picture or test film as described in 
Question 19.129. With the regular pro-
jection lens in place, the image is fo-
cused on the screen, and the image size 
is adjusted to fill the screen in a vertical 
direction. The anamorphic lens is then 
attached and adjusted to expand the 
picture to the right dimension in the 
horizontal plane; this is the usual plan 
of adjustment. 
When a long throw is encountered, 

the light requirements may become im-
practical. This condition may be par-
tially overcome by what is termed re-
verse anamorphosis. The normal pro-
jection lens is changed to one that will 
fill the screen in a horizontal plane. The 
anamorphic lens is then installed and 
adjusted so that the image is reduced 
in vertical plane to fit the screen height. 
In this manner, considerably more light 
is obtained at the screen. (See Question 
19.118.) 

19.111 Is the regular lens system of 
a projector used with an anamorphic 
lens?—Yes. The anamorphic lens system 
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on a Simplex Fig. 19-117. Anamorphic lens mounted 

is placed in front of the regular lens, as 
pictured in Fig. 19-117. 

19.118 Describe the construction of 
on anamorphic lens.—When the picture 
is originally photographed, an anamor-
phic lens is mounted ahead of the regu-
lar lens used on the camera. The image 
is squeezed horizontally and looks very 
much like a television picture in which 
the horizontal linearity is out of adjust-
ment. This causes the characters to have 
narrow bodies and elongated heads. 
Squeezing the image permits a greater 
angle in the horizontal plane. When the 
film is projected, the anamorphic lens 
on the projector spreads the squeezed 
image on the film back to its original 
proportions. 

The projected picture can use any 
one of the ratios given in Question 19.83. 
The most common of these ratios is 
2.55:1. 

19.119 Where is an optical sound 
track placed on a CinemaScope magopti-
cal print?—The four sound tracks are 
placed in the same manner as for nor-
mal CinemaScope release print. The 
monophonic optical sound track is 

ANAMORPHIC 
LENS ASSEMBLY 

OE 
OE DOUBLE 

OEOE CONCAVE 

projector. 

placed in a position in which it will re-
produce on any standard projector; 
however, the sound track is somewhat 
narrower than normal. If the print is to 
carry only an optical sound track (no 
magnetic), the same print is used minus 
the magnetic striping. 

19.120 Describe the difference be-
tween a CinemaScope sprocket and stan-
dard sprockets.—In the original Cine-
maScope production of The Robe (re-
leased in 1953), special perforations 
were used in the film base, with special 
sprockets on the projector. The sprock-
ets were standard except for the width 
of the teeth, which were narrower in 
order to provide more room for the 
magnetic sound tracks. These special 
perforations and sprockets are still used 
for CinemaScope productions. Standard 
35-mni film can be run on these sprock-
ets without difficulty. However, Cine-
maScope perforations cannot be run 
with standard sprockets, as to do so will 
damage the perforations. CinemaScope 
release prints, both 55- and 70-mm, also 
use the special perforations and 
sprockets. 

FILM ARC 
LIGHT 

NORMAL 
PROJ. 
LENS 

CONDENSER 
LENS 

PLANO 
CONVEX 

APERTURE 
PLATE 

Fig. 19-118. Schematic of anamorphic lens system. 
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19.12 I Why are curved screens used 
with wide-screen projection?—To bring 
the picture focus over the entire surface 
of the screen. (See Question 19.124.) 

19.122 How is the curvature of a 
curved screen plotted?—From the angle 
of projection as shown in Fig. 19-122. It 
will be noted that the screen is curved 
inward and is a segment of the projec-
tion arc. 

If the vertical projection angle ex-
ceeds 12 degrees, the screen may be 
tilted back at the top to reduce the ef-
fects of keystoning. Curving the screen 
reduces the out-of-focus condition at 
the edges of the screen by bringing the 
edges forward, thus shortening the dis-
tance of the throw at the sides of the 
screen. (See Question 19.121.) 

SCREEN 

FLAT 
SCREEN 

-PROJECTOR 
LENS 

Fig. 19-122. Layout for a curved pro-
jection screen. 

19.123 What determines the width 
of a wide-screen picture?—The maxi-
mum height of the screen image, the 
ratio of the projection aperture plate, 
and the expansion ratio or magnifica-
tion of the anamorphic lens system in 
the horizontal plane. Thus, for 55.6-mm 
film, using aperture dimensions of. 
1.340/1.050 with an anamorphic lens 
expansion of 2:1, the aspect ratio is: 

1.340 
--- 1.2" x 2 = 2.55:1 

Aperture plate dimensions and ratios 
are given in Question 19.83. (See Ques-
tion 19.126.) 

19.124 What is the cause of out-of-
focus conditions at the edges of a wide 
screen?—Using a flat screen, the projec-
tion beam has to travel a greater dis-

tance to reach the edges, than to reach 
the center, as shown by the dotted lines 
in Fig. 19-124. Thus, it may be seen that 
the center is out of focus with the edges. 
Current wide-angle lenses are designed 
to bring the edges into sharp focus 
when a curved screen is employed. Not 
all out-of-focus conditions are caused 
by the projection arc. Focusing can also 
be affected by the lens system in use, 
keystoning, and the design of the 
screen. (See Question 19.122.) 

19.125 Define the term "enamor-
phic ratio." — Anamorphic lenses are 
specified by their magnification or 
spreading ratio, which indicates how 
much the picture can be spread on the 
horizontal plane. The height of the pic-
ture remains the same. Thus, for a 2:1 
ratio, the picture is twice the size. The 
height remains the same for a given 
value. 

19.126 Give the aspect ratios, past 
and present.—Aspect ratio is the ratio of 
the picture height to the picture width. 
The various ratios used by different 
studios, and their origination is given 
below. Many of these ratios are still in 
use and vary with different productions 
and film size. 

Film Width Aspect Ratio 

35 mm 1.34: 1 (Academy Standard) 
35 mm 2:1 (Superscope 1954) 
70 mm 2.21:1 (Todd-AO 1955) 
35 mrn 2.21:1 (Panavision 1954) 
70 zrun 2.21:1 (Super-Panavision 

1958) 
3 X 35 nim 2.27:1 (Ultar-Panavision 

1961) 
70 nun 227:1 (Ultra-Panavision) 
35 nun 2.34:1 (Techniscope 1963) 
35 mrn 2.35:1 (CinemaScope 1953) 
55.6 nun 2.55: 1 (CinemaScope 1956) 
3 x 35 mm 2.77:1 (Cinerama 1952) 
70 nun 2.94:1 (MGM-65 1957) 

Other ratios used are, 1.66:1, 1.75:1, and 
1.85:1. However, these latter ratios are 
used primarily for cropping. (See 
Question 19.48.) 

19.127 Name the various wide-
screen systems.—Several different sys-
tems have been developed, using 35-, 
55-, and 70-mm film. Many variables 
are included in these systems: linear 
speeds greater than 90 fpm, width of 
film, frame rate, perforations, horizontal 
magnification, aspect ratio, and the 
number of sound tracks with two sys-
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tems using three projectors simulta-
neously. Also, in certain systems, sepa-
rate sound heads are used which run 
interlocked with the projectors. Al-
though the camera is not a problem of 
the projectionist, there are many varia-
tions in the method of photographing 
the picture and in the printing proc-
esses. 

The wide screen systems both past 
and present are: 

CinemaScope, 35- and 55-mm; Pana-
vision; Super-Panavision; Ultra-
Panavision; MGM-65; Cinerama; 
Cinemiracle; Perspecta Sound; Su-
perscope; Techniscope; Vistavision; 
Todd-A0; Technirama. (See Ques-
tion 19.128.) 
19.128 Describe the special wide-

screen systems.—Wonderama: The Won-
derama system uses a split image. In 
this system, the camera photographs the 
image through an image converter 
which rotates the left and right halves 
of the picture 90 degrees in opposite di-
rections, and produces a nonanamorphic 
image, with an aspect ratio of 3:1. The 
picture is projected through binocular-
type lenses that return it to its correct 
ratio, but in enlarged dimensions. 

Poleycran: Poleycran is a system de-
veloped in Czechoslovakia. It uses eight 
screens and is used in combination with 
live action. 

Circarama: At Disneyland and at 
several world fairs a system called Cir-
carama was used, in which the specta-
tors stood in the center of a circular 
screen. The screen consisted of 11 sepa-
rate panels, each 8 feet in height set in 
a 40-ft circle. The projection system en-
compassed a group of interlocked 
16-mm projectors. 

Cinetarium: Cinetarium employs a 
single projector and presents a 360-de-
gree circular motion picture in a dome-
type theater. This system was developed 
in Germany. 

VertiVision: This system of projec-
tion was developed by H. M. Tremaine 
and John H. W. Guselle for the British 
Columbia (Canada) Expo-70 Pavilion, 
Osaka, Japan. The system is front pro-
jection employing a vertical screen 
13' 6" wide and 40' 6" high. Special opti-
cally printed films are used for spectac-
ular effects. A vertical screen 17' wide 
and 37' high was also used at Expo-67 
in the Labyrinth Pavilion, Montreal, 
Canada. This latter system of projection 

was designed by the National Film 
Board of Canada. 

79.129 Show an amorphic focusing 
chart.A special chart is made, similar 
to that shown in Fig. 19-129. The chart 
is then photographed, using an anamor-
phic lens system to compress the image 
in the horizontal plane. The chart is 
projected on the screen, and the lens 
system is focused and rotated until the 
circles become round and the lines be-
come straight. Although the chart 
shown is for 20th Century-Fox Cinema-
Scope, such charts may be made for any 
ratio. (See Questions 19.116 and 19.118.) 

19.130 What projection systems are 
more than four perforations per frame?— 
Teelmararna, Super-Panavision, and 
MGM-65 use five perforations per 
frame. At the present time, Ultra-Pana-
vision and Cinerama use six perfora-
tions per frame. 

19.130 What projection systems use 
more than 24 frames per second?—Cine-
rama and Ultra-Panavision use 26 
frames per second, while Todd-A0 uses 
30 frames per second. Other systems use 
24 frames per second at the present 
time. 

19.132 What projection systems use 
a linear speed greater thon 90 feet per 
min uteT—Technarama and MGM-65 use 
112.5 feet per minute; Ultra-Panavision, 
122 feet per minute. CinemaScope-65 
uses 135 feet per minute. Super-Panavi-
sion and Todd-A0 use 140.6 feet per 
minute. Cinerama and Ultra-Panavision 
use 146.25 feet per minute. 

19.133 When a single magnetic 
sound track is used, where is it placed? 

.‘11111MillOE 
7.2« 

ge =• = 

1191 
iimicorr t. 
IRE Mil Ms.. 

Fig. 19-129. Test chart for adjusting 
wide-screen projection images, using an 

anamorphic lens system. 
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Fig. 19-136. Sound-track placement for 70-mm 

TRACK 0.060 

release 
tracks on the film. 

—In head position number 1, per USA 
(ASA) PH22.137-1963, as shown in Fig. 
17-189. 

19.134 When three magnetic sound 
tracks are used, how are they desig-
nated?-1, 2, and 3. Number 1 feeds the 
left speaker, Number 2 the center, and 
Number 3 the right speaker. (See Ques-
tion 17.169.) 

19.135 When four magnetic sound 
tracks are used, how are they desig-
nated?—The same as for three, except 
the fourth sound track is used for con-
trolling surrounding speakers in the 
auditorium. 

19.136 Give the placement for six 
magnetic sound tracks on a 70-mm re-
lease print.—A recommended track 
placement is given in Fig. 19-136, but no 
standard has been set at this particular 
time. The track placement given is used 
by Todd-AO and other studios using six 
sound tracks. The stripes are placed on 
the film after processing. Two sound 
tracks, each 60-mils wide and separated 
by 50 mils, are placed on the outer 
edges of the base, with two additional 
60-mil tracks placed inside the sprocket 
holes. 

19.137 How is the distance between 
loudspeakers for wide-screen projection 
determined?—The distance may be cal-
culated thus, 

.10% 
distance screen width  

3 

The speakers in the system must be of 
identical types and of the same sensitiv-
ity. This prevents the level and quality 
of dialogue from changing as the char-

0050 

HEAD 

#4 

prints using 6 magnetic 

±0.007 
0.200 
STRIPE 

0.008 

0.023 

TRACK 0.060 

0.000 

TRACK 0.060 

0.053 

0.050 

HEAD 

HEAD #6 

acters move across the screen. The dia-
logue and other sounds recorded in the 
studio are based on the preceding rela-
tionship of the speakers in the theater; 
therefore, it is important that the 
speakers be placed in this relationship 
to the picture frame. 

The speakers may also be placed for 
an aspect ratio of 2.55:1, 0.85 times the 
picture height. The center line of the 
high-frequency unit should be located 
between one-half and two-thirds of the 
picture height. The horn mouth of the 
high-frequency unit must be as close 
to the screen as possible and, since 
there is a definite relationship between 
the high-frequency and low-frequency 
units for correct phasing at the cross-
over frequency, this usually demands 
that the low-frequency unit also be 
placed close to the screen. 
The low-frequency unit will gener-

ally be pointed slightly toward the cen-
ter of the audience. The high-frequency 
units should be twisted around so that 
they point directly out rather than toed 
in; and they should, insofar as possible, 
cover the front rows of seats, favoring 
the near side if a compromise must be 
made. Loudspeaker phasing is discussed 
in Question 20.126. 

19.138 What is the minimum ac-
ceptable cross-talk level for a stereo-
phonic systemT—Not less than 40 dB in 
a frequency range of 50 to 8000 Hz. 

19.139 How important is phasing in 
a stereophonic system?—Extremely im-
portant, as cancellation between various 
speakers may take place. The reproduc-
ing channels must be in phase from the 
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magnetic reproducing heads to the 
loudspeakers, both electrically and 
acoustically. 

19.140 What is the maximum flut-
ter that may be tolerated in a sound 
head?—Not more than 0.15 percent rms 
total flutter. 

19.141 What should the signal-to-
noise ratio be for a properly adjusted 
projection system?— Approximately 50 
dB. Run a piece of 400 Hz, 100-percent 
modulated sound track through the 
projector with the output of the power 
amplifier terminated in a resistive load. 
Set the gain control for a normal house 
level. Read this level with a vacuum-
tube voltmeter. Next, run an unmodu-
lated sound track or bias lines through 
the projector. Increase the sensitivity of 
the vacuum-tube voltmeter until a 
reading is obtained. The difference be-
tween the two readings is the signal-
to-noise ratio of the system. 

For stereophonic reproduction, the 
signal-to-noise ratio should be 50 dB 
over a frequency range of 50 to 8000 Hz. 
Under the above conditions, hum in the 
auditorium will be inaudible. 

19.142 What type systems are used 
for interlocking sound heads and projec-
tors?—Two methods can be used, al-
though the second method is preferred. 
1. Selsyn interlock distributor system, 
using single-phase motors and distribu-
tors turning at 1800 rpm. 2. Selsyn in-
terlock distributor, using 230-volt 
three-phase motors turning at 1200 rpm. 

SPKR: 

SPKR. 

In early installations, the machines 
were interlocked by a shaft on the front 
wall of the projection room, and chain 
drives were connected to the machines. 
However, this is not a satisfactory man-
ner and is not recommended. 

19.143 Describe the basic plan for 
cinerama projection.—The Cinerarna 
system, although not stereoscopic pho-
tographically, achieves this stereo-
scopic illusion because of the very wide 
curved screen. Referring to the floor 
plan of Fig. 19-143, three separate pro-
jectors are employed, with each projec-
tor covering an angle of 48 degrees. The 
screen is semicircular and covers an arc 
of 144 degrees horizontally, and 55 de-
grees vertically. The. geometry of the 
camera lens and that of the projection 
system is such that the resulting picture 
is very nearly that experienced by the 
human eye. The projectors run at a 
linear speed of 146.25 feet per second 
using 35-mm film, with 26 frames per 
second and six perforations per frame. 
The sound is a double system; that is, 
two sound heads, each carrying seven 
magnetic sound tracks, are electrically 
interlocked with the projectors. Five of 
the sound tracks feed loudspeakers be-
hind the screen, and two others feed 
speakers on the left and right of the 
auditorium. The rear speakers are cued 
in and out as required. 

19.144 What is fantasound?— A 
special sound recording and reproduc-
ing system developed in 1939-40 by J. N. 
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Fig. 19-143. Projection pion for Cineroma projection. ' 
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Fg. 19-144A. Section of the reproducing amplifiers used for the Walt Disney Pro-
duction "Fantasia." 

A. Hawkins, William E. Garity, and H. 
M. Tremaine for Walt Disney Produc-
tions and used with the production 
Fantasia. The system consisted of three 
program tracks and one control sound 
track on a single optical film. The con-
trol track consisted of several different 
frequencies which controlled the open-
ing and closing of the amplifier systems 
in relation to the action on the screen. 
The three loudspeaker systems used 
were: (1) behind the screen, (2) on the 
side walls, and (3) at the rear of the 
auditorium, to create the illusion of the 
sound moving with the action on the 
screen. Although the original music was 
recorded stereophonically, the final re-
cording was made pseudostereophonic. 
A section of the equipment for repro-
ducing Fantasia is shown in Fig. 
19-114A. Present releases of this pro-
duction use magnetic sound tracks, with 
less speaker systems than the original 
plan of the basic system shown in Fig. 
19-114B. 

19.145 What are the minimum au-
dio power requirements for a theater of 
a given size?—The audio requirements 
vary, depending on the cubic footage of 
the theater. However, the minimum re-

quirements can be found by referring 
to Fig. 2-47. Although the graphs indi-
cate fairly modest values for smaller 
theaters, the trend is to use greater 
power than indicated to obtain more 
realistic reproduction. If the auditorium 
of the theater is fairly well damped 
(dead), greater power than indicated 
will be required. A minimum of 30 
watts is recommended. It is not unusual 

A A A 
SCREEN 

OVERHEAD 

A 

PROJECTOR 

Fig. 19-1448. Original basic plan for 
Walt Disney production "Fantasia." 
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in larger theaters to find systems using 
250 watts of audio power. 

19.146 Describe the various shutter 
designs, past and present, used for 35-
and 70-mm projection.—The sole pur-
pose of a shutter in a projection ma-
chine is to cut the illumination off when 
the intermittent motion pulls the film 
downward. This occurs at the rate of 
24 frames per second. Many different 

designs of shutters have appeared over 
the years. One of the original shutters 
was that of the single-blade type, used 
on the first projection machines. This 
was followed by a two-bladed shutter, 
used at the front or rear of the picture 

head. Then similar shutters were placed 
in front and at the rear of the picture 
head. During this time, the three-

bladed shutters made their appearance. 
All of these shutters were fairly effi-
cient; however, the two-bladed shutter 

at the rear of the picture head is the 
most inefficient of all types. 

Fig. 19-146A. Two-bladed motion pic-

ture projector shutter. 

Conventional shutters are required to 
cut off the light during the intermittent 
pull-down period of 146 second (90 

fpm) and to provide a balanced cutoff 
of equal duration in the middle of the 
dwell period, resulting in a 48-Hz ex-

posure frequency. Under these condi-

Fig. 19-146B. Three-bladed motion pic-
ture projector shutter. 

tions, the two blades of the shutter must 

be of equal angular width. Such shut-
ters have a light transmission of 50 per-
cent. 

The most efficient shutter at the 
present time is the barrel-and-cone 
type, placed at the rear of the picture 
head. It is the type used with most 

70-mm projectors. The closer a shutter 
can be placed to the picture aperture, 
the more efficient it becomes. 

In the design of projector shutters, 
several factors must be considered. 
Among these are the light level at the 
screen, the speed of the lens system in 

the lamphouse (concave mirror), and 
the type of intermittent movement. 
Plans for two- and three-blade shutters 
are given in Figs. 19-146A and B. (See 
Question 19.80.) 

19.147 How is the footage of 16-
mm film converted to 35-mm film foot-
age?-16-mm film runs at 36 feet per 
minute, while 35-mm film runs at 90 
feet per minute, a ratio of 2.5 to 1. Thus, 

for a given running time, it requires 
2.5 times the amount of 35-mm film 
compared to 16-mm film. A conversion 
chart for quick reference is given in 
Section 25. 

19.148 What type glass is recom-
mended for projection room portholes?— 
For the projectors, a good grade of op-

tical glass about %-inch thick. Two 
pieces are mounted in removable resili-
ent frames set apart by the thickness 
of the front wall. The glass in the pro-
jection room side is set vertical, while 
the one on the opposite side is tilted at 
the top about 5 to 7 degrees, to prevent 
reflections on the screen. Observation 
windows should be a double glass to 

prevent the transfer noise into the au-
ditorium. These too should be tilted to 
eliminate reflections. 

19.149 What type test tracks and 
film are required for servicing stereo-
phonic sound systems?—The following 
test tracks and picture are recom-
mended. Certain tests will be required 
daily, while others will only be neces-
sary when adjusting the system com-
ponents. Special test tracks and picture 
may be required for certain systems, in 
which instance the studio generally 
supplies them. Test films may be ob-
tained from the SMPTE. 

a. Level balance for setting the level 
of four magnetic sound tracks 
simultaneously. 
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b. Multifrequency sound track, for 
adjusting the frequency character-
istics of four sound-tracks simulta-
neously. 

c. Loudspeaker-balance test, for test-
ing the response using dialogue 
and music. The sound progresses 
from track 1 to track 4. 

d. Picture and stereophonic sound 
tracks with a 12-kHz control track 
for checking auditorium surround 
speakers. 

e. Flutter test, 3000 Hz, four tracks 
simultaneously. 

f. Loudspeaker-phasing track which 
is used for adjusting the phasing 

of individual and complete speaker 
systems. 

g. Picture only, with alignment chart 
which is used for adjusting the 
anamorphic lens system. 

19.150 When is it necessary to re-
sync the sound track and picture?— 
When the throw is excessively long. 
This is accomplished as explained in 
Question 19.30. 

19.151 What is a prefocused pro-
jection or exciter lamp?—An exciter or 
projection lamp with a ring soldered 
to the base by the manufacturer and 
in such a position that when the lamp 
is put into its socket, it will be in focus 
without further adjustment. The pur-
pose of the prefocus base is to permit 
a rapid change without adjustment. 

19.152 What is a burnishing film? 
—A special film with a very fine polish-
ing abrasive imbedded in it and used 
for polishing the aperture plate in a 
motion picture projection machine. This 
film may be obtained for either 16-mm 
or 35-mm projectors and with single or 
double perforations. (See Question 
17.126.) 

19.153 What is green film, and how 
is it projected?—Green film is film just 
received from the process laboratory 
that has not been waxed or treated for 
projection. Such film is often run in the 
studio projection room if time is a fac-
tor, or if the picture is a work print. 
The running of green film should be 
avoided, if possible. Green film, when 
projected for the first time, will gener - 
ally stick to the aperture plate because 
of the heat. This will cause a piling up 
of the emulsion and a consequent 
scratching of the picture area, plus in 
and out of focus, and warping of the 
picture. 

1063 

Fig. 19-156A. Eastman Model 30 
16-mm projector. 

In the absence of a waxing solution, 
a mixture of beeswax and carbon tetra-
chloride may be used. This solution is 
applied with a velvet or lintless cloth 
while running the film on rewinds. The 
fumes from the solution must not be 
inhaled. Normally, motion picture film 
is lubricated over its entire surface to 
prevent it from sticking to the shoes in 
the projector. 

19.154 What is the difference be-
tween a squeezed and an unsqueezed 
print?—A squeezed print is one made 
using an anamorphic lens in the motion 
picture camera and is projected utiliz-
ing an anamorphic lens with reverse 
characteristics. An unsqueezed print is 
one shot using a regular lens. 

19.155 Describe the construction of 
polybelts.— Polybelts are wide-base 
belts containing several V belts. Such 
belts have greater driving power and 
steadiness than single V belts. Belts of 
this type are used on projectors, be-
tween the motor and main drive shaft. 

19.156 Describe a heavy-duty 16-
mm projector.—Fig. 19-156A shows an 
Eastman Model 30 16-mm projector. 
This machine is similar in many re-
spects to a regular 35-mm projector and 
has been designed for use in motion 
picture studios and theaters where the 
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picture must be comparable to standard 
35-mm projection. 

The mechanism consists of an inter-
mittent sprocket pull-down with an ac-
celerated Geneva movement with its 
own directly connected synchronous 
motor. The remaining sprockets and 
shutter are driven by a second synchro-
nous motor. The two systems are en-
gaged temporarily for starting and are 
then run mechanically independent to 
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eliminate shock forces and to obtain an 
inherently flutter-free sound-transport 
system. 

The schematic diagram for the pho-
totube and magnetic head preamplifier 
is given in Fig. 19-156B, with the main 
amplifier shown in Fig. 19-156C, and 
the various equalizer characteristics in 
Fig. 19-156D. 

Also included is a dc power supply 
for the sound exciter lamp and a high-
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amplifier and power supplies 

motion picture projector. 

voltage power supply for the amplifier 
section. This machine may also be ob-
tained for arc-lamp operation. 

19.157 How can the projector in 
Question 19.156 be converted to selsyn 
interlock? — This particular projector 

000 00 

.1 5 

for Eastman Model 30 16-mm 

(and previous models) can be modified 

to operate both single-phase and three-
phase selsyn interlock, by the addition 
of a 1200-rpm three-phase selsyn inter-
lock motor, as shown in Fig. 19-157A. 
The selsyn motor is connected to the 
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Fig. 19-156D. Frequency response curves for magnetic and optical film reproduction, 
Eastman Model 30 16-mm motion picture projector. 

vertical drive shaft of the projector, 
through a Gilmer belt and two gears. 

In the single-phase mode of opera-
tion, the selsyn motor is disconnected 
electrically and idles with the vertical 
shaft. In the selsyn mode, the selsyn 
motor is the prime mover, and the ac-
celeration and deceleration of the sin-
gle-phase motor is controlled by means 
of a three-pole relay, connected in con-
junction with the single-phase and the 
interlock system. Such a modification 
will permit the projector to be inter-
locked with rerecording equipment or a 
separate sound head. 

Fig. 19-157A. Three-phase selsyn inter-
lock motor mounted on Eastman Model 
30 16-mm projector. (Courtesy, Magna-

Tech Electronic Co. Inc.) 

The power-circuit modification is 
shown in Fig. 19-157B. The connections 
to the selsyn interlock motor and pro-
jection machine proper are made 
through connector plugs Pl, J1, and J2. 
A three-pole relay Kl, installed in the 
projector base, connects to the four-
pole switch on the control panel of the 
projector. After the direction of the 
motor rotation has been established, the 
floating gears in the projector head may 
have to be readjusted because of a 
slight difference in the phasing. The 
manufacturer's instruction book should 
be referred to for this adjustment. The 
four-pole switch on the projector for 
controlling the blower, the lamp, and 
the single-phase drive remains intact. 
Kits are available for this modification. 

19.158 Describe a 16-mm projector-
recorder.—A unique design in dual pur-
pose 16-mm projector-recorders pic-
tured in Fig. 19-158 is manufactured by 
Siemens and Halske of Berlin, West 
Germany. This machine may be used as 
a sound projector for both optical and 
magnetic reproduction, using either 8-
or 16-mm filin. It also permits recording 
on 8-mm striped film on regular 16-mm 
magnetic film. Both the picture and re-
cording are mechanically interlocked 
for absolute synchronization. 

The machine also provides facilities 
for a narrator to record sound track 
while watching a silent picture, or the 
machine may be used to preview style 
for editorial work. (See Question 19.81.) 
Nine different modes of operation are 
possible. 

Fig. 19-158 shows that, for magnetic 
reproduction or recording, the film 
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Fig. 19-1578. Schematic diagram for converting Eastman Model 30 16-mm projector 
for selsyn interlock operation. 

leaves the supply reel A and is threaded 
under sprocket B, then downward to a 
sound drum C and to its pad roller D. 
From this point, the film travels upward 
again over sprocket B, over rollers E 
and F, to take-up reel G. The magnetic 
record-playback and bias heads are 
mounted in a Mumetal shield at H. 
At I is an amplifier stage used for re-
cording, and at J is the main amplifier. 
A microphone is shown at K. Item L is 
an optical-magnetic head assembly for 
the opposite side of the machine. Provi-
sions are made for patching in other 
sources of program material by means 
of jacks at the lower left of the base. 

19.159 What is the relationship of 
lens size, picture size, and throw for 8-

mm and 16-mm projection?—This rela-
tionship is given in Fig. 19-159. (See 
Question 19.163.) 

19.160 Give the relationship of lens 
size to throw, and picture size for 35-mm 
projection, using a standard picture 

aperture (Academy).—A tabulation of 
the lens sizes and picture dimensions is 
given in Fig. 19-160. These figures are 
for a standard aperture (Academy) 
0.825/0.600 inch. The sizes are given to 
the nearest tenth of an inch. For a pro-
jection distance greater than 200 feet, 
the distance of one-half the required 
length is selected, and the image size is 
doubled. 

19.161 Describe the Todd-A0 sys-
tem of projection.—The Todd-A0 sys-
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Fig. 19-158. Dual 16-mm projector-recorder manufactured by Siemens and Holske 
of West Germany. (Courtesy, R and H products Ltd., Canada). 

8MM MOTION PICTURES 
APERTURE WIDTH - .172" 

LENS 
FOCAL 

SCREEN WIDTH 

LENGTH 40" 50" 60" 70" 81" 8' 9' 10' It' 

9/1" t., 10.9 13.6 114 19.1 22.9 26.2 29.1 32.1 39.2 

14" 
2 
2. .. 14.5 18.2 21.8 25.5 30.5 34.9 39.2 43.6 52.3 

22mm. ; e 16.8 21.0 25.2 29.4 35.3 40.3 45.1 50.4 60.5 

1" I. 19.3 24.2 29.1 33.9 40.7 46.5 52.3 $8.2 69.8 
_ 

114" 47" 21.2 30.3 36.3 12.4 50.9 58.2 65.4 721 87.3 

16MM MOTION PICTURES 
APERTURE WIDTH - .380" 

LENS 
FOCAL 

SCREEN WIDTH 

LENGTH 40" 50'' 60" 70" 81' 8 1 10' 12' 14' 16' 18 20' 22' 21' 26' 28' 30' 

5/8" 55 69 8.2 9.6 11.5 132 14.8 16.4 19.7 23.0 16.3 29.6 329 36.2 39.5 42.8 46.1 49.3 

1" :i 8.8 11.0 13.2 154 18.4 21 1/23.7 26.3 31.6 36.8 42.1 47.4 526 57.9 63.2 68.4 73.7 719 

ph" ..m 13.24 16.7'19.7 23.0 27.6 316 35139.5 47.4 55.3 63.2 71.1 78.9 86.8 94.7 102.6 110.5 118.4 

-2" .2 -11.5 219 267 307 358 421 474 526 632 77.7 84.2 947 105.3 115.8 126.3 136.8 147.4 157.9 

21/," .e. 21.9 274 329 384 46.1 526 592 65.4 739 92 I 105.3 118.4 131.6 144.7 157.9 171.1 184.2 197.4 

21/4 " 24 0 30.2 36 2 42 2 53 71-57 9 65.1 724 161 101.3 115.8 175 0 144.7 159.2 173.7 188.2 202.6 2171 

3" OET, 263 329 39.5 461 S; 3 63 2 t_71 1 78 9 947 110.5 :26.3 142 1 157 9 173.7 189.5 205.3 211.1 236.8 

31-7 - .≤.7 -30 7 38 4 +367 5? OE 615 18 7 182 41 921 105 128.9 147.4 :65 8 34.2 .i02.6 221.1 239.5 257.9 276.3 

- 4" 35.1143 9 516 6-1 4 '3 7 84 2 9; / 125,3147 4 16874i-89.5 2'0 5 231.6 252 6 273.7 294.7 315.8 

Fig. 19-159. Picture size, lens focal length, and throw for 8-mm and I6-mm 

film projection. 
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Fig. 19-160. Projection throw, lens, and picture size for 35-mm film using a standard 
Academy aperture. (Courtesy, International Projectionist Magazine) 

tem is a wide-screen process developed 
by Dr. Brian O'Brien, of the American 
Optical Co., in conjunction with Magna 
Pictures Corp., in 1953. This system, like 
Cinerama, creates the illusion of audi-

ence participation with only the use of 
a single camera for the photography, 
and one projector in the theater. The 
release print is 70 mm wide, carrying 
six magnetic sound tracks (Fig. 19-

Fig. 19-161. Film clip showing the Todd-AO wide-screen process. 
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136), with 65-mm perforations, or five 
perforations to the picture frame. 

The curved image shown in the film 
clip of Fig. 19-161 is necessary to obtain 
a linear image on the screen. This is 
accomplished in the projector optical 
system. The linear speed of the pro-
jector is 140.6 feet per minute, 30 frames 
per second. 

19.162 What is a perspecta sound 
projection system?—A system developed 
by Paramount Studios for the projec-
tion of pseudostereophonic sound, using 
only one reproducing channel. The sys-
tem employs three low-frequency tones 
of 30, 35, and 40 Hz which are superim-
posed on the sound track and control 
the speaker pattern. To prevent the 
control frequencies from being heard, 
filters are used in the amplifier circuit 
to remove them. The speakers are se-
lected by relays. In some respects, the 
system operates in a manner similar to 
the Dorsett system described in Ques-
tion 19.170. 

19.163 Describe a folded-throw pro-
jection system.—A folded-throw projec-
tion system is one in which the normal 
picture is folded by the use of one or 
several mirrors, to reduce the physical 
length of the projection beam. Such a 
system using a 16-nun projector and a 

front-surfaced mirror is shown in Fig. 
19-163A. For this particular system, the 
picture is projected on the mirror, then 
reflected to a rear projection screen. 
The total length of the throw is nor-
mally 18 feet, but when folded, the re-
quired distance is approximately 9 feet 
from the screen. 

The basic plan for folding the beam 
is given in Fig. 19-163B. Critical adjust-
ments in such systems are the place-
ment of the projector, the angle of the 
mirror, and the position and distance of 
the screen from the mirror. Four such 
projectors are pictured in Fig. 19-164A, 
using a common projection area. These 
projectors were designed by Forest E. 
Jaquart, of Lytle Engineering Co., and 
were used in conjunction with a multi-
lingual sound reproducing system, de-
scribed in Question 19.164. Although the 
image is reversed at the screen, when 
viewed from the front by an audience, 
it is in correct relationship. 

It should be remembered that, when 
using mirrors, they must always be 
used in odd numbers. If a straight-line 
beam is used (no mirrors) a prism is 
employed at the projector to reverse the 
projected image; otherwise, the image 
on the fihn must be printed in reverse. 
If the print carries a sound track, this 

Fig. 19-163A. Folded-throw 16-mm projection system using a front-surfaced mirror. 
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REAR PROJECTION 
POLARIZED 
TYPE SCREEN 

PROJECTOR 

NORMAL 
THROW 

FRONT-SURFACED 
MIRROR 

Fig. 19-163B. Basic plan for folded-throw rear projection system. For front-surface 
projection a second mirror must be placed in the projection beam. 

could present difficulties. The prism at 
tne projector does not shorten the throw 
distance, but only reverses the image. 
Therefore, when using a reversing 
prism, only two mirrors are required. 

Short focal-length lenses (under 1 
inch) should be avoided, if possible. 
They tend to distort the image, unless 
they are specially ground. Image width 
varies in direct ratio to the throw dis-
tance. Image height is related to width 
by the ratio of the image on the film 
and the projector aperture ratio. (See 
Questions 19.105 to 19.109.) 

19.164 Describe a multilingual 
sound-projection system. —Pictured in 
Fig. 19-164 is a multilingual sound and 
projection system, employing four 
16-mm rear projection systems, with 
each projector using a folded-throw 
projection beam. Each projector is sep-
arately interlocked with a four-track 
16-mm magnetic film reproducer carry-
ing four different languages. The image 
from each projector is focused on the 
rear of a polarized type screen, manu-
factured by Polacoat, Inc. Fig. 19-164B 
shows a floor plan of the projection area 

Fig. I9-164A. Projection-room area housing four folded-throw, I6-mm projectors. 
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Fig. 19-1648. Floor plan of rear projection installation at the Second International 
Conference for the Peaceful Uses of Atomic Energy, Geneva, Switzerland 1958. 

and theaters. At each seat in the audi-
toritun is a headphone, a volume con-
trol, and a language-selector switch. 
This switch permits the selection of 
English, French, Russian, or Spanish. 
The system was designed by H. M. Tre-
maine for the Lytle Engineering Corp. 
The four-track recorders and reproduc-
ers were manufactured by the Magna-
sync-Moviola Corp. In addition to the 
magnetic sound tracks, the picture car-
ried an English optical sound track; 
however, this track was not normally 
used. Sound-track placement dimen-
sions for the four-track magnetic sound 
tracks are given in Fig. 19-164C. 

1 

0,04 
.135" 

3 4 

Fig. 19-164C. Sound-track placement 
dimensions using four tracks on a 16-

mm magnetic film. 

A front view of one of the four-track 
reproducers is given in Fig. 19-164D, 
and a rear view is shown in Fig. 19-
164E. The block diagram for a single 

theater installation appears in Fig. 19-
164F. 

Starting with head 1 (the English 
sound track), the signal is amplified by 
preamplifier 1, and then is applied to 
the input of a 10-watt power amplifier. 
The 16-ohm output of the power ampli-
fier is terminated in 16 ohms and feeds 
one leg of the several language-selector 
boxes (each theater has 25 boxes). The 
600-ohm output circuit feeds a VU me-

Fig. 19-164D. Front view of four-track 
16-mm magnetic film reproducer. 
(Courtesy, Lytle Engineering Co.) 
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ter. The French, Russian, and Spanish 
sound tracks are treated in a similar 
manner. The block in the diagram la-
beled projection monitor is a motor-
driven cam system that connects the 
projectionist's headphones across each 
sound track every 15 seconds to provide 
continuous monitoring of the four 
tracks. 

Since the headphones and the vol-
ume controls are of high impedance fed 
from a 16-ohm circuit, they function as 
a bridging load across the amplifier out-
put. No change in level is reflected 
when the headphones are changed by 
the audience from one language circuit 
to another. This not only is prevented 
by the use of high impedance head-
phones across a 16-ohm circuit, in ad-
dition a terminating resistor is substi-
tuted for the headphone load in the 
selector switch box. One spare pream-
plifier and a power amplifier are in-
cluded in each rack for emergency use. 

19.165 Why are high-frequency os-
cillator exciter-lamp power supplies 
used?—To provide a lightweight, eco-
nomical source of exciter-lamp current. 

Fig. 19-164E. Rear view of four-track 
16-mm magnetic film reproducer. (Cour-

tesy, Lytle Engineering Co.) 

If 60-Hz is applied to an exciter lamp, 
hum modulation can occur at a fre-
quency of 120 Hz. A rectifier supplying 
a source of dc can also be used, but the 
added weight of components eliminates 
it for portable equipment. If the projec-
tor is a studio type, a de supply is rec-
ommended. The use of a high-fre-
quency oscillator type supply raises the 
frequency applied to the exciter lamp 
beyond audibility. 

19.166 Give a schematic diagram 
for a high-frequency exciter-lamp supply. 
Fig. 19-166 shows a typical high-fre-
quency exciter-lamp supply used in 
16-mm projectors. The circuit consists 
of a single 6V6 oscillator tube operating 
at a frequency of 125 kHz. Capacitors 
Cl and C2 are radio-frequency bypass 
capacitors across the heater supply ter-
minals to prevent rf from entering the 
power supply circuits. 
The output voltage for the exciter 

lamp is taken from a low-impedance 
winding L2 coupled to tank-coil LI. 
The voltage at the coupling coil is ap-
proximately 6 volts at 1 ampere. 

19.167 Show the methods used for 
connecting water cooling systems for pro-
jectors.—Five different methods for 
connecting the water supply to a pro-
jector are given in Fig. 19-167. If the 
water supply has a high mineral con-
tent, a water recirculation system 
should be used, and a quantity of rust 
inhibitor should be added. If the water 
is of low mineral content, such as rain 
water, the recirculating system may be 
dispensed with. The water pressure 
generally ranges between 2 and 3 
pounds per square inch. 

19.168 Describe a radio-frequency 
sound system for drive-in theaters.— 
Such systems consist of a low power 
radio-frequency transmitter, operating 
in the broadcast band. The transmitter 
is modulated by the theater sound sys-
tem. The antenna system is designed so 
that the signal is confined to the theater 
area and cannot be heard outside the 
parking area. The program material can 
be heard by the customer on his car 
radio if he so desires, rather than his 
using the loudspeaker normally sup-
plied. For stereophonic production, the 
car radio and the theater speaker are 
used together. The frequency of the 
transmitter is crystal controlled and 
will not be interfered with by local 
broadcast stations. The power and in-
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stallations of such systems come under 
the jurisdiction of the Federal Conunu-
nications Commission (FCC). There-
fore, a qualified engineering company 
must issue the certificate of certification 
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stating that the installation meets the 
requirements of the FCC. 

19.169 Describe a solid-state sound-
reproducing system.—Pictured in Fig. 
19-169 is the interior of a Century Pro-
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Fig. 19-164F. Block diagram for multilingual sound system. 
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25kHz 

EXCITER 
LAMP 

6V. @ I AMP 

6V6 
3 

®0 015 .0015 .25 

® 10015 I 0015 

6.3VAC 

450V. 

Fig. 19-166. Radio-frequency exciter lamp power supply. 

jector Corp., photographic sound-track 
reproducing sound head. Mounted 
within the impedance drum is a solid-
state photosensitive device termed a 

PROJ. 
HD-1 

IN 

PROJ. 
HD-2 

WATER 
RECIRCUL-
ATOR OUT 

WATER 

(a) Two projectors with 
a water recirculation 

system. 

PROJ. 
HD-1 

LAMP-
HOUSE 
1 

PROJ. 
HD-1 

L_ 

LAMP-
HOUSE 

IN 
WATER 

ANAPFET (artamorphic photo field-ef-
fect transistor) developed for Century 
by L. W. Davee and E. Chisholm. This 
device replaces the conventional photo-

PROJ. 
HO-2 

LAMP-
HOUSE 

OUT 

(b) Two projector heads 
and lamphouses, with 
water supply system 

connected in series. 

PROJ. 
HD- 2 

LAMP 
HOUSE 
2 

 < IN 

WATER 

 r OUT 

(d) Water system in parallel, for two 
projectors and lamphouses. 

PROJ. 
HD-1 

- WATER 
IN 

PROJ. 
HO-2 

 OE 
OUT 

(c) Two projector heads 
only in series. 

PROJ. 
2 

 < IN 

WATER 

 r OUT 

(e) Two projector heads only connected 
in parallel with water system. 

Fig. 19-167. Water systems for water cooled lamphouses and picture heads. 
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Fig. 19-169A. Interior view of Century Projector Co. sound head, showing an 
AHAPFET sound-reproducing element mounted inside the impedance drum. 

tube assembly generally employed for 
the reproduction of photographic sound-
track reproduction. 

In the conventional optical sound-
track reproducer, the light falling on 
the phototube light-sensitive surface is 
oblong and has an average dimension of 
.0008 X .10 inch. As this beam cannot 
be applied to the surface of a photofet 
(PFET) because of its dimensions, an 
anamorphic lens system is placed in the 
optical train for enlarging the photo-
sensitive surface of the PFET in one di-
mension, and to permit the acceptance 
of the full height of the beam in the 
other. 

Because the sound-track image is 
diffused, the modulation of the PFET is 
entirely dependant on the total-light 
modulation by the sound-track image. 
Therefore, both variable-density and 
variable-area sound track is reproduced 
in the same manner. 
The ANAPFET system consists of 

three elements: optical, PFET, and a 
transistor amplifier. These three ele-
ments comprise a single unit mounted 
in the sound-head impedance drum as 

AN A MOR PH IC 
FILM LENS 

shown in Fig. 19-169A. A schematic 
diagram of the optical train is given in 
Fig. 19-169B and Fig. 19-169C, with the 
schematic diagram for the electronics 
shown in Fig. 19-169D. 

The PFET used in this assembly is a 
special unipolar device. When radiant 
energy falls on its surface, a current is 
generated across the gate channel junc-
tion. This current flows into the gate, 
and out from the drain and source ele-
ments causing a variation in the gate 
voltage which, in turn, is amplified by 
the PET. 

Fig. 19-169D shows that a large value 
of resistance is connected between 
ground and the gate element. The volt-
age developed across this resistor by 
the photocurrent is amplified by the 
PFET. The output from this device is of 
low impedance, and the noise level is 
that of the FET alone. No noise is gen-
erated by the photosensitive portion of 
the device. 
The photosensitive characteristics of 

a PFET is expressed in radiometric 
terms rather than those relative to the 
visual sensitivity of the human eye. 

COLLECTOR 
LENS 

OBJ ECTIVE 
LENS 

13 
---- - -8.0UTPUT 

__ 

EXCITER I. 
LAMP 

Fig. 19-1698. Side view of Century Projector Corp., anamorphic photo field-effect 
transistor sound-reproducing system optical train. 
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Fig. 19-169C. Top view of optical train. 

Thus, light intensity is expressed in 
watts per square centimeter. The photo-
current increases linearly with an in-
crease of light intensity. The signal-to-
noise ratio is constant, regardless of fre-
quency. 

-15V 
INCIDENT RADIATION 

WATTS/CM2 

OUTPUT 

Fig. 19-169D. Schematic diagram for 
PFET used in Century Projector Corp. 
photographic sound track reproducer 

head. 

Fig. 19-169B shows a side view of 
the 'optical train. The light from the ex-
citer lamp is modulated by the image on 
the film and falls on an anamorphic 
lens. It is passed without modification 
to a collector lens, and then is projected 
on the surface of the PFET. The collec-
tor lens forms an image that just cov-
ers the surface of the PFET. As this 
light beam is not an image of the sound 
track, it becomes a variable-intensity 
source of light. Thus, the image of the 
sound track is eliminated. 

Fig. 19-169C is a top view of the opti-
cal train. The light from the film di-
verges and has a width of the total 
sound track. However, by placing the 
anamorphic lens as shown, the light is 
made to image at the collector lens 
which reduces it to a size that fits the 
photosensitive surface of the PFET. The 
result is that the total modulated light 
from the film is made to activate the 
full surface of the PFET, thereby in-
creasing the signal-to-noise ratio. 

It is claimed that this system of re-
production from optical sound track ob-
tains increased signal-to-noise ratio, 
dynamic range, faster response, and 
better linearity. Also, attendant difficul-
ties with high-impedance devices are 
eliminated. 

Stereophonic sound systems using 
two optical sound tracks side-by-side 
employ such optical trains as described 
above. (See Questions 19.104 and 11.161.) 

19.170 What is a solid-state sensor? 
—It is a solid-state device used in opti-
cal film reproducers to replace the con-
ventional phototube. The device oper-
ates on the solar-cell principle and thus 
requires no energizing potential. It is 
mounted in line with the optical sound 
track, a few thousandths of an inch 
from the surface of the filin. The output 
level is quite high and requires less 
amplification than a phototube. The sig-
nal-to-noise ratio compared to a photo-
tube is considerably greater. Such de-
vices may be used with any type optical 
sound-track reproducer. 
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Section 20 

Loudspeakers, Enclosures, 
Headphones, and Hearing Aids 

It might be said that the forerunner of the loudspeaker was the telephone re-
ceiver. This was followed by the addition of various types of horns to provide 
acoustical amplification. The direct radiator dynamic loudspeaker, which was de-
veloped by Chester Rice and E. W. Kellogg in 1925, set the pace to follow in this 
field. In 1931, Fredrick, of Bell Telephone Laboratories, demonstrated a divided-
range (2-way) system. Later, Hilliard, Lansing, Shearer, and Stephens all made 
valuable contributions. 
This section deals with the mechanical, electrical, and acoustical design of loud-

speakers and enclosures, as well as their placement. Crossover networks, phasing 
and impedance matching, characteristics, and measurements are discussed. Also, 
types and characteristics of headphones and hearing aids are reviewed. 

20.1 Describe a loudspeaker of the 
direct-radiator type.—It is a speaker in 
which a diaphragm is directly coupled 
to the air mass and radiates directly 
into the listening area. Direct-radiator 
loudspeakers were first discussed by 
Lord Rayleigh in his Theory of Sound, 
Volume Two, published in 1877. This 
book covered the mathematical treat-
ment of a direct radiator in an infinite 
baffle. Forty-six years later, the dy-
namic loudspeaker was invented by 
C. W. Rice and E. W. Kellogg. Mounting 
a dynamic loudspeaker in a baffle or 
enclosure qualifies it as a direct radia-
tor, and this is the basis of design for 
the majority of loudspeakers manufac-
tured today. 

Loudspeakers are electroacoustic 
transducers used for the purpose of 
transforming electrical energy into 
acoustical energy, through the mechan-
ical motion of a diaphragm coupled to 
the air mass. Among the direct-radiator 
type of loudspeakers are the electro-
static, crystal, balanced armature, and 
any type of speaker using a diaphragm. 
Any system employing only a horn is 
termed a projector-type system. Many 
designs of speaker systems make use of 
both horns and direct-radiator type 
speakers. A typical example is that of 

the Klipschron, illustrated in Fig. 
20-65A. 
A cross-sectional drawing of a typi-

cal loudspeaker unit is shown in Fig. 
20-1A. Item A is the frame or basket, 
supporting a diaphragm B, with a voice 
coil C attached to the apex of the dia-
phragm. The outer edges of the dia-
phragm are supported by a flexible edge 
D. The voice coil consists of several 
turns of small copper or aluminum wire, 
centered over a central pole piece E in 
a magnetic structure F built in the form 
of the letter E. The voice-coil assembly 
is centered over the pole piece by 
means of spider G. The magnetic lines 
of flux are indicated by the dotted lines 
H. The central pole piece E becomes the 
south pole of the magnetic field and the 
outer edges of the magnetic structure 
are the north pole of the magnetic field. 

The magnetic flux can be supplied in 
two different manners. In the first 
method, the magnetic structure is made 
of soft iron and is easily magnetized. A 
field coil I is placed over the central 
pole piece and energized by an external 
source of dc current. If the field coil is 
energized and an audio-frequency sig-
nal is applied to the voice-coil leads, 
the voice coil will react to the fixed 
magnetic field by moving either inward 
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Fig. 20-IA. Cross-sectional construction 
view of a dynamic loudspeaker. 

tig. 20-18. Typical single diaphragm, 
direct-radiator permanent-magnet dy-

namic loudspeaker unit. 

or outward, depending on the instanta-
neous polarity of the applied audio sig-
nal. Such a design would be termed an 
electrodynamic loudspeaker. This type 
of design is now obsolete, having been 
replaced by the permanent-magnet type 
of speaker. 

In the second method, permanent-
magnet type speaker units employ a 
highly charged magnetic structure, 
rather than a field coil, to supply the 
magnetic flux. The structure is similar 
in nature to a field coil, using a central 
pole piece. The reaction of the voice 
coil in the magnetic field is the same for 
either design. A commercial loud-
speaker of the permanent-magnet type 
is pictured in Fig. 20-1B. Several differ-

ent types of magnetic structures are 
employed, depending on whether the 
speaker is of the single diaphragm type 
or additional diaphragms, such as a 
two- or three-way speaker unit, are in-
volved. (See Figs 20-3 and 20-6.) 

20.2 Can more than one speaker 
unit be used simultaneously?— Yes. 
Some speaker systems use up to six or 
more separate units, with multiple-sec-
tion crossover networks to separate the 
units into frequency bands. It is impor-
tant in multiple-speaker systems that 
the individual units be in phase acous-
tically in respect to each other. When 
more than one speaker unit is em-
ployed, it is termed a speaker system. 
Multiple-speaker systems offer difficul-
ties in obtaining the proper balance in 
reproduction unless separate controls 
are provided for all units except the 
low-frequency unit. Speaker systems 
using up to 32 individual speaker units 
in a single baffle have been constructed. 
(See Question 20.184.) 

20.3 Describe a coaxial loudspeaker 
unit.—A coaxial loudspeaker is a single 
unit composed of a low-frequency and 
high-frequency diaphragm and driven 
by a single voice coil, as shown in the 
cutaway illustration of Fig. 20-3. Such 
speakers make use of a mechanical 
crossover network and generally di-
vide the frequency spectrum so that the 
large diaphragm covers the frequency 
range of 30 to 4000 Hz and the high-fre-
quency element covers from about 2000 

'V 7 

Fig. 20-3. Cutaway showing the interior 
construction of a coaxial dynamic loud-
speaker Model SP15 manufactured by 

Electro-Voice Inc. 



LOUDSPEAKERS, ENCLOSURES, HEADPHONES, 

to 15,000 Hz. The crossover frequency is 
controlled by the size, mass, diameter, 
and shape of the smaller diaphragm. 
Low frequencies are not radiated by the 
smaller diaphragm because of its diam-
eter, and the high frequencies are not 
radiated by the larger diaphragm be-
cause of its decoupling characteristics. 

20.4 Describe a coplanar loud-
speaker unit.—It is a low-frequency 
unit with two high-frequency units 
mounted in the center and forward of 
the low-frequency diaphragm. A cross-
over network is used to confine the low-
frequency unit to a given frequency 
range. Such a speaker unit, manufac-
tured by the R. T. Bozak Manufactur-
ing Co., is pictured in Fig. 20-4. This 
unit, a Model B-207A, consists of a sin-
gle low-frequency unit and two high-
frequency units. The crossover fre-
quency is 2500 Hz, with an overall fre-
quency response of 40 to 20,000 Hz. The 
crossover is accomplished by connecting 
a 4-µF capacitor in series with the 

Fig. 20-5. Cutaway view of the 
University Audio Co. three-way 

loudspeaker. 
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Fig. 20-4. Coplanar loudspeaker unit 
Model B-207A manufactured by R. T. 

Bozak Manufacturing Co. 

smaller units. The high-frequency units 
are angled slightlý to spread the high 
frequencies over a wide angle. 

20.5 Describe the construction of a 
three-way speaker unit.—Fig. 20-5 shows 

I 

i 
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a cutaway view of the internal con-
struction of a University Audio Co., 
three-way speaker unit. Starting at the 
lower part of the illustration, at A is a 
die-cast frame. A mounting basket is 
shown at B. The frame or basket sup-
ports the outer periphery of the low-
frequency diaphragm C, through a flex-
ible edge or hinge D. The apex of the 
diaphragm terminates in an inner sus-
pension or spider E. At F is a ring type 
permanent magnet, with two keeper 
plates at G. The voice coil for the low-
and midrange-frequency diaphragms is 
shown at H, in the voice-coil gap. A 
central magnetic pole piece is shown at 
I, and a dust seal is shown at J. The 
voice coil with its forming ring is shown 
at HH. At K is a mass loading ring, 
which is attached to the midrange dia-
phragm P. Another view of the inner 
suspension for the midrange- and low-
frequency diaphragms appears at EE. 
The upper portion of the keeper plates 
is seen at GG. 

The lead at L is a tinsellike wire 
and runs through a hole in the low- and 
midrange-frequency diaphragms to the 
high-frequency unit diaphragm R. Item 
M is one of two input terminals 
mounted on the back cover N. Pole 
piece 0 is an extension of the central 

MIDFREQUENCY 
UNIT 

LOW-FREQUENCY 
UNIT 

MIDFREQUENCY 
HORN 

magnetic circuit I for the high-fre-
quency unit diaphragm R. The mid-
range diaphragm shown at P has a 
series of holes around its outer edge for 
the relief of pressure. Tinsel lead LL is 
shown running up to the high-fre-
quency diaphragm R. 

Component Q is a conical loading 
ring for the high-frequency diaphragm 
R, with a spherical diffractor at S. Res-
onance damping is supplied at T, with 
the high-frequency unit shown at V 
and the keeper plates at W. Speaker 
units of this design have a wide fre-
quency characteristic with low distor-
tion and are capable of handling large 
amounts of integrated program material 
(IPM). 

20.6 Describe the construction of a 
Trioxial lourispeaker.—Triaxial is a reg-
istered trade name for a three-way 
loudspeaker designed and manufac-
tured by the Jensen Manufacturing Di-
vision of the Muter Co. The unit con-
sists of three independently driven 
speaker units combined mechanically 
into one large unit. A cross-sectional 
view of the construction is shown in 
Fig. 20-6A. 

Briefly, the unit consists of three in-
dependently driven reproducing ele-
ments, each element covering a portion 

HIGH-
FREQUENCY 

UNIT 

Fig. 20-6A. Cross-sectional view of Jensen Mfg. Co., GS-610 Triaxial dynamic loud-
speaker showing three independently driven units. 
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Fig. 20-68. Intermediate and high-fre-
quency units of the Jenson GS-610 Tri-

axial loudspeaker unit. 

Fig. 20-6C. Jensen Model GS-610 Tri-
axial dynamic loudspeaker. 

of the total frequency spectrum, and a 
crossover and control network which 
divides the electrical input into the 
proper proportions for driving the three 
separate reproducing elements. Low fre-
quencies up to 600 Hz are reproduced by 
a heavy, curved-diaphragm, direct-radi-
ator unit. The midfrequency range cov-
ers from 600 to 4000 Hz and is repro-
duced by a compression-driver unit 
located at the rear of the assembly. This 
unit feeds a small horn which passes 
through the center of the low-frequency 
unit and is designed to act as the artic-
ulated final section of the midfrequency 
horn. Frequencies above 4000 Hz are 
reproduced by a small compression-
driver unit and horn combination at the 
front of the large diaphragm. 
The crossover network and associated 

controls are housed in a separate unit 
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and connected to the loudspeaker unit 
by means of a cable assembly. The low-
frequency unit is designed to operate 
in a frequency range where its behavior 
is essentially that of a piston. 
The design of the midfrequency ele-

ment places the crossover acoustically 
at 600 Hz, a point of low transient dis-
tortion. The low-frequency unit consists 
of a 15-inch curved diaphragm driven 
by means of a 3-inch voice coil in a 
magnetic field of exceptionally high en-
ergy in the order of 30,000 ergs. This 
provides high damping and efficiency. 
The spider assembly is such that the 
linearity is maintained with large peak 
excursions. 
The midfrequency driver unit is ter-

minated by a Hypex formula horn (see 
Question 20.54) the initial section of 
which passes through the pole piece of 
the low-frequency motor, while the 
final section is formed by the curved 
low-frequency diaphragm. The horn 
mouth thus has the largest possible size 
and is limited only by the diameter of 
the speaker, with attendant low acoustic 
cutoff. The initial section is visible 
through the porous dust cap in Fig. 
20-6B. 
The midfrequency compression-

driver unit employs a rigid-shaped 
plastic diaphragm in conjunction with a 
sound chamber. The high initial damp-
ing of the plastic material suppresses 
unwanted diaphragm vibrations, thus 
preventing breaking-up of the dia-
phragm. 

The frequency range above 4000 Hz 
is reproduced by a compression-driver 
unit and small Hypex-horn combina-
tion at the front of the large diaphragm. 
Its placement is slightly off-center to 
the large diaphragm to facilitate phas-
ing and to minimize obstacle effects 
which are quite important at the high 
frequencies. 

The design of a high-frequency unit 
covering frequencies from 2000 to 20,000 
Hz is rather difficult because of the 
conflicting factors of lightness, rigidity, 
the small sound-chamber clearances, 
and the fact that it must also handle 
high peak powers. These difficulties 
have been overcome in this unit by the 
use of a plastic diaphragm. The overall 
frequency range is 25 to 20,000 Hz with 
a peak rating of 80 watts, and a 40-watt 
rating for integrated program material. 
The magnetic structure is of Alnico 5 
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and weighs 6% pounds. The impedance 
is 16 ohms. 

20.7 What are nodes in a loud-
speaker diaphragm?—When a loud-
speaker diaphragm is in motion and 
actuated by a single frequency, the dia-
phragm will vibrate in different areas 
called nodes. These nodes may be made 
visible by observing the motion with a 
stroboscope or, in some cases, by means 
of line sand applied to the surface. The 
area of vibration is determined by the 
mass and area of the diaphragm and 
by the applied frequency. 

20.8 What is a loudspeaker-motor 
mechanism?—The moving elements of a 
loudspeaker, namely, the voice coil, the 
diaphragm, and the supports. This term 
is often used when referring to the 
loudspeaker actuating elements because 
of its similarity to an electric motor. 

20.9 What is compliance in a loud-
speaker?—It is the acoustical and me-
chanical equivalent of capacitance. The 
equivalent electrical circuit for a typical 
horn-driver unit is shown in Fig. 20-9. 

7 DIAPHRAGM -1 
ELECTRICAL AIR 

INPUT 

ACOUSTIC 
IMPEDANCE 
OF HORN 
THROAT 

Fig. 20-9. Equivalent circuit for a typi-
cal horn-driver loudspeaker unit. 

20.10 What is a compression-driver 
unit?—A loudspeaker unit which does 
not radiate sound waves directly from 
a vibrating surface but requires acous-
tic loading from a horn. 

20.11 What is horn loading?—Cou-
pling a loudspeaker diaphragm to the 
air by means of a horn. Generally, the 
horn uses an exponential flare starting 
with a small throat and expanding 
rapidly to a large bell. 

20.12 What is back loading?— A 
horn coupled to a low-frequency loud-
speaker unit in such a manner that the 
rear surface of the diaphragm feeds the 
horn, while the front surface radiates 
directly into the listening area. (See 
Question 20.71.) 

20.13 What is a tweeter?—A name 
used in audio jargon for a high-fre-
quency speaker unit in a multiple-
speaker system. 

20.14 What is a woofer?— The 
name given to a low-frequency loud-

speaker used in a multiple-speaker sys-
tem. Low-frequency speaker units are 
generally of the direct-radiator type; 
however, they may also be used with a 
bass-reflex enclosure or a loaded horn. 

20.15 Describe the design and con-
struction of an electrostatic loud-
speaker?—An acoustic transducer con-
sisting of two pieces of metallic foil sep-
arated by a sheet of dielectric. A polar-
izing voltage is applied to the foils to 
maintain a steady attraction between 
them. Audio-frequency voltages are 
superimposed on the polarizing voltage 
and may either add to or subtract from 
the polarizing voltage, thus causing the 
foils to move in accordance with the 
waveforms of the applied audio-fre-
quency voltage. The movement of the 
foil causes a disturbance of the air 
which, in turn, generates sound waves. 

It is claimed by the designers of 
electrostatic loudspeakers that certain 
basic disadvantages of the cone-type 
loudspeakers, particularly with respect 
to the propagation of acoustic energy 
at the high frequencies, are overcome 
because cone-type loudspeakers driven 
by a voice coil attached to the center 
of the diaphragm fail to act as a piston 
at the middle and high frequencies. 
Because of this breakup at the higher 
frequencies, the voice coil does not con-
trol the diaphragm motion, and the re-
sult is a lack of correspondence between 
the electrical input and the acoustic 
output. 
One of the advantages claimed for 

the electrostatic loudspeaker is that it 
has a diaphragm which is driven 
equally at all points of its surface. 
Breakup is eliminated, and harmonic 
distortion and phase differences are re-
duced. Because of the design, the dia-
phragm can be made essentially mass-
less (or extremely low) compared to 
the air load on the diaphragm. This 
permits the loudspeaker to have a good 
high-frequency and transient response 
which, for all practical purposes, is 
peakless. 
As a rule, electrostatic loudspeakers 

are made to operate as push-pull trans-
ducers, because they are essentially 
linear in operation and free from wave-
form distortion, producing neither even 
nor odd harmonics. Electrostatic loud-
speakers may be constructed in several 
different ways. Two of the most im-
portant are: 
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Fig. 20-15A. Electrostatic or capacitor type loudspeaker. 

SUPPORTING FRAME 

INERT THIN 
C.CNDUCTIVE 
DIAPHRAGM 

INNER 
ELECTRODE 

Fig. 20-158. Cutaway showing the in-
ternal construction of an electrostatic 

loudspeaker. 

4-10 

dB 

10 

20 

1. Stretching the diaphragm between 
supports around its periphery and 
leaving an air gap between the 
diaphragm and the two electrodes, 
(Fig. 20-15A) or, 

2. Using an inert diaphragm which is 
supported by a large multiplicity 
of tiny elements disposed across 
the entire surfaces of the two elec-
trodes. These elements act as spac-
ers to hold the diaphragm in the 
center between the electrodes 
(Fig. 20-15B). 

In this latter type of loudspeaker, the 
diaphragm is a thin sheet of plastic on 
which has been deposited a very thin 
layer of conductive material. It is sup-
ported by a multiplicity of small elastic 
elements which hold the diaphragm but 
permit it to follow the audio-signal 

AL FR E YP1C 

4F T. o N 

QUENCY RESP  NSE I 

AXIS 581 E.S.L 

100 1000 
FREQUENCY IN HERTZ 

10K 20K 

Fig. 20-15C. Acoustic output of an electrostatic loudspeaker. (Courtesy Pickering 

and Co., Inc.) 
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waveforms. The electrodes on each side 
of the diaphragm are acoustically trans-
parent to avoid pressure effects from 
the trapped air as well as to permit the 
acoustic energy to move away from the 
diaphragm. This type of construction 
permits the diaphragm to be made al-
most any size required. The perform-
ance-per-unit area is the same for any 
area of the diaphragm. 

The actual loudspeaker is a plane 
surface curved in the horizontal plane 
—a section of a cylinder. A surface that 
is large with respect to the wavelength 
becomes increasingly directional as a 
propagator at the high frequencies. A 
large surface, such as an electrostatic 
loudspeaker diaphragm, projects a large 
portion of this high-frequency energy 
outward at right angles to the plane 
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H2 
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4-12' DYNAMIC CONE 
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7 
4.75 
10 
a 

14 
20 
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7 

CHART SHOW NG RELATIVE POWER REQUIRED TO PRODUCE 
A SOUND PRESSURE OF 3.3 DYNES PER CA12 AT A DISTANCE 
OF 4FMON AXIS. 

Fig. 20-15D. Power comparisons of an electrostatic loudspeaker compared to four 
dynamic speakers mounted in on infinite baffle. 
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Fig. 20-15F. Typical coupling circuit and high-voltage power supply for electrostatic 
loudspeakers. The source impedance may be 8 to 16 ohms. 

of the surface. By curving the plane in 
the horizontal direction, an even disper-
sion of high frequencies is obtained 
over an angle of 55 degrees. 
The vertical pattern is equal to the 

vertical dimension of the diaphragm, 
since the diaphragm is a flat plane in 
the vertical direction. Thus, by con-
trolling the radius of curvature in the 
horizontal plane and the vertical height 
of the diaphragm, it is possible to con-
trol the dispersion pattern over a large 
area. 

Since an electrostatic loudspeaker is 
designed to couple directly, in effect, 
with the air resistance, the mass of the 
diaphragm, as mentioned previously, 
can be neglected. The velocity of the 
diaphragm is directly proportional to 
the electrostatic force applied, except 
as affected by the stiffness of the dia-
phragm suspension. Measurements indi-
cate that for a constant voltage applied 
to the electrodes, the acoustic response 
is uniform (flat) to well beyond the 
range of human hearing. (See Fig. 
20-15C.) A slight rise in the impedance 
curve is observed around 35 kHz. (See 
Fig. 20-15E.) 

The frequency response at the low-
frequency end is limited by the maxi-
mum linear amplitude of the diaphragm 
motion as determined by the spacing 
and the stillness of the suspension. The 
power input to the speaker must be 
increased to overcome this and to main-
tain sound pressure at low frequencies 
with a diaphragm area large enough to 
move an adequate volume of air for this 
purpose. 

The maximum power output from 
an electrostatic loudspeaker of a given 
diaphragm area is determined by the 
strength of the electrostatic field that 
can be produced between the diaphragm 
and the electrodes. Therefore, a dc po-
larizing voltage is applied to the plates. 
The electrostatic field is the sum of the 
field produced by the polarizing voltage 
and the peak signal voltage superim-
posed on the polarizing field. Polarizing 
voltages of 1000 to 2000 volts de are 
common. A second function of the po-
larizing voltage is the prevention of fre-
quency doubling. If a polarizing voltage 
is not employed, when a frequency of, 
for example, 2000 Hz is applied to the 
speaker, the results could be a distorted 
4000 Hz. This is caused by the capacitor 

Fig. 20-15G. Quad electrostatic loud-
speaker manufactured by Acoustical 

Mfg. Co., Ltd., England. 
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effect. If a sine-wave signal is applied 
to the plates without a polarizing vol-
tage, as the difference of potential in-
creases toward the peak of the sine 
wave, the movable plate is attracted to 
the fixed plate. With the decreasing po-
tential on the downward side of the sine 
wave, the electrostatic force between 
the plates decreases, the movable plate 
returns to its original position, and the 
sine-wave voltage is zero. This motion 
of the movable plate has produced a 

_ 

I  
Fig. 20-151. Acoustech-X stereophonic 
electrostatic loudspeakers. Each panel 
contains its own individual solid-state 

amplifier and power supply. 

Fig. 20-15H. Rear view of Quad 
electrostatic loudspeaker, showing 
the curved plate assembly for sup-
porting the membranes, the ampli-
fier, and power supply. (Courtesy, 
Acoustical Mfg. Co. Ltd., England) 

single air motion for the positive half of 
the sine wave. 
On the negative half of the cycle, the 

voltage rises to a peak again and ap-
plies a voltage of opposite polarity to 
the plates. The plates are again at-
tracted to each other. The movable plate 
goes through the same action and even-
tually returns to the zero position. Thus, 
it may be seen that two pulses, both 
moving in the same direction, have 
been obtained for a single cycle of the 
applied sine wave—frequency doubling. 
With the polarizing voltage applied, a 
steady electrostatic force is created be-

TO AMPLIFIER 
GND SYSTEM 

. 

Fig. 20-15J. Cutaway showing the inter-
nal construction of an Acoustech-X elec-

trostatic loudspeaker panel. 
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tween the plates, and the movable plate 
is slightly attracted toward the fixed 
plate. 
Applying a sine wave (plus), the 

movable plate is attracted to the fixed 
plate beyond its position fixed by the 
polarizing voltage. Upon reversal of the 
sine wave, the electrostatic force be-
tween the plates is reduced and the 
movable plate returns to its zero posi-
tion. On the next half of the cycle (neg-
ative), the polarizing voltage is reduced 
because the sine wave is of opposite 
polarity, and the attracting force is de-
creased below the polarizing voltage 
value. Therefore, the plate moves away 
from the fixed plate, completing the 
cycle. In this manner, frequency dou-
bling has been eliminated and the 
speaker produces a sine wave similar to 
the conventional piston-type loud-
speaker. By connecting the plates for 
push-pull operation (Fig. 20-15F), the 
signal is split between the two sides of 
the speaker, and distortion is further 
reduced. 
An electrostatic loudspeaker is noth-

ing more than a capacitor; the internal-
capacitance is in the order of 0.0025 »F 
from electrode to electrode. Thus, the 
impedance presented by the loud-
speaker to the output of the amplifier 
falls off at a constant rate of 6 dB per 
octave as the frequency is increased. 
This precludes the possibility of main-
taining a constant voltage at the loud-
speaker input for high volume levels 
when using a conventional amplifier. 
If the matching transformer is designed 
for the most efficient transfer of power 
at the high frequencies, insufficient sig-
nal voltage will be available at the 
middle frequencies. 

It is a well-known fact that the dis-
tribution of energy above 2500 Hz falls 
off at a rate of 6 dB per octave, and this 
fact is taken advantage of in the RIAA 
disc-recording curve established in 
1953. (See Question 13-169.) This char-
acteristic permits pre-emphasis of the 
high frequencies during recording, with 
a corresponding reduction (post-equal-
ization) during reproduction, resulting 
in a considerable improvement in the 
overall signal-to-noise ratio. Thus, the 
reproduction falls off at a rate of 6 dB 
per octave, an inverse of the recording 
characteristic. 

As the high frequencies fall off, so 
does the impedance of the loudspeaker, 

so that the current through it is main-
tained constant. This means that the 
power required to operate the loud-
speaker will also fall at a rate of 3 dB 
per octave (power equals voltage times 
current), making it possible to couple 
the loudspeaker for the best transfer 
of energy around 3000 Hz. Thus, the 
frequencies above 3000 Hz will not 
overload the amplifier. 

With the energy distribution as de-
scribed above together with the dia-
phragm area and other characteristics 
of the design, the maximum power re-
quirements will occur around 3000 Hz. 
Using this assumption, sufficient voltage 
drive for the loudspeaker will require 
approximately 44 watts of audio power 
for maximum acoustic output. The 
power required to drive an electro-
static loudspeaker to full output goes up 
in direct relation to the area of the dia-
phragm. Electrostatic loudspeakers are, 
as a rule, designed to start operating at 
either 400 Hz or 1000 Hz and to be ef-
fective up to the limit of audibility. 
An adapter unit is required that will 

supply a polarizing voltage and a divid-
ing network for separating the audio-
frequency spectrum into two parts, one 
for tne low-frequency loudspeaker and 
the other for the electrostatic unit. The 
adapter matches the electrostatic loud-
speaker to the amplifier output and 
provides a means of controlling the fre-
quency balance between the low-fre-
quency and the electrostatic high-fre-
quency unit. As a rule, these adapters 
are designed to operate from the normal 
16-ohm output winding of a conven-
tional output transformer. The low-fre-
quency loudspeaker is fed from the 
adapter. The electrostatic unit is physi-
cally located above the low-frequency 
loudspeaker and to one side, or sepa-
rated some distance—the latter will be 
dependent on local acoustic condi-
tions. 

Electrostatic loudspeakers do not al-
ways operate satisfactorily with all type 
amplifiers and may cause oscillation of 
the amplifier at the high frequencies. 
The reason for this is the reflected ca-
pacitive load of the loudspeaker to the 
plates of the output stage of the ampli-
fier. This subject is discussed in Ques-
tion 12.167 and in Question 23.125. 

In Fig. 20-15D is shown a comparison 
of the power required for an electro-
static loudspeaker to produce a sound 
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pressure from the diaphragm of 3.3 
dynes per square centimeter at a dis-
tance of four feet, compared to the same 
pressure from four dynamic cone-type 
loudspeakers in an infinite baffle at a 
distance of four feet. The impedance 
characteristics of the electrostatic loud-
speaker are shown in Fig. 20-15E. In 
Fig. 20-15F is shown the basic circuit 
used for coupling an electrostatic loud-
speaker of push-pull design to the out-
put of a conventional amplifier. 

20./6 What is an ionic loudspeaker? 
—A nonmechanical loudspeaker using 
no diaphragm. Air particles in an 
acoustical chamber are agitated by an 
electrostatic field which is varied in ac-
cordance with the applied audio fre-
quencies. Vibration of the air particles 
in the acoustic chamber is radiated 
through a horn coupled to the sur-
rounding air. 

The air particles are ionized by 
molecular collision induced by thermal 
agitation in an ultrasonic field. The 
audio-frequency signal is superimposed, 
as a modulation voltage, on the electro-
static field voltage. The frequency of 
the field voltage is approximately 27 
mHz. The loudspeaker system is two-
way and uses both low- and high-fre-
quency agitating units. This loud-
speaker is a development of the French 
loudspeaker manufacturer Audax. 

20.17 What is an apex dome? — 
Since the greater part of the high-fre-
quency radiation is from the apex of 
the diaphragm, a small dome is placed 
over the opening to increase the radia-
tions at the middle and high frequen-
cies. The curved dome spreads the high 
frequencies over a wide area, thus in-
creasing the width of the polar pattern 
at the high frequencies. It also functions 
to keep dirt out of the magnetic gap. 

20.18 What does the term "whiz-
zer" mean?—It is a small cone attached 
to the apex of a single-diaphragm dy-
namic speaker unit to increase the mid-
range and high-frequency response. It 
is generally used on medium-priced 
coaxial speaker units. An Electro-Voice 
coaxial speaker using a whizzer is pic-
tured in Fig. 20-18. 

20.19 What is a general-purpose 
speaker unit?—It is a single-diaphragm-
type speaker unit that can be used for 
the reproduction of both speech and 
music. As a rule, such units are 
mounted in a simple open-back baffle 

Fig. 20-18. Electro-Voice dynamic 
speaker unit with a whizzer attached to 
diaphragm to increase the midrange and 

high-frequency response. 

and employ an 8-inch diaphragm. Al-
though larger speakers reproduce the 
low frequencies better, they are lacking 
in high-frequency reproduction. Also, if 
speech is important, the voice may 
sound "tubby." It has been found that 
where a general purpose speaker is re-
quired, an 8-inch speaker, when 
mounted in a simple open-back baffle, 
has the best overall reproduction for 
both speech and music. If the baffle is 
wall mounted, a 1-inch piece of Fiber-
glas should be placed behind the 
speaker to reduce the effects of reso-
nance. 

20.20 What is a projector-type loud-
speaker?—It is a loudspeaker unit at-
tached to a horn. The horn may be 
looked upon as an impedance-matching 
transformer which couples the heavy 
diaphragm of the driver unit to the air-
mass at the bell of the horn. The horn-
type loudspeaker is the most efficient 
device for the reproduction of sound 
(see Question 20.51). Horns may be 
used as individual units or in speaker 
systems employing other types of 
speaker units. 

20.21 What methods are used for 
centering o voice coil?—In a well-cen-
tered diaphragm, the voice coil is bal-
anced, both mechanically and electri-
cally, within the magnetic gap. The de-
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vice for centering the coil in the gap is 
called a spider, and it holds the coil to 
within a few thousandths of an inch for 
a high-frequency unit, and about 10 to 
15 thousandths for a low-frequency 
unit. The spider plays an important role 
in the operation of the speaker; it keeps 
the coil in the exact center of the gap. 
Thus the coil will move in a linear 
manner while maintaining its proper 
' spacing. 

Two types of spiders in general use 
are a flexible spiral type made of bake-
lite, and an impregnated flexible cloth 
type. In the first 15-inch dynamic loud-
speaker systems used in the early RCA 
Photophone motion picture sound in-. 
stallations, the voice coil was held in 
the magnetic gap by three heavy 
threads. These threads performed re-
markably well, although they required 
frequent recentering. (See Question 
20.185.) 

20.22 What is Alnico?—The trade 
name of a magnetic alloy used in the 
construction of loudspeakers and other 
devices requiring a strong permanent 
magnetic field. The alloy consists prin-
cipally of aluminum and nickel. 

20.23 At what rate do permanent 
magnets lose their charge?—Permanent 
magnets lose about 1 percent of their 
charge when they are first energized. 
After that, they lose about 0.2 percent, 
for a total of approximately 1.2 percent 
within the first year. From then on, the 
loss is on the order of 1 percent in the 
next several thousand years, assuming 

Fig. 20-25A. Altec-Lansing Model 604E 
duplex loudspeaker unit. 

that the magnet 
Question 24.85.) 

20.24 What is the purpose of the 
pierced ring in the center of a loud-
speaker diaphragm?—It is a form of 
acoustic lens for spreading the high 
frequencies over a greater dispersion 
angle than that normally obtained from 
a conventional loudspeaker. Acoustic 
lenses are discussed in Question 20.74. 

20.25 Describe the construction of a 
duplex loudspeaker unit.—A duplex is a 
two-way speaker unit, consisting of a 
low-frequency speaker with a small 
multicellular horn mounted in the cen-
ter of the large diaphragm for high-fre-
quency reproduction (Fig. 20-25A). A 
cross-sectional view of this speaker 
unit, showing the interior construction, 
is given in Fig. 20-25B, with the princi-
pal components indicated. 
At A is the frame or basket, with a 

15-inch low-frequency diaphragm at B, 
supported by a high compliance edge C. 
Item D is a felt dust barrier, and E is a 
six-cell multicellular horn. An exponen-
tial throat F extends from the rear of 
the horn. A high-frequency phasing 
plug is seen at G, an aluminum dia-
phragm at H, with a 1%-inch edge-
wound voice coil shown at I. Component 
J is an acoustical loading cap. The mag-
net for the high-frequency unit is 
shown at K, and the low-frequency unit 
is at L. At M is the low-frequency voice 
coil, and its spider is at N. 

The acoustic plug G is machined with 
four exponential slots to provide the 

is not abused. (See 

Fig. 20-23B. Cutaway showing the inter-
nal construction of Altec-Lansing Model 

604E duplex loudspeaker. 
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proper phase relationships between the 
sound waves emitted from the center 
and outer edges of the high-frequency 
diaphragm, thus providing a smooth 
midrange and high-frequency response. 
Both the low- and high-frequency units 
are mechanically, electrically, and mag-
netically independent. The voice coil 
for the low-frequency unit is 3 inches 
in diameter and is made of edge-wound 
copper. 

The. magnetic structure weighs 26 
pounds. The crossover frequency is 1500 
Hz. The resonant frequency of the cone 
is 25 Hz. The speaker is designed to op-
erate from a 16-ohm source impedance. 
Frequency range is from 20 to 22,000 Hz. 
Power capability is 35 watts continuous, 
with 50 watts peak. 

20.26 What is a polar curve for a 
loudspeaker?—A circular curve plotted 
to show the angle of radiation of a 
loudspeaker with respect to frequency 
for a given power input at the voice 
coil terminals. A typical polar curve is 
shown in Fig. 20-26. 

40. 30* 20. 10. 0. I0 e 20* 30. 

50. 

60. 

70. 

80' 

woo HERTZ 
7000 HERTZ 

15,000 HERTZ 

Fig. 20-26. Polar curve of a typical high-
quality, wide-range loudspeaker in an 

enclosure. 

20.27. What is a free-field pattern? 
—A frequency-response pattern of a 
loudspeaker made in open air away 
from reflections or in an anechoic room 
as described in Question 2.83. 

20.28 What is a hum-bucking coil? 
—A coil mounted at the end of the field-
coil pole piece in an electrodynamic 
loudspeaker. The coil is wound in the 
opposite direction to the field winding 
and is connected in series with the voice 
coil, as shown in Fig. 20-28. The func-
tion of the hum-bucking coil is to cancel 
ripple voltage induced by the dc supply 
to the field coil. In radio sets where the 
field coil is used for a filter choke, the 
ripple voltage may be high enough to 

FIELD HUM- VOICE 
COIL BUCKING con_ 

SECTION 

(a) Coil is a part of the field winding. 

FIELD 
COIL 

HUM- - VOICE 
BUCKING COIL 
COIL 

(b) Separate coil connected in series 
with the voice coi/. 

Fig. 20-28. Hum-bucking-coil circuits for 
electrodynamic loudspeakers. 

be heard unless a hum-bucking coil is 
used. The coil cancels the 120-Hz rip-
ple voltage from a fullwave rectifier cir-
cuit; however, it has no effect on the 
frequency response of the loudspeaker. 
Hum-bucking coils are not used with 
permanent magnet loudspeakers. 

20.29 Describe the action of a 
single-diaphragm, radiator-type loud-
speaker.—In Fig. 20-29 is shown the 
action of a single-diaphragm radiator, 
without a baffle, being actuated by a 
low-frequency sine wave. At (a) the 
diaphragm is shown at rest. At (b) the 
diaphragm is caused to move forward. 
The air at the front of the diaphragm 
is compressed, and a rarefaction is set 
up ať the rear of the diaphragm. 
On the reverse half of the cycle at 

(c), the diaphragm moves backward. 
The air at the rear is now compressed 
and that at the front is decompressed; 
thus, a partial vacuum is created on 
one side of the diaphragm. 
When the air is compressed on one 

side of the diaphragm, the air from 
that side rushes to the decompressed 
side in an attempt to equalize the pres-
sures, thus cancelling the sound waves 
emanating from the opposite side. The 
result is that very little energy in the 
form of a sound wave is created. 
At the higher frequencies, the dia-

phragm is moving at a very high rate, 
the wavelengths are short, and the air 
does not have time to travel from front 
to back; therefore, sound waves are 
created and little effect from cancella-
tion is noted. At the lower frequencies 
(longer wavelengths), the diaphragm 
moves at a much slower rate, and the 
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air has time to travel from one side of 
the diaphragm to the other in any one 
cycle, setting up cancellation between 
the front and back waves. To prevent 
cancellation at the lower frequencies, a 
baille is placed in front of the dia-
phragm, as shown at (d). Now, the low 
frequencies must traverse a much 
longer path to reach the opposite side. 
If the path is made long enough, can-
cellation can be eliminated entirely. The 
baffle may be made in the form of a 
flat surface, a closed box, a labyrinth, 
or any one of the various forms de-
scribed in this section. 

Cancellation of the low frequencies 
may be demonstrated by operating a 
loudspeaker without a baffle and then 
placing a two-foot-square flat baffle 
over the diaphragm. It will be noted 
immediately that the low-frequency re-

i sponse is increased. 
20.30 What is the efficiency of the 

average dynamic loudspeaker unit?— 
The efficiency of a dynamic loudspeaker 
unit can vary from 1 to 10 percent, de-
pending on the design. For highly 
damped designs, the efficiency may be 
on the order of 1 to 2 percent, while for 
other designs, it could be much higher. 
When several speakers are assembled 
in an enclosure, the efficiency of the 
overall design may approach 40 to 60 
percent; this again depends on the effi-
ciency of the individual units and the 
enclosure design. When designing an 
enclosure, it is advantageous to consult 
the manufacturer of the speaker units. 

20.31 What is a transformerless 
loudspeaker unit?—This loudspeaker 
unit is now obsolete. It was designed, 
some years ago, for direct connection in 
the cathode of a power-amplifier stage. 
The voice-coil impedance was on the 
order of 500 ohms. With solid-state 
power-amplifier stages, the voice coil of 
the speaker, with an impedance ranging 
from 4 to 16 ohms, was, as a rule, con-
nected directly to the output stage. 

20.32 Describe the construction of a 
horn driver unit.,—In the early type dy-
namic loudspeaker, horn driver units 
employed a dc energized field coil, sim-
ilar to that discussed in Question 20.1. 
These units are now obsolete. Because 
of the design, a cross section of its con-
struction is given in Fig. 20-32A. 
A phase-correction plug is placed in 

the sound chamber to minimize effects 
caused by the differences in path length 

(a) Diaphragm at rest. 

AREA 'OF 
RAREFACTION 

AREA OF 
COMPRESSION 

(b) Diaphragm moves forward. 

AREA OF 
COMPRESSION AREA OF 

RAREFACTION 

OE " 

0-% 
OE i 

‘../  

(c) Diaphragm moves backward. 

nPATH OF 
TRAVEL 

(d) Speaker mounted in baffle showing 
the increased length of travel caused by 

the baffle. 

Fig. 20-29. Loudspeaker operated with-
out baffle, showing how the front and 
rear sound waves cancel at the lower 

frequencies. 



1094 

MAGNETIC 
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COVER 
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FILLING 

FIELD COIL 

VOICE COIL 

THROAT 
PHASE 

CORRECTION 
PLUG 

DIAPHRAGM 

Fig. 20-32A. Horn driver unit employing 
a conventional diaphragm and field coil. 

(Field coil now obsolete.) 

Fig. 20-3213. Interior construction of 
Altec-Lansing Model 802D horn driver 

unit. 

TOP 
PLATE 

VOICE 
COIL 

POLE 
PIECE 

DIAPHRAGM 

SOUND 
CHAMBER 

MAGNETIC 
CASE 

HORN 

MAGNET 

Fig. 20-32C. Cross-sectional view of horn 
driver unit using an annular diaphragm 

and a permanent magnet. 

from the various areas of the diaphragm 
to the throat. Thus, interference occur-
ring in the sound chamber at the high 
frequencies is reduced, and a smoother 
frequency response is obtained. The dia-
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HIGHLY CONCENTRATED 
MAGNETIC FLUX AREA 

NO EXTERNAL PATH 
OF MAGNETIC ENERGY 

Fig. 20-32D. A permanent magnet 
mounted in the center of the magnetic 

circuit. 

MAGNETIC FLUX AREA 

EXTERNAL PATH OF WASTED 
MAGNETIC ENERGY 

Fig. 20-32E. Magnets mounted at the 
outer edge of the assembly. 

phragm is supported at the outer edges 
of its periphery, with the voice coil sup-
ported at the edge of the dome-shaped 
center. 

Fig. 20-32B shows the interior con-
struction of an Altec-Lansing, Model 
802D horn driver unit. At A is a 1%-
inch voice coil would edgewise with 
aluminum wire and attached to a 2%-
inch domed aluminum diaphragm B, 
having tangential compliance. A me-
chanical phasing plug C, with four ex-
ponential slots D, is utilized to pro-
vide proper phase relationship between 
sound emanating from the center and 
outer edges of the diaphragm assembly 
and to insure a smooth overall response. 
The sound is projected through an ex-
ponential throat E in the center pole 
piece of the magnetic structure. A pro-
tective screen appears at F. The mag-
netic structure is composed of items G, 
H, and I. Item J is a dust cover. The 
speaker connection terminals appear 
at K and KK. The unit is attached to 
the horn assembly at two threaded bolts 
L and LL. A similar, but earlier, design 
is shown in Fig. 20-32C. 

Basic design principles used in the 
manufacture of horn driver units are 
given in Figs. 20-32D and E. Fig. 20-32D 
shows the magnetic circuit for a driver 
unit using a permanent magnet mounted 
in the center of the magnetic circuit. 
In this design, the maximum number of 
lines of force are obtained. In the struc-
ture shown in Fig. 20-32E, many of the 
magnetic lines of force are lost. In either 
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design, the magnets generally consist of 
an Alnico alloy assembled as a tmit, 
then magnetically charged. Thus, the 
maximum lines of force are obtained. 

20.33 How are loudspeakers rated 
relative to power and frequency re-
sponse—The power-handling capabili-
ties of a loudspeaker are generally based 
on the power of a complex waveform 
termed, "integrated program material" 
(IPM). Therefore, a speaker unit rated 
at 20 watts means that it will carry 20 
watts of IPM without damage. If 20 
watts of sine-wave power is applied to 
a speaker with this rating, it could se-
verely damage the voice-coil structure. 

The power rating of a loudspeaker 
has no bearing on the frequency re-
sponse or the amount of distortion gen-
erated. At the lower frequencies, the 
physical dimensions of a loudspeaker 
unit are small compared to those re-
quired acoustically; thus, the unit be-
comes a low efficiency radiator with 
high distortion. With the development of 
new type enclosures, magnetic struc-
tures, cone materials, efficiency, and 
lower distortion, there has been a very 
marked improvement over the past few 
years. Standards for measuring the 
characteristics of loudspeakers are given 
in the EIA Standard SE-103-1949. These 
were reaffirmed in 1954. 
A technique used by the Bell Tele-

phone Laboratories for rating the power 
capabilities of direct-radiator-type units 
is to apply a sweep frequency of uni-
form amplitude from 50 to 1000 Hz to 
the unit at the calculated power-han-
dling ability of the unit. If after 100 
hours of operation there is no failure, 
the maximum power used during the 
test is considered to be the power rating 
of the unit. For horn-driver units, a 
frequency 100 Hz below the cutoff fre-
quency with a high frequency of 2000 
Hz is used. When making such tests, the 
unit must be used with the proper horn 
loading. 

20.34 If the output power to a 
loudspeaker is doubled, what is the in-
crease in acoustic output powert—The 
increase is 3 dB,- if the acoustic output 
power can be assumed to be in free 
space. 

20.35 How does the Doppler effect 
enter into a loudspeaker frequency char-
acteristic?—The pitch of a given tone 
will rise as the diaphragm moves to-
ward the listener and fall as it moves 

away. This effect is independent of the 
nonlinearity characteristics of the 
speaker involved. This effect has long 
been a bone of contention among loud-
speaker manufacturers. (See Question 
1.124.) 

20.36 Define the term "Lim."—The 
term "Bin" was derived from the word 
"liminal." It was used several years ago 
for rating loudspeaker units, relative to 
their frequency response based on the 
results of a group of critical listeners. 
This term is now obsolete. 

20.37 What are the directional 
qualities of a low tone?—Low frequen-
cies spread out from the source and 
bend around any object in their path 
of travel. This is called diffraction. (See 
Question 2.25.) 

20.38 What are the directional 
qualities of a high-frequency tone?— 
High frequencies tend to travel in a 
straight line from the source in a man-
ner similar to a light beam. The higher 
the frequency the sharper is the beam 
effect. When a high frequency encoun-
ters an object in its path, an acoustic 
shadow is cast, and the area behind the 
object becomes completely dead. 

20.39 What is spatial effect?—An 
illusion on the part of the listener that 
the original program was recorded in a 
large auditorium. This effect may be 
obtained by the use of a reverberation 
chamber with recording, as described 
in Question 2.82. 

Fig. 20-40. A push-pull loudspeaker en-
closure unit. 

20.40 What is a push-pull loud-
speaker system?—An enclosure housing 
two or more (even numbers) loud-
speakers placed as shown in Fig. 20-40. 
The diaphragm movement must be so 
phased that the diaphragms are oper-
ated acoustically in phase and electri-
cally out of phase. 

20.41 Describe the construction of 
ceramic and crystal-type loudspeaker 
units.—The basic ingredients of ceramic 
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materials used in loudspeaker construc-
tion are discussed in Question 14.43. A 
crystal transducer element generally 
consists of Rochelle salt. In either type 
loudspeaker, the diaphragm is connected 

CERAMIC OR 
SALT ELEMENT PIVOT 

DIAPHRAGM 

Fig. 20-41A. Drive mechanism of a cer-
amic or crystal loudspeaker. 

+ 
(a) Transformer. 
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(51-11-1 LS 

I 

+ 

(b) Resistance. 
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I 

+ 

(c) Choke. 

F-1 

LS 

(d) Push-pull choke. 

Fig. 20-410. Methods for coupling a 
crystal loudspeaker to the output stage 

of an amplifier. 

by a mechanical linkage to the trans-
ducer element (Fig. 20-41A). When 
audio frequencies are applied to a crys-
tal transducer, because of the piezoelec-
tric effects of the crystal, the transducer 
is caused to bend or twist. This bending 
transmits mechanical motion to the dia-
phragm and to the air, thus setting up 
sound waves. 

Ceramic driving elements do not 
have piezoelectric properties in their 
original state. The motion imparted to 
the diaphragm is greatly dependent on 
the orientation of the applied force or 
electric field, with respect to the axis of 
the material. 

Because of the high impedance of the 
crystal or ceramic loudspeaker, these 
elements are generally confined to hear-
ing-aid use, very small radio receivers, 
or uses where other designs of loud-
speakers would be impractical. Appli-
cation of large amounts of power to a 
crystal loudspeaker can result in the 
shattering of the crystal element. 

Ceramic or crystal loudspeakers can 
be coupled to the output of an amplifier 
by the use of an output transformer 
with a high-impedance winding, but 
this is rather impractical. A more con-
venient method is to couple to the ele-
ment through a low-leakage capacitor, 
to isolate any de flowing in the output 
circuit. Typical coupling circuits are 
given in Fig. 20-41B. (See Question 
20.78.) 

20.42 What are the electrical equiv-
alents of a loudspeaker?---The electrical 
equivalents of a loudspeaker unit vary 
and depend on the type enclosure in 
which the speaker is mounted. Briggs 
has shown that if the speaker is 
mounted in an open-back baffle, it is 
electrically equivalent to a 20-ohm resis-
tor in series with a 79-µF capacitor. If 
mounted in an enclosure of two cubic 
feet, the electrical equivalent is that of 
a 24-ohm resistor in series with 33-mH 
inductance. These data were arrived at 
by using a speaker with foam rubber 
suspension construction. Thus, it can 
be seen that when discussing the elec-
trical quivalent of a loudspeaker mech-
anism., the type enclosure must also be 
stated, 

20 43 What is a balanced-armature 
loudspeakerP—A loudspeaker unit in 
which the soft-iron armature is bal-
anced and centered in a permanent 
magnetic field. See Fig. 20-43. The ar-
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Fig. 20-43. Balanced-armature loud-
speaker (magnetic). 

mature is enclosed within a coil to 
which audio frequencies are applied. 
When the audio-frequency currents 

are induced in the coils, the armature 
is either attracted or repelled by the 
fixed magnetic field. A rod attached to 
the armature is connected to a dia-
phragm which is moved by the action 
of the armature, setting up sound 
waves. This design was used extensively 
in the early-day loudspeakers before 
the advent of the dynamic loudspeaker. 
The impedance was generally 2000 ohms 
or greater. It is also referred to as a 
magnetic loudspeaker. 

20.44 What is a capacitor loud-
speaker?—An electrostatic loudspeaker 
as described in Question 20.15. 

20.45 What is an infinite or flat 
baffleT—A large flat surface used as a 
separator to increase the distance be-
tween the sources of sound (the front 
and back surfaces) of a loudspeaker 
diaphragm. The dimensions of the baffle 
must be such that the wavelength of 
the lowest frequency is small in com-
parison to the distance of separation. 
However, this is not always the ideal 
condition because a baffle of at least 15 
square feet is required for satisfactory 
low-frequency reproduction. (See Ques-
tion 20.29.) 
An example of an infinite baffle is a 

loudspeaker mounted in a wall and 
with a small room at the rear. The 
volume of the room at the rear is large 
enough to produce no effect on the res-
onance of the loudspeaker. The coupling 
of the cone to the air, however, is un-
satisfactory in the low-frequency region 
due to the increasingly high ratio be-
tween the wavelength and the cone 
diameter as the frequency is lowered. 
This effect results in a loss of low-fre-

quency response because of insufficient 
loading of the diaphragm. 

20.46 What is the ratio of the di-
mensions for a flat baffle, relative to the 
lowest frequency to be reproduced?— 
With the loudspeaker mounted in the 
center of the baffle, the dimension of 
any one side should not be. less than 
one-quarter wavelength for the lowest 
frequency to be reproduced. The wave-
length of any frequency may be cal-
culated: 

, V 1127 
F 

where, 
X is the wavelength in feet, 
V is the velocity of sound in air, 
F is the frequency in hertz. 

The velocity of sound in air is 1127 feet 
per second at 20 degrees Centigrade. 
(See Question 1.150.) 

20.41 What are typical infinite- or 
flat-baffle dimensions? 

Cutoff 
Frequency 

Baffle Size 
Each Side 
of Center. 

40 Hz 
60 Hz 

100 Hz 

14.0 it 
9.5 ft 
5.5 ft 

20.48 What is the purpose of plac-
ing a loudspeaker off-center in a flat 
baffle?—To create paths of different 
lengths between the front and rear 
surfaces of the loudspeaker diaphragm. 

20.49 What is a boffle?—A loud-
speaker enclosure developed by H. A. 
Hartley, using a group of stretched, 
resilient, sound-absorbing screens in the 
interior of the enclosure. 

20.50 What is an exponential horn? 
—A horn which has a constant rate of 
expansion of flare at an exponential 
rate. (See Fig. 20-50.) The purpose of 
the horn is to provide an acoustical 
match between the diaphragm of the 
loudspeaker unit and the air in the 
throat of the horn. A horn facilitates 
the transfer of electrical energy into 
acoustical energy and, if properly de-
signed, will do so with a minimum of 
distortion. 
The design of a loudspeaker horn is 

complex and requires careful consider-
ation to prevent reflection of the acous-
tical energy back into the horn bell. 

20.51 What are the factors influ-
encing the design of an exponential 
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horn?—A horn consists of a throat, a 
taper or flare, and an end bell or mouth 
(Fig. 20-51). The design takes into 
considerations the flare rate between 
the mouth and the end bell, based on the 
lowest frequency to be reproduced— 
the cutoff frequency. Assume that a 
small horn cluster containing eight 
horns and similar to that shown in Fig. 
20-60 is to be constructed for a two-
way speaker system, using a crossover 
frequency of 800 Hz. The design is 
based on that of a single horn. After the 
eight horns have been completed, they 
are assembled into a cluster as shown 
in the illustration. 
The horn cannot be designed to cut 

off at exactly 800 Hz but must cover 
approximately one octave lower in fre-
quency to assure a smooth acoustic 
crossover. This horn is designed for a 
cutoff of 475 Hz. This cutoff frequency, 
although not a full octave below the 
electrical crossover frequency, will still 
provide a smooth crossover acoustically, 
and will hold the physical dimensions 
down to a reasonable size. The electri-
cal crossover network should be de-
signed to attenuate frequencies below 
800 Hz at a rate of 12 dB per octave 
using a network as described in Section 
7. The use of an exponential flare rate 
will provide a sharp rise in throat re-

Si 

Fig. 20-51. Factors considered in design-
ing an exponential horn. 

Fig. 20-50. Exponential 
loudspeaker horn. (Courtesy, 

Bell Telephone Labs.) 

sistance at the lower frequencies for a 
given horn length. (See Fig. 20-55.) 

The cross-sectional area of the horn 
throat at the driver end will be depend-
ent on the area of the throat of the 
driver unit. For this illustration, it will 
be assumed the throat area is 0.140 inch. 
The cutoff frequency is to be 475 Hz. 

X — V _ 13'548 _ 28.5 inches 
F 475 

where, 
X is the wavelength in inches, 
V is the velocity of sound in air in 
inches per second based on 1129 feet 
per second, 

F equals frequency in hertz. 

The flare constant may now be calcu-
lated: 

M = V 

4 >< 3.1416 X 475 
13,548 

47rf. 

= 0.440 
where, 

f. is the cutoff frequency of horn, 
y is the velocity in inches per second. 

To further illustrate the procedure, as-
sume the area of the flare at a point 
four inches from the throat end is to be 
calculated. 

S.= 
where, 
• S. is the area of the flare at any given 

point along the flare in inches, 
Si is the initial throat area at the 
driver-unit end, 

e is 2.718, the base of Napierian Loga-
rithms, 

mx is the rate of flare at any given 
point along the flare. 

The value of mx may be calculated: 

mx = 0.440 >< 4 

= 1.76 

Referring to a Table of Exponential 
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Functions, under column (x) find 1.76. 
Opposite in column e' read 5.8124. 

S. = Siem' 

= Si X 5.8124 

= 0.140 X 5.8124 

= 0.8137 inch 

Since the month of a horn must be 
one-quarter wavelength of the cutoff 
frequency, the horn length must extend 
to a point where the bell or mouth 
diameter is approximately 721 inches. 
The area for each half-inch of length 

is computed in a similar manner. When 
the horn is included as a part of a 
group of horns as shown in Fig. 20-72A, 
they do not have to extend to the cutoff 
frequency as required for a single horn, 
because the several bells have a total 
diameter that will extend to beyond the 
cutoff frequency. 

The flare rate for different size horns 
relative to their cutoff frequency is 
given below. 

Cutoff 
Frequency 

Rate of Flare 
Doubles Every 

64 12.00 inches 
128 6.00 inches 
256 3.00 inches 
512 1.50 inches 
1024 0.75 inches 

20.52 What is an air column?-The 
air in the throat of a horn. 

20.53 What is the length of a horn 
for a given cutoff frequency? 

Side 
Cutoff Dimensions 

Frequency of Mouth 
(Hz) (inches) 

650 5.2 
512 6.6 
256 13.2 
128 26.4 

20.54 What are the different rates 
of flare used with loudspeaker horns?-
The Hypex, Conical, Exponential, and 
Parabolic. The rate of flare determines 
the efficiency of the horn design. The 
Hypex is. a rate of flare developed by 
the Jensen Manufacturing Co. 

Different rates of flare in common 
use are shown in Fig. 20-54. The effi-
ciency of a horn falls between 25 and 
50 percent. 

HEARING AIDS 1099 

Fig. 20-54. Comparison of the different 
rotes of flare used in the design of loud-

speaker horns. 

20.55 What part does the throat of 
a horn play in its design?-The area of 
the throat determines the loading on 
the diaphragm. If the area of the throat 
is small compared to the area of the 
diaphragm, the efficiency is increased 
because of the heavier loading effect. 
However, small throats require a longer 
horn, which increases the frictional 
losses. A horn designed to use the Jen-
sen Hypex flare has a considerably 
higher throat resistance as may be seen 
in Fig. 20-55. 

20.56 How is resonance held to a 
minimum in a horn-type loudspeaker?-
By making the bell or mouth of the 
horn a dimension which is two-thirds 
or more of the lowest frequency to be 
reproduced. Horn resonance causes can-
cellation of certain frequencies and in-
troduces distortion. 

20.57 What is a re-entrant horn?-
An exponential horn folded within itself 
to reduce its physical length as shown 
in Fig. 20-57A. The folding of the horn 
permits it to be designed for a lower 
cutoff frequency with a shorter physical 

1.1 

NYPOEEY Tia 0.6 Ì 
LO 

4.3411AL 

COE 

.2 .4 .7 1.0 20 4.0 TO 10 

RELATIVE FREQUENCY 

20 

Fig. 20-55. Comparative performance of 
the horn flare rates that are illustrated 

in Fig. 20-54. 
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Fig. 20-57A. Jensen Hyperbolic-exponen-
tial folded horn, Model H-240. 

length. Such horns are designed to be 
weatherproof and can be used either 
indoors or outdoors. The low-frequency 
cutoff is 120 Hz, with a coverage angle 
of 75 degrees. 

Cross-sectional drawings of two 
more elaborate designs, by University 
Sound, are shown in Figs. 20-57C and 
D. These speakers are designed to use 
both low- and high-frequency units 
mounted inside the horn, with a simple 
crossover network. The arrows indicate 
the path of sound projection. The unit 
shown in Fig. 20-57C has a frequency 
range of 50 to 15,000 Hz, while the unit 

HIGH-FREQ. 
ENERGY 

HIGH-FREQ. 
ENERGY 

Fig. 20-57C. A two-way re-entrant type 
folded horn manufactured by University 

Sound. 

shown in Fig. 20-57D has a low-fre-
quency cutoff of 150 Hz, with the same 
high-frequency response. The disper-
sion angle is 90 degrees for the assembly 
in Fig. 20-57C and 120 degrees for the 
one in Fig. 20-57D. The power-handling 
capabilities are 30 and 15 watts, respec-
tively, and the impedance is 8 ohms. 

20.58 What is a directional baffle? 
—A short, flared baffle placed in front 

Fig. 20-57B. Cross-sectional drawing of exponential folded horn. 
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Fig. 20-57D. Another two-way re-entrant 
type folded horn manufactured by Uni-

versity Sound. 

BAFFLE 

LOUDSPEAKER UNIT 

RACK 
-COVER 

Fig. 20-58. A directional loudspeaker 
baffle. This baffle should not be con-
fused with a horn. The diameter of the 

throat is the some as the speaker. 

of a dynamic loudspeaker unit as shown 
in Fig. 20-58. The rear of the baffle is 
closed tightly and has only two small 
holes to relieve the pressure at the rear 
of the diaphragm. The baffle should not 
be confused with a horn. The throat of 
the baffle is the same diameter as the 
loudspeaker diaphragm. 

20.59 What is a curled horn?—A 
horn-type loudspeaker with a rather 
low low-frequency cutoff and which is 
curled back upon itself to reduce its 
physical length, as shown in Fig. 20-59. 
These horns were used in early motion 
picture theater installations. 
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20.60 Describe the basic principles 
of a bass-reflex enclosure.—The bass-
reflex enclosure, as it is known today, 
was first introduced by Jensen in about 
1937. It has become one of the most 
popular types of enclosures for increas-
ing low-frequency reproduction. How-
ever, many researchers had worked on 
this type enclosure prior to its introduc-
tion by Jensen. Among them were 
Thuras of the Bell Telephone Laborato-
ries in 1930, Voight of England, Olson 
of RCA, and others. They based their 
work on the original Helmholtz reso-
nator, invented in the 19th century. The 
basic design consists of an air-tight en-
closure, with a loudspeaker unit set 
near the center of the front panel, with 
a port or opening below (Fig. 20-60A). 
The base-reflex enclosure is in real-

ity a Helmholtz resonator, consisting of 
an enclosed volume where acoustical 
capacitance resonates with a mass of air 
enclosed within the confines of a port 
opening. By properly adjusting the port 
area or the volume of the enclosure, it 
is possible to tune the enclosure for a 
smooth, extended low-frequency re-
sponse (see Question 20.29). The back 
wave of the speaker diaphragm is used 
to reinforce the frequencies below ap-
proximately 150 Hz. The acoustic im-
pedance of the enclosure, with the help 
of the tuned port opening, shifts the 
phase of the back wave by 180 degrees, 
so that when it leaves the port it radi-
ates in phase with the front wave from 
the speaker. Thus, the low-frequency 
response is increased. 

The location of the port opening is 
not too important, since the wavelength 
of the frequencies at which the port is 

Fig. 20-60A. Cross-sectional view of a 
bass-reflex enclosure. Fig. 20-59. Curled loudspeaker horns. 
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' Fig. 20-60B. A bass-reflex enclosure. 

effective is much longer than the over-
all dimensions of the enclosure. Also, 
the shape of the port may be varied to 
suit a particular design; however, the 
aspect ratio must not exceed 5:1. The 
important factor is the area of the port 
in square inches. The port may be cir-
cular, rectangular, or square, and may 
also be divided into two ports provided 
the total area of the openings does not 
exceed that for a single port. While the 
position of the port is not critical, it 
cannot be closer than 2 inches from the 
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Fig. 20-60C. Relationship of enclosure 
volume versus port area, for o given free-
air resonance of the loudspeaker dia-
phragm. For an enclosure above or below 
the limits of the above graph, infinite 
baffle type: are recommended. (Cour-

tesy, Altec-Lansing Corp.) 

speaker opening. As to the overall di-
mensions of an enclosure, the depth 
must not be less than ;ü the width, with 
the height and width not less than twice 
the diameter of the loudspeaker unit. 

Since the port, in effect, closes up 
acoustically at the higher frequencies, 
the bass-reflex is used only at the low 
frequencies. To extend the overall fre-
quency range, separate units must be 
employed for the midrange or high fre-
quencies. A typical bass-reflex enclo-
sure, using a 2 X 4 multicellular high-
frequency horn assembly and a 15-inch 
low-frequency speaker unit crossing 
over at 800 Hz, is shown in Fig. 20-60B. 

Free-air resonance for a given 
speaker may be determined by refer-
ence to the plot in Fig. 20-60C—cubic 
volume versus port opening. This is 
further discussed in Question 20.84. 

20.61 Describe the construction of 
a boss-reflex enclosure.—Bass-reflex en-
closure design may be approached from 
two different standpoints—where space 
is not a factor and the enclosure may be 
placed against a wall or in a corner and 
the free-air resonance of the speaker is 
unknown, and where the speaker unit 
must fit into a given space and the free-
air resonance is known. 

For the first method, the data given 
in Fig. 20-61A are used. The diameter 

SDPr. A 8CDE PORT AREA FC0U0BTAIC 

8" 20 18 II 7 3 1/2 AREA D 2.75FT. 
10" 28 22 12 9.5 3 V2 AREA D 4.27FT 
12" 31 24 13 11 3.5 1/2 AREA 0 5.6 FT 

15' 34 26 14 135 4 9/16 AREA D 717 FT. 

18" 40 27 14 16 4.5 5/8 AREA D 8.75FT. 
AREA. 7T" R R. RADIUS OF DIAPHRAGM 

ACOUSTIC 
MATERIAL 

Fig. 20-61A. Dimensions for bass-reflex 
enclosures. The dimensions shown do not 
take into consideration the resonant fre-

quency of the loudspeaker. 
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of the speaker unit governs the dimen-
sions for the enclosure, which are taken 
from columns A, B, and C, with open-
ings for the speaker and port taken 
from columns D and E. Data for the 
port opening and cubic footage of the 
enclosure are read in the last two col-
urns. If devices such as crossover net-
works or horn assembly are to be in-
cluded, they are placed in a separate 
compartment above the enclosure. The 
dimensions given in Fig. 20-61A do not 
take into consideration the free-air res-
onance of the speaker cone. 

SPEAKER 
CUTOUT 

DUCT TUBE 

Fig. 20-61B. Bau-reflex loudspeaker en-
closure using a ducted port. 

The most desirable material for the 
construction of an enclosure is I/2- to 
1-inch plywood. The thickness will de-
pend upon the size of the enclosure. 
Speaker enclosures are designed to be 
nonresonant, and not as a sounding 
board used in a piano. The construction 
must be as rigid as possible with 2 X 4-
inch diagonal bracing on all interior 
surfaces, and corner blocks. When a 
panel is struck with the fist, only a dull 
thud should be heard. After bracing, the 
interior surfaces are completely lined 
with 2-inch Fiberglas, secured with 
tacks in combination with about 1-inch 
diameter fiber washers. The Fiberglas 
must not be compressed. All joints must 
be securely screwed down and glued to 
ensure an airtight enclosure. Felt or 
rubber stripping is employed to seal 
around removable panels. The hole for 
the passage of the speaker must be 
carefully sealed. 
The second design approach is for a 

situation where the enclosure must fit 
into a particular space and the free-air 
resonance of the speaker is known. In 
this instance, a rectangular-shaped en-
closure employing a duct-tube opening 
is recommended (Fig. 20-61B). The 
data for this type design are given in 
the table of Fig. 20-61C. 

Because the design of the enclosure 
tlepends on a given free-air speaker 
resonance and the enclosure volume, 
the values given are net values and do 
not take into consideration the thick-
ness of the absorption materials or the 
area taken up by additional speaker 
units. Using the values given, very sat-
isfactory results can be obtained. The 
frequency of the speaker free-air reso-
nance is taken from the manufacturer's 
data sheet. Fig. 20-61C shows that for 
a speaker of a given free-air resonance, 
the proper duct-tube diameter and 
length can be read under the cubic vol-
ume of the enclosure. In some instances, 
a rectangular port area is given in 
square inches. It will be observed that 
at the extremes of frequency and vol-
ume range, an tmvented or infinite 
baffle-type enclosure is recommended. 

To arrive at the correct volume of an 
enclosure, subtract the thickness of the 
panel from the height, width, and depth, 
and multiply the remaining figures to 
obtain the internal volume. The shape 
of the enclosure is not important; there-
fore, it may be shaped to set on a shelf, 
against a wall, or for corner use. The 
important factors are the cubic volume 
of the enclosure, free-air resonance, 
and the size of the duct tube. 

If mid- and high-frequency speaker 
units of the direct-radiator type are in-
cluded in the enclosure, the back of 
these units must be boxed in with sep-
arate air-tight enclosures, using the 
smallest possible dimensions. This is 
done to avoid interference with the 
low-frequency unit. If in the design 
neither the volume nor the resonant 
frequency of the speaker matches the 
figures given, choose the closest volume 
or resonance values shown. If the value 
falls halfway between two values, move 
to a higher value. Inside diameters 
(I.D.) for the duct-tube are given below 
the table. There is a mistaken idea that 
the larger the enclosure, the better are 
the results. However, this is far from 
the truth, as there is an optimum-size 
enclosure for a given speaker size; 
therefore, the design data should be 
adhered to. (See Questions 20.86 and 
20.89.) 

After the enclosure is finished, the 
front panel is painted dead black to 
camouflage the speaker opening and is 
covered with an open weave grille cloth. 
The resonant frequency of a speaker 
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Fig. 20-63. Theater-type 
folded low-frequency horn 
(both-tub). The vertical di-
mension is 38%2 inches. 

HORIZONTAL CROSS SECTION 

TOP El BOTTOM EXTEND 
OVER ENTIRE UNIT 

2 L F DRIVERS 
ON 20 . CENTERS 
I03L X OR P.S2LX 

Own Ea. 

e. 4' 
HORIZONTAL BRACE AT 
CENTER OF HEIGHT 

cone can be measured as given in 
Question 20.84. 

20.62 What is a vented baffle?—It 
is another name for a bass-reflex en-
closure. It is also called a phase inverter. 

20.63 Describe a folded horn.—An 
enclosure designed first as a horn and 
then folded to reduce its physical length. 
A typical theater-type folded horn is 
shown in Fig. 20-63. A horn of the 
dimensions shown will reproduce fre-
quencies down to 50 Hz, its cutoff fre-
quency. Two 16-inch, low-frequency 
units are mounted at the rear. A high-
frequency multicellular horn is usually 
mounted at the top center of the folded 
horn, as shown in Fig. 20-133C. The 
vertical opening of the horn in Fig. 
20-63 is 38% inches. 

20.64 What is a Karlson enclosure? 
—An enclosure design based on the 

Fig. 20-64A. Korlson loud-
speaker enclosure. 

LEAVE BACK OPEN 

203UTSZ FAVOEV 

broadbanding effect of an air column 
coupled to the outside air by means of 
an exponential slot in the front panel. 
A typical enclosure is shown in Fig. 
20-64A, and its development from a 
simple pipe is shown in Fig. 20-64B. 
The enclosure volume is 4.5 cubic 

feet, and it is claimed by the manufac-
turer to have a frequency range of 12 
Hz to beyond audibility, with an effi-
ciency of 40 percent. The high-fre-
quency dispersion is 160 degrees in the 
horizontal plane, and 120 degrees in the 
vertical plane. 

20.65 What is a Klipschorn?—A 
low-frequency loudspeaker enclosure 
developed and patented by Paul W. 
Klipsch. The enclosure is a low-fre-
quency horn so folded that it may be 
placed in a room corner to utilize re-
flections from the floor and walls to 
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Fig. 20-64B. Origin of the Karlson loud-
speaker enclosure. 

improve the impedance match at the 
mouth of the horn and thus increase 
the response at the low frequencies. 
One advantage of using a horn at the 

low frequencies compared to the use of 
a direct radiator mounted in a flat baffle 
is that the horn efficiency is 10 to 50 
times greater; and because of the acous-
tic loading, a given acoustic power may 
be generated with considerably less 

excursion of the loudspeaker dia-
phragm, thus reducing harmonic and 
intermodulation distortion. 

Fig. 20-65A shows a cutaway view of 
the interior of a Klipschorn enclosure. 
The various parts and components are: 
A 12-inch, low-frequency dynamic 
loudspeaker unit, B air chamber be-
tween the loudspeaker diaphragm and 
the horn throat, C air chamber behind 
the loudspeaker diaphragm, D and DD 
folded sections of the horn, E and EE 
side ports for letting out the acoustic 
energy to be reinforced by the room 
walls, F and FF folded-horn section, G 
intermediate-frequency horn, H inter-
mediate-horn throat with its driver 
unit, I high-frequency loudspeaker unit, 
J air pocket, K back member, L front 
wall panel, M front wall air passage, and 
N side member. 

Fig. 20-65B is a cross-sectional view 
looking downward from the top of the 
enclosure and showing the construction 
of the inner air passages, loudspeaker 
mounting, and the side ports. 

In Fig. 20-65C is shown an interior 
view from the right-hand side (panel 
removed) and showing the air passages 
and loudspeaker mounting. The symbols 
correspond to those in Fig. 20-65A. A 
front view is shown in Fig. 20-65D. 
When this enclosure is used as a part 
in Fig. 20-65A, a crossover network fall-

Fig. 20-65A. Cutaway view of 
the interior of a Klipschorn, a 
low-frequency horn developed 
by Paul Klipsch in 1940, U. S. 
Potent No. 2,310,243 (1943). 
Midrange and high-frequency 
loudspeakers are mounted on 
top of the low-frequency horn 

enclosure. 



LOUDSPEAKERS, ENCLOSURES, HEADPHO 

ROOM 
WALL 

K 

ROOM 
WALL 

Fig. 20-65B. Cross-sectional view look-
ing into the interior of a Klipschorn. 
The symbols correspond to those used 

in Fig. 20-65A. 

ROOM 
CORNER 
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Fig. 20-65C. Cross-sectiona side view of 
the interior of a Klipschorn (right-hand 
side panel removed). The symbols corre-

spond to those of Fig. 20-65A. 
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Fig. 20-65D. Cross-sectional view from 
the front of a Klipschorn. The symbols 

correspond to those of Fig. 20-65A. 
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of a three-way loudspeaker system as 
ing off at a rate of 6 dB per octave and 
crossing over at 400 and 5000 Hz is re-
quired to feed the intermediate- and 
high-frequency units. 

The design of the low-frequency 
horn is substantially exponential in its 
expansion and actually comprises a se-
ries of wedge-shaped spaces which ap-
proximate an exponential rate of flare. 

The frequency response covers a 
range of 28 to 550 Hz. Because of the 
short radii of bends in the horn con-
struction, wavelengths of 18 inches, cor-
responding to a frequency of 750 Hz, 
may be reproduced. With a 400-Hz 
crossover, a smooth changeover from 
the low-frequency horn to the inter-
mediate loudspeaker is assured. The 
various sections of the low-frequency 
enclosure must be airtight and con-
structed to eliminate vibration of the 
sides and internal members. Otherwise, 
peaks in the frequency response will 
be generated. 

The intermediate speaker G covers 
a frequency range from 240 to 5000 Hz. 
The high-frequency loudspeaker I cov-
ers from 3500 to 20,000 Hz. The overall 
frequency response extends from 30 to 
20,000 Hz. Fundamental frequencies 
down to 25 Hz are radiated. 
The average efficiency is over 50 per-

cent, with frequency modulation less 
than 0.10 percent at 10-watts input. 
Maximum power-handling capability is 
100 watts; impedance is 16 ohms. 

20.66 What is an acoustic laby-
rinth?—The acoustic labyrinth loud-
speaker enclosure was originally devel-
oped many years ago by the Strom-
berg-Carlson Co. The labyrinth struc-

Fig. 20-66. Acoustic labyrinth loud-
speaker enclosure. 
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ture, although appearing similar to a 
horn, is in reality a folded tube for 
loading the speaker diaphragm and can 
be classed as a tuned pipe. The effect is 
to reinforce the area above resonance, 
thus smoothing out the low-frequency 
response. 

20.67 What is a fold-a-flex enclo-
sura—An enclosure developed by Dr. 
Oliver Read some years ago. The enclo-
sure is a combination of a bass reflex 
and folded horn. The design permits the 
enclosure to be operated as a folded 
horn, infinite baflle, or bass reflex. 

20.68 Describe an integrated loud-
speaker system—Such a loudspeaker 
system incorporates its own amplifier, 
and is designed to produce the best pos-
sible acoustic response from the speaker 
system. Matsushita of Japan accom-
plished this by mounting a negative-
feedback coil on the speaker diaphragm 
and connecting it through a feedback 
network to the cathode of a voltage-
amplifier stage. The negative-feedback 
voltage smooths out the frequency re-
sponse, similar to the negative-feedback 
cutting head described in Question 142. 

In a second method, used by EMI of 
England, the loudspeaker unit is con-
nected as usual at the output of an am-
plifier. A negative-feedback loop having 
a four-section LCR network is con-
nected from the output transformer and 
is fed to the input stage. Tuned circuits 
in the feedback loop remove the peaks 
and dips in the overall acoustic re-
sponse. This system has also been used 
by Ampex and several other American 
speaker manufacturers. 

20.69 Describe a stereophonic loud-
speaker system using two speaker units 
and two sets of acoustic waveguides. 
—A plan view of a stereophonic loud-
speaker system, employing two speaker 
units and two sets of waveguides, is 
shown in Fig. 20-69A. This system was 
designed by H. F. Olson of RCA. Two 

METAL 
WAVEGUIDES 

Fig. 20-69A. Plan view of stereophonic 
loudspeaker enclosure employing two 8-
inch speaker units and a group of wave-

guides at each end. 
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Fig. 20-69B. Frequency response of unit 
in Fig. 20-69A. 

8-inch speaker units are mounted at 
an angle of 28 degrees in each end of 
the solid-wall enclosure with five metal 
waveguides. Subjective tests indicate 
the virtual sound source to be 3 inches 
beyond the ends of the enclosure. Thus, 
the effective separation is 36 inches 
between speakers. The frequency re-
sponse is remarkably good, as shown 
in Fig. 20-69B. Dimensions for the en-
closure are 30 inches long, 91/2 inches 
high, and 10 inches deep. 

20.70 What is a catenoid hora—It 
is a speaker system using a horn with 
a catenary rather than an exponential 
flare rate. It is claimed by its designer 
that when a catenary flare rate is used, 
the design of a folded horn is less criti-
cal. Such speaker systems employ the 
usual dynamic low-, intermediate-, and 
high-frequency speakers. Similar to 
other horn systems, the catenoid design 
also utilizes the walls to complete the 
horn load. (See Question 20.65.) 

20.71 Give the basic principles of a 
rear-loaded folded-horn-type enclosure. 
—The basic plan of construction for 
several different types of folded-horn 
enclosures, based on the work of Paul 
Klipsch, is given in Fig. 20-71. The en-
closure, insofar as the low-frequency 
portion is concerned, is a folded-horn 
operating in a frequency range of 30 
to 500 Hz. Vents are provided at the 
sides and rear to extend the horn by 
using the walls of the room as a con-
tinuation of the horn flare. The primary 
purpose of folding a horn is one of con-
serving space. Horns are antiresonant 
devices and should not be considered in 
the same category as a bass-reflex or 
ducted-port enclosure. 
To increase the frequency range, 

midrange and high-frequency speaker 
units are added, operating in conjunc-
tion with a crossover network, which 
confines each speaker unit to a prede-
termined frequency range. Arrows on 
the diagrams indicate the path of the 
sound waves generated by the rear of 
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Fig. 20-71. Methods of back-loading a 
folded horn. The room walls are used to 

extend the low-frequency response. 

the speaker diaphragm during its in-
ward motion. 

The advantage of a horn is its high 
efficiency, which is 10 to 50 times that 
of a flat baffle. The horn has a higher 
acoustic output because of the flare 
and acts as an impedance-coupling de-
vice between the diaphragm of the 
loudspeaker and the air at the mouth of 
the horn. This permits a given SPL to 
be generated with considerably less 
excursion of the speaker diaphragm. 
Consequently, there is less harmonic 
distortion. Thus, a horn has high power-
handling capabilities with uniform fre-
quency characteristics and low distor-
tion. 

Figs. 20-65B and C show that an air 
chamber is placed between the dia-
phragm and the throat to overcome the 
positive reactance at frequencies be-
tween 200 and 400 Hz, because of the 
multiple taper. A second air chamber is 
placed behind the diaphragm to offset 
the mass reactance of the throat imped-
ance at the low frequencies. (See Ques-
tion 20.51.) 

20.72 Describe a multicellular horn. 
—A multicellular horn (Fig. 20-72A) is 
one of the most efficient sound projec-
tors for delivering sound over a defined 
listening area. Its structure consists of 
a number of individual exponential 

horns assembled in different configura-
tions, to control the vertical and hori-
zontal dispersion. Horns of this design 
have several advantages over the folded 
or re-entrant-type horns, as there are 
no bends to attenuate the high fre-
quencies. Another advantage is that the 
high frequencies so important to high 
intelligibility of speech can be distrib-
uted over a wide angle. The beam width 
above the cutoff frequency and in the 
midhigh range to 12,000 Hz and above, 
is independent of frequency. This entire 
portion of the frequency spectrum is 
quite uniformly distributed through-
out the full angle of the horn. Up to 
four driver units can be employed with 
a single horn assembly by using a mul-
tiple throat. Care must be taken in this 
type installation that the driver units 
are in-phase acoustically; that is, the 
diaphragms must all move in the same 

OE direction at a given instant. Polar pat-
terns for a single multicellular horn are 
shown in Fig. 20-72B. 

Fig. 20-72A. Multicellular horn cluster 
Model 1803B manufactured by Altec-

Lansing. 

MULTI CELLULAR HORN 
5000 HERTZ 

MULTICELLULAR HORN 
13,000 HERTZ 

Fig. 20-728. Polar pattern of a multicel-
lular high-frequency horn, at frequencies 

of 5000 and 13,000 Hz. 



THE AUDIO CYCLOPEDIA 

These horns were developed by the 
Bell Telephone Laboratories many years 
ago and are used for sound reinforce-
ment and for public address systems. 
Many motion picture theater installa-
tions use a multicellular horn for the 
high-frequency unit, as pictured in 
Fig. 20-133A. 

Although the cluster in Fig. 20-72A 
is an 18-horn unit, a lesser number of 
horns can be employed. The number 
depends on the dispersement angles to 
be covered. Horn assemblies are re-
ferred to as a 2 X3 cluster for six 
horns, 3 X 6 for an 18-horn cluster, etc. 
Clusters have been built employing up 
to 60 horns in a 6 x 10 array. 

For installations involving only 
speech, to reduce reverberation the am-
plifier system should have a high-pass 
filter installed, with a cutoff frequency 
of 300 to 500 Hz, since the horn has an 
effective length greater than the physi-
cal length. (See Question 20.50.) 

20.73 What is a multicellular baf-
fle7— A single high-frequency horn 
with several small vanes in the bell to 
deflect the high frequencies over a wide 
area (about 105 degrees), thus reducing 
the directional effect of the high fre-
quencies. (See Fig. 20-73.) It is used 
with multiple-loudspeaker systems. 

20.74 What is an acoustic lens?--
A metal or plastic device placed in 
front of a high-frequency horn to 
spread the high frequencies, which are 

Fig. 20-73. Multicellular baffle short 
horn with deflecting fins. 

Fig. 20-74A. High-frequency acoustical 
lens assembly. 

quite directional, over a wide angle of 
distribution. 
The lens is concave in shape and 

pierced with a large number of small 
holes. This lens is transparent to sound 
waves because the boundary layers of 
the lens form a medium of increased 
density through which the sound passes 
from a high-frequency exponential horn 
to the listening area. 

SOUND 
WAVES  

=----ENTERING 

SOUND 
WAVES 
LEAVING 

Fig. 20-74B. Ray tracing of an acousti-
cal lens, showing the focal point and dif-
fusion angle as controlled by the curva-

ture and index of refraction. 

ACOUSTIC LENS, 5000 HERTZ 

ACOUSTIC LENS, 13,000 HERTZ 

Fig. 20-74C. Field pattern for acoustical 
lens system. 

In Fig. 20-74A is shown a high-fre-
quency acoustical lens assembly con-
sisting of 14 separate elements arranged 
in such a manner that they form a dou-
ble-concave lens system deflecting the 
sound over an angle of 90 degrees. The 
index of refraction for this lens system 
is 1.3. A cross-sectional view of the 
focal point and diffusion angle con-
trolled by the curvature and index of 
refraction may be seen at Fig. 20-74B. 
The field pattern for this lens, taken at 
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Fg. 20-76. Simulated spherical loud-
speaker. The housing is perforated with 
many small holes. The voice coils are 
connected 180 degrees out of phase. 

5000 and 13,000 Hz, appears in Fig. 
20-74C. 

20.75 What are the characteristics 
of an open baffle?—Open-back baffles 
are not used with modern high-fidelity 
loudspeaker systems; however, many 
times small extension speakers are 
mounted in such baffles. Actually, an 
open-back baffle is a flat baffle turned 
back on itself to decrease the size of 
the box. If the back is closed, the free-
air resonant frequency of the speaker 
diaphragm is raised and the cabinet res-
onant effects are noted. If the baffle is 
made deep enough, it functions as a 
pipe and several points of resonance, 
which increase as the cabinet is deep-
ened, will be generated. Closing the rear 
of the box prevents any use of the sound 
wave from the rear, with a resultant 
loss of acoustic energy. The most logical 
solution is to port the box; thus, it be-
comes a bass reflex based on the Helm-
holtz resonator. (See Question 20.60.) 

20.76 Describe a spherical or omni-
directional loudspeaker.—To design a 
completely omnidirectional or spherical 
loudspeaker is rather difficult, as the 
energy from the diaphragm must cover 

9 
o 

G 

C 

H 

360 degrees vertically and horizontally. 
A simulated spherical loudspeaker can 
be designed by placing two identical 
speaker units face to face and fasten-
ing them securely. The voice coils are 
connected in parallel, but 180 degrees 
out of phase, as shown in Fig. 20-76. 
The two units are mounted in a spheri-
cal housing, perforated with many small 
holes. When hung from a ceiling, it 
functions quite well as a spherical radi-
ator. (See Question 20.77.) 

20.77 What effect does the exterior 
shape of an enclosure have on the over-
all frequency response of a loudspeaker? 
—H. F. Olson of the RCA Princeton 
Laboratories, in his work with enclo-
sures, reached the conclusion that a di-
rect-radiator-type loudspeaker responds 
according to the various shaped enclo-
sures and that the outside configuration 
plays an important part in the final fre-
quency response of the speaker system. 
It is possible for some shapes to have a 
10-dB variation in response, because of 
diffraction. 

Detrimental effects of diffraction may 
be reduced by eliminating sharp bound-
aries on the front of the enclosure in 
order that the diffracted wave will be 
reduced in amplitude. It will also help 
if the distance from the speaker dia-
phragm to the diffracting edges is varied 
to produce random phase relationships 
between the primary source and the 
diffracted sound waves. 
A group of 12 differently shaped en-

closures, measured by Olson, are given 
in Fig. 20-77A. Their frequency char-
acteristics are shown in Fig. 20-77B. It 
appears from Olson's work that only 
three shapes least affect the final repro-
duction. They are the sphere A and 
truncated pyramids mounted on rec-

Fig. 20-77A. Twelve different enclosures tested for their effect on the final fre-
quency response of o loudspeaker, by H. F. Olson of the RCA Princeton Laboratories. 
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Fig. 20-77B. Frequency-response characteristics using o small direct-radiator type 
loudspeaker in the enclosures shown in Fig. 20-77A. 

tangular enclosures J and L. The ideal 
shape for an enclosure appears to be 
the sphere. 

20.78 Describe a solid-state high-
frequency speaker unit.—A solid-state 

high-frequency loudspeaker unit, utiliz-

ing the piezoelectric characteristics of a 
ceramic rod, coupled to an aluminum 
diaphragm is shown in the cross-sec-
tional drawing of Fig. 20-78A. By ap-
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Fig. 20-78A. Cross-sectional view of a 
solid-state high-frequency loudspeaker 
unit. (Courtesy, Motorola Semiconductor 

Products Inc.) 

plying the audio signal directly to a 
ceramic tube, the diaphragm is driven 
without benefit of either a voice coil or 
magnetic field. The driving member, 
2.5 inches in length and consisting of 
lead zirconate and lead titanate, is a 
tube which expands and contracts lon-
gitudinally, depending on the instanta-
neous polarity of the applied signal. The 
tube has an outside diameter of 0.050 
inch with a wall thickness of 0.010 inch, 
and is nickel-plated inside and out and 
poled through its thickness. The maxi-
mum expansion is on the order of 150 
microinches. One end of the rod is 
epoxy cemented to a die-cast frame 
with the free end attached to the dia-
phragm. The compression chamber be-
tween the phasing plug and the dia-
phragm is 0.010 inch. 
The power-handling capability is 10 

volts per 0.001 inch. The SPL taken on 
axis 18 inches from the horn throat 
varies from 99 dB to 116 dB at 11,000 Hz. 
The steep front of the frequency char-
acteristic (Fig. 20-78B) caused by the 
falling impedance characteristic, serves 
as a built-in crossover network. The 
distortion characteristics are comparable 
to those of an equivalent dynamic unit, 
except for a slight rise at the extreme 
ends of the frequency range. This unit 
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Fig. 20-78B. Frequency response for 
solid-state high-frequency loudspeaker 

unit of Fig. 20-78A. 

was developed by Hugo Schafft of Mo-
torola Semiconductor Products Inc. 

20.79 What type grille cloth should 
be used for wide-range loudspeaker sys-
tem enclosures?—A loosely woven cloth 
or plastic with hard thread. A closely 
woven cloth will reduce the high-fre-
quency response by several dB. 

20.80 How is the volume of a loud-
speaker enclosure calculatedt— 

Volume =(Hx W X D) — n = OE. 

(H X W X D) 1728 
where, 
H is the height in inches, 
w is the width in inches, 
D is the depth in inches, 
n is any device mounted within the 

enclosure. 

20.81 How may the resonant fre-
quency of a loudspeaker enclosure be 
damped?—By completely lining the in-
terior surfaces of the enclosure with a 
highly absorbent material such as rock 
wool. The resonant frequency of the 
panels may be damped by the use of 
diagonal braces and by filling unused 
spaces with sand. 

20.82 How may a loudspeaker en-
closure be tested for undamped resonant 
frequencies?—By applying white noise 
to the loudspeaker system, then picking 
up the acoustic output by means of a 
capacitor microphone, and finally by 
observing the signal on an oscilloscope. 
The sweep frequency of the white-noise 
generator is varied to indicate the reso-
nant frequencies of the enclosure. (See 
Questions 1.140, 22.56, and 23.135.) 

20.83 How may the low-frequency 
response in a bass-reflex enclosure be 
smoothed out?—The port of a bass-re-
flex enclosure is considered to be prop-
erly tuned for the best low-frequency 
response when the bass response has 
been equalized and spread over as wide 

Fig. 20-83. Generalized curves showing 
how the resonant frequency of a loud-
speaker in a bass-reflex enclosure may 
be smoothed out by adjustment of the 
port area. (a) Before adjustment. (b) 

After adjustment. 
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a range as possible. Excessive boomi-
ness in the low frequencies is generally 
an indication of an improperly dimen-
sioned port area. If any doubt exists as 
to the correct port dimensions, an audio 
oscillator is connected to the speaker 
system, and an ac voltmeter is con-
nected across the voice-coil leads. 
A wooden shutter is placed partially 

over the port area, and the oscillator is 
varied over a frequency range of 50 to 
200 Hz. The shutter is adjusted for a 
meter reading with a minimum of peaks. 
It will not be possible to secure a 
smooth voltage across the voice coil at 
all frequencies because of the variation 
in the impedance of the voice coil with 
frequency. However, with the proper 
adjustment of the shutter, the port may 
be tuned to a point where the voltage 
peaks are more or less uniform. The 
largest peak will be found at the point 
where the voice coil rises to its maxi-
mum impedance. The effect of tuning 
the port is shown in Fig. 20-83. 

20.84 How is the free-air resonant 
frequency of a loudspeaker unit mea-
sured?—The speaker is hung in free air, 
away from reflecting surfaces, and is 
connected to an amplifier as shown in 
Fig. 20-84. The oscillator is swept from 

- 
Fig. 20-84. Circuit for measuring the 
free-air resonant frequency of a loud-

speaker unit. 

below 20 Hz to 200 Hz. At the resonant 
frequency, the excursion of the dia-
phragm will be maximum as read on 
the meter. When measuring small 
speakers, care must be taken that the 
diaphragm is not damaged by driving it 
beyond its normal excursion. 

20.85 Describe the principles of a 
diffraction horn.—Diffraction horns are 
narrow-mouth horns. The flare provides 
the proper cutoff frequency, while the 
narrow mouth provides a slit source 
operating in a vertical plane. The de-
vice works on the principle that sound 
leaves a narrow slit that is small in 

----- - - ----- - 
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--,-,-..--- ---- -.., 

DISPERSION 

SPHERICAL 
WAVE FRONT--1 
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Fig. 20-85A. Diffraction horn Model 
TW-35 manufactured by Electro-Voice, 
Inc. Wavelengths that are large com-
pared to the dimensions of the slit, 
emerge as a point source of sound and 
diffract into a cylindrical waveform. 

comparison to the wavelength of the 
emitted sound and acts as a point-
source of sound. Consequently, the 
sound will emerge, flowing around the 
sides of the horn, into a cylindrical 
waveform (Fig. 20-85A). The term dif-
fraction stems from the fact that the 
waveform diffracts out of the narrow 
opening. Since the mouth dimensions 
are small in the horizontal plane, the 
flare must increase quite rapidly in the 
vertical direction to provide the proper 
cutoff frequency. 

The fact that the horn flares in the 
vertical plane does not mean that the 

A 
7 

Fig. 20-85B. Diffraction horn Model TW-
35 manufactured by Electro-Voice, Inc. 
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dispersion is greatest in the vertical 
plane, which varies with frequency. 
Because of the relationship of the slit 
width to wavelength, as the frequency 
is increased, less diffraction takes place 
because of the opening up of the slit. 
Generally speaking, such horns have a 
smooth angular response. 

Fig. 20-85B is a cutaway view show-
ing the interior of a diffraction horn 
manufactured by Electro-Voice Inc. At 
A is the bell, at B and C, the magnetic 
structure, and at D, the diaphragm and 
voice coil. This type speaker unit is 
used with multiple-speaker systems. 

20.86 What is the average free-air 
resonance of dynamic loudspeakers?--

Diameter Frequency 

8 inch 
12 inch 
15 inch 
18 inch 
30 inch 

60 to 150 Hz 
30 to 85 Hz 
25 to 55 Hz 
20 Hz 
15 Hz 

The free-air resonance can be measured 
by using the method described in Ques-
tion 20-84. 

20.87 What is the blocked imped-
ance of a loudspeaker?—The impedance 
of the voice coil when the voice coil is 
blocked to prevent its movement. 

20.88 What is the motional imped-
ance of a loudspeaker?—Because a 
loudspeaker generates a counter emf 
due to the movement of the voice coil 
in the magnetic field, the generated 
emf opposes the signal voltage applied 
to the voice coil. 

The impedance measured while the 
voice coil is in motion is different from 
that when the voice coil is blocked. 

Motional impedance is the impedance 
measured when the voice coil is in 
motion, minus the blocked impedance 
of the voice coil. 

20.89 Give a typical impedance 
characteristic for a dynamic loudspeaker 
unit.—Fig. 20-89 shows a plot of a typi-
cal impedance curve for a dynamic 
speaker unit, taken in free air. It will 
be observed that there is quite a wide 
variation in impedance between zero 
and 10,000 Hz. It is not uncommon for 
the impedance at the resonant fre-
quency to measure five times or more 
than the rated impedance, then drop 
off, then again rise to that amount or 
more at the high frequencies. The im-
pedance is a complex value of dc resist-

ance, inductive reactance of the voice 
coil, and frequency. 

In Fig. 20-89, A is the de resistance 
of the voice-coil winding, B the free-air 
resonant impedance, C the rated im-
pedance, and D the rising impedance 
caused by the inductive reactance of the 
voice-coil winding. The EIA Standard 
specifies that the rated impedance is to 
be taken at the minimum value at C, 
following the resonant peak B. This im-
pedance is sometimes referred to as 
trough-impedance. For modern speak-
ers, this falls around 400 Hz and is 
quite narrow. 

I
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Fig. 20-89. Impedance curve for a typi-
cal dynamic loudspeaker. 

As the impedance rises and ap-
proaches the resonant frequency, the 
counter emf (generated by the motion 
of the voice coil in the magnetic field) 
rises to a maximum at resonance, then 
drops off for a small portion of the fre-
quency spectrum, and again rises as the 
inductive reactance of the voice coil in-
creases. This clearly indicates that the 
rated impedance of a loudspeaker is 
only in a very narrow band. Free-air 
impedance can be measured as dis-
cussed in Question 23.140. 

20.90 What effect does the loud-
speaker impedance have on the output 
stage of an amplifier?—Because a loud-
speaker does not present a constant re-
flected load to the output tubes of an 
amplifier, it is customary to use tubes 
having a very low plate resistance or 
beam-power tubes with large amounts 
of negative feedback. Variations in the 
loudspeaker impedance cause a non-
uniform frequency response and a con-
siderable change in distortion char-
acteristics of the amplifier from those 
measured under resistive load condi-
tions. 

20.91 What effect does loudspeaker 
impedance have on the output stage of 
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a transistor amplifier?—Unlike the vac-
uum-tube amplifier, transistors cannot 
be operated at the peak of their power 
load curve because of the internal heat 
generated in the transistor. Therefore, 
for satisfactory operation of solid-state 
amplifiers, attention must be given to 
the magnitude and character of the 
load impedance. 

CI HF 

Fig. 20-91A. Simple crossover network 
with a capacitor in series with the high-

frequency unit. 

HF CONTROL 
30n 

CI 

A B 30pF 

LI 

8A. 

C2 30,F 

Rs L8n 

Fig. 20-91B. Simple series network with 
a high-frequency control and a resistor in 
the lower section to prevent the imped-

ance falling below a given value. 

2.n 
M.  
Rs 8n 

X-OVER 
NETWORK 

--<HF 

Fig. 20-91C. Series resistor in the output 
of a solid-state amplifier to protect the 

output stage. 

The simple crossover network (Fig. 
20-91A) employing a low- and high-
frequency speaker, with the smaller 
speaker fed through capacitor CI pre-
sents the worst condition. Here, when 
only the low-frequency speaker is op-
erating, the impedance is near the rated 
impedance. However, when operating 
with the high-frequency unit, its im-
pedance is in parallel with the low-fre-
quency speaker impedance which pre-
sents a lower than rated load impedance. 
In effect, the minimum impedance seen 
by the output stage is the de resistance 

of two voice coils in parallel, assuming 
that the frequency is high enough to 
make the reactance of series capacitor 
Cl negligible. The impedance of the 
high-frequency section will vary with 
frequency, as the reactance of the series 
capacitance changes with frequency. 
When the voice-coil reactance for 

either speaker rises (see Question 20.89) 
and the low-frequency unit is operating 
near its resonant frequency, the total 
impedance presented to the amplifier 
output is higher than the rated imped-
ance. Thus, it can be seen that the am-
plifier load impedance varies over a 
wide range. In a vacuum-tube amplifier, 
this will not damage the output stage, 
but this condition could cause consider-
able damage to the output stage of a 
transistor amplifier; therefore, protec-
tive circuits are included for its pro-
tection. 

Designers of multiple-loudspeaker 
systems have given considerable thought 
to this problem, and are using protec-
tive methods in the crossover networks 
to avoid such a condition where a low 
value of speaker impedance might cause 
damage to the output stage. 
A simple series-connected crossover 

network is shown in Fig. 20-91B, where 
a 30-ohm control is connected in the 
high-frequency section. If the control 
is at minimum (out of the circuit) posi-
tion A, the impedance of the network 
is within the rated load impedance of 
8 ohms. Turning the control to position 
B inserts the full 30-ohms in series with 
the high-frequency unit. Now the cir-
cuit consists only of choke Li, capaci-
tor C2, and the impedance of the low-
frequency speaker voice coil, which 
could be less than 5 ohms. A remedy 
suggested by one manufacturer of loud-
speakers for an 8-ohm speaker network, 
is to insert a resistor R. of 1.8 ohms in 
series with capacitor C2. An alternate 
method is to insert a resistor of 2 ohms 
in series with the amplifier output and 
loudspeaker system, as in Fig. 20-91C. 
The insertion of the resistor R. in the 
network will not affect the character-
istics of the low-frequency speaker, but 
will preveitt the impedance from falling 
below a value that could cause damage 
to the output stage. (See Question 
20.103.) 

20.92 Why does the voice-coil im-
pedance of a dynamic loudspeaker unit 
generally fall between 4 and 16 ohms? 
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—Two factors are involved, mechanical 
and electrical. Mechanically, the voice 
coil must be suspended in a very small 
gap; therefore, its mass must be low. 
Electrically, the wire must be suffi-
ciently heavy to carry a large current, 
with as few turns as possible to keep 
down inductive reactance. The number 
of turns must be such that the voice coil 
will react to the magnetic field suffi-
ciently enough to drive the diaphragm. 
Therefore, voice coils are wound to have 
an impedance between 4 and 16 ohms, 
using either copper or aluminum wire. 
Voice-coil windings will vary from a 
few tenths of an inch in diameter for a 
high-frequency unit, to over 3 inches 
for a low-frequency speaker. 

In certain early designs, the voice 
coil consisted of a single turn brass 
strip, having a few hundredths of an 
ohm resistance. Low-frequency speaker 
units designed for theater sound systems 
are generally 32-ohms impedance and 
are connected in parallel; thus, the total 
impedance for the two speakers is 16 
ohms. (See Question 20.133.) 

As a rule, speaker units designed for 
the high-fidelity reproduction fall in the 
4- to 16-ohm category. However, im-
pedance values are obtainable at 3.2, 10, 
20, 45, and 100 ohms. 

20.93 What is a bass energizer?— 
It is a passive network inserted between 
the output of a power amplifier and a 
speaker system, to increase the low-
frequency response below 150 Hz. It was 
developed by Alexis Badmaieff of Altec-
Lansing. He used, as a basis of design, 
the Fletcher-Munson 80-dB curve of 
Fig. 1-76A. The network is designed to 
approximate this curve from 150 Hz to 
50 Hz, then to flatten out to 20 Hz, as 
shown in Fig. 20-93. 

Basically, the device is a T configura-
tion and therefore has a 6-dB insertion 
loss. Such devices should be used only 
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Fig. 20-93. Altec-Lansing bass-energizer 
passive network as compared to an 80-dB 

Fletcher-Munson curve. 

with high-efficiency speakers or with 
an amplifier that can supply the neces-
sary power output without overloading 
at the lower frequencies. For a 16-ohm 
speaker, the network has a 6-dB inser-
tion loss at 400 Hz; for an 8-ohm 
speaker, it has a 10-dB loss. Such net-
works can be described by using the 
data given in Question 6.49. 

20.94 How can the resonant fre-
quency of a dynamic speaker be lowered? 
—If the resonant frequency is too high, 
it can be lowered by using a method 
devised by D. E. L. Shorter. In this 
method, the edge of the diaphragiň ma-
terial is impregnated with a hygroscopic 
agent which will retain moisture and 
thus maintain the compliancy of the 
cone. A convenient wetting agent is 
Eastman Kodak Photo Flow diluted in 
a ratio of one capful to eight ounces of 
water. While the diaphragm is wet, ap-
ply Kodak Print Flattening solution 
(without dilution) over the Photo Flow. 
The solutions are applied only to the 
edge or hinge of the diaphragm, and 
are permitted to stand at least 24 hours 
before putting the speaker to use. Be-
fore applying the solutions, the resonant 
frequency should be measured for com-
parison after the solutions have been 
applied. It will be observed that the 
resonant frequency will be decreased 
considerably. Additional applications 
will tend to further decrease the reso-
nant frequency until a point is reached 
where no further reduction is noted 
with additional applications. 

20.95 What is variable damping?— 
It is a method introduced some years 
ago for matching the output impedance 
of a vacuum-tube amplifier to the im-
pedance of a loudspeaker. This is ac-
complished by the use of negative volt-
age and current feedback control in the 
amplifier. The method is now obsolete. 
This subject is further discussed in 
Question 12.242, and Question 23.139. 

20.96 What are the intermodulation 
characteristics for a typical high-quality 
dynamic loudspeaker?—In Fig. 20-96 is 
shown a typical intermodulation-dis-
tortion curve for a 12-inch direct-radi-
ator type loudspeaker. The test was 
made by applying frequencies of 60 and 
2000 Hz in a ratio of 4:1 to the voice 
coil, with the lower frequency 12 dB 
lower in amplitude than the higher fre-
quency. Intermodulation distortion var-
ies considerably with loudspeaker de-
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Fig. 20-96. Intermodulation distortion characteristics of an average high-quality 
dynamic loudspeaker. 

sign, enclosures, and frequency range. 
No set figures can be given; however, it 
goes without saying that the intermod-
ulation must be held to a minimum. 
Loudspeakers are available with less 
than one-half of 1-percent intermod-
ulation distortion, while others may run 
up to several percent. This is particu-
larly true for frequencies below 200 Hz. 
To date, no standards using the inter-
modulation method of measuring distor-
tion have been adopted for testing loud-
speakers. 

20.97 How does intermodulation dis-
tortion affect the listening qualities of a 
loudspeaker? —Frequencies which are 
not harmonically related to the original 
frequencies are generated, resulting in a 
distorted reproduction appearing as a 
fuzziness of the higher frequencies and 
causing listener fatigue. 

20.98 What are the harmonie-dis-
tortion characteristics of a high-quality, 
wide-range, direct-radiator-type loud-
speaker?—ln Fig. 20-98 is shown a dis-
tortion measurement made on a high-

\ _e WATTS 
 -- 2 WATTS  

--- 1 WATT 

100 200 500 1000 2000 

FREQUENCY IN HERTZ 

5000 14000 

Fig. 20-98. Harmonic distortion of a 
typical high-quality wide-range dynamic 

loudspeaker. 

quality loudspeaker of the direct-radia-
tor type, for powers of 1, 2, and 10 watts 
at the voice-coil terminals. The fre-
quency range covered was 60 to 6000 Hz 
and includes harmonics up to 18,000 Hz. 

20.99 What is the cause of inter-
modulation distortion in a loudspeaker? 
—Intermodulation distortion is gener-
ated in single diaphragm radiators when 
the diaphragm is reproducing a high 
and a low frequency simultaneously. If 
the low frequency is distorted in any 
manner, it distorts the high frequency 
by flattening off the peaks. Thus, the 
high frequency is modulated by the 
lower frequencies. 

The theory of intermodulation dis-
tortion is covered in Questions 23.117 to 
23.127. The distorted waveform in a 
loudspeaker appears quite similar to 
that for an amplifier and is also referred 
to as frequency-modulation distortion. 

Multiple-loudspeaker systems gen-
erally have much lower intermodulation 
distortion than does a single diaphragm 
speaker, as each speaker unit is separate 
and cannot be modulated by others. 
Speaker systems using a low-frequency 
horn, midrange-, and high-frequency 
units have very low intermodulation 
distortion. 

Overdriving the voice coil can cause 
it to leave the magnetic-gap area, thus 
generating sum and difference frequen-
cies, which is another form of inter-
modulation distortion. 
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In hom-type projectors, intermodula-
tion and harmonic distortion are caused 
by nonlinear compression of the air in 
the throat of the horn. At 3000 Hz, a 
horn with a cutoff frequency of 150 Hz 
using a 7/8-inch throat can generate up 
to 17 percent second harmonic distor-
tion, with a power of 1 acoustic watt 
from the driver unit. Since the distor-
tion is proportional to the number of 
wavelengths passing through the throat, 
it increases with an increase of fre-
quency. In compound-type horns, dis-
tortion is reduced because of the shorter 
throat length at the higher frequencies. 

20.100 How can the intermodulation 
distortion be reduced in a wide-range 
loudspeaker system?—By using individ-
ual low-, intermediate-, and high-fre-
quency speaker units fed from a suit-
ably designed crossover network to 
separate the frequency response of the 
speakers into bands. The several units 
are mounted in a common enclosure; If 
a single unit is to be employed, it may 
consist of a duplex, coaxial, or a three-
way unit mounted in an enclosure. 
Units shown in Figs. 20-5, 20-6, and 
20-25 are typical examples of speaker 
units having low distortion. However, 
the distortion for a single unit is not as 
low as that which can be obtained by a 
properly designed multiple-speaker 
system. 

20.101 What is a tone burst?—A 
method used for testing transient re-
sponse of a loudspeaker or system. 
Loudspeakers are electzoacoustic trans-
ducers and achieve their purpose by 
converting electrical pulses into me-
chanical motion and then into acousti-
cal pressure. It is in the mechanical 
moving system where much of the tran-
sient distortion is generated. 

Whenever a signal is applied to a me-
chanical system at rest, there is a time 

SINE-WAVE 
OSCILLATOR 

TONE -BURST 
GENERATOR 

e© 
o 

PWR 
AM PL. 

delay before the system responds to the 
stimulus. Furthermore, when the signal 
is removed there is a short time delay 
before the system returns to rest. Tests 
indicate that the loudspeaker with the 
smoothest frequency response will have 
the smallest starting transient and the 
least hangover. 

Transient measurements are not too 
difficult to make and can be accom-
plished by the connection and use of the 
equipment given in the block diagram of 
Fig. 20-101. Here is shown an audio 
oscillator feeding a tone-burst genera-
tor, the output of which is applied to a 
power amplifier of low distortion which 
feeds the loudspeaker under test in an 
anechoic chamber. The signal from the 
speaker is picked up with a microphone 
of known frequency characteristics and 
fed to a dual-trace oscilloscope. The 
trigger output from the tone-burst gen-
erator is connected to the trigger circuit 
of the oscilloscope. The grounding 
should be carried to a common point. It 
is not absolutely necessary that the 
measurement be made in an anechoic 
chamber. If a room that is fairly well 
damped is available and the microphone 
is placed about 2 feet in front of the 
speaker, a satisfactory measurement 
can be made. The procedure is to first 
make a frequency-response measure-
ment and then to choose a point in the 
midrange response where it is smoothest 
and away from peaks or dips. The re-
sults are then displayed on the oscillo-
scope or plotted on an automatic re-
cording device. 

In using a tone-burst generator, the 
sine-wave oscillator is set to the desired 
frequency and keyed by the tone-burst 
generator, which lets a given number 
of hertz of a preselected frequency 
through the power amplifier in short 
bursts and selected intervals. Thus, a 

ANECHOIC CHAMBER 

L/S WC. 

D  

DUAL-TRACE 
OSCILLOSCOPE 

Fig. 20-101. Block diagram for making loudspeaker transient measurements using a 
tone-burst generator, and a dual-trace oscilloscope. 
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1000-Hz signal from the audio oscillator 
might be keyed at a rate of 2, 4, 8, 16, 
32, 64, or 128 times per second. 

20.102 How can a loudspeaker sys-
tem be tested for transient distortion 
without using test equipment?—A rough 
test can be made with the use of an fm 
receiver. The receiver is tuned to a spot 
removed from a station carrier fre-
quency, so that a strong hissing sound is 
heard. This noise is similar to white 
noise and covers the entire frequency 
spectrum. If the speaker system under 
test has pronounced peaks and valleys, 
the high frequencies appear as singing 
tones, and the low frequencies manifest 
themselves as torchlike sounds, similar 
to those made by a blow torch. 

20./03 What effect does amplifier 
damping have on a loudspeaked—The 
subject of amplifier damping and its 
effect on the performance of a loud-
speaker is a controversial one, like pen-
todes versus triodes. It has been the 
practice to state the damping factor of 
an amplifier in terms of the ratio of the 
internal output impedance to the load 
impedance. Thus, for a loudspeaker of 
8-ohms impedance and an amplifier 
with an internal output impedance of 
0.5 ohm, the damping factor is 16. Am-
plifiers have appeared, stated to have a 
damping factor in excess of 100. Actu-
ally this is not true, as the de resistance 
of the voice coil must be taken into con-
sideration, since it is the limiting factor 
as to the damping factor. Using a value 
of 8 ohms for the impedance of a 
speaker and 6 ohms for the de resist-
ance, computing for different values of 
internal output impedances the damping 
factors would appear as given in the 
table below. 

As it will be noted, using an output 
impedance of 0.5 ohm and a load im-
pedance of 8 ohms, the damping factor 
is 16. Adding in the voice-coil resist-
ance, the actual damping factor is: 

ZL6 8.0  
1.23 

+ R,, 0.5 + 6 — 
where, 

Z..t is the internal impedance of the 
amplifier, 

R., is the de resistance of the voice-
coil, 

and Z1,8 is the rated impedance of the 
loudspeaker. 

It has often been stated that the ideal 
driving impedance for a loudspeaker 
would be zero impedance. However, it 
will be observed that with zero output 
impedance, the damping factor is 1.33, 
because the de resistance of the voice 
coil is still in the circuit. It appears that 
a maximum damping factor of 20 is a 
practical value. There is now doubt that 
many loudspeakers sound better as the 
damping factor is increased, because of 
peaks in the reproduction, which in 
some instances rise from 10 to 12 dB 
because of impedance variation, as dis-
cussed in Questions 20.89 and 20.91. 

20.104 What is the force factor of 
a loudspeaker?—The ratio of the effec-
tive force to the current flow in the 
voice coil. 

20.105 Where is the most linear 
portion of a loudspeaker movement, and 
how is its efficiency calculatedT—The 
most linear portion of a loudspeaker is 
where the cone displacement is propor-
tional to the driving force. Its efficiency 
is the difference between the acoustic 
output and the electrical input power 
level, expressed in dB. As this is an in-
volved formula and the test is to be 

Ampl. internal 
impedance 

Damping factor True damping factor 
(VC = 6.0 ohms) 

8 ohms 1.0 0.57 
4 ohms 2.0 0.80 
2 ohms 4 1.0 
1 olun 8 1.14 
0.5 ohm 16 1.23 
0.25 ohm 32 1.28 
0.125 ohm 64 1.30 
0.050 ohm 160 1.32 
0.025 ohm 320 1.33 
0.0125 ohni 640 1.33 
0.0000 ohm infinity 1.33 

Fig. 20-103. Computing damping factors. 
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made under rigid conditions, the reader 
is referred to EIA Standard SE-103, 
April, 1949, reaffirmed March, 1954. 

20.106 What is the relationship of 
diaphragm movement to the radiated 
power in a loudspeaker?—For a constant 
radiated power at the low frequencies, 
the voice-coil excursion must be quad-
rupled per octave. 

20.107 What is the diaphragm 
movement in the average loudspeaker for 
1 acoustic watt output?— 
Typical values are given below. 

Diameter Peak 
excursion 

Resonant 
frequency 

8 inches 
12 inches 
15 inches 

0.19 inch 
0.10 inch 
0.50 inch 

60 to 150 Hz 
30 to 85 Hz 
25 to 55 Hz 

20.108 What is acoustic elasticity? 
—The elasticity provided by the air (in 
a speaker enclosure) which is com-
pressed when the cone moves in a back-
ward direction. 

20.109 What does the term "acous-
tical suspension" meant—It is a loud-
speaker so designed that the diaphragm 
can be moved with a very small amount 
of power at the voice coil. This is ac-
complished by supporting the outer 
periphery of the diaphragm with a very 
flexible supporting material. Such sus-
pensions are used in small book-shelf-
type enclosures. As an example, a con-
ventionally supported diaphragm, hav-
ing a free-air resonance of 70 Hz, when 
installed in an enclosure may increase 
the resonant frequency by 100 Hz or 
more. Thus, when placed in a small en-
closure the low-frequency response falls 
off quite rapidly. 

Increasing the compliance of the dia-
phragm lowers the free-air resonant 
frequency. However, if carried too far, 
the speaker can be driven into distortion 
quite easily. Therefore, the speaker is 
mounted in an airtight enclosure com-
pletely filled with an acoustic absorption 
material, which back-loads the dia-
phragm and returns it to its original 
resonant frequency. The resonant fre-
quency can also be increased or de-
creased by changing the interior volume 
of the enclosure. Such designs are 
termed acoustic suspension systems, and 
can be applied to both low-frequency 
and midrange speaker units. Acoustic 
suspension systems are of low efficiency, 

generally 0.5 to 2 percent. (See Question 
20.183). 

20.110 Define the term "speaker 
directivity index."—It is the ratio, ex-
pressed in decibels, of the power which 
would be radiated if the free-space axial 
sound pressure were constant over a 
sphere, to the actual power radiation. 
The directivity index is measured by 
applying a constant input to the speaker 
mounted in an enclosure and to a mi-
crophone placed at a constant distance 
on the axis of the speaker, for different 
angles of radiation. The procedure for 
calculating the results is quite involved; 
therefore, the reader is referred to EIA 
Standard SE-103-1954. 

20./11 What is the purpose of a 
shading ring in on electrodynamic loud-
speaker unit? A shading ring is a heavy 
copper ring about 1/4 -inch thick placed 
on the forward end of a field coil in an 
electrodynamic loudspeaker. The pur-
pose of the ring is to act as a shorted 
turn, causing a heavy circulating cur-
rent in the ring. This current bucks the 
flux from the field coil at 60 and 120 Hz, 
thereby reducing the tendency of the 
field coil to induce hum frequencies into 
the voice-coil circuit. 

20.112 What are the factors which 
affect the design of direct-radiator type 
loudspeakers?—The high-frequency re-
sponse is restricted by the mass re-
actance of the diaphragm. The low-
frequency response is affected by the 
small radiation resistance. Increasing the 
high-frequency response by one or two 
octaves decreases the angle of radiation, 
the beam becoming quite narrow as the 
frequency increases. 
As additional octaves are added to the 

frequency range, the nonlinear distor-
tion is also increased. The enclosure in 
which the loudspeaker is housed plays 
an important part in the final frequency 
response. 

The overall sensitivity may be in-
creased by intensifying the density of 
the magnetic flux. However, this also 
increases the damping. 

20.113 What is the effect of a loud-
speaker connected across the output of 
an amplifier?—When a loudspeaker is 
connected across the output of an am-
plifier, it has the effect of connecting a 
capacitance or inductance in parallel 
with the output of the amplifier. Be-
cause the loudspeaker does not present 
a constant load impedance, the distar-
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tion characteristics of the amplifier may 
be affected to a considerable extent. 
The average loudspeaker presents a 

capacitive load of 0.0025 OEsF or an in-
ductive load of 1000 millihenries or 
greater, depending on the design. For a 
complete measurement, the intercon-
necting cable capacity should be in-
cluded. Average cable presents about 
40 to 80 pF of capacity per foot. 

20.114 What is the axial sensitivity 
of a loudspeaker?—It is the acoustic out-
put power, expressed in dB (referred to 
the threshold of hearing), that will be 
produced at a given distance for a 
stated power to the loudspeaker voice 
coil. 

20.115 Show the crossover char-
acteristics for multiple-loudspeaker sys-
tems.—The actual design of such net-
works is discussed in Section 7. How-
ever, crossover networks generally have 
crossover characteristics as shown in 
Fig. 20-115. It will be noted that for the 
two-way network at (a), the low- and 
high-frequency speakers are crossed 
over at a point 3 dB down from the uni-
form portion of the frequency band. 
The same is true for the three-way net-
work of (b), showing two crossover 
points. The crossover frequency is de-
pendent on the characteristics of the 
speaker units employed. The rate of 
attenuation may be 6, 12, or even 18 
dB per octave. As a rule, 12 dB per 
octave is the one most generally em-
ployed. 

General design considerations for 
crossover networks require that the 
crossover frequency should start be-
coming effective before the frequency 
response of the loudspeaker falls off and 
the loudspeaker becomes nonlinear. 
Loudspeaker units designed for low-
frequency use in multiple installations 

(a) Two-way system. 

-341 

LOW FREQUENCY HIGH FREQUENCY 

LOW FREQUENCY MIDRANGE HIGH FREQUENCY 

f3 f e 04 

(b) Three-way system. 

Fig. 20-115. Frequency characteristics 
for loudspeaker crossover networks. 

•4013 

re 

are especially designed and seldom have 
much response above 1000 Hz. 
The frequency response of a high-

frequency unit must be restricted to 
frequencies whose wavelengths are such 
that the excursion of the loudspeaker 
diaphragm will not exceed the displace-
ment as recommended by the manufac-
turer. If this precaution is not taken, 
serious damage to the diaphragm and 
voice coil will result. 

It has been found from experience 
that for large commercial installations, 
the two-way system is the most satis-
factory from a phase-shift standpoint, 
as any irregularities caused by phase 
shift are reflected in the reproduction. 
The preferred crossover frequencies for 
two-way systems are 500 to 800 Hz, with 
500 Hz the preferred frequency. For 
three-way systems, the preferred fre-
quencies are 500 and 5000 Hz. 

20.116 Give graphically the effect 
of crossover-network insertion loss.—The 
insertion loss of a crossover network is 
quite important, particularly when used 
with an amplifier system of considerable 
power. In Fig. 20-116 has been plotted 
graphically the effect of network-inser-
tion loss versus power-output loss for 
an amplifier system of 100 watts. It will 
be observed that the loss of power for 
an insertion loss of only 0.5 dB is 11 
watts, and for 1 dB it is approximately 
22 watts. Therefore, it is quite important 
that the insertion lass of a crossover 
network be kept to an absolute mini-
mum. This can be accomplished by 
using large wire to reduce the de resis-
tance of the inductances and using 
capacitors of high quality. The line feed-
ing the speaker system must also be of 
low dc resistance. 

20.117 Where should a crossover 
network be connected?—The conven-
tional method is to connect the network 
between the output of the power am-
plifier driving the loudspeaker system 
and the loudspeaker units of the system. 
Electronic crossover networks as de-
scribed in Question 20.121 are connected 
between the output of a preamplifier 
and the input of two power amplifiers, 
one driving the low-frequency loud-
speakers and the other driving the high-
frequency loudspeakers. 

20.178 What is the effect of a fast 
rate of cutoff in a crossover network?— 
Usually no effect is noted up to 18 dB 
per octave, unless there is a wide varia-
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Fig. 20-116. Crossover inser-
tion loss versus power-output 
loss as plotted for a 100-watt 

amplifier system. 

90 

80 

70 

60 

40 

30 

20 

10 

tion of impedance match, which can 
cause ringing thus adding distortion to 
the reproduction. This is particularly 
true for the 18-dB-per-octave network. 
A check for ringing can be made by 

connecting an oscilloscope to the output 
of the network in question, using a 
resistive termination. The frequency 
spectrum is swept by an audio oscilla-
tor, while keying the oscillator off and 
on. The ringing will appear somewhat 
like the waveforms in Fig. 1-37. There-
fore, the same test should be made using 
the speaker system as the load, rather 
than a resistive load. 

20.119 Are the phase relationships 
of a complex signal affected by a cross-
over network?—Phase shift is affected 
about two octaves above and below the 
frequency of crossover and will vary 
from 90 degrees for a 6-dB-per-octave 
crossover network to 180 degrees for an 
18-dB-per-octave network. 

20.120 How critical is the source 
impedance feeding a crossover network? 
—The output impedance of the amplifier 
should be terminated by a network that 
is equal to its rated load impedance, 

0 1 2 3 4 5 6 7 8 9 10 11 12 
dB INSERTION LOSS 

even though the amplifier internal out-
put impedance may be considerably 
lower than the rated load impedance. 
However, this is only true for a con-
stant-resistance type network. For an 
m-derived network, the impedance of 
the amplifier and network must be 
matched. It should also be kept in mind 
that a loudspeaker does not reflect a 
constant load impedance; this is dis-
cussed in Question 20.89. 

20.121 What is an electronic cross-
over network and how does it function? 
—An electronic crossover network con-
sists of two amplifiers each having a 
variable RC network at the input por-
tion of the circuit. One network has a 
high-pass frequency characteristic; and 
the other, a low-pass characteristic. One 
section of the crossover network feeds 
the power amplifier driving the low-
frequency loudspeakers, and the other 
section feeds the power amplifier driv-
ing the high-frequency loudspeakers. 
The crossover frequency is obtained by 
setting the controls of the networks to 
frequencies such as 400 Hz for the high-
pass channel and 400 Hz for the low-
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Fig. 20-121A. Schematic diagram of an electronic crossover network. 

pass channel. This would result in a 400-
Hz crossover frequency. The usual rate 
of attenuation in either section is 12 dB 
per octave. 

Conventional crossover frequencies 
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Fig. 20-121C. Three-way loudspeaker system using an electronic crossover network. 
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Fig. 20-121D. Three-way loudspeaker system using an electronic 
and a  tional network. 
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Fig. 20-121E. Four-way loudspeaker system using an electronic crossover network and 
a conventional network. 

The purpose of the negative feedback 
is to modify the shape of the response 
curve in the region of cutoff, thus ob-
taining a sharper knee in the curve 
than would be obtained without nega-
tive feedback. This makes it possible to 
maintain a flat frequency response up 
to and including the cutoff frequency 
at a rate of 12 dB per octave. The use 
of negative feedback also reduces har-
monic distortion in the passband of the 
amplifier stages. The amount of feed-
back employed reduces the network to 
a no-gain device, as no gain is required 
in this unit. Figs. 20-121C to E illustrate 
how the network may be connected for 
use with different types of loudspeaker 
systems. Although the electronic cross-
over network appears to be an ideal 

manner in which to obtain different 
crossover frequencies at will, it has cer-
tain drawbacks which must be con-
sidered seriously. Since the network is 
connected ahead of the power ampli-
fiers, it leaves the high-frequency unit 
open to damage and possible burn-out. 
If a low-frequency pulse should leak 
through to the high-frequency unit, it 
can be severely damaged. 
The use of this type network does not 

eliminate the need for a wide-range 
power amplifier, because to reduce 
phase shift in the operating bandwidth, 
the amplifier must extend several 
octaves above and below the operating 
range as discussed in Question 12.231. 

Fig. 20-121F shows the schematic dia-
gram for a three-channel transistor 
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Fig. 20-121F. Three-channel electronic 

electronic crossover network designed 
by C. G. McProud. For stereophonic 
reproduction, two complete amplifiers 
are necessary. Three individual power 
amplifiers are used to drive the high-
frequency, midrange, and low-fre-
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quency speakers. The power amplifier 
must be capable of developing the 
necessary high power for driving the 
low-frequency speaker unit. The cross-
over frequencies are fixed at 500 and 
5300 Hz. 
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20./22 What is the procedure for 
phasing a multiple loudspeaker system? 
—To properly reproduce program ma-
terial with a loudspeaker system em-
ploying two or more loudspeaker units, 
it is essential that the diaphragm of each 
loudspeaker unit in the system be in 
acoustic phase with each other. That 
is, the diaphragms must all move in the 
same direction at a given instant. 

Phasing of multiple loudspeaker sys-
tems is difficult, and it is quite easy for 
the listener to become confused as to 
when the units are in phase. As a rule, 
when a system is out of phase, it will 
have a good low-frequency response as 
well as a good high-frequency response, 
but the overall response will be lacking 
in presence. This is particularly true of 
male voices when using a crossover 
frequency around 800 Hz. The voice will 
appear to jump or move from one 
speaker to the other. 

The phasing of a multiple-speaker 
system must first be checked by ascer-
taining that the speaker units in the 
system are in phase electrically. Un-
marked terminals must go to a com-
mon terminal of the network, and the 
plus or minus speaker terminals must 
go to the plus or minus terminals of the 
network, making sure they are con-
nected to the proper section of the net-
work. A signal of the same frequency 
as that of the crossover point to be 
checked is then applied to the input of 
the system. The exact center of the 
crossover point is found by rocking the 
oscillator over a small band of frequen-
cies above and below the crossover fre-
quency. The listener then moves in 
front of the areas of the high-frequency 
units. If they are in phase, the cross-
over will be smooth from one to the 
other. If the units are out of phase, a 
null point will be noted. To detect the 
null point, the volume will have to be 
carefully adjusted for a listening level. 

Out of phase conditions are corrected 
by reversing the connection to one 
speaker unit only, not both. The same 
procedure is used for checking other 
units in the system, by comparing their 
phases to those known to be in phase. 
When all are correctly in phase, the 
signal appears to have a uniform level 
across all units. 

If the system consists of a low-fre-
quency unit and a multicellular horn, 
after completing the phasing, as above, 

the horn is moved forward and back, 
from a position where the front edge of 
the horn is in line with the low-fre-
quency unit. Generally, a position will 
be found where a considerable improve-
ment is noted in the quality reproduc-
tion, particularly in the crossover range. 

20.123 What frequencies are used 
for theater crossover networks?—Usually, 
400 or 500 Hz; however, a number of 
different frequencies have been used 
over the years. Some theaters are using 
a frequency of 250 Hz. 

20.124 What effect does out-of-
phase operation of loudspeakers have on 
the reproduction?—In a multiple-loud-
speaker system, a lack of presence will 
be noted. In a public address system in 
which the loudspeakers are separated 
some distance from each other, no par-
ticular effect will be noted. However, if 
the loudspeakers are used in a cluster, 
they must be phased with reference to 
each other or dead spots will appear on 
the zero axis, as shown by the polar 
curve in Fig. 20-124. 

Fig. 20-124. Polar characteristics of two 
loudspeakers in and out of phase. 

In the out-of-phase condition, the 
angle of sound distribution is increased. 

20.125 How may two loudspeakers 
be phased electrically with respect to 
each other?—If the system does not 
employ a crossover network, they may 
be phased electrically by momentarily 
connecting a single flashlight battery to 
the terminals of each voice coil and 
noting the direction of the diaphragm 
deflections for a given polarity of the 
battery, and the voice coils. The voice 
coils are then connected across the out-
put of the amplifier in a way that re-
sults in the same direction of deflection 
at a given instant for each loudspeaker. 

20.126 How is a three-channel ster-
eophonic theater system phased?—Before 
any attempt can be made to phase the 
loudspeakers, it must first be ascer-
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tained that all three channels are in 
phase electrically, beginning at the 
sound head and including the amplifiers 
and any other equipment connected in 
the circuits feeding the loudspeakers. 
Once this has been determined, the 
overall phasing of the loudspeaker 
system is made by creating a common 
connection between one wire of each 
loudspeaker system at the input to the 
dividing network. With equal and like 
signals from the three sound heads, 
measure the voltage between this com-
mon connection and the remaining wires 
of the networks 1 and 2 and then 1 and 
3. If the phasing is correct, the voltages 
between the networks will be zero or a 
very small amount compared to the 
signal voltage at the input of any one 
network. Such measurements should be 
made at a frequency of 50 or 100 Hz to 
avoid indiscriminate phase shifts. 

After phasing the overall loud-
speaker system, the high- and low-fre-
quency sections of each loudspeaker 
system must be phased for the best 
sound reproduction. To accomplish this, 
a signal of suitable level and of a fre-
quency close to the crossover frequency 
is applied to the channel under test. 
From a listening position in the audi-
torium, compare the loudspeaker sys-
tem output with the high-frequency 
wiring connected alternately one way 
and then the other. Do this for various 
physical positions of the high-frequency 
horn and select that physical position 
which gives the greatest cancellation of 
signal when the system is connected in 
one phase and the greatest loudness 
when connected in reverse order. 

The connection giving the greatest 
output should sound smooth and rela-
tively free from harmonics. This con-
nection is the proper one. This adjust-
ment should be checked for other posi-
tions in the auditorium to eliminate the 
effect of standing waves' because of 
acoustic response. 

The best positions for such tests are 
usually in the front and middle third of 
the seating area. The effect of correct 
phasing is to increase screen presence 
of the sound and smooth out the re-
sponse, resulting in a more pleasing 
reproduction. 

In the preceding tests, it is important 
that the crossover network of each 
loudspeaker system be connected for 
equal acoustic power from the high-

and low-frequency loudspeaker sections 
before they are adjusted for auditorium 
acoustic response. Amplifier phasing is 
discussed in Question 23.104. 
As a rule, theater equipment is 

phased by the manufacturer and the 
phasing is indicated by a plus/minus 
mark on one terminal. 

20.127 If the diaphragm of a high-
frequency driving unit is not visible, how 
is its direction of motion checked?— 
Cover the throat with tissue paper. 
Apply a single flashlight cell to voice-
coil connections in a given direction. 
When the diaphragm moves outward, 
the paper will be moved outward by air 
pressure within the unit. The unit is 
then connected to move in the same 
direction as the other units in the 
system. 

20.128 Describe a phasing device 
for stereophonic recording and repro-
ducing systems—The phasing (polarity) 
of microphones and loudspeaker moni-
tor systems in a stereophonic recording 
system becomes extremely critical when 
a multiplicity of microphones are in 
use. Some method of quickly determin-
iríg the phasing polarity of each channel 
from the microphone to the monitor 
speakers while the orchestra is rehears-
ing, is an absolute necessity. This is not 
only true for stereophonic recording, 
but also true for monophonic recording, 
when several microphones are being 
used to form a composite electrical 
sum-signal. 
To avoid cancellation of the signals, 

it is necessary to ascertain if an unin-
tentional phase-reversal exists between 
any group of microphones or channels. 

Fig. 20-128A. EMT Model 160 Polarity 
Tester. (Courtesy, Gotham Audio Corp.) 
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(a) Pulse generator. 

Fig. 20-128B. Block diagram 

To accomplish this by ordinary means 
is not fast enough or entirely satisfac-
tory, as an inadvertent phase reversal 
can take place in a cable to a micro-
phone. Other items to be considered are 
amplifiers, equalizers, junction boxes, 
and loudspeaker systems. As a rule, re-
cording systems are installed perman-
ently in phase; thus, the most likely 
place for a phase reversal to occur is in 
microphones and their cables. A simple 
system of checking individual micro-
phone phasing was discussed in Ques-
tion 4.85. However, for a large recording 
setup, this is not completely satisfactory. 

To speed up phasing and as a final 
check after the microphones have been 
placed in position, a device developed by 
Institut für Rundfunk-technik of Ham-
burg, West Germany and manufactured 
by Elektromesstechnik Wilhelm Franz, 
also of West Germany, is shown in Fig. 
20-128A, with its basic block diagram 
shown in Fig. 20-128B. The pulse gen-
erator at the left produces a single 
acoustic pulse of a definite polarity, by 
discharging a capacitor through a small 
loudspeaker unit mounted in a pistol-

Fg. 20-128C. Waveform of acoustic out-
put from EMT Model 160 pulse gener-

ator display on an oscilloscope. 

SYMMETRICAL 
LIMITER 

MONO- FLIPFLOP 
(ELECTRONIC SWITCH) 

(b) Polarity indicator. 

for EMT-160 polarity indicator. 
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Fig. 20-128D. Schematic diagram for EMT Model 160 polarity indicator and pulse 
generator. (Courtesy, Gotham Audio Corp.) 



LOUDSPEAKERS, ENCLOSURES, HEADPHONES, AND HEARING AIDS 1131 

the electronic switch will trigger first, 
lighting lamp L2, indicating a negative 
pulse, and at the same time block the 
upper section of the switch through 
circuit X2. 
The pulse generator section is also 

equipped with several electrical out-
puts of varying magnitude for the direct 
testing of amplifiers, loudspeakers, etc. 
For loudspeaker testing, a pulse is 
taken directly from the generator, and 
a microphone of a known polarity is 
placed in front of the speaker. The in-
dicator unit is then used to indicate 
the acoustic polarity of the speaker 
unit. 

During a recording session when the 
microphones are placed in their final 
positions, the generator gun is placed in 
front of the microphone and the indi-
cator unit is placed at the monitor 
speakers of a given channel. Thus, the 
entire system can then be checked in a 
matter of seconds. The most likely place 
for a phase reversal to take place is in 
a microphone or microphone cable. A 
complete schematic diagram of the 
polarity indicator- appears in Fig. 10-
128D. 
The characteristic of the acoustic 

pulse is a positive pressure wave of 300 

GUN 

GUN 

GUN 

GUN 

microbars at a distance of 2 inches from 
the microphone diaphragm. For the 
direct testing of loudspeakers and other 
devices, 9 volts are available for im-
pedances between 4 and 64 ohms, with 
lower voltages for other type testing. 
The indicator unit requires a signal 
voltage of 1.55 volts, or plus 6 dBm. The 
switching and blocking time is less than 
1 microsecond. The unit is completely 
transistorized. When the instrument is 
not in use or in storage, the pulse gen-
erator (gun) is placed in a slot at one 
end of the indicator unit, as shown in 
Fig. 20-128A. Several different uses for 

shown in Fig. the polarity tester 
20-128E. 

20./29 What 
above floor level 
For persons sitting down, approximately 
40 inches above floor level, because this 
is the average ear level. 

20.130 What are surround speakers? 
—Loudspeakers placed at the sides and 
rear of an auditorium to create sound 
perspective. 

20.131 Where should loudspeakers 
be placed for sound reinforcement?— 
Above the sound source, if possible, as 
this results in a more realistic repro-
duction. 

CABLE 

are 

is the best height 
for a loudspeaker?— 

AMPLIFIER 

PRE-AMPL. 

LOUDSPEAKER EMT-I60 

-----------
------ 

EMT-161 

EMT-I60 

EMT-I60 

EMT-I60 

Fig. 20-128E. EMT Model 160 polarity tester being used for testing microphone 
cables, amplifiers, microphone, and loudspeaker. In the latter test an additional 

microphone and preamplifier are required. 
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20.132 Describe the phasing proce-
dure for a two-channel home installation. 
—The first step in phasing is to check 
the polarity marking on the individual 
speaker enclosures to ensure that the 
plus or minus terminals are connected 
to the plus or minus terminals of the 
amplifier system, and that the left and 
right sides are properly established (the 
left speaker is the one to the left when 
facing the enclosure). The tone controls 
on the amplifier system are set to their 
flat position. A monophonic record (a 
single vocalist is best) is played in the 
stereophonic position. The sound levels 
from the right and left amplifiers are 
adjusted for an equal level from both 
speaker systems. The stereo balance 
control is now adjusted until the sound 
appears to be coming from a position 
between the two speaker systems. This 
may require some adjustment of the 
enclosure angles, relative to the listen-
ing area. To a person walking from side 
to side, the sound should appear smooth 
without a hole in the center. (See 
Question 20.160.) 

If the sound in the listening area 
appears to have a hole in the center, 
reverse the leads to one speaker (not 
to both). Upon readjustment of the 

stereo balance control, the hole should 
disappear. These tests are based on the 
assumption that the leads from the two 
sides of the stereophonic pickup unit are 
properly phased. If a stereo control 
center is being used, turning the pickup 
reverse switch to reverse should deteri-
orate the sound considerably. This 
assures the system is now in correct 
phase. Special test records are available 
for phasing, for adjusting the center-
balance and sound-level controls. 

20.133 Describe a theater loud-
speaker installation.—The majority of 
motion picture theater loudspeakers 
consist of a two-way system employing 
a low-frequency section, which crosses 
over at 400 to 500 Hz. 

It appears that the first multiple-
speaker systems experiments were per-
formed by Rice and Kellogg in 1923. In 
their system, three horns were used, 
and each horn covered a certain por-
tion of the frequency spectrum. A high-
frequency unit was described by Bostic 
in 1930. However, nothing was done 
with these systems commercially until 
the introduction of sound motion pic-
tures. 
The first commercial systems used 

the curled horn (Fig. 20-59). Later, low-

Fig. 20-133A. Altec-Lansing theater type, two-way loudspeaker system. 
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frequency dynamic speakers in a baffle 
were added and below the horns, with 
the addition of two high-frequency units 
which used a small horn about 4 to 6 
inches in length. The first two-way 
folded horn system as used today was 
developed and built by Shearer and 
Hilliard in 1934 at the MGM Studios 
in Culver City, California. Generally 
speaking, the basic design has under-
gone little change, except for the im-
provement of the flare rate by Olson 
and the design of the speaker units by 
various manufacturers. Electrical Re-
search Products Inc. (ERPI now West-
rex) and RCA Manufacturing Co., in 
collaboration with J. B. Lansing Co., 
contributed much to the early develop-
ment of multiple-speaker systems. 
A theater system, manufactured by 

the Altec-Lansing Corp. and typical of 

HIGH-FREQUENCY 
LOUDSPEAKER 

UNIT 

LOW - 
FREQUENCY 
LOUDSPEAKER 

LOW-FREQUENCY 
BAFFLE 

MULTICELLULAR 
NIGH-FREQUENCY 
HORN 

PORT 

Fig. 20-133B. Cross-sectional view of 
Altec-Lansing two-way theater loud-
speaker system shown in Fig. 20-133A. 

systems used in the larger motion pic-
ture theaters, is shown in Fig. 20-133A. 
Its construction consists of two horn-
type baffles, and each baffle has three 
low-frequency speaker units and a 
2 x 5 multicellular high-frequency horn, 
driven by two driver units attached to 
a Y-shaped throat, placed above the 
two low-frequency assemblies. The two 
slots at the lower portion of the system 
are parts, similar to a bass-reflex en-
closure, for increasing the low-fre-
quency response, as discussed in Ques-
tion 20.60. The system uses an LC net-
work crossing over at 500 Hz, with a 
cutoff rate of 12 dB per octave. A cross-
sectional view is given in Fig. 20-133B. 
For smaller theaters, only one low-fre-
quency unit is used. 

Fig. 20-133C shows the front view of 
an RCA PL 304 speaker assembly, which 
is also used quite frequently in re-
recording (dubbing) stages for moni-
toring purposes. At A is a low-fre-
quency horn (commonly called a bath 
tub), with two 15-inch low-frequency 
speaker units B, feeding the throat 
of the horn. At C and CC is shown the 
curved mouth of the horn, which dis-
perses the sound several degrees in the 
vertical plane. At D and DD are ports 
for increasing the low-frequency re-
sponse. Above the low-frequency horn 
is a high-frequency horn E, driven by 
a single driver unit (not shown). The 
crossover network is mounted on the 
rear of the lower horn. The overall 
width of the assembly is 47 inches; 

Fig. 20-133C. RCA theater loudspeaker 
system type PL304. 

Fig. 20-133D. RCA monitor speaker sys-
tem LC9A. 
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Fig. 20-133E. Altec-Lansing Al loud-
speaker system. This system is o smaller 
version of the larger systems, and is es-
pecially suitable for small theaters, au-
ditoriums, motion picture review rooms, 

and rerecording stages. 

height is 40 inches; depth is 32% inches. 
The low-frequency units are each 32 
ohms impedance and are driven in 
parallel. The impedance of the high-
frequency unit is 16 ohms. 
A smaller, two-way speaker system, 

the RCA LC9A, is pictured in Fig. 20-
133D. The system is a somewhat smaller 
version of the one shown in Fig. 20-
133C. The three speaker systems men-
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tioned are of wide-frequency response 
and are capable of carrying high power 
with low distortion. 

The loudspeaker shown in Fig. 20-
133E is a Model A7 system, manufac-
tured by Altec-Lansing, especially de-
signed for small theaters, auditoriums, 
and motion picture review rooms and 
rerecording stages. The enclosure A 
houses a single low-frequency unit B, 
coupled to a short horn C. A slot D at 
the bottom acts as a bass-reflex en-
closure. The multicellular baffle E 
spreads the high frequencies over a 
120-degree arc. The crossover frequency 
is 500 Hz. The same speaker obtained in 
a suitable enclosure for use in locations 
where appearance is also essential is 
known as Model A-7-500. 

Speakers designed as pictured in 
Figs. 20-133C, D, and E are termed 
"sort horns." The horn is designed with 
a large throat area, with a rapid flare 
rate, and a cutoff frequency below 100 
Hz. Using this horn in combination 
with a bass reflex enclosure and a high-
frequency horn results in a wide-fre-
quency response. The frequency re-
sponse for such a design is given in 
Fig. 20-133F and is typical of such 
designs. This basic design also applies 
to the theater speaker system of Fig. 
20-133A. 

It should be recognized that theater 
speaker systems are not required to 
have as wide a frequency response as 

WITH PORT 

/OE  

,OEOE WITHOUT PORT 

20 40 60 80 100 200 400 603 800 1000 
FREQUENCY IN HERTZ 

2000 4000 6000 8000 10030 20000 

Fig. 20-133F. Typical frequency response for o short horn loudspeaker operating in 
conjunction with a bass-reflex enclosure and high-frequency multicellular baffle. 
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those used for hi-fidelity reproduction 
in the home, although for the most part 
they do have quite a broad frequency 
response. Generally, the frequency 
range is 30 to 10,000 Hz. As a rule, a 
low-pass filter is used in the reproduc-
ing equipment to limit the response, as 
discussed in Question 19.78. 

20./34 What is the vertical and 
horizontal spread in degrees for a thea-
ter-type, high-frequency multicellular 
homP—About 105 degrees in the hori-
zontal plane and 40 degrees in the ver-
tical plane. 
20.135 Describe the precedence effect. 
—This effect was discovered in 1933 by 
F. K. Baker of the Bell Telephone Lab-
oratories and applies to the reproduction 
of stereophonic sound. When a single 
sound is reproduced from two loud-
speakers and the sound from one 
speaker is delayed by several milli-
seconds, the listener will hear the sound 
as if it came only from the loudspeaker 
where he first heard it. The listener also 
will judge the second speaker to be 
silent. 

20.136 What is a loudspeaker pres-
ence equalizer? — A resonant circuit 
equalizer used in a theater sound repro-
ducing system to increase the frequency 
response of the midrange frequencies. 
Generally, it is adjusted for a frequency 
of 2700 Hz, using a rather broad peak. 
The amount of equalization required 
will depend on the type of high-fre-
quency units and the acoustic response 
of the auditorium. (See Question 6.69.) 

20.131 What is a voice filter in a 
theater loudspeaker systenC—A paral-
lel-resonant circuit connected in series 
with the line feeding the loudspeakers. 
Its purpose is to remove the tubbiness 
of the male voice. The frequency of res-
onance is adjusted somewhere between 
125 and 300 Hz. The amount of filtering 
will depend on the auditorium acoustics 
and the loudspeaker system. The circuit 
diagram and method of connecting the 
filter in the line is shown in Fig. 20-137. 

AMPLIFIER 
TO 

CROSSOVER 
NETWORK 

Fig. 20-137. Voice filter for removing 
the tubbiness of the male voice in a 

theater loudspeaker system. 

In large auditoriums or theaters 
where the acoustic peaks may approach 
large proportions at several different 
frequencies, the peaks may be reduced 
or eliminated by the use of several fil-
ters, and the acoustic gain of the audi-
torium increased. This is discussed in 
Question 2.117. 

20.138 Describe a loudspeaker pro-
tective circuit.—When operating a loud-
speaker system with high-powered am-
plifier systems (particularly home-type 
equipment), the high-frequency speaker 
unit can be easily damaged by the sud-
den surge of output power or by an os-
cillation of the amplifier system. A net-
work to prevent such damage is shown 
in Fig. 20-138A. 
At the low frequencies, the network 

is practically an open circuit because 
of the high impedance of capacitor C. 
As the frequency is increased, the reac-
tance of the capacitor decreases. If the 
amplifier should break into oscillation, 
the capacitor reactance drops to a very 
low value (almost zero) and leaves 
only the resistor in the circuit to act as 
a load across the output of the amplifier 
and to prevent damage to the high-
frequency loudspeaker unit. 

Such networks should always be con-
nected across the output of an amplifier 
when an electrostatic loudspeaker is 
used, unless it is known that the ampli-
fier will not oscillate with capacitive 
loads. (See Question 12.167.) Average 
values of R and C for a 16-ohm output 
impedance are 47 ohms in series with 
0.10 F. 

Such networks may also be used with 
transistors systems, but they offer little 
protection, since at very low frequencies 
the input impedance of a loudspeaker 
system is at its lowest and acts as a 
short circuit to the output of the tran-
sistors. Because of the fast rise time of 
a transistor as compared to a vacuum 
tube, a faster-acting protective circuit 
is required. In this instance a pair of di-

FEEDBACK 
HIGH- FREQ. 
LOUDSPEAKER 

LOW- FRED 
LOUDSPEAKER 

Fig. 20-138A. Method of connecting a 
tweeter-saver network across the output 

of an amplifier. 
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fs250 Hz 

POWER 
AMPLIFIER 

2.5K 
SCR's R2 

2.5 K 4/8n 

Fig. 20-138B. Loudspeaker protective circuit using two silicon controlled rectifier 
(SCR) units. 

odes connected back-to-back or silicon 
controlled rectifiers SCR's may be used. 
Several manufacturers of high-power 
transistor amplifiers have included elab-
orate protective circuits in their ampli-
fier circuitry. Such a circuit is shown at 
the lower right in Fig. 12-256A. 
A protective circuit using two SCR's 

is shown in Fig. 20-138B. The firing 
point of the two SCR's is adjusted by 
potentiometers R1 and R2. It will be 
noted that R2 is reverse-connected to 
permit the two potentiometers to be 
ganged to move in the same linear di-
rection. The firing point of the SCR's is 
dictated by the peak power output of 
the amplifier stage. The principal draw-
back to the use of SCR's (commonly 
used for rectification) is their limited 
frequency response. However, there are 
available such devices with wide fre-
quency response, and these are the type 
that should be used. When this circuit 
is adjusted properly, it provides a fast-
acting protective circuit. 

20.139 What is the recommended 
frequency response for background mu-
sic?—If the ambient noise level is low, 
from 80 to 6500 Hz. A volume-limiter 
amplifier should be included to prevent 

VOICE 
COIL 

(a) 600-ohm line. 

TOTAL s 20,uF 

46.0. F 4bOEJF 

AMPLIFIER 
I6n_ 

VOICE 
COIL 

1-250 Hz 

(b) 16-ohm line. 

Fig. 20-140. Capacitors  ted in se-
ries with a loudspeaker to reduce the 

low-frequency response. 

overloading. If the ambient noise level 
is high, the frequency response will re-
quire tilting upward at the low and high 
frequencies. 

20.140 How may the low-frequency 
response of a loudspeaker be reduced?— 
A convenient method of reducing the 
low-frequency response of an individual 
speaker unit for speech is by connecting 
a capacitor in series with the voice coil 
(Fig. 20-140). Paper or oil-filled capaci-
tors are preferred; however, if these are 
not available, two electrolytic capacitors 
may be connected back-to-back, as 
shown in (b) of Fig. 20-140. 

The value of the capacitor for a given 
cutoff frequency may be calculated by: 

79 600 
C ' 

f x Z 
where, 
C is the capacity in microfarads, 
f is the frequency of cutoff in Hz, 
Z is the line impedance in ohms. 

A typical value for a 16-ohm line with 
a cutoff frequency of 250 Hz would be 
19.9 F. 

20.141 How are L-type controls con-
nected to a loudspeaker line?—They are 
connected as shown in Fig. 20-141, with 
the total resistance toward the network 
or amplifier, and the variable portion of 
the L-type control toward the speaker 
voice coil. 

20.142 What type volume controls 
are recommended for loudspeakers?— 
Either the L or T types. In the former 
type, the impedance is constant in only 
one direction. In the latter, the imped-
ance is constant in both directions. 

20.143 Is it permissible to connect 
loudspeakers in series?—The connection 

CONTROL 

Fig. 20-141. Proper connections for a 
potentiometer or L-type attenuator in a 

loudspeaker transmission line. 
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of loudspeakers in series is to be dis-
couraged because of resonant peaks in 
the speaker characteristics. At the reso-
nant peak, the greatest amount of power 
is required; and the impedance of the 
loudspeaker is at its highest value, and 
the current is at its lowest. 
As a rule, no two loudspeakers have 

the same peak resonant frequency; 
therefore, if two or more loudspeakers 
are connected in series, several reso-
nance points are developed. This means 
that for a given power level, the power 
will differ for each loudspeaker and will 
depend on the frequency of the peaks. 

Under such conditions, the loud-
speakers will not have the same acous-
tic output level. Reproduction from such 
a connection will result in heavy reso-
nant peaks which can become quite 
obj ectionable. 

Connecting a 4-ohm and an 8-ohm 
speaker in series will result in the same 
current flowing through both voice coils 
simultaneously. Since power is equal to 
rrt, the 4-ohm speaker will receive only 
half the power that the 8-ohm unit re-
ceives. However, since the impedance 
of the two speakers will not vary in the 
same relationship, this does not hold 
true at all frequencies. When a group 
of loudspeakers are to be driven from a 
common source, they are  connected in 
parallel, and care should be taken that 
the impedance match is satisfied. (See 
Question 24.70.) 

20.144 What is the frequency range 
recommended for a high-quality paging 
system?—Because most of the intelligi-
bility of speech lies between 250 and 
4500 Hz, it is unnecessary to reproduce 
above or below these frequencies. 

20.145 What is the approximate ra-
tio of dc resistance to the ac impedance 
of a loudspeaker voice coil?—A rule of 
thumb method of determining the im-
pedance of an unknown voice coil is to 
measure the de resistance of the coil 
and increase the value by 15 to 20 per-
cent. Thus, a voice coil with a measured 
de resistance of 6.5 ohms would have an 
impedance on the order of 8 ohms. 

20.146 Are special speaker units re-
quired for musical instruments?—Yes, 
very rugged speakers are required to 
handle the high power transients pro-
duced by such instruments, particularly 
the guitar, bass guitar, string bass, and 
electronic organ. Because of the prac-
tice of playing these instruments at high 

levels and intentionally introducing 
transient distortion to obtain certain ef-
fects, the average high-fidelity loud-
speaker unit designed for home use will 
not stand up under the continuously 
high-power output demanded. Thus, 
speakers using a diaphragm of special 
design, materials, and suspension are 
required. The average range of the 
speaker unit is 40 to 8000 Hz since 
the above-mentioned instruments fall 
within that range. 

20.147 What wire sizes are recom-
mended for loudspeaker transmission 
lines, with respect to the frequency re-
sponse? 

Wire 
Size 

Maximum Length in Feet (Pair) 
3 kHz 5 kHz 7.5 kHz 10 kHz 

10 

12 

14 

16 

5000 

4000 

3000 

2500 

3800 

3100 

2400 

1900 

3000 

2500 

2000 

1500 

2700 

2000 

1700 

1350 

20.148 When is a line considered to 
be of low impedance?—When the feed 
lines are connected from the output of 
the driving amplifier directly to the 
loudspeaker voice coil, they are called 
low impedance. Generally, the output 
impedance of the amplifier lies between 
4 and 30 ohms. 

20./49 When should a high-imped-
ance line be used?—When the distance 
between the driving amplifier and the 
loudspeakers is greater than indicated 
in the wire table of Question 20.151, or 
when the power losses are 15 percent 
or greater. Under these conditions, lines 
of higher impedance are desirable. As 
a rule, a high-impedance line is be-
tween 125 and 600 ohms. The signal is 
transmitted at high voltage and low 
current. Impedance-matching trans-
formers are used at the loudspeaker 
end to match the low impedance of the 
voice coils to the line impedance. 

20.150 What factors determine a 
line impedance?—The impedance of the 
line is determined by the source and 
terminating impedances. In audio-fre-
quency work, the surge impedance of a 
transmission line is generally neglected. 
A transmission line is said to have an 

impedance of 600 ohms when the source 
and terminating impedances are 600 
ohms. 
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20.151 What are the wire sixes and 
maximum lengths recommended for low-
impedance lines? 

Wire 
Size 

Load Impedance 
4 Ohms 8 Ohms 16 Ohms 

14 125 ft. 250 ft. 450 ft. 
16 57 ft. 150 ft. 300 ft. 
18 50 ft. 100 ft. 200 ft. 
20 25 ft. 50 ft. 100 ft. 

20.152 What are the wire sixes and 
maximum lengths recommended for 
high-impedance lines? 

Wire 
Size 

Load Impedance 
100 Ohms 250 Ohms 600 Ohms 

14 1000 ft. 2500 ft. 5000 ft. 
16 750 ft. 1500 ft. 3000 ft. 
18 400 ft. 1000 ft. 2000 ft. 
20 250 ft. 750 ft. 1500 ft. 

20.153 What variation in frequency 
response may be expected from a loud-
speaker?—Loudspeakers, like any other 
commodity, vary in their quality de-
pending on the design, price, and the 
manner in which they are used. For the 
average-priced unit, the frequency re-
sponse will vary from 4 to 6 dB. How-
ever, in the better quality units the var-
iation will be considerably less. In a 
well-designed, two- or three-way sys-
tem, the variation may be within 2 dB, 
depending on the type units, crossover 
network, and the enclosure employed. 
The latter item has a considerable effect 
on the final response. 

Fig. 20-154A. Center-derived channel. 
In this circuit the ground connection in 
the amplifier is returned to the four-ohm 
tap rather than to the common termi-
nal. The center channel is the sum of 

the left and right channels. 

"Fig. 20-154B. Center-derived channel. In 
this circuit the grounds are connected to 
the common terminal of the output cir-
cuit, resulting in a signal that is the dif-
ference between the left channel and the 

right channel. 

20.154 Show the method for deriv-
ing a center-channel speaker from a two-
channel stereophonic speaker system.--
In a well-designed two-channel stereo-
phonic reproducing system, a center 
speaker is usually unnecessary. How-
ever, if a center channel is required, it 
may be derived as shown in the circuits 
of Figs. 20-154A, B, C. The most desir-
able circuit is one that results in a sum 
signal of the left and right channels 
(Fig. 20-154A). It will be observed for 
this circuit that the ground connections 
of the output transformer have been 
moved from the common terminal to the 
4-ohm connection. This will, however, 
necessitate some readjustment of the 
negative-feedback loop components. In 
some instances, a difference signal (Fig. 
20-154B) may be quite satisfactory, 
since this method eliminates the need 

Fig. 20-154C. Center-derived speaker 
connections using conventional ampli-
fiers. The signal at the center speaker is 
the difference between the left and right 

sides (after Klipsch). 
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for rewiring the output transformer 
circuit, and readjusting the negative-
feedback loop. A center-derived circuit 
suggested by Paul Klipsch is given in 
Fig. 20-154C. The output of this circuit 
also is a difference signal. 

After installing any of these circuits, 
the sound level of the three speaker 
systems must be carefully balanced and 
phased 

20.155 Describe a multiunit loud-
speaker cluster.—Because of the direc-
tional characteristics of the high fre-
quencies, some means must be taken to 
spread them over the listening area. 
This may be accomplished by the use of 
multicellular horns, a multicellular baf-
fle, or a cluster of small high-frequency 
speaker units, as pictured in Fig. 20-155. 
Here is shown a high-frequency cluster, 
Model B200YA, manufactured by R. T. 
Bozak Manufacturing Co. It consists of 
eight individual units, having a fre-
quency response from 1500 to 20,000 Hz. 
The recommended crossover frequency 
for these units is 2500 Hz. The high fre-
quencies are spread over an arc of 
about 130 degrees. Each unit employs 
an 8-ounce Alnico-V permanent mag-
net. The units are connected in series-
parallel to present an 8-ohm impedance. 

20./56 Does a loudspeaker generate 
subharmonics?—Yes, at one-half, one-
third, and one-fourth the fundamental 
frequency. However, only the subhar-
monic at one-half the fundamental fre-
quency is of any consequence. 

20.157 What is radiation resist-
ance?—It is the measure of effective air 
load into which the loudspeaker system 

dissipates its acoustic power, thus pro-
ducing sound waves. 

20.158 How can reverberation in an 
auditorium be reduced without acoustic 
treatment?—There is no substitute for 
acoustic treatment. However, the effects 
of reverberation may be diminished by 
the following methods: 

a. If the auditorium is quite large, a 
great number of loudspeakers may 
be installed around the side walls 
or in front of the sound source. In 
either method, the speakers must 
be operated at a level that will not 
cause reflections from the opposite 
wall. This method depends on the 
distribution of the sound rather 
than on the power of the sound. 
A group of loudspeakers with di-
rectional baffles may be hung from 
the ceiling and pointed to a posi-
tion where the sound is reflected 
from both the floor and the side 
walls. Absorption obtained from 
the audience in this manner re-
duces reverberation. 
A third method is to reduce the 
response of the loudspeaker sys-
tem at the low frequencies. This 
may be accomplished by altering 
the frequency response of the am-
plifier system or by connecting a 
capacitor in series with the trans-
mission line or certain loudspeak-
ers. 
A fourth method, although some-
what costly and involved, is to re-
duce the acoustic peaks by tuning 
the enclosure, as discussed in 
Questions 2.117 and 17.136. 

b. 

c. 

d. 

Fig. 20-155. High-frequency loudspeaker cluster Model B200YA manufactured by 
R. T. Bozak Manufacturing Co. 
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Fig. 20-159. Monophonic reproducing 
system connected for pseudostereophonic 

reproduction. 

20.159 Describe a pseudostereo-
phonic reproducing system.—Pseudoster-
eophonic reproducing systems are not 
true stereophonic systems, but only 
simulate the stereo effect. A mono-
phonic reproducing system may be 
made to reproduce a pseudoeffect as 
shown in the diagram in Fig. 20-159. 
A monophonic reproducing system is 

shown driving two loudspeakers from 
a simple speaker crossover network (6 
dB p/o) to limit the frequency range of 
the speakers. It will be noted that the 
speaker on the left is limited to fre-
quencies above the crossover fre-
quency, and the one on the right is lim-
ited to frequencies below the crossover 
frequency. The crossover frequency 
may be from 400 to 800 Hz, depending 
on the speakers employed. 

Although the circuit shown will give 
a fairly good imitation of stereophonic 
reproduction when playing monophonic 
records, it can be easily detected as not 
being true stereo by an experienced 
stereophonic listener. The network can 
be designed from the data given in Sec-
tion 7. The speakers are phased as for 
any stereophonic reproducing system. 

20.160 How are loudspeakers placed 
for two-channel stereophonic reproduc-
tion? —For the proper placement of 
loudspeaker enclosures in a living room, 
several factors enter into the problem— 
the dimensions of the room, its config-

Fig. 20-160A. Loudspeaker position ver-
sus the listening area for corner speak-

ers with fixed enclosure angles. 

Fig. 20-160B. Loudspeaker position ver-
sus the listening area for boss-reflex and 
similar type enclosures that may have 

their angles varied. 

uration, available wall space, furniture, 
and the location of the listening area. 
To attain true stereophonic reproduc-
tion, it may take some experimenting in 
the adjustment and placement of the 
enclosures. Fig. 20-160A shows two cor-
ner speakers, with the approximate lis-
tening area. Here the angle of the en-
closure is fixed, and the distance of the 
listening area will depend on the sep-
aration of the enclosures. 

In Fig. 20-160B, the angle of the en-
closures may be varied. The listening 
area depends on the separation of the 
enclosures, and their angle with respect 
to the listening area. Assume that two 
enclosures are to be placed in a room 
12 feet x 15 feet. In this instance, the 
listening area is on the order of 10 feet 
in front of the speakers for a separation 
of approximately 12 feet. For a room of 
approximately 14 feet X 23 feet the lis-
tening area is about 18 feet in front of 
the enclosures A guide to the approxi-
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Fig. 20-160C. Chart for determining the 
approximate separation of loudspeaker 
enclosures relative to the listening area. 
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mate separation of the enclosures for a 
given listening area distance is shown 
in Fig. 20-160C. 

After the initial placement, the 
speakers should be varied a few degrees 
one way or the other to attain the 
proper angles. In some instances, this 
angle may be quite critical and will re-
quire considerable experimentation to 
find the exact angle. Both speakers must 
be set to the same angle, and have an 
unobstructed path to the listening area, 
since objects in the path of the speakers 
will affect the high-frequency response. 
Each room is an individual installation. 
When the speakers are placed correctly, 
a person walking across the listening 
area should not have a feeling that there 
is a sound void at any point between 
the enclosures. Before any attempt is 
made to place the enclosures in their 
final position, the speaker systems 
should be phased, a temporary balance 
for sound level made between the two 
enclosures, and the stereo-balance con-
trol set to its center position. As a final 
adjustment, both the sound levels and 
the stereo balance are readjusted, as 
discussed in Question 20.132. 

20.161 What size power amplifier is 
recommended for stereophonic reproduc-
tion1—The subject of how much power 
should be used to drive a stereophonic 
reproducing system is a controversial 
one. While it is true that the average 
power required is only a few tenths of 
a watt, to reproduce a record with a 
wide dynamic range with realism re-
quires an amplifier system of consider-
able power. 

It should be remembered that as the 
signal level on the record increases, the 
amplifier output level must increase. If 
the output level does not increase, the 
amplifier may overload and cause dis-
tortion before the full dynamic range of 
the record has been reached. As an ex-
ample, for an increase of 20 dB on the 
record, the power output of the ampli-
fier must increase 10 times. Thus, if the 
average power output is 0.5 watt, on 
peaks the power output is 5 watts. 

The power of the amplifier system is 
somewhat dictated by the circumstance 
of the location. If it is in an apartment 
where it is always played at a low level, 
10 to 20 watts (each side) will suffice. 
However, in an area where the sound 
level is of no consequence, and assum-
ing the speaker system is designed for 

high-level operation, 50, 75, and 100 
watts per channel should be considered. 

In a system employing 50 or more 
watts of power, the amplifiers operate 
at. extremely low distortion. When 
called upon to deliver near its full 
power output, the program material is 
not restricted, and the amplifier adds 
little distortion to the program material. 
It is the trend to employ 40 to 50 watts 
minimum for the average systems, and 
for larger systems, 75 to 100 watts or 
more per channel. Such systems have 
no restrictions as to their dynamic 
range and will reproduce with realism. 
On an average, the amplifier delivers a 
few tenths of a watt, but on heavy 
peaks, the power demand could reach 
60 to 100 watts. If the speaker system is 
of the low-efficiency type, higher power 
amplifiers are essential. 

20.162 Where is the best location 
for a monophonic loudspeaker in a me-
dium-sized roomT—A corner location, if 
practical, is preferred. For the best re-
production, the distance between the 
loudspeaker enclosure and the closest 
facing wall should not be less than one-
half wavelength of the lowest frequency 
to be reproduced, or about 17.5 feet, 
which corresponds to a half-wavelength 
of 32 Hz. 

Placing the loudspeaker enclosure in 
a corner helps to load the speaker by 
increasing the coupling to the air. 

20.163 What is the effect of cavity 
resonance in the mounting hole of a 
loudspeaker enclosure?—When a loud-
speaker is mounted in an enclosure, as 
shown in Fig. 20-163A, variations in the 
frequency response may be noted be-
cause of reflections and refractions from 
the circular walls of the mounting hole 

Fig. 20-163A. Cavity resonance caused 
by reflections from the edges of the 

loudspeaker mounting hole. 
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Fig. 20-163B. Cavity resonance elimi-
nated by mounting loudspeaker flush 

with front of baffle. 

This is particularly true if the front 
wall of the enclosure is over one-half 
inch in thickness. 
Remounting the loudspeaker as 

shown in Fig. 20-163B, with the mount-
ing ring of the loudspeaker mechanism 
flush with the front surface of the front 
wall, improves the frequency-response 
characteristics, as compared to the con-
ventional method of mounting the loud-
speaker on the rear surface of the front 
wall. 

20./64 What is a drone cone?—An 
undriven loudspeaker cone mounted in 
a bass-reflex enclosure. Its purpose is 
to smooth out the frequency response 
and overcome the deficiencies of the 
enclosure. Measurements made of en-
closures using drone cones indicate that 
a wider frequency range with greater 
output is obtained than when using the 
conventional rectangular port at the 
bottom of the enclosure. 

Drone cones are also used in drive-in 
theater sound systems. The drone cone 
is made of a waterproof material and 
spaced about one-half inch in front of 
the regular loudspeaker mechanism. 
The drone cone is activated by air pres-
sure produced by the movement of the 
regular cone. The sound heard comes 
from the drone-cone diaphragm. The 
basic purpose of the drone is to provide 
a waterproof enclosure for the conven-
tional loudspeaker. 

20.165 lf two loudspeakers of iden-
tical design are close-coupled in a baffle, 
how does the efficiency vary?—At the 
low frequencies, the efficiency increases 
as the square of the area of the cone. 
Thus, the efficiency is increased four 
times that of a single radiator. The 

loudspeaker units should be spaced so 
that the distance between them is not a 
multiple or a submultiple of the dia-
phragm radius. 

20.166 What is a distributed-port 
enclosure? — A loudspeaker enclosure 
similar to that shown in Fig. 20-166. 
This enclosure belongs to the reflex 
class of loudspeaker enclosures and has, 
instead of the usual port at the lower 
portion of the front panel, a group of 
small holes in the front wall. Both the 
impedance and frequency response are 
controlled by the addition of a given 
amount of acoustic resistance. 

Interference between front and back 
radiation has been eliminated because 
the reflex action has an inherent cutoff 
of high-frequency back radiation. Good 
low-frequency response with low har-
monic distortion is claimed for this 
enclosure. 

20.167 How is a magnetic head-
phone constructee— A cross-sectional 
view of a typical two-pole, watchcase-
type headphone is shown in Fig. 20-167. 
Basically, it consists of two pole pieces 
A, energized by a circular permanent 
magnet B. Around the pole pieces are 
two small coils C, consisting of several 
hundred turns of small wire. A thin, 
soft-iron diaphragm D, is supported at 

its edges over the pole pieces by a non-
magnetic case E. The edges of the dia-
phragm are held in place by an ear cap 
F, which is also made of a norunagnetic 
material. When the ear cap is tightly 
screwed down, an air gap of approxi-
mately 0.015 inch exists between the 
upper ends of the pole pieces and the 
underside of the diaphragm. 

ACOUSTIC 
TREATMENT 

O 0 0 0 0 

O 0 0 0 0 

O 0 0 0 0 

O 0 0 0 0 

O 0 0 0 0 

Fig. 20-166. Distributed-port enclosure. 
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EAR 
CAP 

Fig. 20-167. Construction of 
double-pole magnetic watch-

case-type headphone. E 
CASE 

Because of the downward pull of the 
magnetic field on the diaphragm, a 
slight bias or curvature is caused at the 
center, as indicated by the dotted lines 
below the diaphragm. 

In use, the two coils are connected 
in series. When an alternating current 
is applied to them, the diaphragm will 
be caused to move either toward or 
away from the pole pieces, depending 
on the instantaneous polarity of the 
magnetic field of the signal. When the 
signal field is of the same polarity as 
the permanent magnetic field, the pull 
is increased, and when it is of opposite 
polarity, the field strength is decreased. 
This causes the diaphragm to oscillate 
back and forth. 

Movement of the diaphragm causes 
alternate compression and rarefraction 
of the air at the hole in the ear cap, 
resulting in the generation of sound 
waves which are passed to the ear of 
the listener. 

Because of the constant downward 
pull of the magnetic field, the dia-
phragm does not move an equal amount 
for each half cycle of the signal voltage. 
Thus, distortion is introduced. Maxi-
mum sensitivity is obtained when the 
current flows through the coils in a 
given direction. This direction is gener-
ally indicated by the manufacturer by a 
plus sign. If the correct direction is not 
indicated, it may be ascertained by re-
versing the individual phone polarity to 
obtain the loudest click when a battery 
is applied to the coil. 
When two headphones are used to-

gether, they must be phased; that is, 
the diaphragms must move in a given 
direction for a given sine. 

20.168 How is a crystal headphone 
constructed?—In a manner similar to 
the crystal loudspeaker shown in Fig. 
20-41A, except on a smaller scale. 

20.169 How are crystal headphones 
coupled to an amplifier?—They should 

D 
DIAPHFtAGM A 

MAGNETIC 
POLE 

THREAD 

CIRCULAR 
MAGNET 

be connected by means of a capacitor 
and resistor, as shown for the crystal 
loudspeaker in Fig. 20-41B. 
An output transformer may also be 

used; however, it is rather difficult to 
obtain such transformers, as the imped-
ance of a crystal headphone is quite 
high. 
An alternate method is to use a 600-

ohm output transformer terminated in 
600 ohms, with the crystal headphones 
bridged across the termination. In this 
type connection, the output level from 
the phones will be considerably lower, 
as the phones are fed as a bridging load. 
The loss in level will be: 

dB = 20 Logio —z 
741 

where, 
Z is the impedance of the headphones, 
Z2 is the output impedance of the 
transformer. 

20.170 What is the frequency char-
acteristic for a crystal headphone?—As 
shown in Fig. 20-170. 

20.171 What is the average imped-
ance of crystal headphones?—Approxi-
mately 45,000 to 80,000 ohms per pair, 
with the headphones connected in par-
allel. 

20./72 Give the frequency charac-
teristic for a 12.5-ohm dynamic (moving-
coil) headphone. — A typical frequency 
characteristic for a single 12.5-ohm dy-
namic headphone of the moving-coil 
type is given in Fig. 20-172A. It will be 
observed that there is a considerable 
dip at 4500 Hz and a peak at 7500 Hz. 
If these deviations are of importance, as 
they are in most monitoring circuits, an 
equalizer can be inserted in the circuit 
feeding the headphones to obtain a 
more uniform response (Fig. 20-172B). 

20.173 How is an equalizer con-
nected for crystal-headphone operation? 
—As shown in Fig. 20-173. 
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Fig. 20-170 Frequency response of a typical crystal headphone. 

,•11. ,J) 
200Hz 500 Hz !kHz 2 kHz 

FREQUENCY 

Fig. 20-172A. Frequency characteristic for a 12.5-ohm dynamic 
headphone. Note dip at 4500 Hz and peak at 7500 Hz. 

MONITOR AMP. EQUALIZER 

EQUALIZER 

600/12n 

VOLUME 
CONTROL 

Fig. 20-173. Crystal headphones and 
equalizer with volume control, operating 

from a 600-ohm transformer. 

20.174 How should magnetic head-
phones be connected to the plate circuit 
of an amplifier?—They must always be 
isolated from the high voltage that feeds 
the plate circuit. This may be accom-
plished by the use of a 0.5 to 1.0-µF 
capacitor in series with the headphones 
or by using a coupling transformer. 
Headphones must never be connected 
directly to the plate because the high 
voltage will damage the headphone 
windings. If capacitor coupling is em-
ployed, a low-leakage capacitor must be 

.:. 
8+ 

I2.n. 

5 kHz 10 kHz 20 kHz 

(moving-coil) 

Fig. 20-172B. Headphone 
monitor circuit with equal-
izer and volume control. 

used. Suggested circuits are given in 
Fig. 20-174A and Fig. 20-174B. 

20.175 How are headphones rated 
relative to their impeciance?—The im-
pedance is generally rated relative to a 
frequency of 400 Hz. Headphones of the 
magnetic type (Fig. 20-167) are rated 
in dc resistance for one or two head-
phones in series, which is no indication 
of the impedance. A typical pair of 
magnetic headphones rated at 2000 ohms 
de resistance will have an impedance 
of 17,000 ohms at 400 Hz. Dynamic head-
phones designed for aircraft generally 
have an impedance of 125 to 600 ohms. 
Monitor headphones used in sound re-
cording have an impedance of 10 to 50 
ohms per pair. Dynamic headphones of 

8+ 

Fig. 20-174A. Capacitor-coupled head-
phones, isolated from plate circuit. 
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Fig. 20-1748. Transformer-coupled 
headphones. 

the high-impedance type employ a 
step-up impedance-matching trans-
former, which is usually located in the 
headphone case or on the cord. 

20.176 Is phasing important in 
headphones?—Yes, it is quite important. 
The two headphones must be connected 
in such a manner that the diaphragms 
move in the same direction at any given 
instant. 

20.177 Describe the construction of 
stethoscope headphones.—A pair of 
stethoscope headphones manufactured 
by Armco of Japan are shown in Fig. 
20-177. These phones consist of either a 
dynamic or crystal driver unit placed at 
the junction of the two plastic ear tubes. 
The driver unit generates a sound pres-
sure, which is conducted to the ears 
through two plastic acoustic tubes. Al-
though these headphones are quite sat-
isfactory for general use, they are not 
suitable for high-quality monitoring 
purposes. 

20.178 What type headphones are 
recommended for motion picture sound 
recording?—Dynamic moving-coil types, 
as pictured in Figs. 20-178A and B. Both 
types of headphones pictured have a 
total impedance of 25 ohms. The units 
are connected in series. A typical fre-
quency response for an individual unit 
is given in Fig. 20-172A. 

In the last few years, recordists have 
turned to the use of hearing-aid-type 

Fig. 20-177. Stethoscope type head-
phones by Armaco of Japan. 
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phones because of their light weight 
and close contact with the ear. In Fig. 
20-178B is shown a pair of such head-
phones. Each earphone has a plastic in-
sert moulded to fit the recordist's ear 
contours. The inserts are snapped on 
the dynamic unit and can be removed 
for cleaning. In some instances, to pre-
sent a more uniform frequency char-
acteristic, equalizers are employed to 
remove the peaks and valleys in the 
frequency characteristics of the head-
phones used for high-quality monitor-
ing. The two diaphragms must be 
phased to move inward (or outward) 
for a given sign at a given instant. 

Crystal headphones have also been 
used for recording purposes but, due to 
their changing characteristics with tem-
perature and humidity, they are not 
used to any great extent. 

Fig. 20-178A. Permoflux Co., dynamic 
monitoring headphones, Model DHS-28. 

20.179 Describe the characteristics 
of stereophonic headphones.—Stereo-
phonic headphones are generally of the 
dynamic type and of the highest quality. 
Each headphone is terminated in a tip, 
ring, and sleeve-type plug (see Ques-
tion 24.5) and is carefully polarized to 
assure that the diaphragms move in the 
same direction at a given instant. The 
frequency range is on the order of 30 to 
15,000 Hz, with about 1 percent 'rHD 
for sound power levels up to 140 dB. 
The impedance of stereo headphones is 
such that they may be used with ampli-
fiers having output impedances ranging 
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from 4 to 16 ohms. A pair of such head-
phones is shown in Fig. 20-179A. 
A typical control box for using two 

sets of headphones is shown in Fig. 
20-179B. The controls Pl and P2 are 
used for balancing the left and right 
sides of the program material. In con-
necting the headphones to the plug, the 
tip is always the right side of the chan-
nel and the ring the left channel, while 
the sleeve is the common or ground 
connection. 

Fig. 20-179A. Dynamic stereophonic 
headphones manufactured by Koss Elec-

tronics, Rek-O-Kut Div. 

Fig. 20-178B. Hearing-aid 
t type monitoring head-

phones, used for motion pic-
ture sound recording. 

-1._ .. 

Z.rer. I 

Id--

.4 

20.180 What are language labora-
tory headphones?—Language laborato-
ries are installations used for teaching 
of foreign languages. Headphones and 
microphones used for this work must 
have good frequency response, low dis-
tortion, and a high rate of intelligibility. 
Such a pair of headphones and a noise 
canceling lip microphone, manufactured 
by Telex Acoustic Products, are pic-
tured in Fig. 20-180. The headset is 
equipped with foam-filled vinyl cush-
ions for comfort, but is designed to at-
tenuate the ambient noise level to a 
negligible amount. The headphones have 
a frequency response within plus or 
minus 2 dB, from 20 to 6000 Hz, with a 
somewhat greater variation up to 10,000 
Hz. The microphone covers a range of 
100 Hz to 8000 Hz, plus or minus 5 dB. 
The impedance of the headphones is 16 
ohms. The impedance of the microphone 
is 50 ohms, with an effective rejection 
factor of 13 dB. (See Question 4.120.) 

20.181 Show a simple resistive net-
work for connecting stereophonic head-
phones to a system not involving loud-
speakers.—The network in Fig. 20-181 
can be used with any type reproducing 
equipment of stereophonic design where 
the system does not involve loudspeak-
ers. The jack is designed for use with a 
tip, ring, and sleeve-type plug. 

20.182 Describe a stereophonic 
headphone control center.—A stereo-
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Fig. 20-179B. Schematic diagram for 

phonic headphone control center pro-
vides for several different modes of 
headphone operation, plus turning off 
of loudspeakers. A headphone center of 
interesting design Model CC-1, man-
ufactured by the Jensen Manufacturing 
Div. of the Muter Co., is pictured in 

 A 

COMMON RIGHT PHONE 
GROUND RIGHT CHANNEL 

LEFT PHONE 
LEFT CHANNEL 

PLUG CONNECTIONS 

stereophonic headphone connection. 

H/P-I 

H/P-2 

Fig. 20-182A. This unit incorporates a 
registered trademark control, termed 
Space Perspective. 

To understand the operation of the 
Space-Perspective control and its cir-
cuitry, Fig. 20-182B shows the conven-
tional connections for using stereo-

Fig. 20-180. Dynamic headphones and noise-canceling lip microphone for language 
laboratory use. Manufactured by Telex Acoustic Products. 
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LEFT 

LEFT 

GND 

100 A  

Fig. 20-181. Resistive network for feed-
ing a pair of stereophonic headphones 
from a circuit not involving loudspeak-

ers for listening. 

phonic headphones. Sound from the left 
channel is presented exclusively to the 
left ear, and from the right channel to 
the right ear. Since there are no acous-
tical sound waves except those gener-
ated directly and confined to the indi-
vidual ears, there is virtually no dis-
tance for the sound waves to travel. The 
sound appears to come from close-up 
left and right. The effect is as though a 
partition has been placed through the 
center of the head, with the orchestra 
divided on either side. The auditor feels 
as if he were in the center of the or-
chestra, rather than sitting in front of 
the orchestra. 

Conventional stereophonic listening 
using two loudspeakers is shown in Fig. 
20-182C. Here the sound waves from the 
left channel progress to the left ear and 
also to the right ear, reaching the right 
ear slightly later in time, due to the 
distance of travel around the head to 
reach the right ear. The same effect 
takes place for the right channel and 
ear. When the sound is the same on 
both channels, it appears to emanate 
from the center, and reaches both ears 
simultaneously. 

B. B. Bauer of CBS Laboratories rea-
soned that an electrical network could 
be designed to give the time delay and 
frequency transmission characteristics of 
sound waves flowing around the head, 
and having the same quality as when 

AMPLIFIERS 

LEFT EAR W RIGHT EAR 

Fig. 20-1828. Listener using conven-
tional headphones. 

heard from two loudspeakers. The time 
delay (about 0.4 millisecond) was cal-
culated, using the dimensions of the av-
erage human head and the velocity of 
sound. However, the frequency charac-
teristics introduced in the natural proc-
ess of live listening by the build-up and 
shadowing of the sound pressure at the 
ears as the sound wave flows around 
the head presented the greatest prob-
lem. 

Exhaustive measurements of head 
diffraction by Weiner were used by 

SPEAKERS 
LEFT 

LEFT EAR 

RIGHT 

// 

'l OE  
/ 

/OE' 

L 

RIGHT EAR 

Fig. 20-182C. Listener using conven-
tional loudspeakers. 

Fig. 20-182A. Jensen Man-
ufacturing Div. stereophonic 
headphone center, Model 

CC-1. 
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LEFT INPUT 

7,1OEF 

RIGHT INPUT 

Fig. 20-182D. Original electrical network developed by Bauer for stereophonic head-
phone listening. 

AMPLIFIERS 

"SPACE PERSPECTIVE'. 
NETWORK 

LEFT EAR W RIGHT EAR 

Fig. 20-182E. Current flow in the Bauer 
network of Fig. 20-182D. 
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100n 

Bauer to develop the required electrical 
network. In addition to the time delay 
and the Weiner diffraction data, an ad-
ditional condition had to be imposed to 
make the work practical. The network 
must progressively be eliminated as the 
sound shifts from the sides to the cen-
ter, if the panoramic perspective is to be 
accurately portrayed to the listener. The 
network of the original Bauer circuit is 
given in Fig. 20-182D. Its operation is 
shown in Fig. 20-182E. Observe the sim-
ilarity of the current flow (indicated by 
the arrows) to the acoustic sound waves 
around the head of the auditor. 

R2 R4 

100A 

SW3 

A - MONO 
B - STEREO 
C - SPACE PERSPECTIVE 

HEADPHONES 

Fig. 20-182F. Schematic diagram for Jensen CC-1 stereo headphone control center. 
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Fig. 20-182G. Comparison of frequency measurements made using the Jensen Space 
Perspective network, with the Weiner diffraction measurements superimposed (dotted 

lines). 

The circuitry for the Jensen CC-1 
stereo headphone control center is given 
in Fig. 20-182F and was developed from 
the previous work of Bauer. Measured 
frequency characteristics of the net-
work and the Weiner diffraction mea-
surements (dotted line) are compared 
in Fig. 20-182G. The listening effect of 
this network is that excessive liveness 
disappears and the sense of spacious-
ness is almost the same as listening to 
the loudspeakers as shown in Fig. 20-
182C. 

20.183 Describe the construction of 
acoustical suspension-type loudspeaker 
enclosures (book shelf). — The art of 
building loudspeaker systems small 
enough to go into a book shelf has pro-
gressed to a point where such loud-
speaker systems rival some of the larger 
systems. Generally speaking, the smaller 
the enclosure, the less is the low-fre-
quency response. The efficiency of a 
large diameter speaker unit placed in 
an improperly designed enclosure is 
much less than that of a small unit in a 
properly sized enclosure. 

It is often assumed that the diameter 
of the speaker unit determines the low-

2-SECTION LC NETWORK 
-- PLUS ACOUSTIC 
COMPENSATION CONTROL 
THAT ADJUSTS BOTH 
MID AND HIGH 
FREQUENCIES. 

SEPARATE HIGH-
FREQUENCY 
ENCLOSURE 
PREVENTS 
MECHANICAL 
COUPLING BE-
TWEEN HIGH AND 
LOW FREQUENCY 
UNITS. 

AIR TIGHT ENCLOSURE 

frequency response. However, this is 
not always true because theoretically 
an 8-inch diameter speaker unit will 
reproduce low frequencies as well as a 
15-inch unit. The diameter does, how-
ever, have a direct relationship to the 
acoustic power produced at a given fre-
quency, since the larger diameter of the 
radiating surface provides greater cou-
pling to the air and will move more air. 

Fig. 20-183A shows a book-shelf sys-
tem manufactured by Warfedale of 
England. The enclosur9 is of the acous-
tic suspension type (air tight), employ-
ing low- and high-frequency speaker 
units. A special treatment of the interior 
baffling is used to increase the low-fre-
quency response. Also contained within 
the enclosure is a 500-Hz crossover net-
work and an LC high-frequency roll-
off control, which tapers off the high 
frequencies starting at 2000 Hz. 

The low-frequency speaker is 8 
inches in diameter, with high compli-
ance and a low-resonant frequency. The 
high-frequency unit is isolated from the 
low-frequency unit by its own enclo-
sure. Tuning slots in the interior baffling 
complement the low-frequency reso-

PERMEABLE COMPRESSION 
BARRIER, EQUALIZES FRONT 

AND REAR RADIATION 
IMPEDANCE TO PREVENT 

AXIAL EXCURSION 
DISTORTION. 

8' HIGH COMPLIANCE 
LOW-RESONANCE 
SPEAKER. 

LONG-FIBER 
WOOL AND VIRGIN 
PULP DIAPHRAGM. 

CABINET TUNING SLOTS, 
COMPLEMENTS LOW-
FREQUENCY RESONANCE. 

Fig. 20-183A. Interior view 
of book-shelf type loud-
speaker system manufac-
tured by Warfedale of Eng-
land. (Courtesy, British In-

dustries Corp.) 
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Fig. 20-1838. Interior view 
of a Goodmans of England 
Maximus 1 book-shelf loud-

3-1/2 LB. 
speaker xystem. (Courtesy, MAGNET 

UTC Sound Division) 

1900 CPS 
CROSSOVER 
NETWORK 

4" HIGH 
COMPLIANCE 

LOW-FREQUENCY 
UNIT 

Fig. 20-183C. Goodmans Maximus 7 
three-way book-shelf speaker system. 

(Courtesy, UTC Sound Division) 

Fig. 20-183D. Electro-Voice 
E-V Four, book-shelf loud-

speaker system. 

AIR-TIGHT ACOUSTIC 
ENCLOSURE TREATMENT 

PLASTIC 
DOMES 2-1/2" 

MIDRANGE 8 HIGH 
FREQUENCY 

AIR SEALS 

nance. The physical size of the enclo-
sure is 19 >< 10 X 9% inches. 
A second book-shelf system, Maxi-

mus I, manufactured by Goodmans of 
England, is pictured in Fig. 20-183B. It 
also is of the acoustic-suspension type, 
using an air-tight enclosure. The 
speaker array consists of a 4-inch low-
frequency unit employing a 3%-lb mag-
net, with high compliance and low res-
onance. The high-frequency unit, ap-
proximately 2% inches in diameter, is 
back-loaded and covers both the mid-
and high-frequency range. Both speaker 
units are sealed at the front, with the 
high-frequency unit completely en-
closed to isolate it from the low-fre-
quency unit. The enclosure also houses 
a 1900-Hz LC crossover network and is 
completely filled with acoustic absorp-
tion material. The frequency range is 
within plus or minus 2.5 dB, from 110 
Hz to 15,000 Hz. The low-frequency end 
drops off to 7 dB in the 60- to 90-Hz 
range. The efficiency is quite low, so the 
speaker should be driven with at least 
a 20-watt amplifier. The enclosure mea-
sures 10% X 71/4  X 5% inches. 
A third enclosure, shown in Fig. 20-

183C, is manufactured by UTC-Good-

HIGH-FREQUENCY UNIT 

CROSSOVER 
NETWORK 

MIDRANGE 
HORN 

HIGH-COMPLIANCE 
LOW-FREQUENCY 
UNIT. 
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mans and is known as the Maximus 7 
three-way speaker system. The speaker 
unit consists of a 12-inch low-frequency 
unit, two midfrequency units with bi-
polar lenses, and a dome lens multi-
cellular high-frequency unit. The en-

closure also contains an LC 1800 and 
8000-Hz crossover network. The in-
terior of the enclosure is completely 
filled with an acoustic absorption ma-
terial. Two controls on the front panel 
permit the use to adjust the mid- and 
high-frequency response to suit the 
particular acoustic conditions. The fre-
quency response is 45 to 20,000 Hz. This 
is also a low-efficiency system. The 
overall dimensions are 24 x 14 x 12 
inches. 
An interior view of an Electro-Voice 

E-V Four speaker system is given in 
Fig. 20-183D. This unit, like most shelf 

speakers, is an acoustic-suspension type, 
and it employs a low-frequency dy-
namic unit, midrange diffraction horn 

driven by a compression driver, and a 
5-inch high-frequency dynamic unit. 
Crossover frequencies of 800 and 3500 
Hz are provided by an LC network, 
with external controls for adjusting to 
meet local conditions. The low-fre-
quency unit employs a ceramic perma-
nent magnet. Frequency response is 30 

to 20,000 Hz, with a power capability of 
60-watts peak power. The enclosure 
measures 25 X 14 X 13% inches. 

20.184 What is a series-parallel 

loudspeaker array?— A series-parallel 
array consists of many small individual 
4- or 6-inch units connected in series-
parallel. If the individual impedances 
of the units are sufficiently high, the 
units may be connected in parallel. The 
baffling may be either a fiat or a curved 
assembly. A curved array, designed by 
Brian Clarke, consisting of 32 individual 
6-inch units with an impedance of 100 

ohms each and mounted in an open-back 
baffle is pictured in Fig. 20-184A. The 
individual free-air resonant frequency 
of the 32 units ranges from 66 to 70 Hz. 

The 32 units are connected in parallel, 
thus presenting to the driving amplifier 
an impedance of 3.12 ohms. It will be 
noted that each unit is fitted with a 
high-frequency whizzer. The frequency 
characteristics (taken out doors) are 
given in Fig. 20-184B, with the har-

monic distortion characteristic shown in 
Fig. 20-184C. The impedance variation 
ranges from 3 to 6 ohms. 

Fig. 20-184A. Series-parallel array using 
32-individual speaker units. (Courtesy, 
H. F. Sales, Vancouver B.C., Canada) 

/".  

20 30 50 70 100 200 300 500 700 IK 

FREQUENCY IN HERTZ 
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Fig. 20-184B. Frequency characteristics for a 32 unit series-parallel loudspeaker 
array (after Clarke). 
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Fig. 20-184C. THD measurement for series-parallel loudspeaker array (after Clarke). 
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Fig. 20-184D. Series-parallel  lion for thirty-two 3.2-ohm speaker units. The 
plus sign indicates the plus terminal for phasing purposes. 
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Fig. 20-184E. Frequency characteristics for a 22-unit array. 

If speaker units of other impedances 
are used, they are series-parallel con-
nected to reflect the desired impedance, 
within plus or minus 15 percent, of the 
driving output impedance. Fig. 20-184D. 
shows a series-parallel mesh for the 32 
3.2-ohm speaker units to provide an 
approximate load impedance of 6.4 
ohms. Generally, an open-back flat baf-
fle arrangement is employed with the 
speaker units spaced edge-to-edge, with 
the distance between speakers equal to 
one-half the radius of the speaker dia-
phragm. The frequency characteristics 
for a 22-unit array are given in Fig. 
20-184E. It has been found in some in-
stances that additional, separate high-
frequency units had to be used to obtain 
the proper high-frequency response be-
yond 8000 Hz. In this instance, the 

crossover frequency selected was 
around 6000 Hz. 

20.185 Describe an in-line or sound 
column loudspeaker array.—Sound col-
umn loudspeaker arrays are unitized 
speaker systems for commercial sound 
and public address system applications. 
The speaker column consists of several 
direct-radiator speaker units placed one 
above the other (Fig. 20-185A). The 
purpose of this design is to confine the 
sound distribution pattern to a fan-
shaped beam, with wide horizontal and 
narrow vertical coverage. Although this 
method of mounting speaker units in a 
column is now used quite extensively, 
it is not new. It was used in the first 
RCA Photophone sound motion picture 
theater installations in 1928. In these 
installations, the speakers were housed 
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5e 

6" 

Fig. 20-185A. Simple in-line speaker 
column. The housing contains five iden-
tical speaker units parallel-connected. 

and in phase. 

in individual metal baffles, stacked in 
columns at each side of the screen and 
focused to the rear of the theater. If the 
theater had a balcony, a row of speak-
ers was also placed above the screen. 
Two general forms of construction 

have evolved from such experimental 
work done by individual reseachers and 
manufacturers of loudspeakers. They 
are the straight and curved types (Fig. 
20-185B and Fig. 20-185C). Several in-
dividual speaker units, parallel-con-
nected and in phase, are placed in col-
umns. The speaker diameter may be 6 
or 8 inches. The interior of the column 
is filled with Fiberglas. With a wide 

Fig. 20-185B. University Sound Model 
CS0-4 sound column employing acousti- Fig. 20-185C. Electro-Voice Model 

cal tapering. LR-4A curved-line radiator. 
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view of a sound column employing 13 individual 
speaker units. 

300° 

Fig. 20-185E. Vertical polar pattern for 
a line radiator. The heavy line is o pat-
tern for a given separation of the speaker 
units. The dotted line is the result of in-
creasing the separation between speak-

ers. (Courtesy, Electro-Voice Inc.) 

horizontal sound distribution and about 
a 30-degree spread in the vertical plane, 
the efficiency of such arrays approaches 
that of a horn. The vertical distribution 
varies with the column length—the 

50 25 
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00 

6B— dB 
10 

Fig. 20-185F. Vertical polar patterns 
showing the difference between straight 
and curved line radiator arrays. (Cour-

tesy, Electro-Voice Inc.) 
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FREQUENCY IN HERTZ 

Fig. 20-185G. Frequency response for the sound column shown in Fig. 20-1858. 
The measurement was made with the microphone 4 feet on axis, in the center of the 

column. Reference frequency 1000 Hz at 1-watt input. 
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longer the column the narrower the 
vertical distribution angle. However, 
there is a limit to this procedure. When 
properly installed, the sound quality 
and coverage is far superior to the con-
ventional-type installation and exhibits 
a reduction in reverberation effects. 
A cross-sectional view of a straight 

in-line array is given in Fig. 20-185D. 
Basically, this particular enclosure con-
sists of a heavy plywood case contain-
ing 13 individual 4-inch speaker units. 
To control the polar pattern, acoustical 
tapering is employed. This is accom-
plished by covering the diaphragm sur-
faces of all the speaker units, except 
the center one, with a wedge of Fiber-
glas. The inner surfaces of the case are 
also lined with Fiberglas. Although this 
array employs 13 speaker units, fewer 
speakers could be used. Tests indicate 
that type PF-105 Fiberglas is satisfac-
tory for use with these devices. 

Sound column speaker arrays are also 
constructed electrically by using several 
different methods for controlling the 
frequency response and the polar pat-
tern. One method is to employ a com-
bination of single-diaphragm speaker 
units in combination with dual-dia-
phragm speakers. In this instance, the 
dual-diaphragm speakers are placed in 
the center of the column and the single 
diaphragm units out to the ends. An-
other method uses a frequency-dis-
criminating network to control the re-
sponse, and yet another employs several 
large single-diaphragm speakers with 
several small high-frequency units 
placed near the center, but alongside 
the larger units. 
A vertical polar pattern, for a typical 

straight-type array is given in Fig. 2°-
185E. It will be observed from the plot 
that as the physical separation between 
the speakers is increased, additional 
lobes appear and the principal lobe be-
comes more pointed. The polar plots in 
Fig. 20-185F are indicative of how the 
vertical polar pattern changes for a 
curved (solid line) and straight (dashed 
line) array. The frequency response for 
the University Sound column in Fig. 20-
185B appears in Fig. 20-1&5G. 

20.186 Describe a stereophonic 
speaker system using slot-loaded high-
frequency speakers. —Two Model P-
4000-P stereophonic loudspeaker sys-
tems, manufactured by R. T. Bozak, are 
illustrated in Fig. 20-186. It will be ob-
served that a vertical column of eight 
high-frequency units are mounted be-
hind the supporting baffle plate. The 
manufacturer claims that by mounting 
the high-frequency speakers in this 
manner, the dispersion of the high fre-
quencies is improved. The dispersion at 
5000 Hz is 150 degrees, and at 10,000 Hz 
it is 120 degrees, plus or minus 5 dB. 

20.181 Give the plan view for a 
stereophonic speaker system using curved 
reflectors.—A plan view for a stereo-
phonic reflector-type loudspeaker sys-
tem is given in Fig. 20-187. The reflec-
tors are made from two sheets of %-
inch, 4 X 8 Mascmite and strongly 
braced to prevent vibration. The curve 
is such that the speaker position can be 
adjusted to spread the sound completely 
over the listening area. The use of the 
center speaker is not absolutely nec-
essary. The reflective panels are curved 
inward, more at the center than at the 
edges, to project the sound into the 

Fig. 20-186. Stereophonic 
loudspeaker system by R. T. 
Bozak Mfg. Co. Model 

P-4000-P. 
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RIGHT 
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Fig. 20-187. Stereophonic loudspeaker system using two reflectors and a center-
derived speaker. 

center of the listening area. Phasing and 
positioning of the three speaker units 
are essential to its operation. 

20.188 What is the purpose of test-
ing loudspeaker systems in a reverberant 
room?—It has been the practice for 
many years to measure the character-
istics of loudspeakers in an anechoic 
chamber, because the engineer may 
then reduce the results to simple math-
ematical terms. However, anechoic 
chambers are quite expensive to con-
struct and generally require consider-
able space and special construction. On 
the other hand, reverberant chambers 
are quite easily constructed by using 
hard nonabsorptive surfaces. The 
emitted sound energy may go through 
numerous reflections before it is finally 
attenuated. 

Reverberant chambers give the re-
sponse characteristics for any direction 

Volume Centred 

Microphone 

scale:   

of radiation. Mean energy measure-
ments (MED) will give an immediate 
picture of the total energy output, and 
consequently a direct measurement of 
its efficiency. Such type measurements 
are quite useful in investigating the 
characteristics around the crossover 
frequency of multiple-loudspeaker sys-
tems. Such chambers are also used for 
many different type measurements not 
involving loudspeakers Anechoic and 
reverberant chambers are discussed in 
Questions 2.83 and 2.99. The reader is 
referred to the references. 

20.189 Describe a hearing-aid am-
plifier using an integrated circuit.—With 
the development of the integrated-cir-
cuit elements, the art of hearing aids 
has developed rapidly. Illustrated in 
Fig. 20-189A is a complete hearing aid, 
manufactured by Zenith Hearing-Md 
Division, designed for behind-the-ear 

Fig. 20-189A. Interior view of a Zenith hearing aid using on integrated 
module of very small size. 

circuit 
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Fig. 20-1898. Internal circuitry for Zenith hearing aid using an integrated circuit 
module containing the equivalent of six transistors. 

use. The various components are called 
out, with a scale in inches along the 
bottom for comparison of the compo-
nent size. 

The heart of the device is an inte-
grated circuit which contains the equiv-
alent of six transistors and 16 resistors. 
The system also includes a microphone 
and a telephone pick-up coil, either of 
which may be activated by a switch on 
the side of the housing. The sound, after 
amplification, is applied to an internal 
receiver, and then conducted acousti-
cally down a plastic tube to an ear-
mould connector and into the ear cavity. 
The battery is a silver-oxide cell, with 
a life expectancy of 53 hours. The in-
ternal circuitry is given in Fig. 20-189B. 
The complete device may be obtained 
as a separate behind-the-ear unit, or as 
a component part of the temple on a 
pair of eyeglasses (Fig. 20-189C). The 

Fig. 20-189C. Eye glasses with Zenith 
hearing aid built into the temple piece. 
The volume control and the acoustic 
tube running to the ear cavity are seen 

below the temple piece. 

frequency characteristic is given in Fig. 
20-189D. 

20.190 Describe a pyroacoustic 
loudspeaker.—In 1858, Leon Leconte in 
England observed that when a flame 
was subjected to sound waves, it would 
respond in various manners. This ob-
servation led to the development of sev-
eral experimental devices in which a 
diaphragm driven by the application of 
audio frequencies modulates the flame, 
causing it to act as a loudspeaker with 
a fairly high efficiency. Sound pressures 
ranging from 90 to 95 dB have been 
achieved. 

Although the high-frequency re-
sponse is quite good, at the lower fre-
quencies the response falls off at a rate 
of 6 dB per octave, starting around 2000 
Hz. This is the result of poor coupling 
to the surrounding air. Increasing the 
area of the flame increases the low-fre-
quency response. Considerable develop-
ment work on this device has been done 
by both the Sonic Department of Stan-
ford Research Institute, and the United 
Technology Center of United Aircraft 
Corp. At the present time, no practical 
use has been found for the device. 

20.191 Describe a compressed-air 
loudspeaker.—This type loudspeaker 
was developed sometime in the early 
twenties and was used for public ad-
dress systems and in military airports 
during World War II. The device con-
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slits of a value operated by audio fre-
quencies which, in turn, modulates an 
air stream with approximately 25 lbs 
per square inch. Modulation of the air 
stream takes place at the audio fre-
quency rate impressed at the control 
valve. The valve is coupled to a horn 
for greater efficiency. The sound power 
output from the horn is many times that 
of the power applied to the valve. Sound 

pressure levels of 120 dB in the mid-
high-frequency range can be achieved 
with good intelligibility. However, the 
harmonic distortion is rather high com-
pared to a conventional loudspeaker; 
therefore, careful adjustment of the 
valve mechanism is required. Generally, 
several valve and horn assemblies are 
mounted in a cluster. 
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Section 21 

Power Supplies 

Before the advent of regulated power supplies, 10 to 20 percent in voltage vari-
ations were encountered. With regulation, this was reduced to 2 or 3 percent, but 
the transistor has increased the demand to variations of 1 percent or less. For 
highly sophisticated equipment, this may be on the order of 0.1 percent. 

The regulation of power supplies has a great bearing on the quality of sound 
recording and reproduction. This is also of prime importance in the testing and 
measurement of equipment. The ac line voltage must be held within close tolerance 
of its specified rating (both single and three-phase), and dc ripple voltage must be 
negligible. This section investigates the following: regulated and unregulated 
power supplies; voltage doublers, tripiers, and quadruplers; constant-current and 
constant-voltage supplies; transient recovery time; filtering; rectification; and 
general considerations in the design and usage of power supplies. 

21.1 Describe the classification of 
different type power supplies.—In the 
early days of radio when equipment 
was operated from batteries, different 
nomenclature was assigned to the bat-
teries to identify their positions in the 
circuit. The batteries were designated 
"A" for filament supply, "B" for plate 
supply, and "C" for bias voltage. In 
equipment using a separate screen sup-
ply, the supply was designated "D." 
When the conversion was made to rec-
tified ac, the designations carried over, 
and the plate supply was termed "B" 
supply, and so on for the others. 

21.2 Describe an unregulated power 
supply.—An unregulated power supply 

has no means of compensating for 
changes in line voltage or load condi-
tions. The output voltage of the power 
supply is governed entirely by the line 
voltage and load conditions at any par-
ticular instant. A typical unregulated 
power supply is shown in Fig. 21-2. 
Here the high voltage from transformer 
Ti is rectified by a full-wave rectifier 
tube V1, and then filtered by means of a 
two-stage LC-type filter. The filter con-
sists of chokes Li and L2 in combination 
with filter capacitors Cl, C2, and C3, 
and terminates in a bleeder resistor RBL. 
Secondary winding Si is used to supply 
heater voltage to other equipment. Two 
small capacitors of 0.05 izes each are 

Fig. 21-2. A typical nonregulated power supply. 

116 
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connected across the ac line to ground 
for eliminating line noise from entering 
the power-transformer circuitry. 

21.3 Describe the operation of a 
regulated power supply.—It is a high- or 
low-voltage power supply in which the 
output voltage is controlled in such a 
manner that when the load demand 
varies, the output voltage of the power 
supply remains constant or within a 
small percentage of the rated ouput 
voltage. Power supplies may also be 
designed to regulate with respect to the 
line-voltage variations. A typical regu-
lated power supply, similar to that used 
for operating recording equipment or 
any other devices requiring a constant 
source of voltage, is shown in Fig. 21-3. 
At the left is a conventional power 
transformer, with two diode rectifiers, 
connected for full-wave rectification, 
and a single-stage LC filter section 
using a capacitor input. Two low-volt-
age secondaries supply the heaters of 
the four pass-tubes (current regulators) 
V3 through V6, and the heaters of tubes 
V1 and V2. 

The value of the output voltage is 
adjusted by the 50,000-ohm potentiom-
eter P across the de output of the 
supply. This potentiometer is set for a 
given voltage under load. When varia-
tions in the load current occur, the bias 
voltage applied to the control grid of 
VIA is changed by the change in the 
voltage drop across potentiometer P. 

Changing the bias on the control grid 
of VIA controls the amount of current 
flowing through the common bias resis-

I 15VAC 

tor Rk in the cathodes of VIA and V1B. 
As the plate current in VIA changes, 
the plate current of VlB is also changed, 
increasing or decreasing the bias at the 
control grid of V2. The bias voltage of 
VlB is fixed by the 0C3 (VR105) gas 
regulator tube. Changing the bias vol-
tage on the control grid of V2 causes a 
change in the plate current through the 
520,000-ohm load resistor in the plate 
circuit; thus, the bias on the control 
grids of V3 to 106 is changed. Shifting 
the bias voltage on these tubes permits 
a greater or lesser amount of current 
to flow from cathode to plate, thereby 
satisfying the demand for more or less 
current at output terminals. 

The ripple voltage of a regulated 
power supply is considerably lower than 
in a conventional power supply because 
of this regulating action. To stabilize a 
regulated power supply, it is customary 
to connect a large electrolytic capacitor 
across the output terminals. This helps 
to lower the internal impedance and 
prevent oscillations. To prevent oscilla-
tion in the current-regulating tubes V3 
to 106, resistors of 1000 ohms are con-
nected in each control grid and a 100-
olun resistor is connected in each plate 
and screen circuit. 

To prevent the gas regulator tube V3 
from acting as a relaxation oscillator, 
the value of the capacitor in parallel 
with this tube should not exceed 0.10 
F. 
The capacitor connected at the grid 

of VIA should not be any larger than is 
required to remove the ripple voltage 
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Fig. 21-3. Circuit for a 450-volt, 225-milliampere regulated power supply. 
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from the grid. If a value greater than 
025 p.F is used, a time lag will be intro-
duced in the regulation time. 

The gaseous regulator tube V3 estab-
lishes a reference voltage and maintains 
the cathode of V2 at a constant poten-
tial, regardless of the voltage at the 
output of the rectified system. The sta-
bility of the supply is dependent on the 
constancy of the voltage drop across V3. 

The rectifier circuit of a regulated 
power supply must furnish a higher 
output voltage than an unregulated 
power supply because of the voltage 
drop through the current regulating 
tubes. 

The low output impedance of a reg-
ulated power supply makes the output 
voltage independent of load variations 
and reduces common coupling of exter-
nal equipment fed by the power supply. 

The power supply shown in Fig. 21-3 
is capable of supplying 450 volts at a 
current of 0.225 ampere, with a ripple 
voltage of 0.0015 volt, or a noise level 
of 109.5 dB below the maximum dc 
output voltage. 

21.4 What is a half-wave rectifier? 
—A rectifier circuit in which only the 
positive cycles of the applied ac voltage 
are rectified. The circuit and waveforms 
for such a rectifier circuit are shown in 
Fig. 21-4. 

21.5 What is a full-wave rectifier? 
—A rectifier circuit in which both the 
positive and negative cycles of the ap-
plied ac voltage are rectified. The cir-
cuit and waveforms for such a rectifier 
circuit are shown in Fig. 21-5. 

21.6 Describe a voltage-doubler cir-
cuit.—A voltage-doubler circuit is one 
in which the rectifiers are connected in 
series, resulting in twice the voltage 
output as for a single rectifier. In Fig. 
21-6A is shown such a circuit using 
vacuum tubes, and Fig. 21-6B shows a 

115VAC 
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AC 411\AJ IIII\J 

FIEDW_ 
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AC 

RECTIFIED 
AC 
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Fig 21-3. Full-wave rectifier circuit 
using diode rectifiers, showing wave-

forms at input and output. 

circuit using solid-state rectifiers. The 
explanation is the same for both cir-
cuits. 

Referring to Fig. 21-6A, on the posi-
tive peak of the input voltage Esc, ca-
pacitor Cl is charged through rectifier 
VlB to the peak voltage of Esc. The 
negative half of the cycle charges ca-
pacitor C2 through rectifier V1A. The 
polarities are such that the voltages are 
additive. Voltage EDC at the output is 
approximately double the peak voltage 
of EAC. 

Voltage doublers may be used di-
rectly from the line or from a power 
transformer. The circuit shown is a 
half-wave doubler and delivers 2.82 
times the rms value of the secondary 
voltage. 

Fig. 2I-6A. Voltage-doubler circuit using 
vacuum tubes. 

RI 

Fig. 21-4. Half-wave rectifier circuit and 
waveforms at input and output. 

Fig. 21-6B. Half-wave voltage-doubler 
using solid-state rectifiers. 
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RI 

Fig. 21-6C. Full-wave symmetrical volt-
age-doubler circuit. 

Voltage doublers may also be de-
signed for a symmetrical configuration 
(Fig. 2I-6C). The advantages of this 
circuit are that it is a full-wave circuit, 
with a lower ripple content, better vol-
tage regulation, and with a ripple vol-
tage double that of the half-wave con-
figuration. It is quite important that the 
capacitors in the doubler circuit (also 
for triple's and quadruplera) be close 
to the same capacitance value, to keep 
the load evenly divided between the 
two rectifiers. A half-voltage point is 
also available by tapping off at the 
junction of the two capacitors. 

Resistor R1 in the solid-state dou-
bler is a current-limiting resistor used 
to reduce the in-rush current until 
the load current becomes normal. If a 
transformer is used, resistor RI can 
usually be omitted, as the dc resistance 
of the transformer acts as a current-
limiting resistor. 

21.7 Explain the circuitry of a volt-
age tripler. —Referring to Fig. 21-7, 
during the first half cycle of the source 
voltage E.0 charges Cl through rectifier 
D1 to the peak voltage value of EAC. 
During the other half cycle, the voltage 
across Cl and Em, are in series-aiding 
and charge C3 to the same voltage 
through rectifier D2. The voltage across 
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II7VAC 70V RMS 

02 
C3 

DI 

200V 03 

1  
Fig. 21-7. Voltage-tripler circuit. 

CI 

C2 

eov 

300V 

C3 is now the voltage across Cl, plus 
the peak voltage of Esc. 

The voltage across C2 is now brought 
to the sanie value as C3, through recti-
fier D3. The output voltage Epe is ap-
proximately three times the peak vol-
tage Eksc. 

21.8 Describe a voltage quadruplet. 
—Theoretically, it is possible by adding 
successive stages of rectification and 
capacitor combinations to raise the 
voltage indefinitely; however, from a 
practical standpoint, this becomes eco-
nomically unsound. Fig. 21-8A shows a 
voltage quadrupler using two vacuum 
tubes, with a similar circuit employing 
solid-state rectifiers shown in Figs. 
21-8B and C. 

Fig. 21-8A. Voltage-quadrupler circuit. 
Four-times the output voltage is deliv-

ered os for a single rectifier. 

RI 

Fig. 21-8B. Ha f-wove unba anced volt-
age quadrupler. 

Referring to Fig. 2I-8A, capacitor C3 
is charged through rectifier V2A to the 
peak voltage of Esc. The charging vol-
tage at C2 is doubled through rectifier 
V2B. Capacitor C4 is charged through 
rectifiers V2B and VlB in series, to 
twice the voltage. Capacitor Cl is in 
parallel with capacitor C4 through rec-
tifier VIA, and is charged to twice the 
voltage. The voltage across Cl and C2 
is four times the voltage at Esc. The 
capacitors have voltage ratings of 450 
volts each. 
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Fig. 21-8C. Half-wave symmetrical volt-
age quadrupler. 

21.9 Describe the various type rec-
tifiers and their uses.—High-vacuum-
type rectifier tubes are used in televi-
sion and radio receivers, radio trans-
mitters, and many types of commercial 
control equipment. Their power rating 
may vary from a few milliamperes up 
to several amperes. These rectifiers 
have the ability to withstand consider-
able overload, and as a rule, generate 
no interference. 

Hot-cathode, mercury-vapor-type 
rectifiers are most commonly used in 
power supplies involving high voltages 
and current, such as might be required 
in radio transmitters. This type recti-
fier is characterized by its low internal 
voltage drop and higher efficiency as 
compared to the high-vacuum type rec-
tifier. However, mercury-vapor-type 
rectifiers must be preheated if the cur-
rent requirements are high, and ade-
quate overload protection must be 
provided for the protection of equip-
ment. 

Cold-cathode rectifiers have a rather 
limited application. When the radio in-
dustry was converting from battery-
operated sets to ač operated radios, this 
type tube was often used in a "B" 
eliminator (plate voltage power sup-
ply). This tube is now more or less 
obsolete. 

Mercury-arc rectifiers are used in 
applications where high voltage and 
current are necessary. Their size and 
auxiliary equipment prohibit their use 
except in very large installations. Such 
rectifiers may generate considerable 
interference; therefore, they must be 
placed in a shielded compartment, and 
rf chokes must be installed to prevent 
radiation over the power lines. 

Ignition rectifiers are used in high-
power installations and are more 
flexible and economical than the mer-
cury-arc rectifier. 

Stacked rectifiers (Fig. 21-74) are 
one of the most widely used forms of 
rectifier elements. They are divided into 
four groups which are: copper-sulfide, 
copper-oxide, selenium, and silicon. 
Each type has its own physical char-
acteristics and advantages or disadvan-
tages relative to the economy of opera-
tion. 

Copper-sulfide or magnesium-cop-
per-sulfide rectifiers are character-
ized by relatively poor efficiency, ability 
to withstand high temperature rise, 
good voltage regulation, favorable 
weight and size for a given rating, and 
a good life expectancy. Copper-sulfide 
rectifiers are used in battery charging 
and electroplating applications. 

Copper-oxide rectifiers are charac-
terized by their large physical size, 
heavy weight, high efficiency, poor volt-
age regulation, low temperature rise, 
and long life. These rectifiers find their 
greatest use in applications where long 
life and high efficiency are the most im-
portant factors. They are also used for 
instrument rectifiers and other very 
small applications. 

Selenium rectifiers are characterized 
by long life, high efficiency, small size 
and weight for a given rating, and the 
ability to withstand temporary high 
current overloads and high tempera-
ture rises. 
' Silicon rectifiers have replaced many 

of the rectifiers dicussed in the preced-
ing paragraphs. They are small in 
physical size and require no heater 
element. They are low in weight and 
have high-temperature reliability. Rec-
tification efficiency up to 99 percent 
is possible. Germanium rectifiers are 
characterized by their high efficiency 
(98.5 percent) and the absence of age-
ing. Rectification is accomplished in a 
single crystal, which does not change 
by age and storage. Very often, these 
rectifiers are used in electroplating and 
anodizing plants. Small rectifiers of this 
type are also used for instrument recti-
fiers. They are generally manufactured 
in stacked array form. 

21.10 Define maximum peak plate 
current.—It is the highest instantaneous 
plate current a tube can safely carry 
recurrently in the direction of the nor-
mal current flow. The safe value of this 
peak current in a tube using a hot 
cathode is a function of electron emis-
sion available and the duration of the 
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pulsing current flow from the rectifier 
tube in each half cycle. 

The value of the peak current is 
largely determined by the constants of 
the filter sections. With a large choke 
at the filter input, the peak current is 
not greater than the load current. How-
ever, if a large capacitor is used at the 
input of the filter section, the peak 
current may be many times the load 
current. The current is measured with 
a peak-indicating meter or oscilloscope. 

21.11 Define maximum peak-in-
verse plate voltage, and how it is cal-
culated.—It is the highest instantaneous 
plate voltage which the tube can with-
stand recurrently in the direction 
opposite to which it is designed to pass 
current. For tubes of the mercury-vapor 
or gas-filled type, it is the safe top 
value voltage to prevent arc-back in the 
tube when operating within a specified 
temperature range. Referring to Fig. 
21-11A, when plate A of a full-wave 
rectifier tube is positive, current flows 
from A to C, but not from B to C, be-
cause B is negative. At the instant plate 
A is positive, the filament is positive 
with respect to plate B. The voltage be-
tween the positive filament and the 
negative plate B is in inverse relation 
to voltage causing the current flow. The 
peak value of this voltage is limited by 
the resistance and nature of the path 
between plate B and the filament. The 
maximum value of voltage between 
these points, at which there-is no danger 
of breakdown, is termed • maximum 
peak-inverse voltage. 
The relationship between peak-in-

verse voltage, rms value of • ac input 
voltage, and de output voltage depends 
largely on the individual characteristics 
of the rectifier circuit. Line surges, or 
any other transient or waveform distor-
tion, may raise the actual peak. voltage 
to a value higher than that calculated 

LINE 

0 

for a sine-wave voltage. Therefore, the 
actual inverse voltage (and not the cal-
culated value) should be such as not to 
exceed the rated maximum peak-in-
verse voltage for a given rectifier tube. 
A peak-reading meter or oscilloscope 
is useful in determining the actual 
peak-inverse voltage. 

For single-phase, full-wave circuits 
with a sine-wave input and no capaci-
tance at the input Öf the filter section, 
the . peak-inverse voltage is approxi-
mately 1.4 times the rills value of the 
plate voltage. For a single half-wave 
circuit, with a capacitor input to the 
filter section, the peak inverse voltage 
may reach 2.8 times the rins value of 
the plate voltage. The same reasoning 
holds true for either vacuum tubes or 
semiconductor-type rectifiers. 
When designing rectifier circuits em-

ploying either tubes or solid-state de-
vices, several factors must be taken 

02 

Fig. 21-11B. Full-wave rectier circuit 
using solid-state rectifiers. 

into consideration. They are: de load 
current; de load voltage; peak-inverse 
voltage; maximum ambient tempera-
ture; cooling requirements; and over-
load current. Assume that a full-wave 
rectifier using silicon diode rectifiers is 
to be designed (Fig. 21-11B). The dc 
load voltage EDC under load is 250 volts 
at 150 milliamperes. The first step is to 
determine the current per rectifier, in 
terms of a half-wave recitifier. 

Ioq = K2 Ile 

where, 
is the equivalent current of a half-
wave rectifier, 

K2 is a constant, 
L. is the rectified ac current. 

The value for K, is taken from column 
5 for a half-wave rectifier (Fig. 21-11C). 
Inserting this factor into the equation, 
the current is 

= 0.5 X 0.150 = 75 milliamperes 

Fig. 21-11A. Full-wave rectifier circuit 
using a vacuum tube 

This is the current the rectifier must 
carry as a half-wave rectifier. Next, the 
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Fig. 21-11C. Basic rectifier circuits using a resistive load. 

ac voltage required from the trans-
former is determined: 

Esc = 1.11 X 250 =. .277.5 volts rms 

This is the voltaOE ge as measured from 
each side of the transformer center tap; 

EAc = Ki EDC the total voltage across the secondary 
• is 555 volts rms. 

where Esc is the transformer voltage, The peak inverse voltage is: 
and K, is a constant from column 4 for a 
half-wave rectifier (Fig. 21-11C). PIV = K3 EAC 
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PEAK INVERSE VOLTAGE PER RECTIFIER 
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Fig. 21-11D. Reverse-voltage character-
istics of two diode rectifiers connected 

in series. 

The value for K. is taken from column 
6 and equals 2.828; therefore, 

PIV = 2.828 X 277.5 = 784 volts rms. 

A manufacturer's catalog can be con-
sulted to find a diode rectifier with a 
PIV rating of 780 volts or greater, at a 
current of 75 milliamperes. A good 
selection would be a diode with a PIV 
rating of 900 volts and capable of carry-
ing 100 milliamperes or more. If the 
rectifier diode is to carry several am-
peres, it must be mounted on a heat 
sink, otherwise it will be severely dam-
aged within the first few seconds of 
operation. If a diode with the required 
PIV rating is not available, two or more 
diodes may be connected in series to 
obtain the desired PIV rating. An ex-
ample would be two units each having 
a PIV rating of 400 volts at 75 milli-
amperes connected in series. PIV rat-
ings of unequal values may be used, 
provided the lowest rating is greater 
than half of the total PIV rating needed. 

RI DI 

Fig. 21-11E. Parallel operation of di-
odes. Small resistors are connected in 
series with each diode to balance the 

current through each unit. 

If the units have different reverse 
characteristics, the division of inverse 
voltage between the rectifiers will occur 
according to their individual reverse 
current-voltage curves, and the value 
of constant reverse current will be in 
relation to the magnitude of the inverse 
voltage. For example, if two rectifiers 
are connected in series, and a PIV of 
375 volts is applied, the voltage will 
divide with a ratio of 75 volts to 300 
volts, as shown in Fig. 21-11D. By in-
creasing the PIV to 600 volts, the vol-
tage divides to 175 volts and 425 volts, 
according to the reverse-current flow-
ing and rectifier 1 in an avalanche 
condition. Rectifier 2 will overheat 
which, in turn, will increase its reverse 
current, as shown by the dashed line. 
The reverse current now shifts, and a 
new division of the applied inverse 
voltage of a ratio of 250 volts to 350 
volts takes place. Because of the action 
described above, any number of recti-
fiers can be connected in series. 

Parallel operation of rectifiers is also 
possible to obtain higher current rat-
ings. However, because of a possible 
unbalance between the units due to the 
forward voltage drop and effective 
series resistance, one unit may carry 
more current than the other and could 
conceivably fail. To prevent this, small 
resistances are connected in series with 
each individual diode to balance the 
load currents (Fig. 21-11E). (See Ques-
tion 21.91.) 

21.12 What is hot switching cur-
rent?—The transient current that flows 
in a rectifier tube when the equipment 
is switched off and then on again before 
the cathode temperature has decreased 
by an appreciable amount. The tran-
sient current is large if the first filter 
capacitor is in a discharged condition 
when the supply voltage is reapplied. 

If the supply voltage is at peak value 
when the power is switched on, the 
largest transient current will flow be-
tween the cathode and plate of the 
rectifier. Under these conditions, a con-
siderable amount of active material may 
be removed from the cathode; and the 
emission and life of the tube will be 
reduced. 

21.13 What is a choke-input filter 
system?—A rectifier circuit which em-
ploys a choke at the input of the filter 
system rather than a capacitor, as 
shown in Fig. 21-13. Although the out-
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Fig. 21-13. Choke-input filter. 

put voltage from this type filter is 
lower, the voltage regulation is better. 

In an LC-type filter section, the in-
ductive reactance of the choke tends to 
oppose any change in the current flow-
ing through the winding. Therefore, it 
has a smoothing action on the pulsating 
current of the rectifier. The capacitor at 
the output of the choke stores and re-
leases electrical energy, thus also 
smoothing out the ripple voltage. The 
result is a fairly smooth output current. 
Adding a second filter section results 
in a steady de current. The choke-type 
filter has another advantage in that its 
low de resistance induces only a small 
voltage drop across its winding, which 
becomes quite important at heavy load 
currents. 

21.14 Describe a swinging choke 
and how it functions.—A swinging choke 
is used in the first filter section of a 
power supply having a wide range of 
load current. The choke is designed so 
that its inductance varies inversely with 
the load current. The core has little or 
no air gap, which permits it to saturate 
at high current, thus decreasing its in-
ductance. The important points of its 
construction are the inductance, the 
core gap, and the de resistance. 

Because the inductance of the choke 
varies with the load currents flowing 
through it, the inductance falls very 
sharply when the current becomes high 
enough to saturate the core. Therefore, 
a point of critical inductance is reached 
for each change of load current. As the 
load current changes, it is essential 
that the choke have a critical induc-
tance at both the minimum and maxi-
mum load currents. If not, the reactance 
of the choke will be such that at some 
operating points, it has little effect and 
the rectifier will see only the capacitor 
at the output of the choke, which now 
behaves similarly to a capacitor-input 
filter section. This will cause a rise of 
voltage, and the regulation becomes 
quite poor. 

To determine the critical inductance, 
the load resistance must be calculated. 
Assume that a power supply is to de-

liver 400 volts at 100 milliamperes, and 
the dc resistance of the swinging choke 
is 200 ohms. The load resistance will be: 

400 
200 = 4200 ohms 

0.100 

Assuming that the load current falls to 
40 milliamperes, the load resistance 
then becomes 

400 
200 = 10,200 ohms 

The critical inductance then becomes 
approximately: 

Load resistance 
1000 

For the above example, the critical in-
ductance at full-load current is 4 hen-
ries, and 10 henries at minimum-load 
current. The optimum inductance is 
twice the value of the critical induc-
tance. Using the above information, a 
swinging choke of 8 to 20 henries at 100 
milliamperes is required. 

21.15 Describe a capacitor-input fil-
ter section.—It is a power supply em-
ploying a capacitor at the input to the 
first filter section (Fig. 21-15). Such 
rectifier circuits have a higher output 
voltage than one using the choke input 
filter (Fig. 21-13). The higher voltage is 
due to the peak value of the rectifier 
output voltage appearing across the 
input filter. As the rectified ac pulses 
from the rectifier are applied across 
capacitor Cl, the voltage across the 
capacitor rises nearly as fast as does 
the pulse. As the rectifier output drops, 
the voltage across the capacitor does not 
fall to zero, but gradually diminishes 
until another pulse from the rectifier is 
applied to it. It again charges to the 
peak voltage. The capacitor may be 
considered as a storage tank, storing up 
energy to the load between pulses. In a 
half-wave rectifier, this action occurs 
60 times per second, and for a full-wave 
rectifier, it occurs 120 times per second. 

For a single-phase circuit with a 
sine-wave input and no capacitor across 
the output, the peak-inverse voltage at 
the rectifier is 1.414 times the rrns value 

RECTIFIED 
• AC 

Fig. 21-15. Capacitor-input filter. 
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of the voltage applied to the rectifier. 
In single-phase, half-wave circuits with 
sine-wave input and with a capacitor 
input to the filter, the peak-inverse 
voltage may reach 2.8 times the rms 
value of the applied voltage. This data 
may be obtained by referring to the 
tables in Fig. 21-91. 

Under certain conditions of usage, 
advantage is taken of the fact that the 
value of the input capacitance will con-
trol the value of the voltage at the out-
put of the filter section. As a rule, the 
value of the input capacitor is on the 
order of 20 to 40 F. Using a value of 
from 1 to 8 µF for the input capacitance 
will permit the output voltage to be 
adjusted to a given value. However, this 
type of design affects the regulation 
and is not recommended unless the load 
demands are small and constant. A 
capacitor-input filter section does not 
have as good a regulation as the choke 
input, but it does have the advantage 
of a higher voltage output. 

21.16 Describe a resistance-capaci-
tance (RC) filter system.—It is a filter 
network employing a capacitor and re-
sistor rather than an inductance and 
capacitor (Fig. 21-16). The advantage 
of such a filter is its low cost, weight, 
and reduction of magnetic fields. The 
disadvantage of such a filter is that the 
series resistance induces a voltage drop 
which could be detrimental to the cir-
cuit operation. An RC filter system is 
generally used only where the current 
demands are low. RC filters are not as 
efficient as the LC type, and they may 
require two or more sections to provide 
sufficient filtering. 
A rule-of-thumb design for RC 

filters is to first determine the value of 
the series resistance, based on the load 
current through the resistor. Capacitors 
are then selected that oiler a low im-
pedance at the power supply ripple fre-
quency. Thus, a small power supply 
may use a 250- to 1000-ohm series re-
sistor, and capacitors of from 40 to 100 
F. For a low-voltage power supply of 

30 volts, two filter sections using 1500 
la' capacitors could be used. The 

Fig. 21-16. Resistance-capacitance 
ter. 

portant point to remember in the use of 
RC filter sections is that the voltage at 
the rectifier must be increased suffici-
ently to compensate for the voltage drop 
induced by the series resistance, for a 
given voltage at the output of the filter 
section. 

21.17 How is the voltage rating for 
an input filter capacitor calculated?— 
When a conventional de voltmeter is 
connected across the unfiltered output 
of a rectifier tube, the voltage read will 
be the average voltage. As an' example, 
assume a dc voltmeter is connected 
across the output of a half-wave recti-
fier as shown in Fig. 21-17. Because of 
the inertia of the meter pointer move-
ment, the meter does not respond to the 
rapidly changing pulses of the half-
wave rectified current but acts as a 
mechanical integrator. The pointer will 
be displaced an amount proportional to 
the time average of the applied voltage 
waveform. If the secondary voltage of 
the transformer is, say, 350 volts rms, 
the peak voltage will be: • 

350 x 1.414 or 494.9 volts. 

The average voltage, as read by the dc 
voltmeter, will be: 

1 x Epoot  
EAT = 

1 
= 3.141 x 494.9 

= 157.37 yolts. 

For a full-wave rectifier circuit, the 
average voltage at the output of the 
rectifier will be double that of the half-
wave rectifier (assuming each half of 
the transformer is equal tó. the voltage 
of the half-wave transformer second-
ary) because there are two pulses of 
rectified current per cycle instead of 

A  A A 

CC 
VOLTMETER 

Fig. 21-17. Measurement of average rms 
voltage across the output of o half-wave 

fil- - rectifier. Waveform shows half-wave 
pulses of current. 
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one. This is approximately 90 percent 
of the rims voltage. Therefore, if the 
voltage rating of the capacitor is based 
on a measurement made by a de volt-
meter, it will be in error. The voltage 
rating must be calculated and deter-
mined by mathematically calculating 
the peak value of the voltage appliedio 
the rectifier tube. The voltage rating of 
the capacitor must be greater than the 
peak voltage at the output of the recti-
fier tube. 

In actual practice, a voltage drop 
takes place internally within the tube. 
For mercury-vapor tubes and others of 
similar design, this drop may be only 
a few volts. For a high-vacuum rectifier 
tube, the internal resistance is in the 
order of 75 to 125 ohms. This is taken 
into consideration when specifying the 
voltage rating of the capacitor. 

If the voltage at the output of the 
rectifier tube is too high for the con- • 
ventional electrolytic capacitor, two ca-
pacitors may be connected in series. 
(See Questions 21.46 and 21.67.) 
21./8 Can solid-state rectifiers be 

directly substituted by a vacuum-tube 
rectifier?—YeS, providing that the rms 
voltage, current and PIV ratings are 
observed. Commercial plug-in units are 
available to cover most situations. 

21.19 What precautions must be 
taken in the selection of a filter choke? 
—Filter chokes should be selected for 
the lowest possible dc resistance com-
mensurate with the value of inductance. 
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To prevent saturating the core, the cur-
rent rating should be at least 25 percent 
higher than the maximum current de-
manded through the choke. If the choke 
is to be placed near equipment that may 
be affected by the de magnetization of 
the core or ripple voltage, a moderate 
shield should be included. It may also 
be necessary to orientate the core in 
relation to other devices, to reduce the 
possibility of hum pickup by other com-
ponents. (See Question 21.20.) 

21.20 What effect is noted when a 
filter choke is overloaded?—When the 
direct-current rating of a filter choke 
is exceeded, the core becomes saturated, 
which reduces the inductance and, in 
turn, reduces the filtering action of the 
choke. Under these conditions, the rip-
ple voltage will rise to a value that may 
render the supply useless. 

21.21 What is ripple voltage?—The 
alternating component (ac) in the de 
output voltage of a rectifier-type power 
supply. The frequency of the ripple 
voltage will depend on the line fre-
quency and the configuration of the 
rectifier. The effectiveness of the filter 
system is a function of the load current 
and the values of the filter components. 
(See Question 21.28.) 

21.22 How is the ripple voltage of 
the first capacitor in a full-wove 60-Hz 
rectifier calculated?—For currents be-
tween 10 and 100 milliamperes, with an 
input capacitor of 1 to 32 µF the ripple 
voltage may be calculated: 

2 

.2 .4.6 2 4 6 10 20 40 60 100 200 400 1000 

MILLIAMPERES - DC 

Fig. 21-22A. Percent ripple voltage across the first filter capacitor in a full-wave 
rectifier using 60 Hz. 
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voltage across the first filter capacitor in a half-wave 
rectifier using 60 Hz. 

where, 

Es is the ripple voltage, 
Inc is the de current through the 

rectifier in milliamperes, 
CI is the value of the input capacitor 

in microfarads. 

For a half-wave rectifier, the formula 
becomes: 

4Ioc 
— 
C1 

with the symbols having the same 
meanings. 
The foregoing formulas will only hold 
true for ripple percentages up to about 
10 percent, for currents of 10 to 100 mA 
and input capacitors between 1 and 32 
F. Percentage ripple may be read di-

rectly, for full- and half-wave rectifiers, 
from the graphs in Figs. 21-22A and B. 

21.23 How may the ripple of a de 
generator commutator be eliminated?— 
By the use of one or more sections of 
filtering similar to those used in recti-
fier circuits. The design of the filter 
sections will depend on the number of 
commutator bars and the rotational 
speed of the machine. Filter sections 
may be designed by the use of the 
formulas given in Section 7. Noise filters 
are described in Section 3. 

21.24 What is the ripple percentage 
for a 60-F Ix full-wave and half-wave rec-
tified—The ripple percentage at the 
output of a full-wave rectifier is 66 per-

200 400 1000 

cent, with a ripple frequency of 120 Hz. 
For a half-wave rectifier, the percentage 
ripple is 157 percent, with a ripple fre-
quency of 60 Hz. The percentage ripple 
for a given filter section may be ap-
proximated: 

100 
% = — 

LC 
where, 

L is the inductance of the filter choke 
in henries, 

C is the capacitance in mkrofarads. 

The measurement of power-supply 
ripple is discussed in Question 23.163. 

21.25 How is ripple voltage con-
verted to decibels below the maximum 
dc output voltage?---By the following 
formula: 

where, 

Epc is the maximum de output voltage 
under full load, 

EAC is the ripple voltage at the output 
under full load. 

E 
dB = 20 Logio po„-.-, 

.CM0 

A high-quality, unregulated, high-volt-
age power supply will have a ripple 
voltage about 80 to 100 dB below the 
de voltage. A regulated power supply 
will have a ripple voltage between 100 
and 120 dB below the output voltage. 
These measurements are made with the 
rated de voltage and load current at 
the output. 

Direct-current power supplies used 
for heater circuits should have a ripple 
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Fig. 21-26A. Combination power supply 
using a common power transformer for 

two full-wave rectifier sections. 

voltage 50 to 80 dB below the maximum 
output voltage. 

21.26 What is a combination power 
supply?—A power supply using a single 
power transformer serving as a voltage 
source for more than one rectifier sec-
tion. 

In Fig. 21-26A is shown a single 
power supply serving two full-wave, 
high-voltage sections. In Fig. 21-26B, 
a single power transformer serves a 
full-wave and a half-wave rectifier. 
This is a very common type of rectifier 
circuit and is used mainly in oscil-
loscopes. It will be noted that the high-
voltage output is negative with respect 
to ground. 

In Fig. 21-26C is shown a dual power 
supply employing a full-wave rectifier 
circuit using two diodes. Two com-
pletely separate filter sections, consist-

Fig. 21-268. Combination 
power supply as generally 
found in an oscilloscope. A 
single transformer supplies 
both a full- and a half-wave 

rectifier tube. 

DI 

+ HIGH CURRENT 

INTERMEDIATE 
+ CURRENT 

LOW-LEVEL STAGES 
+ LOW CURRENT 

Fig. 21-27. Graded power supply filter. 
Circuits such as push-pull stage may be 
taken off at the input to the LC filter 
section. Lower current stages are taken 
off at the output of the LC section and 

the RC section. 

ing of an IC network and an RC net-
work are connected at the output of 
diodes D1 and D2. Filter capacitors Cl 
through C6 are all returned to a com-
mon ground. 

2/.27 Describe a graded filter sys-
tem.—A graded filter system generally 
consists of two or more filter sections, 
as given in Fig. 21-27. Here, the filter 
sections consist of an input capacitor 
Cl and a low-pass filter section LI and 
C2, and an RC section composed of R1 
and C3. The filter sections shown are 
typical as found in many medium power 
vacuum-tube amplifiers operating in 
conjunction with several intermediate 
and low-level high-gain stages. 

It will be observed that because the 
push-pull stage draws considerably 
more current than the other stages, it is 
connected at the output of the rectifier 
to eliminate the voltage drop caused by 
the filter sections. This permits a fairly 
high inductance to be used in the first 
filter section. 

LI 
RI 

o. o o 

vvv ..-r--vv,73 
ci I 

,-1 —. 

.3 _i_ . -- D2 
c> 

W• 

C4 
L2 _.... C5 R2 Ce • T. 

f (} 

Fig. 21-26C. Dual power supply using two filter sections from one power supply. 
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Since a push-pull stage is balanced 
and the inductance of the average push-
pull output transformer is on the order 
of 50 henries, the windings present a 
high inductive reactance to the power-
supply ripple voltages, thus aiding in 
the filtering of the ripple frequencies. 

2/.28. What are the ripple frequen-
cies for single- and three-phase rectifier 
circuits?—The frequency of the ripple 
voltage is dependent on the type and 
frequency of the line voltage and on 
whether the rectifier circuit is of half-
or full-wave character. For single-
phase operation, the ripple frequencies 
are as follows: 

Line Freq. 

60 Hz 
50 Hz 
25 Hz 

SINGLE-PHASE 

Full-Wave 

120 Hz 
100 Hz 
50 Hz 

Half-Wave 

60 Hz 
50 Hz 
25 Hz 

For a three-phase wye-connected 
circuit, the ripple frequency is 180 Hz. 
For a bridge circuit, a 6-phase (3-phase 
diametric) star-connection, and a three-
phase double-wye circuit, the ripple 
frequency is 360 Hz. (See Questions 
8.22 and 21.91.) 

21.29 What are the static charac-
teristics of a power supply?—The volt-
age characteristics when a constant load 
is being supplied or when steady-state 
conditions exist, as shown in Fig. 21-29. 
It will be noted that the output voltage 
drops steadily as the load current is in-
creased. 

21.30 What are the dynamic char-
acteristics of a power supply?—The volt-
age characteristics that exist when a 
varying load is being supplied. This 
measurement is made by connecting an 
oscilloscope across the de terminals of 
the power supply and noting the char-
acter of the de voltage as the load is 
suddenly applied and removed. Typical 

50 100 150 200 
DC OUTPUT CURRENT IN MILLIAMPERES 

Fig. 21-29. Static characteristics of a 
nonregulated power supply. 

i-
z 500 a. 
t-
= 
o 
250 in 

e-
-I 
0 
> 0 

TIME 

Fig. 21-30. Dynamic characteristics of a 
nonreguloted power supply, showing os-
cillation caused by variation in load 
current from a small load to a full load. 

characteristics for a power supply with 
poor regulation are shown in Fig. 21-30. 

21.31 Is it permissible to connect 
rectifier tubes in parallel?—Yes, if they 
have the same characteristics. This is 
often done in power supplies to increase 
the output current. 
When paralleling mercury-vapor 

tubes, a resistor of 10 to 50 ohms must 
be connected in the plate circuit of each 
tube to balance the current distribution. 
Two rectifiers connected in parallel 
double the output current for the same 
input voltage. The internal voltage drop 
is halved. 

21.32 Describe a feedthrough filter 
system. — A feedthrough filter system 
generally consists of two conventional 
RC filter sections, and a third section 
containing a potentiometer used to null 
the ripple frequencies by a method of 
cancellation (Fig. 21-32A). The ripple 
voltage taken from the rectifier through 
resistor R3 is out of phase with the volt-
age appearing at the output of the first 
two filter sections. By applying the rip-
ple voltage to a third section in the 
manner shown, a cancellation of the 
ripple is effected. The value of resistor 
R3 is approximately 10 times the total 
series resistance of R1 and R2. The rip-
ple frequency is nulled by connecting 
an ac vacuum-tube voltmeter across the 

X TIMES RI + R2 

R3 

Fig. 21-32A. RC filter sections using a 
feedthrough resistance to null hum fre-

quencies by cancellation method. 
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Fig. 21-32B. LC and RC filter sections 
using a feedthrough resistance to null 

hum frequencies. 

output of the power supply and adjust-
ing potentiometer Pl. 

This method of cancellation of ripple 
frequencies can also be used with a 
combination LC and RC filter systems, 
as shown in Fig. 21-32B. In this in-
stance, the value of feedthrough resistor 
R2 is approximately 10 tiznes the total 
series resistance of Li and Rl. 

Cancellation of the higher harmonics 
of the fundamental ripple frequency is 
not quite as good in the RC-type filter 

as for the LC type; however, in equip-
ment where ripple is not too important, 
the feedthrough method offers a con-
venient means of reducing the ripple 
frequency. 

21.33 What is a two-section filter? 
—It is as shown in Fig. 21-33. A capaci-
tor may be connected across the input, 
if desired. 

2/.34 What is a combination RC 
and L filtert—A resistance-coupled fil-

ter connected to a choke and capacitor, 
as shown in Fig. 21-34. 

21.35 What is a tuned filter sys-
tenet—As shown in Fig. 21-35. The ca-
pacitor Cl and the choke Li form a 

Fig. 21-33. Two-stage filter consisting 
of L and C with choke input. Input ca-

pacitor may be used if desired. 

Fig. 21-34. Combination L and RC filter, 
using choke input. 

resonant circuit which is tuned to the 
second harmonic frequency of the rec-
tifier circuit. For a 60-Hz full-wave rec-
tifier, the resonant frequency is 120 Hz. 
To eliminate the higher harmonics, a 

second section should be used as shown. 
A second tuned filter is shown in Fig. 

21-35B and consists of a series-resonant 
circuit, Li and C2, with a parallel-tuned 
circuit 12-C1 in series with the high 
potential. The filter sections for a half-
wave rectifier are tuned to a frequency 
of 60 Hz; a full-wave rectifier to 120 Hz. 

21.36 What is a bleeder resistance? 
—A resistance connected across the dc 
output of a power supply as shown in 
Fig. 21-36. The bleeder functions to 
protect the filter capacitors when the 

Fig. 21-35A. Tuned or hum-bucking fil-
ter LI followed by a single-section filter 
L2. For a 60-Hz line supply voltage and 
a full-wave rectifier, LI and Cl are res-

onated to 120 Hz. 

Fig. 21-35B. Tuned filter section using 
both series- and parallel-tuned circuits. 

Fig. 21-36. Power supply with bleeder 
resistance across the output. 
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load is removed and also to drain off 
the charge from the filter capacitors 
when the power supply is shut off. If 
the bleeder resistor is of the correct 
value, it will tend to improve the volt-
age regulation. 

The current taken by a bleeder resis-
tor is generally in the order of 10 per-
cent of the total load current. Bleeder 
resistors are only used with unregulated 
power supplies. 

21.37 What is a voltage-divider re-
sistance?—A resistor or a series of re-
sistors connected across the output of 
a power supply. The voltage divider 
provides a means of reducing the volt-
age at the output of the supply to vari-
ous values, as shown in Fig. 21-38. 

21.38 How are the resistance values 
for a voltage-divider network calculated? 
—Two types of voltage dividers are in 
common use, the shunt and the series 
types. In Fig. 21-38 is shown a shunt 
type designed to supply three different 
voltages to external devices. The upper 
circuit supplies 75 milliamperes at 400 
volts, the second circuit supplies 30 
milliamperes at 250 volts, and the third 
circuit supplies 15 milliamperes at 150 
volts. All circuits are common to 
ground. 

The total current required is the 
total current of the three external cir-
cuits, or 120 milliamperes, plus an addi-
tional current called the bleeder cur-
rent. This bleeder current flows only 
through the resistors and not through 
the external circuits and is generally 
10 percent of the total current. For this 
illustration, the bleeder current is 12 
milliamperes, making a grand total of 
132 milliamperes. 

Resistor R3 is calculated first. Be-
cause only bleeder current flows through 
this resistor, it may be calculated: 

400V 75mA 

DC FROM 
POWER 100V 
SUPPLY 

E 
R3 = y 

150 
= 0.012 

= 12,500 ohms. 
where, 
E is the voltage across R3, 
I is the bleeder current. 

The voltage at the top of R2 is 250 volts 
to ground. Subtracting the voltage drop 
across R3 results in a voltage across R2 
of 100 volts. The current through R2 is 
the current of load 3 plus the bleeder 
current, or a total of 27 milliamperes. 
Therefore: 

E 
R2 =•-i 

100 
= 0.027 

= 3710 ohms. 

Resistor 111 has the current of loads 2 
and 3 plus the bleeder current flowing 
through it, making a total current of 
57 milliamperes. Therefore: 

E 
R1 = 

150 
= 0.057 

= 2630 ohms. 

The current of load 1 does not flow 
through any part of the voltage divider 
system; therefore, it requires no further 
considerations. 

21.39 How is the wattage rating for 
the voltage-divider resistors in Fig. 
21-38 calculated? 

EOE 
Watts = PR or — 

R 
where, 
I is the total current through the 

resistor, 

Fig. 21-38. Shunt type voltage-
divider system showing the cur-
rent flow in the various 

branches. 
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Fig. 21-40. Series type voltage-
divider system showing the cur-
rent flow in the various 

branches. 

DC AT OUTPUT 
OF POWER 
SUPPLY 

R is the value of the resistance in 
ohms, 

E is the voltage drop across the re-
sistor. 

As a safety factor and if practicable, the 
wattage rating of the resistor is doubled 
over that actually calculated. 

21.40 What is a series voltage-
divider system?—It is as shown in Fig. 
21-40. In this system of voltage division, 
the resistors are connected in series 
with the particular load they feed. The 
resistors are calculated by means of 
the simple Ohm's law (R E/I). The 
wattage is computed as described in 
Question 21.39. 

Generally, when a series-resistance 
voltage divider is used, a separate 
bleeder resistor is also used to secure 
better regulation. 

21.41 Should the various sections 
of a voltage-divider system be bypassed? 
—Yes, each section should have a sepa-
rate bypass capacitor of 10 µF or more 
to ground. The bypass capacitors stabi-
lize and improve the filtering. This is 
particularly true for the series type 
voltage divider. 

2/.42 What type power supply is 
the easiest to filter, a 60 Hz or a 400 
HEP—The 400 Hz, because the higher 
the frequency the easier it is to filter. 

21.43 What is a transformerless 
power supply?—This term refers to a 
power supply that does not use a power 
transformer. The 115-volt ac power 
line is connected directly to the rectifier 
system. This type power supply is 
dangerous to both operating personnel 
and to grounded equipment. Also, 
power supplies of this type will cause 
hum problems that can only be solved 
by the use of an isolating transformer 
between the line and power supply. 

21.44 What is the purpose of a 
static shield in a power transformer?— 
See Question 8.12. 

21.45 What is the purpose of con-
necting capacitors to ground across the 

400V 132mA 

(a) Single capaci-
tor connected from 
hot side of line to 

ground. 

BLEEDER 
1.12mA 

(b) Capacitors are 
connected from 
both sides of the 
line to ground. 

Fig. 21-45. Noise-filter capacitors con-
nected across the primary of a power 
transformer to prevent line noises and 
radio signals from entering the power 

supply. 

primary winding of a power transformer? 
—To provide a low-impedance path to 
ground for line noises and radio signals, 
thus preventing their entry into the 
power supply and subsequent transmis-
sion to external equipment. 
As a rule, the capacitors need not be 

larger than 0.05 µF. Fig. 21-45 shows 
their proper connection. 

2/.46 May electrolytic capacitors 
be connected in series in the filter sys-
tem of a power supply?—Yes; however, 
it is good practice to shunt each capaci-
tor with a resistor to equalize the volt-
age drop across each capacitor. This is 
necessary, because as electrolytic capac-
itors age, their internal resistance in-
creases. The resistors must be of equal 
value if the capacitors are of equal 
voltage rating. 

Fig. 21-46. Capacitors connected in se-
ries across the output of a rectifier to 
increase the voltage rating. 100,000-
ohm resistors are connected in parallel 
with the capacitors to equalize the volt-

age across the capacitors. 
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In Fig. 21-46, two 40-µF capacitors 
are shown connected in series across 
the input of a 700-volt power supply, 
with each capacitor shunted by a 
100,000-ohm resistor. The voltage rating 
of each capacitor is 450 volts; thus, the 
two in series have a voltage rating of 
900 volts. The voltage drop across each 
capacitor is 350 volts. The total capacity 
in the circuit is 20 F. 

21.47 Define the internal impedance 
of a power supply and its measurements. 
—The internal output impedance of a 
power supply is the impedance pre-
sented to the equipment receiving the 
power-supply voltage. In operation of 
many devices, it is necessary that the 
internat power-supply impedance be as 
near to zero as possible. Since most load 
devices consist of both passive and ac-
tive elements, the current drawn from 
the supply consists of an ac component 
superimposed on the de output of the 
supply. This ac component is generally 
of a nonsinusoidal nature. For the pur-
pose of explanation of how constant the 
output voltage of a power supply can 
remain in spite of load variations, it be-
comes useful to specify the output im-
pedance in ohms over a wide range of 
frequencies. Power-supply output im-
pedance may be defined: 

7 E.. 
o 

where, 

E.. is the sinusoidal voltage across 
the power-supply terminals as a re-
sult of the sinusoidal current L. 
flowing through a series loop con-
sisting of the power supply and load 
equipment. 

To measure the output impedance of 
a power supply at any frequency, it is 
necessary to draw a sinusoidal current 
from the power surlily and measure the 

ERI 

POWER SUPPLY 
RI CI 

OSCILLOSCOPE 

ac component of the voltage which re-
suits across the output terminals. Di-
viding this ac voltage by the ac com-
ponent of the load current yields the 
output impedance at a frequency of the 
sine-wave load. A circuit for the mea-
surement of the ac output impedance is 
given in Fig. 21-47. A signal current L. 
is caused to flow through the output 
terminals of the power supply and a 
current-monitoring resistor R1 in series. 
The output impedance is then: 

Emit 
D OE Zo•t = Lin 

EMI 

where, 
E... is the superimposed sinusoidal 

voltage, 
I.. is the sinusoidal current, 
R1 is the series resistor. 

Several precautions must be taken to 
assure the accuracy of the measure-
ments. Because the internal impedance 
of the power supply at the lower fre-
quencies is quite low, an oscillator can-
not generally be connected directly to 
the output terminals of the power sup-
ply, as a considerable magnitude of sig-
nal level is required. Therefore, an am-
plifier with a low-impedance output of 
2 to 4 ohms and driven by an oscillator 
is used to supply the signal voltage It 
is also necessary to insert a blocking 
capacitor between the output of the 
amplifier and the power supply to pre-
vent the flow of de back through the 
amplifier output transformer. Loading 
resistor RE. is provided to supply proper 
de loading. Since RE, is of greater value 
than Z., it has no effect on the measure-
ment of Z.. 

Since the ac impedance of the power 
supply is quite low, the output of the 
amplifier may be mismatched, causing 
considerable distortion of the sine-wave 

IAC 

POWER 
AMPLIFIER 

OSCILLATOR 

Fig. 21:47. Circuit used for measuring the internal ac output impedance of a dc 
power supply. 
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signal waveform. Harmonics of the dis-
torted waveform can cause a larger 
voltage drop across the power supply, 
due to the higher impedance at the 
higher frequencies. Therefore, a match-
ing resistor R2 may be required. At 
the low frequencies, the output imped-
ance of the power supply is low and the 
current required to obtain a readable 
voltage across the output termination 
may be very large (assuming a power 
supply impedance of 1 milliohm). To 
obtain a 1 millivolt signal for the os-
cilloscope, 1 ampere L. is required at 
the output. Therefore, a power amplifier 
with a low-output impedance is re-
quired to supply the sine-wave signal. 

Since the ac current required to gen-
erate a sufficient signal across the out-
put terminals is rather large, the power 
supply, if not properly dc loaded, is 
called upon to accept rather high values 
of current from the amplifier. However, 
a power supply is a unilateral device 
and conducts current in only one di-
rection. Any attempt to force current 
in the reverse direction results in the 
output capacitance of the power supply 
being charged to a voltage higher than 
the normal output voltage. Also, if too 
great a peak current is drawn from the 
supply, the current-limiting circuits 
may be activated. Therefore, both L. 
and L. must be correctly adjusted be-
fore proceeding with the measurements. 
The steps for the measurement are as 

follows: The value of load resistor R1. is 
so chosen that the current through it at 
the dc output voltage is equal to or 
greater than the peak value of the sig-
nal current L.. Also, the maximum in-
stantaneous sum of I.. and L. should be 
less than the rating of current-limiting 
device of the supply. An optimum value 
is about one-half the rated load current. 

R1 should be noninductive over the 
frequencies of interest, and its hot re-
sistance should be accurately known. 
Resistor R2 and the impedance of the 
electrolytic coupling capacitor Cl is 
the total impedance seen by the output 
of the amplifier and is equal to the 
nominal impedance of the amplifier out-
put. The value of Cl must be large 
enough so that at the lowest frequency 
of interest, its impedance will be small 
compared to the output impedance of 
the amplifier. 

It is essential that the voltage drop 
across resistor R1 be measured at its 

terminals, so as not to include any volt-
age drop across its connecting leads. 
This also holds true for the voltage 
measured at the output terminals of the 
power supply. The waveform shapes 
should be monitored for the presence of 
undue distortion across resistor R1 and 
the output of the supply unit. If a large 
60-Hz component appears across the 
output terminals,- it is indicative of a 
ground loop, which must be corrected 
before completing the measurement. 
The I.. should be held to a peak-to-
peak value of less than the current rat-
ing of the supply or to twice the dc 
current through resistor R1, whichever 
is smaller. Having satisfied the forego-
ing conditions, the output impedance 
may then be stated: 

E Z... = R1 ... LOE 
ralt1 

where, 
E.,it is the voltage across resistor RI., 
Eli, is the voltage drop across resistor 
Rl. (See Question 21.112.) 

2/.48 How do the internal imped-
ances of a constant-voltage and con-
stant-current power supply compare?— 
An ideal constant-voltage power supply 
would have zero impedance. A con-
stant-current supply would have infi-
nite impedance at all frequencies. How-
ever, these ideals are not achieved in 
a practical power-supply manufacture. 
The constant-voltage supply has a very 
low impedance at the lower frequencies, 
and the impedance rises with frequency. 
The constant-current supply has a 
rather high impedance at the lower fre-
quencies and decreases at the higher 
frequencies. (See Question 21.49.) 

21.49 What is the average internal 
output impedance for a regulated power 
supply? —For well-designed regulated 
power supplies, the internal output im-
pedance will range from 0.001 ohm to 32 
ohms for frequencies of dc to 1 mega-
hertz. The actual impedance is a func-
tion of the load and the type equipment 
being fed by the supply. However, the 
impedance of most high-quality sup-
plies ranges from 0.001 olun to 3 ohms. 
Such low internal impedance holds true 
for both high and low voltage, of either 
constant-current or constant-voltage 
design. 

21.50 How is the percent of regula-
tion calculated for a power supply? 
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EL 
Percent regulation = X 100 

where, 
ENL is the no-load voltage, 
EL is the voltage under full load. 

A typical regulation curve for an 80-
milliampere regulated power supply is 
shown in Fig. 21-50. 

o 20 BO 

Fig. 21-50. Regulation curve for an 80-
milliampere regulated power supply. 
Point A—no load. Point 8-20-milli-
ampere load. Point C-80-milliampere 
load (maximum). Point D—overload. 

21.51 What percent of ripple volt-
age is permissible for a given type of 
service? 

Radio receivers 0.05% 
High-quality amplifiers 0.01% or less 
Public-address amplifiers 0.1 to 1.0% 
Cathode-ray power supls. 0.5 to 1.0% 
Recording equipment 0.001 to 0.01% 

21.52 How does a bleeder resistor 
affect the regulation of an unregulated 
power supply?—Lowering the value of 
the bleeder resistance will improve the 
regulation at the expense of consuming 
more current. If the supply can assume 
a rather high bleeder current, better 
regulation is obtained, up to a point. 

21.53 What trouble is indicated if 
the plates of a rectifier tube glow red?— 
It is generally an indication of a shorted 
filter capacitor at the input of the filter 
system or an excessively high current 
drain. 

21.54 What does a blue glow be-
tween the plate and cathode of a recti-
fier tube indicate?—If the tube is not of 
the mercury-rectifier family, it indicates 
an excessive load is being drawn, or the 
tube is gassy. 

21.55 What is a cold-cathode recti-
fier power supplyt— A power supply 
using a cold-cathode-type rectifier tube. 
Such tubes require no heater elements. 
The cathode is caused to emit electrons 
by bombardment from ions from within 

the tube, when the high voltage is ap-
plied to the plate element. These tubes 
were generally used in automobile vi-
brator supplies to reduce battery drain. 
Tubes of this nature require a starting 
voltage of about 300 volts per plate and 
must be operated at a minimum cur-
rent of 30 milliampetes. A typical tube 
of this type is the OZ4A. 

21.56 What are the advantages of 
using a mercury-vapor-type rectifier 
tube?--The mercury tube has a lower 
internal resistance and therefore, a 
lower internal voltage drop which is 
important in high-current power-sup-
ply design. Fig. 21-56 shows how the 
internal voltage drop differs for a 
vacuum-type rectifier and a mercury 
rectifier. 

Fig. 21-56. The internal voltage drop of 
a mercury-vapor tube compared to a 

vacuum tube. 

The internal voltage drop for the 
vacuum-tube rectifier varies almost in 
direct proportion to the load, while the 
internal voltage drop for a mercury 
tube is practically independent of the 
load current, up to the point of over-
load. 

21.57 How can interference from 
mercury-vapor tubes be eliminated?— 
Mercury-vapor and gas-filled rectifiers 
occasionally produce a form of local in-
terference in radio equipment through 
direct radiation. This interference ap-
pears as a broadly tunable 120-Hz buzz 

RFC 

Fig. 21-57. Installation of capacitors 
across the power transformer secondary, 
and rodio-frequency chokes in the plate 
circuits to eliminate interference caused 

by mercury-vapor rectifier tubes. 
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(100 Hz for a 50-Hz line). This inter-
ference is caused by the formation of a 
steep wavefront at the positive half of 
each cycle of the ac supply voltage. 

Such interference can generally be 
eliminated by shielding the tube or by 
connecting a 1-millihenry rf choke in 
each plate line. The rf chokes must be 
placed inside the tube shielding. The 
capacitors must have a voltage rating 
of approximately 1.414 times the voltage 
appearing across the entire secondary 
winding. A typical circuit is shown in 
Fig. 21-57. (See Question 7.101.) 

21.58 Describe a Tungar rectifier 
power supply.—It is a power supply 
which uses Ttmgar rectifier tubes, man-
ufactured by General Electric. The 
Tungar bulb is basically a diode recti-
fier, consisting of two elements—a spiral 
tungsten wire serving as a filament and 
an anode made in the form of a carbon 
button. The glass envelope is filled at 
low pressure with argon gas, which is 
ionized by electrons from the filament 
and becomes the current carrier during 
rectification. As a result, the internal 
voltage drop is on the order of 6 to 8 
volts. For the 6-ampere bulb, the fila-
ment requires 2.2 volts at 18 amperes 
and an anode potential of 60 volts. The 
bulb is mounted on a mogul screw-type 
lamp base. Such rectifiers are generally 
used for battery charging and power 
supplies where the current drain is 
small. One-half-ampere bulbs are also 
available. Such supplies have now been 
replaced by solid-state devices. 

21.59 What is the effect of an elec-
trolytic filter capacitor having a high-
power factor?—Filtering efficiency is re-
duced and the internal leakage is in-
creased. Electrolytic capacitors should 
be removed when their power factor 
reaches an excessive value. In an ideal 
capacitor, the current would lead the 
voltage by 90 degrees. However, capaci-
tors are never ideal, as a small amount 
of leakage current always exists around 
the dielectric. Also, a certain amount of 
power is dissipated by the dielectric, 
the leads, and their connections. All this 
adds up to power loss. This power loss is 
termed phase difference and is ex-
pressed in terms of power factor. The 
smaller the power factor value, the 
more effective is the capacitor. Since 
most service capacitor analyzers indi-
cate these losses directly in terms of 
power factor, capacitors with large 

power factors may be readily identified. 
Generally speaking, when an electro-
lytic capacitor reaches a power factor of 
15 percent, it should be replaced. How-
ever, the manufacturer's data sheet 
should be consulted before replacing 
certain types of electrolytic capacitors, 
as they may be designed to operate with 
a relatively high power factor. Filtering 
efficiency for different values of power 
factor can be read directly from the 
table given below. 

Power Filtering 
Factor Efficiency 

5 percent 0.999 
10 percent 0.995 
15 percent 0.989 
20 percent 0.980 
25 percent 0.968 
30 percent 0.955 
35 percent 0.935 
40 percent 0.915 
45 percent 0.895 
50 percent 0.857 
60 percent 0.800 
70 percent 0.715 
80 percent 0.600 
90 percent 0.436 

100 percent 0.000 

21.60 What is a current-limiting re-
sistor and its use?—A resistor connected 
in series with a rectifier element. It is 
used to prevent damage by limiting the 
in-rush current when the rectifier is 
first energized before the load current 
becomes normal. 

21.61 What is an interlock switch 
in a power supply?—A switch connected 
in the power-line leads of a power sup-
ply and actuated by the door or cover 
of the enclosure for the purpose of re-
moving the input power when the en-
closure is opened. It is required by 
Underwriters' Laboratories, Inc., for the 
safety of operating personnel. 

2/.62 Describe a high-voltage dy-
namic loudspeaker field-coil power sup-
ply.—A typical high-voltage dynamic 
loudspeaker field-coil power supply is 
shown in Fig. 21-62. In this type power 
supply, no filter system is used, as the 
field coil and filter capacitor constitute 
the filter. Resistor R1 is for adjusting 
the current through the coil, which is 
generally on the order of 100 to 150 
milliamperes. Low-voltage field-coil 
supplies are constructed along the same 
lines, except for the output voltages. 
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DI 

II7VAC 

SPEAKER 

FIELD COIL 

I100/150VDC @ 100/150mA 

Fig. 21-62. Field-coil power supply for 
electrodynamic loudspeaker. Power sup-
plies for low-voltage coils are similar ex-
cept for the output voltage and current 

demand. 

21.63 What are decoupling filter 
circuits?—They are generally RC cir-
cuits connected in the plate supply leads 
of an amplifier or oscillator circuit, to 
prevent interstage coupling through the 
impedance of the power-supply section. 
Decoupling circuits are discussed in 
Question 12.136. 

2/.64 Describe a low-voltage vac-
uum-tube heater power supply.—In Fig. 
21-64 is shown a low-voltage power 
supply suitable for vacuum-tube heater 
or filament operation and employing a 
full-wave bridge circuit, using diode 
rectifiers. 

The filter system consists of a two-
section RC filter network using* three 
1000-µF capacitors. The first resistance, 
R1, serves as both a voltage-adjusting 
resistor and as the first section of the 
RC filter network. The second resistor, 

R2, also serves as a filter section. In 
many instances only a single resistor, 
RI, and a single 1000-ILF capacitor, C2, 
will supply adequate filtering. 
The heaters or filaments are con-

nected in series across the output, with 
the lowest-level stages connected at the 
negative end or ground. This power 
supply is typical of those used in mag-
netic recorders to supply the heater cir-
cuits of the record and playback am-
plifiers. 

Applying direct current to the heat-
ers in the low-level stages of an ampli-
fier will result in a reduction of hum 
and noise of at least 20 dB compared to 
the use of ac on the heaters. 

Because of the series connection of 
the heater circuits, certain precautions 
must be taken to prevent damage to 
the heaters, if they are not all of the 
same current rating. If certain heaters 
draw less current than others in the 
string, equalizing resistors must be'con-
nected in shunt with these heaters to 
limit the current through them to its 
correct value. If this provision is not 
made, the heater or filament drawing 
the lowest current will be burned out 
because of the greater current drawn 
by the other heaters. (See Question 
21.65.) 

21.65 How are the shunt resistors 
for a series heater circuit calculated?— 
Referring to the circuit in Fig. 21-65, it 

Cs® 

OPTIONAL 

1000 
pF 

DC TO 
HEATERS 

V4 

V3 

V2 
- LEVEL 

STAGES 

Fig. 21-64. Low-voltage vacuum-tube filament or heater supply circuit, using a full-
wave bridge circuit with diode rectifier. 

I. GA 
E. 66.2V 
R-110 OHMS 

LINE VOLTAGE 
-117 VOLTS 

va Vs 
0.6A 0.150A 

E. 25.6V E.6.3V 

••••••  
I.0.450A 
E. 63V 
R. 14 OHMS 

50.8V 

V3 V4 
0.3A OSA 

E.6.3 V E. 63V 

Noe. 
a3A 

E-18.9V 
R.63 OHMS 

V5 
03A 
E.6.3V 

Fig. 21-65. Series-heater operation using shunt resistors across low-current heaters 
to equalize the current. 
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will be noted that the five tubes are 
connected in series. Three tubes draw 
300 milliamperes, one draws 600 milli-
amperes, and the other draws 150 milli-
amperes of current. 

Because the current is not the same 
for all heaters and they are in series, 
shunt resistors are required around 
certain heaters to carry the excessive 
current. The maximum current for this 
illustration is 600 milliamperes, the cur-
rent required for the heater of Vl. 

The first step is to calculate the line 
voltage dropping resistor Ri. Assuming 
the line voltage to be 117 volts, the volt-
age to be dropped across the resistor 
can be calculated as follows: 

ER = 117 [ (4 X 6.3) 25.6] 

= 117 — 50.8 

= 66.2 volts 

where, 
6.3 is the heater voltage of V2, V3, 
V4, and V5, 

25.6 is the heater voltage of Vl. 

The resistance of R1 is then calculated: 

R1 
662 
0.6 

= 110 ohms 
where, 

0.6 is the maximum current required. 

The wattage dissipated by R1 may be 
calculated: 

Watts = E X I 

= 662 x 0.6 

= 39.7 watts. 

For maximum safety, a resistor capable 
of dissipating at least 75 watts should 
be used. A good rule to follow is to dou-
ble the wattage rating of the resistor 
after calculating its wattage dissipation. 

INPUT 
31.4VDC ISAMP 
RIPPLE VOLTS 

3V !VP CO 120Hz 

The voltage drop across resistor R2 is 
the same as the drop across the tubes 
it shunts, or 18.9 volts (3 X 6.3). The 
current through R2 is the difference 
between the maximum current of the 
circuit (600 milliamperes for V1) and 
the current required by the tubes to 
be shunted. The excess 300 milliamperes 
is carried by resistor R2 around V3, V4, 
and V5, while R3 shunts 450 milliam-
peres around V2, which requires only 
150 milliamperes for its operation. 

Resistor R2 may be calculated: 

18.9 
R2 = u  

= 63 ohms. 

The dissipation of resistor R2 is 5.6 
watts. Resistor R3 is calculated in a 
similar manner. To simplify the prob-
lem, all voltages and currents are indi-
cated in the diagram of Fig. 21-65. The 
calculations are the same for either ac 
or de operation. 

21.66 Describe an electronic ripple 
filter.—Power supply ripple voltage can 
also be reduced by electronic means. It 
is not implied that the electronic 
method can replace the conventional LC 
or RC type filter. It is used to supple-
ment conventional filter systems, in or-
der to achieve exceptionally low values 
of ripple voltage. In using an electronic 
ripple filter, the ripple voltage applied 
to the electronic section cannot be more 
than 3 volts peak-to-peak. If this condi-
tion is met, the reduction of ripple volt-
age obtained with an electronic filter 
can be 250:1. If the ripple voltage is in-
itially 250 mV peak-to-peak, it can be 
reduced electronically to a value of 1 
mV. Two circuits, developments of the 
Delco Radio Corp., which are shown in 
Fig. 21-66A and Fig. 21-66B, have a re-

DELCO 2N174 
(4-IN PARALLEL) 

03 

OUTPUT 

28VOC 
ISAA4P 

IK 

2W 

4 

Fig. 21-66A. Electronic ripple filter. Ripple reduction ratio 250 1. (Courtesy, Delco 
Radio Corp.) 
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DELCO 2NI74 

(2-Vi PARALLEL) 

INPUT 
3I.25VDC 
5AMP 3V P/P 
g•c. 120Hz 

duction ratio of 250:1 and 60:1, respec-
tively. 

The basic operation of an electronic 
ripple filter will now be explained. Fig. 
21-66C is the basic circuit, with Fig. 
21-66D showing a modified common-
collector amplifier which will be com-
pared to the circuit of Fig. 21-66C. The 
common-collector circuit is inherently 
degenerative. Increasing its voltage at 
the input will cause a decrease of out-
put voltage across the load, and vice 
versa. The ripple voltage is reduced by 
degeneration. This circuit has at times 
been erroneously referred to as a ca-
pacitance multiplier. 

Assuming that the de level of the in-
put voltage in Fig. 21-66D remains un-

R 

INPUT 
WITH RIPPLE 

VOLTAGE 

+ 0  

OUTPUT 
REDUCED 
RIPPLE 
VOLTAGE 

0+ 

Fig. 21-66C. Basic circuit for electronic 
filter. 

r^ 28VDC -I 

Fig. 21-66D. Modified common-collector 
amplifier. 

Fig. 21-66E. Vacuum-tube electronic 
filter. 

K OUTPUT 
2W 28VDC 

5AMP 

Fig. 21-66B. Electronic ripple 
filter. Ripple reduction ratio 
60:1. (Courtesy, Delco Radio 

Corp.) 

changed and that the battery voltage 
biases the transistor to a V.. of 3 volts, 
the following action takes place. As the 
ripple voltage adds to the 31-volt de in-
put, the voltage across load resistor RI, 
tries to increase. However, the polarity 
of the increase is such that it causes the 
base of Q1 to become less negative with 
respect to the emitter, thus tending to 
turn off the transistor. When the ripple 
voltage subtracts from the 31-volt input 
voltage, the opposite action takes place. 

Referring to Fig. 21-66C, capacitor 
C tries to maintain a nearly pure dc 
voltage as the battery would do, except 
it does have the ability to change the 
de level if the input level changes. Ca-
pacitor C should be as large as is prac-
tical. Resistor R serves to forward-bias 
the transistor. It may be desirable to 
insert an inductance in series with re-
sistor R to supply a purer source of de 
to the base of the transistor. The cir-
cuits in Figs. 21-66A and B are practical 
circuits and employ two or more pass 
transistors Q3 connected in parallel 
to avoid high collector currents. All 
transistors must be mounted an heat 
sinks. Resistors are connected in series 
with the emitters to aid in sharing the 
load current between transistors. The 
input voltage may be decreased, if nec-
essary. The temperature range is about 
minus 65° to 50°C. 

In designing such a circuit, pass 
transistor Q3 should be biased so that 
the collector to emitter voltage V.. is 
equal to or greater than, 

input pk-pk ripple -F 1.5 Vdc 
V.. 2 

This is done to prevent the pass tran-
sistors from going into saturation. With 
the transistors at saturation, ripple re-
duction is greatly reduced because a 
small change in V.b no longer has any 
control of the collector current. Excess 
V.. will increase the transistor dissipa-
tion, which means additional transistors 
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must be used in the pass section of the 
circuit. The transistor V. rating should 
be equal to about 1.4 times the supply 
voltage. This is necessary in order to 
allow the peak supply voltage to ini-
tially appear across the transistors 
while the filter capacitors charge 
through the series resistor. Capacitor C 
in Fig. 21-66C may be replaced with a 
zener diode, provided the conditions for 
1,T', are met. 
A similar circuit, using a vacuum 

tube is shown in Fig. 21-66E. The total 
current drawn from the power supply 
flows through resistor Rl. Tube V1 is 
biased to draw a steady value of plate 
current. Ripple voltages appearing in 
the dc output of the power supply will 
take the path of least resistance to 
ground, which is through capacitor C 
and resistor R3. Since the dc component 
cannot flow through capacitor C, slow 
changes in the dc output voltage do not 
activate the tube. However, the ripple 
component and transient voltages are 
readily passed through the capacitor to 
the control grid and cause V1 to func-
tion. 

If the instantaneous polarity of the 
ripple voltage is positive, this will add to 
the output voltage and increase its 
value. The positive increase at the con-
trol grid of V1 causes the plate current 
to increase which, in turn, increases the 
voltage drop across resistor Rl. This 
action cancels the rise in voltage caused 
by the ripple voltage. When the polarity 
of the ripple voltage changes to nega-
tive, the action is reversed; in this man-
ner, the output voltage is held constant. 

2/.67 What is the procedure for de-
signing a high-voltage nonregulated 
power supply?—The design of a high-
voltage power supply requires the same 
fundamental design considerations, re-
gardless if it employs vacuum tubes or 
solid-state rectifiers. Before the filter-
ing system can be designed, it is neces-
sary to know the type rectifier circuit 
to be employed, the load current, and 
the permissible ripple current in the 

FIRST SECOND 
..__FILTER FILTER 
nSECTION zr,A SECTION 

RECTIFIED 
Ac 

Fig. 21-67. Two-section filter for exam-
ple in Question 21-67. 

output. The number of filter sections 
required will depend upon this latter 
information. 

Knowing the load voltage and cur-
rent, it is possible to determine the ac 
voltage and current that must be de-
livered by the power transformer for a 
given type rectifier. 

Proper allowance for the internal 
voltage drop of the rectifier must be 
made when calculating the amount of 
ac voltage to be applied to the input in 
order to obtain the necessary de voltage 
at the output of the rectifier for a given 
load current. If good regulation is es-
sential, the input inductance of the filter 
system must exceed the critical induc-
tance. The critical inductance for a 60-
Hz, full-wave rectifier can be calcu-
lated by the following equation: 

Ete 

L RL Ive 
c = 

1000 1000 
where, 
Le is the critical inductance in hen-

ries, 
RL is the de load resistance, 
Epc is the dc output voltage, 
Ive is the de output current. 

To prevent the peak current from being 
excessive, the inductance of the first 
filter choke must be not less than twice 
the critical inductance. Thus, the for-
mula is reduced to: 

RL 
= W o 

The first filter choke must be equal to 
or greater than this value. 

Having determined the minimum 
value for the first choke LI, the value 
of the second capacitor C2 can be cal-
culated using conventional low-pass-
filter formulas as given in Section 7. 
The cutoff frequency for a full-wave, 
60-Hz rectifier is 120 Hz. Frequencies 
for other type rectifiers are given in 
Question 21.28. 

The first filter capacitor Cl adds to 
the filtering but raises the input voltage 
to the input choke by a factor of 1.414. 
The second filter section, consisting of 
L2 and C3, is calculated the same as for 
the first section. It is important that the 
filter chokes maintain their inductance 
values at the required value of direct 
current that must be passed through 
them. The first filter capacitor, Cl, may 
vary in value from 1 zF to 10 /.LF, how-
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ever, increasing this capacitor above 8 
p.F increases the output voltage by a 
negligible amount. 

The ripple-voltage reduction for a 
single section, for each frequency com-
ponent may be calculated: 

E.  1  
E. = (2/rf)' LC — 1 

where, 
Ei is the ac ripple voltage at the out-
put of the section, 

EY is the ac ripple voltage at the input 
of the section, 

L is the inductance in henries, 
C is the capacitance in microfarads, 
f is the frequency of the ripple volt-
age in Hz. 

The total reduction in ripple voltage is 
approximately the product of the volt-
age-reduction factors of each section. 
The percentage of ripple voltage across 
the first capacitor Cl for a 60-Hz full-
wave rectifier, may be approximated: 

I. 
%Eii=.. 

where, 
Elk is the ripple voltage, 
IDO is the load current, 
Cl is the capacity of the first capaci-

tor in microfarads. 

An approximation of the percent of 
ripple may be arrived at for one or two 
sections of filtering by the equation: 

One Section % Ell 1 
Zwf Ll Cl 

Two Sections % Eli ••• 1 
2ef* Cl C2 LI 12 

where, 
L is in henries, 
C is in microfarads, 
f is the ripple frequency in Hz. 

If a swinging choke is to be used, it is 
selected on the basis of the information 
given in Question 21.14. 

The design of voltage-divider net-
works is discussed in Question 21.38. 

21.68 h it permissible to connect 
regulated power supplies in parallel?— 
Power supplies may be connected in 
parallel, but the supplies must all have 
the same maximum compliance voltage 
ratings. If they do not, and if the load 
circuit is opened, the terminal voltage 
will rise to the maximum voltage of the 
highest-rated supply. If this voltage is 
greater than the rating of the other 
supplies, damage may result. To pre-
vent this possibility, diodes are con-
nected in the positive lead of each 

DI 

Fig. 21-68. Three regulated power sup-
plies connected in parallel, with diodes 
connected in series with the plus side to 
prevent damage from a voltage reversal. 

power supply (Fig. 21-68). Since the 
diode is in the normal conducting mode, 
it is capable of withstanding the short-
circuit current of its regulator. The PIV 
rating of the diode must be equal to or 
greater than the maximum open-circuit 
potential of the highest-rated power 
supply. 

2/.69 Con regulated power supplies 
be connected in series?—Yes, if certain 
precautions are observed. The isolation 
voltage rating of the individual power 
supplies must not be exceeded, and the 
power supplies must be protected 
against reverse potential. Diodes are 
connected in the nonconducting direc-
tion, across the output of each supply 
unit (Fig. 21-69). These diodes will 
start to conduct the instant a reverse 
potential appears, and they provide a 
path around the supplies for short-cir-
cuit current. If possible, the regulating 
circuit for one supply should be con-
nected as a master, and the other as 

Fig. 21-69. Three regulated power sup-
plies connected in series with diodes 
connected across each supply to prevent 
damage because of voltage reversal. 
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slaves. The voltages of the supplies need 
not all be the same. 

21.70 Can unregulated power sup-
plies be connected in parallel?—Yes, 
provided they are of similar design and 
each is adjusted to carry its rated load. 

21.71 What are the characteristics 
of a selenium rectifier?—Basically, a se-
lenium rectifier cell consists of a nickel-
plated aluminum base plate coated with 
selenium, over which a low temperature 
alloy is sprayed. The aluminum base 
serves as a negative electrode, and the 
alloy as the positive. Current flows from 
the base plate to the alloy, but encoun-
ters high resistance in the opposite di-
rection. The efficiency of conversion de-
pends to some extent on the ratio of the 
resistance in the conducting direction 
to that of the blocking direction. Con-
ventional rectifiers generally have ra-
tios of 100:1, and 1000:1 for special ap-
plications. 

Selenium rectifiers may be operated 
over temperatures of minus 55 degrees 
to plus 150 degrees centigrade. Rectifi-
cation efficiency is high, generally on 
the order of 90 percent for three-phase 
bridge circuits and 70 percent for sin-
gle-phase bridge circuits. As a selenium 
cell ages, the forward and reverse re-
sistance increases for approximately 
one year, then it stabilizes. Aging de-
creases the output voltage by approxi-
mately 15 percent. Generally, different 
taps are provided on the power trans-
former secondary to feed the rectifier 
and compensate for the loss of the out-
put voltage. The internal impedance of 
a selenium rectifier is extremely low 
and exhibits a nonlinear characteristic 
with respect to the applied voltage, thus 
maintaining a good voltage regulation. 
By nature of their construction, se-

lenium rectifiers have considerable in-
ternal capacitance, which limits their 
operating range to audio frequencies. 
Approximate capacitance ranges are 
0.10 to 0.15 &F per square inch of recti-

METALI:IC COATING 

ALUMINUM 

BOLT 

Fig. 21-71. Selenium disc rectifier unit. 

fying surface. A minimum voltage re-
quired for conduction in the forward 
direction is termed the threshold volt-
age. Therefore, selenium rectifiers can-
not be used successfully at voltages be-
low 1 volt. A cross-sectional view of a 
typical selenium disc rectifier is shown 
in Fig. 21-71. 

21.72 What is a copper-oxide recti-
fier?—Another form of a disc rectifier, 
similar in construction to the selenium 
rectifier. The construction for both a 
copper-oxide and copper-sulfide disc - 
rectifier is shown in Figs. 21-72A and B. 

21.73 Describe silicon rectifiers.— 
Silicon rectifiers are discussed in Sec-
tion 11. 

21.74 What is a stacked rectifier? 
—A group of rectifier cells stacked as 
shown in Fig. 21-74. The unit pictured 
is a full-wave rectifier. 

2/.75 What is the forward direction 
of a rectifier?—It is the direction of 

LEAD WASHER COPPER OXIDE COPPER 

BOLT 

Fig. 21-72A. Construction of a copper-
oxide disc rectifier unit. 

COPPER SULFIDE MAGNESIUM 

LEAD WASHER CONTACT METAL 

BOLT 

Fig. 21-728. Copper-sulfide disc recti-
fier unit. 

- 
Fig. 21-74. Group of rectifier elements 
assembled into a complete rectifier unit. 
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lowest resistance to the current flow 
through the cell, from the negative to 
the positive pole of the cell. 

21.76 What is the forward resist-
ance of a rectifier?—The resistance of 
an individual cell measured at a speci-
fied forward voltage drop or current. 

21.77 What is the reverse resistance 
of a rectifier?—It is the resistance of an 
individual cell measured at a specified 
reverse voltage or current. 

21.78 What is the forward voltage 
drop in a rectifier?—Internal voltage 
drop in an individual cell, resulting 
from the flow of current through the 
cell in the forward direction. 
• 2/.79 What is the reverse current 
of a rectifier?—The current which flows 
through an individual cell in the re-
verse direction. 

21.80 What are the minimum num-
ber of cells that can be employed for 
rectification? 

Single-phase, half-wave 1 
Three-phase, half-wave 
Single-phase, full-wave bridge 4 
Two-phase, full-wave bridge 8 
Three-phase, full-wave bridge 6 
Single-phase, full-wave, center tap 2 
Three-phase, full-wave, center tap 6 
Voltage doubler 2 
Voltage tripler 3 
Voltage quadrupler 4 

3 

21.81 How can the configuration of 
a rectifier stack be identified?—Cross-
sectional views of rectifier stacks are 
given in Fig. 21-81. With the aid of the 
circuit configurations given in Fig. 
21-91, the connections can easily be 
identified. For voltage-doubler circuits, 
the data given in Questions 21.6 to 21.8 
will be helpful. 

21.82 How are selenium rectifiers 
rated for motor operations?—They must 
be rated at least 20 percent higher than 
for normal operation. 

21.83 How are rectifier stages 
cooled?—Either by forced air or by im-
mersing the stack in oil. Rectifiers to be 
operated in oil require a special treat-
ment. A suitable oil for rectifier cooling 
is Transil 10-C. 

If the rectifiers are to be operated in 
open air, they are equipped with fins, 
or heat sinks. Heat sinks and their de-
sign are discussed in Questions 21.125 
and 21.126. 

21.84 How should stacked rectifiers 

1--.--I 
(a) A half-wave stack. 

(b) Full-wave center-tap. 

(c) Full-wave bridge. 

(-) 

I-. --I 

AC 

0  

B 

(+) 

(d) Voltage doubler. 

Fig. 21-81. Rectifier stack connections. 

be installed?—They should never be in-
stalled one above another, but placed 
alongside each other in the horizontal 
plane. Mounting in this manner will 
prevent overheating. For power sup-
plies dissipating considerable heat, a 
small fan can be installed to provide 
forced-air cooling. 

21.85 Describe a pass element in a 
power supply.—It is a group of transis-
tors or vacuum tubes connected in par-
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Fig. 21-86. Series half-bridge 
with capacitors in the lower 
legs. This circuit is often used 
in vacuum-tube voltmeters to 
control the low- frequency re-

sponse. 
RF 

aliei and placed in series with the out-
put of a regulated power supply to con-
trol the flow of the output current. Pass 
elements are shown in Fig. 21-3 (tubes 
V3 to V6) and in Fig. 21-121 (transis-
tors Q3, Q5, and Q7). 

2/.86 What is the purpose of con-
necting capacitors in the lower legs of a 
series half-bridge circuit?— This type 
circuit is often used in the negative-
feedback circuit of a vacuum-tube volt-
meter to isolate the metering circuit 
from the plate voltage of the meter 
driving tube and to provide equaliza-
tion for the metering circuit. Fig. 21-86 
shows a typical circuit employing ca-
pacitors in the loviter legs of the bridge, 
which are returned to the cathode cir-
cuit of an early voltage-amplifier stage. 
With a value of 2-µF capacitance, the 
frequency response is uniform down to 
about 30 Hz. Reducing the value of the 
capacitors decreases the negative feed-
back (this subject is discussed in Ques-
tion 12.218), thereby increasing the fre-
quency response at the lower frequen-
cies. A circuit similar to that shown is 
employed in the vacuum-tube volt-
meter discussed in Question 22.100. 

21.87 Are input capacitors permis-
sible with solid-state rectifiers?—Yes. 
Any of the standard rectifier circuits 
are adaptable to conventional filter-sec-
tion circuits. 

21.88 What is a crowbar voltage 
protector?—A circuit which monitors 
the output voltage of a poWer supply 
and instantaneously throws a short cir-
cuit across the output terminals to op-
erate a preset voltage-limiting device. 
This is generally accomplished by the 
use of a silicon controlled rectifier 
(SCR) connected across the output ter-
minals of the supply unit. (See Ques-
tion 11-150.) 

21.89 Over what frequency range 
can solid-state rectifiers be operated?— 

Rectifiers designed for low-frequency 
use generally have considerable inter-
nal capacitance. The amount depends 
on the current-carrying capacity and 
the 'physical design of the rectifier. 
However, they can be used for power 
rectification up to several thousand 
hertz. 

Rectifiers used for high-frequency 
use, such as in radio receivers and 
metering circuits, are especially de-
signed for such usage. The operating 
frequency range can be obtained from 
the manufacturer's data sheets. 

21.90 What factors determine the 
choice of a rectifier circuit?—For sele-
nium rectifiers (when factors like reg-
ulation and ripple voltages are not too 
important), a single-phase half-wave 
rectifier, using a voltage doubler or 
tripler for the higher voltages, with the 
current limited to 120 milliamperes, is 
quite satisfactory. For 120 milliamperes 
to 100 amperes, a choice of a full-wave 
circuit is desirable, using a bridge or 
center-tap configuration. Below 15 
volts, the center-tap circuit offers 
economy, because only two arms are 
necessary. However, when the voltage 
limitations of a single cell have been 
reached, the choice of a bridge circuit is 
indicated. For currents between 100 and 
1000 amperes, a three-phase wye, dou-
ble-wye, or six-phase star configuration 
is recommended for voltages up to 15 
volts, and a bridge circuit at higher 
voltages. The graphs in Figs. 21-90A 
and B will be helpful in determining 
these factors. 

The charts in Fig. 21-90C and D may 
be used as an aid in the selection of the 
proper circuitry for selenium and sili-
con rectifiers. Referring to Fig. 21-90C, 
half-wave, single-phase circuits are 
practical. Doublers and tripiers at cur-
rents up to and including 1 ampere are 
also practical. The exception is for cur-
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Fig. 21-90A. Voltage and current chart for the selection of a rectifier type. (Cour-
tesy, Sarkes Torsion Inc.) 
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rents over 500 milliamperes. A bridge 
circuit might be preferable when the 
voltage exceeds 250 volts dc. Availabil-
ity of high-voltage, single-junction rec-
tifiers extends the practical range of the 
single-phase, center-tap configuration 
to 250 volts, with a similar pattern for 

150 

of a rectifier type. 

the selenium rectifier with wye or star 
connections preferred up to 250 volts, 
and bridge connections above 250 volts. 
It should be understood that the above 
recommendations are only general and 
are subject to modification depending 
on the application. 
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21.91 Give the formulas and con-
figurations for single- and three-phase 
rectifier circuits.—The formulas and cir-
cuitry for designing the majority of 
rectifier circuits, both single and three 
phase, are given in Fig. 21-91. By refer-
ring to the desired configuration, fac-
tors involved in the design can be read 
directly from the chart. The percent 

ripple quoted is the ripple frequency at 
the output rectifier circuit without the 
benefit of filtering. The information 
given can be used for solid-state or 
vacuum-tube rectifiers. (See Question 
21.11.) 

2/.92 What are the peak-inverse 
voltages (PIV) for single- and three-
phase rectifier circuits?—Full-wave con-
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Fig. 21-91. Rectifier design data. The data given are applicable to both solid-state 
and vacuum tubes. 
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ventional rectifier, 2.82 times one-half 
the secondary voltage. 

Full-wave bridge circuit, 1.5 times 
the rms voltage of the secondary. Half-
wave, 2.82 times the rms secondary 
voltage. 

Three-phase star and bridge, 2A5 
times the rms voltage per transformer 
leg. 

Six-phase star (three-phase diamet-
ric) and three-phase double-wye, 2.83 
rms per transformer leg. (See Question 
21.91.) 

21.93 Are selenium rectifiers suit-
able for battery chargers?—Yes. Their 
characteristics provide a reduction of 
the charging current as the voltage of 
the battery rises. This characteristic 
prevents overcharging and raising the 
temperature of the battery. 

21.94 Describe the terminal sym-
bols for a semiconductor rectifier.—For 
the small tubular and top-hat-type rec-
tifier, the polarity symbols are indicated 
on the rectifier unit, as given in Fig. 
21-94. The theory of operation for the 
semiconductor-type rectifier is dis-
cussed in Question 11.109. It will be 
noted in the data given in Fig. 11-91 
that the arrow representing the cathode 
(negative) of the rectifier always points 
away from the source of voltage to 
develop a positive potential at its out-
put. 

21.95 What is a full-wave bridge 
rectifier and what are its advantages? 
—The chief advantage of the full-wave 
bridge rectifier is its ability to supply 
full-wave rectification without a center 
tap on the transformer. However, the 
bridge rectifier is not a true single-
ended circuit, since it has no terminal 
common to both the input and output 
circuits. 

In the vacuum-tube-type rectifier, 
the bridge rectifier circuit is more easily 
adapted to indirectly heated cathode-
type tubes than to those using a fila-
ment-type heater. The reason for this is 
that a separate heater winding is re-

DIRECTION OF CURRENT FLOW 

Fig. 21-94. Symbols on a solid-state di: 
ode rectifier, and the direction of cur-

rent flow. 

quired for each tube in the circuit. This 
means that for a full-wave bridge cir-
cuit, four separate heater windings are 
required. For tubes using a cathode ele-
ment, only a single heater winding is 
required. However, this is not true for 
high-powered rectifier tubes because 
most of them employ heater-type con-
struction. This has, in some instances, 
deterred the use of full-wave bridge 
rectifier circuits. 
The semiconductor-type rectifier, re-

quiring no heating, may be adapted to 
the full-wave bridge circuit without 
inconvenience. Such rectifiers include 
the copper oxide, selenium, copper-
sulphide, silicon, germanium, and tita-
nium types. 

Several types of bridge circuits are 
available for full-wave rectification and 
are classified according to the number 
of diodes or rectifier elements employed. 
A full-wave bridge rectifier consists 

of four rectifier elements, as shown in 
Fig. 21-95. This is the most familiar cir-
cuit and is the one most commonly em-
ployed in the electronics industry. The 
circuits function in the following man-
ner: 
When the ac input Terminal 1 is 

positive, current flows in the direction 
of the solid arrows from Terminal 1, 
through the low forward resistance of 
diode D2, through the load resistance 
RL, diode D3, and, finally, to Terminal 2 
which is negative at this instant. Con-
duction through D1 and D4 is negligible 
because these diodes present their high 
back resistance when Terminal 1 is 
positive and Terminal 2 is negative. 
On the next half-cycle when Ter-

minal 2 swings positive, current flows 
in the direction of the dotted arrows 
from Terminal 2, through the low for-
ward resistance of diode D4, through 
the load resistance RL, diode DI, and, 
finally, to Terminal 1 which is negative 
at this instant. Conduction through 
diodes D2 and D3 is negligible because 
these diodes present their high back 

Fig. 21-95. Full-wave bridge rectifier. 
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resistance when Terminal 2 is positive 
and Terminal 1 is negative. It will be 
noted that the rectified current indi-
cated by the solid arrows for one half-
cycle and the dotted arrows for the 
other half-cycle always passes through 
the load resistance RL in the same 
direction. The top of RT. is always posi-
tive and the bottom negative. Thus, 
full-wave rectification is obtained. 

With the full-wave bridge circuit, 
the de output voltage is equal to 0.9 
of the rms value of the ac input voltage. 
27.96 What is a three-quarter 

bridge?—A bridge connection in which 
one diode rectifier has been replaced 
with a resistor R, as shown in Fig. 
21-96. When the ac input voltage at 
Terminal 1 is positive, the current flows 
in the direction of the solid arrows 
from Terminal 1 through the low for-
ward resistance of diode D2, through 
load resistance RL, resistor Rs, and, 
finally, to Terminal 2 which is negative 
at this instant. Any conduction through 
diodes DI and D3 is negligible during 
this half-cycle because these diodes now 
present their high back resistance and 
provide effective blocking action. 
On the next half-cycle, when Ter-

minal 2 is positive, current flows in the 
direction of the dotted arrows from 
Terminal 2, through diode D3, load re-
sistance RL, diode D1, and, finally, to 
Terminal 1 which is negative at this 
instant. Any conduction through diode 
D2 is negligible, since this diode now 
presents its high back resistance. 

Rectified current flowing through 
load resistance Rz. is shown by the solid 
and dotted arrows to be in the same 
direction during each half-cycle of ac 
input voltage. The top of RL, therefore, 
is always positive and the bottom is 
always negative. This satisfies the con-
ditions for full-wave rectification. With 
the three-quarter bridge circuit, the de 
output voltage is 'equal to 0.84 of the 
rms value of the ac input voltage. The 

rectification efficiency of the three-
quarter bridge is 93.3 percent of that 
of the full-wave bridge circuit of Fig. 
21-95. 

21.97 What is an opposed half-
bridge?—Two diodes have been re-
placed with resistors in the circuit, as 
shown in Fig. 21-97. Using half the 
number of diodes employed in the full-
bridge, this circuit is termed a half-
bridge. Specifically, it is of the opposed 
half-bridge type in which the equal 
resistors Rl and 112 are connected in 
series across the ac input. 

In this circuit, when ac input Ter-
minal 1 is positive, current flows in the 
direction of the solid arrows from 
Terminal 1 through diode D1, load 
resistance RL, resistor R2, and, finally, 
to Terminal 2 which is negative at this 
instant. Conduction through diode D2 
is negligible during this half-cycle, 
since the diode now presents its high 
back resistance. 
On the next half-cycle of the ac 

input voltage, Terminal 2 swings posi-
tive and current flows in the direction 
of the dotted arrows from Terminal 2, 
through diode D2, load resistance RL, 
resistor R1, and, finally, to Terminal 1 
which is negative at this instant. Con-
duction through diode DI is negligible, 
since this diode presents its high back 
resistance during this half-cycle. 

The rectified current flowing through 
the load resistance RL is shown by the 
solid and dotted arrows to be in the 
same direction for each half-cycle of 
ac input voltage. This satisfies the con-
ditions for full-wave rectification. 

With the opposed half-bridge circuit, 
the dc output voltage is equal to 0.72 
of the rms value of the ac input volt-
age. The rectification efficiency of the 
opposed bridge is 80 percent of that 
of the full-bridge circuit in Fig. 21-95. 

21.98 What is a series half-bridge? 
—It is a second type of half-bridge cir-
cuit and is illustrated in Fig. 21-98. In 

Fig. 21-96. Three-quarter bridge recti-
fier circuit. 

Fig. 21-97. Opposed half-bridge recti-
fier circuit. 
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Fig. 21-98. Series half-bridge rectifier. 

this arrangement, two series diode and 
resistor legs are connected across the 
ac supply, one diode D2 being polar-
ized for high conduction when ac Ter-
minal 1 is positive and the other diode 
DI polarized for high conduction when 
ac Terminal 2 is positive. 
When ac terminal 1 is positive, cur-

rent flows in the direction of the solid 
arrows from Terminal 1 through diode 
D2, load resistor RL, resistor R1, and, 
finally, to Terminal 2 which is negative 
at this instant. Conduction through 
diode D1 is negligible, since this diode 
presents a high back resistance during 
this half-cycle. 
On the next half-cycle of ac input 

voltage, Terminal 2 swings positive and 
current flows from Terminal 2 in the 
direction of the dotted arrows through 
resistor R2, load resistance RL, diode 
DI, and, finally, to Terminal 1 which is 
negative at this instant. Conduction 
through diode D2 is negligible, since 
this diode presents its high back resis-
tance during this half-cycle. 

The rectified current flowing through 
load resistance RT. is shown by the solid 
and dotted arrows to be in the same 
direction during each half-cycle of the 
ac input voltage. The top of RI, is 
always positive and the bottom nega-
tive. This satisfies the conditions for 
full-wave rectification. 

With the series half-bridge circuit, 
the de output voltage is equal to 0.44 
of the rms value of the ac input voltage. 
The rectification efficiency of the series 
half-bridge is 48.9 percent of that of 
the full-wave bridge circuit in Fig. 
21-95. 

21.99 What is a quarter-bridge?— 
This unique bridge circuit is shown in 
Fig. 21-99. It employs only one diode 
and three resistors. Since this arrange-
ment employs only one-fourth the num-
ber of diodes required for a full-wave 
bridge rectifier, it is termed a quarter-
bridge. 

The quarter-bridge consists of the 

Fig. 21-99. Quarter-bridge rectifier. 

left (series resistance) half of the op-
posed half-bridge of Fig. 21-97 and the 
right (diode resistance) half of the 
series half-bridge of Fig. 21-98. 

In the quarter-bridge circuit, when 
ac input Terminal 1 is positive, current 
flows in the direction of the solid arrows 
from Terminal 1 through diode D, load 
resistance RL, resistor R2, and, finally, 
to Terminal 2 which is negative at this 
instant. 
On the next half-cycle of the ac input 

voltage, Terminal 2 swings positive and 
current flows in the direction of the 
dotted arrows from Terminal 2, through 
resistor R3, load resistance Re., resistor 
R1, and, finally, to Terminal 1 which 
is negative at this instant. 

The rectified current flowing through 
the load resistor is shown by the solid 
and dotted arrows to be in the same 
direction for each half of the ac input 
voltage. The top of RL is always posi-
tive and the bottom negative. Therefore, 
the condition for full-wave rectification 
is satisfied. The de output voltage is 
equal to 0.36 of the rms value of the ac 
input voltage. Rectification efficiency of 
this circuit is 40 percent of that of 
the full-bridge circuit in Fig. 21-95. 

21.100 Where are series half-bridge 
and quarter-bridge rectifiers employed? 
—For light-duty applications such as 
instrumentation and control devices to 
supply a ripple frequency twice the 
frequency of the applied voltage. 

21.101 What precautions must be 
taken when using bridge rectifier cir-
cuitsT—In order that both even- and 
odd-numbered positive peaks of the de 
output voltage have the same ampli-
tude thus insuring maximum average 
current, the values of the bridge resis-
tors must be correctly proportioned 
with respect to the forward resistance 
of the diode or diodes at the applied 
voltage level. 

21.102 How should a bridge recti-
fier circuit be grounded?—Three meth-
ods of grounding are shown in (a) to 
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(a) Ac grounded. 

(b) De grounded. 

(c) Ac and de grounded using an isola-
tion transformer. - 

(d) Isolation transformer with center 
tap to ground. h, 

Fig. 21-102. Methods of grounding a 
bridge-rectifier circuit. 

(c) of Fig. 21-102. Either the input (ac 
source) or output (dc load) may be 
grounded, but not both simultaneously. 
However, if an isolation transformer is 
used between the ac source and the 
input to the rectifier, as shown in (c) of 
Fig. 21-102, both ac and de sides may 
be grounded permanently. An alternate 
method of grounding is shown in (d) 
of Fig. 21-102, where the center tap of 
an isloation transformer is grounded. 

21.103 What precautions should be 
taken in the selection of a power trans-
former for bridge rectifier circuits?—An 
advantage of the bridge rectifier is its 
ability to utilize the full winding and 
total voltage of a conventional center-
tapped transformer, providing full-wave 
rectification, while the conventional 
full-wave, center-tapped circuit utilizes 

only one-half the total voltage. The 
power capabilities of the transformer 
remain the same. 

Although twice the de output volt-
age is available with the bridge recti-
fier under these circumstances, the 
permissible power drain will be only 
one-half that allowed with full-wave, 
center-tapped operation. 

21.104 What is a vibrator power 
supply?—A power supply employing a 
mechanical vibrator operated from a 
source of direct current such as a bat-
tery. The vibrator breaks the current 
in the primary of a step-up transformer. 
The secondary of the transformer is 
connected to a rectifier for changing the 
alternating current generated by the 
vibrator in the primary to a high-volt-
age direct current. Such power supplies 
are used in auto radios, transmitters, 
and portable test and sound equipment. 
Vibrator power supplies are designed 
to operate both synchronous and non-
synchronous. The construction of a 
typical nonsynchronous vibrator man-
ufactured by P. R. Mallory and Co. is 
shown in Fig. 21-104. The operation and 
circuit are described in Question 21.105. 

A—ACTUATING COIL 
B—VIBRATOR REED 
C—CONTACTS 
D—CONTACTS 
E—FRAME 
F—CONNECTING LEADS 
G—CASE 
H—CONNECTING PINS 
I—SPONGE RUBBER ' 
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Fig. 21-105. Nonsynchr ibrator supply. 

21.105 How does a nonsynchronous 
vibrator supply function?—The circuit 
of a nonsynchronous vibrator is shown 
in Fig. 21-105. The device consists of 
a mechanical vibrator, step-up trans-
former, rectifier, and filter system. The 
vibrator is caused to operate by the 
application of direct current to an ener-
gizing coil E. 
The coil surrounds a soft-iron core 

placed close to the end of the vibrator 
reed R. The core of the coil attracts the 
reed, causing it to close with contact 2. 
This action short-circuits the energizing 
coil and the reed swings in the opposite 
direction to close with contact 1. Me-
chanical inertia makes the reed swing 
back toward contact 2. This process will 
be repeated as long as a source of volt-
age is applied to the energizing coil E. 

Each time the reed closes with one 
contact or the other, a surge of current 
passes through the primary of trans-
former Ti in a given direction. In con-
tacting first one contact and then the 
other, surges of current of opposite 
polarity are produced. These pulses are 
repeated many times per second and 
are then rectified on the secondary side 
by the use of a conventional rectifier 
and filter system. Two radio-frequency 
filter sections are used to remove hash 
or radio-frequency interference. These. 
sections contain rf choke Li and ca-

pacitor Cl in the primary circuit and 
L2 and C2 on the rectifier side. The 
make-and-break action of the vibrator 
causes high instantaneous voltages to 
be generated because of the high rate 
of change of current as the circuit is 
broken. To reduce the effect of these 
surges every time the primary circuit 
is broken, a buffer capacitor C2 is con-
nected across the secondary of the step-
up transformer Ti. The use of this ca-
pacitor across the secondary prevents 
the vibrator contacts from being burned 
and the rectifier tube from being dam-
aged. 

As a rule, the value of the buffer ca-
pacitor is about 0.01 µF, with a voltage 
rating of at least 1000 volts. Since the 
turns ratio of the transformer is about 
100 to 1, the reflected capacitance to 
the primary will be on the order of 
1 µF. (See Question 8.34.) Vibrator fre-
quencies vary between 60 and 180 Hz. 

21.106 What is a synchronous vi-
brator power supply?—It is similar in 
construction and operation to the non-
synchronous vibrator described in Ques-
tion 21.105, except that two additional 
contacts, 3 and 4, are added to the vi-
brator reed. (See Fig. 21-106.) 
When the reed is in contact with 

contact 1, contact 3 connects the top 
end of the secondary of transformer Ti 
through the reed to ground. When the 

Fig. 21.106. Synchronous vibrator power supply. 
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reed swings back to the opposite side, 
the bottom of the transformer second-
ary is grounded. In this manner, the 
center tap on the secondary side is al-
ways positive with respect to ground. 
Thus, the output of the secondary is 
rectified without the benefit of a recti-
fier tube. Only a filter is required. With 
this type of operation, current flows in 
opposite directions through each half of 
the secondary winding during alternate 
halves of the cycle. The battery polarity 
is established in the original design of 
the power supply and must be observed 
for proper generation and rectification 
of the secondary voltage. 

21.107 What is an electronic in-
vertert—A circuit which converts direct 
current to alternating current. Inverters 
are used in applications where the pri-
mary source of power is direct current. 
Because direct current cannot be trans-
formed, it is convenient to convert di-
rect current to alternating current so 
that ac output from the inverter may be 
applied to a transformer to supply the 
desired voltage. In Fig. 21-107 is shown 
the basic circuit of such an inverter. 

OUTPUT 

 o 

CC 
- INPUT + 

Fig. 21-107. Electronic inverter for 
 ruing de to de. 

When the de voltage is first applied, 
the electron flow is approximately equal 
through both branches of a parallel 
circuit formed by tubes V1 and V2 in 
series with corresponding halves of the 
primary of transformer T2. The voltage 
across each half of the transformer will 
then be equal but opposite in polarity 
and no voltage will appear across C3. 
However, any slight transient creates a 
slight voltage across C3 as well as across 
the series circuit comprising Cl, the 
primary of Ti, and C2. This small volt-
age induces a voltage across the sec-
ondary of Ti which is applied to the 
control grid of V1 and V2. Tubes V1 
and V2 amplify the small voltage and 

apply the amplified voltage to C3 in the 
proper phase to add to the original 
unbalance. 

This process repeats itself until one 
of the tubes reaches saturation and the 
other is cut off. At this instant, C3 and 
the primary of T2 form a parallel reso-
nant circuit and the discharge of C3 
through the primary of T2 produces 
oscillations in the resonant circuit at a 
frequency which is determined by the 
value of C3 and the effective inductance 
of the primary of T2. The oscillation in-
duces an alternating voltage of the same 
frequency in the secondary of 12, the 
output of the inverter. The energy cou-
pled out of the circuit by the secondary 
of T2 must be supplied through VI and 
V2 from the de source. 

Energy is lost in the resistance of the 
transformer windings and must be sup-
plied from the de source. This is accom-
plished by coupling some of the reso-
nant circuit voltage to the grids of V1 
and V2 through Cl, Ti, and C2. 

The voltage is fed back in the proper 
phase to cause VI and V2 to conduct 
every half-cycle. The direct-current in-
put is fed to the resonant circuit at just 
the right moment to add to the instan-
taneous oscillating energy. 

For example, suppose the energy in 
the resonant circuit is charging the top 
of C3 positive. The charging voltage is 
impressed across the primary of Ti and 
its secondary is connected so that the 
voltage is a negative-going voltage on 
the grid of VI and a positive-going 
voltage on the grid of V2. V1 will con-
duct less and V2 more. Therefore, the 
plate of V1 is made more positive and 
the plate of V2 more negative. The dc 
source is thus connected to C3 to aid 
the charging of C3 by supplying energy 
in the resonant circuit. When this en-
ergy is next discharged into the primary 
of 'FZ, it is available as output energy 
at the secondary of T2. 

The energy supplied by the de source 
will be largely determined by the en-
ergy drawn from the alternating-cur-
rent output. The output of this type in-
verter is very nearly a sine wave, as a 
result of the parallel resonant proper-
ties of the circuit. 

21.108 Describe the basic operating 
principles of a de-to-de converter, using 
switching transistors.—Basically, a de-
to-de converter consists of a dc source 
of potential (generally a battery) ap-



POWER SUPPLIES 1201 

plied to a pair of switching transistors. 
The transistors convert the applied dc 
voltage to a high-frequency ac voltage. 
The ac voltage is then transformed to a 
higher voltage which is rectified to dc 
again and filtered in the conventional 
manner. Power supplies of this nature 
are often used for a source of high volt-
age, where the usual ac line voltage is 
not available. 

The circuitry for such a device ap-
pears in Fig. 21-108. The power trans-
former is rather special and consists of 
a "Dellamas" toroidal core, with a sat-
uration flux density of 14,000 kllogauss. 
Three windings are required: a 52-turn 
primary, a 68-turn feedback winding, 
and a 550-turn, high-voltage secondary 
winding. The primary and feedback 
windings are bifilar wound to obtain a 
tight coupling between the two halves 
of the winding on each side of the cen-
ter tap. The switching frequency is gen-
erally on the order of 1000 to 2000 Hz 
to reduce the size and weight of the 
transformer and filter chokes (if used). 

Designing a device of this nature for 
a frequency of 60 Hz would increase 
the weight and size considerably over 
that of one using a higher frequency. 
The action of the switching transistors 
is now explained. Applying a voltage 
from the positive input terminal of the 
battery causes a current to flow to the 
emitter of Q1 and induces a voltage in 
the feedback winding FOE, in such a 
manner that the base of Q2 is made 
positive with respect to the base of Ql. 
These polarities at the bases of Ql and 
Q2 cause an increase in the current 
through Ql. At the same time, they 
cause the current through Q2 to de-

I2VDC 

2.4AMP 

47/1 

2.2K 

2NI160 

FW 

34 TUINS 

34 TURNS 0 

01 *34 

2N1160 

PRIMARY 

WINDING 

26 TURNS  0 

02 26 TURNS 9  

E 22 

crease. This amounts to positive feed-
back. Therefore, transistor Q1 is turned 
on and Q2 is turned off. 

The current continues to increase 
from the input terminal until the core 
becomes saturated. The induced voltage 
in the feedback winding then drops to 
zero, turning off transistor Ql. The col-
lapsing field of the core induces a volt-
age of opposite polarity in the feedback 
winding, which further turns off Q1 
and turns on Q2. Current then flows 
from the plus voltage to the emitter of 
Q2 through the feedback winding. Sat-
uration again takes place—this time in 
the negative direction. This action pro-
vides suitable conditions for oscillation 
repeated at a frequency dependent on 
the circuit constants. 

The voltage at the secondary is of a 
square-wave nature and is rectified by 
a full-wave bridge-rectifier circuit and 
filtered in the usual manner. The fre-
quency of the described circuit is about 
1600 Hz and is capable of supplying 
250 Vdc at a current of 100 milliam-
peres. The discussed circuit may be, in 
some manners, compared to that of the 
nonsynchronous vibrator in Question 
21.105. 

21. 109 Describe high - frequency 
power supplies.—These are power sup-
plies employing a high-frequency oscil-
lator, which operates at 30 to 80 kHz. 
They are used in 16-mm motion picture 
projectors, television receivers, elec-
tron microscopes, and other devices. 
Sharp turns in the wiring must be 
avoided to prevent corona discharge at 
the point of the bend. Corona discharge 
can cause serious interference in adja-
cent circuits and other equipment in 

550 TURNS le 34 

250.0. 

+250VDC 
@ 100mA 

 0 + 

C2ilOpF/400V 
CI t— 10pF/400V 

Fig. 21-108. A dc to dc  rter using switching transistors. Switching frequency 
is approximately 1600 Hz, using the above circuit components. 
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Fig. 21-1 11A. Block diagram for a 

the general area. These supplies are dis-
cussed in Question 19.165. 

21.110 What is a tuning fork power 
supply?—A power supply using a pre-
cision tuning-fork oscillator to control 
the output frequency. It is used in ap-
plications where constant speed of elec-
tric motors is a prime requisite, such as 
in sound-recording equipment. The de-
vice consists of a two-stage RC ampli-
fier with a 60-Hz tuning fork in a feed-
back circuit acting as the frequency-
determining element. Following the os-
cillator section is a push-pull power 
amplifier capable of developing about 
70 to 100 watts of power. 

21.111 Describe a constant-voltage 
power supply.—It is a regulated power 
supply designed to keep its output volt-
age constant, regardless of the changes 
in load current, line voltage, or temper-
ature. For a change in the load resist-
ance, the output voltage remains con-
stant to a first approximation, while the 
output current changes by whatever 

lo" 

tt53 

 o+ 

constant-voltage regulated power supply. 

amount is necessary to accomplish this. 
A block diagram of this type supply 
appears in Fig. 21-111A. Its impedance 
characteristics are given in Fig. 21-
111B. (See Question 21.47.) 

21.112 Describe a constant-current 
power supply.—It is a regulated power 
supply designed to keep its output cur-
rent constant, regardless of the changes 
in load current line voltage, or temper-
ature. For a change in the load resist-
ance, the output current remains con-
stant to a first approximation, while the 
output voltage changes by whatever 
amount is necessary to accomplish this. 
A block diagram of this type supply 
appears in Fig. 21-112A. Its impedance 
characteristics are given in Fig. 21-
112B. (See Question 21.47.) 

21.1/3 Describe a constant-voltage, 
constant-current power supply.—It is a 
power supply that acts as a constant-
voltage source for comparatively large 
values of load resistance and as a con-
stant-current source for comparatively 

.01 100 

HERTZ 

IK 10K 100K I MEG 10 MEG 

Fig. 21-111B. Typical internal impedance characteristic for 
power supply. 

a constant-voltage 
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Fig. 21-112A. Block diagram for a constant-current regulated power supply. 
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Fig. 21-112B. Typical internal output impedance characteristic for a constant-cur-
rent power supply. 
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small values of load resistance. An au-
tomatic crossover (or transition) be-
tween these two modes of operation oc-
curs at a critical or crossover value of 
load resistance where R. equals E./L, 
where, 
E. is the voltage-control setting, 
I. is the current-control setting gen-

erally indicated by meters on the 
front panel. 

A block diagram of this type supply 
appears in Fig. 21-113. 

21.114 How is automatic crossover 
accomplished in a constant-voltage, con-
stant-current power supply?—Referring 
to Fig. 21-113, the disconnect diodes are 

II< 10K 100K IMEG 10 MEG 

connected so that when the supply is in 
the constant-voltage mode, the upper 
diode is forward-biased (shorted), and 
the lower diode is reverse-biased 
(open). Conversely, when the supply is 
in the constant-current mode, the upper 
diode is reversed-biased, and the lower 
diode is forward-biased. Thus, the se-
ries transistor regulator is only called 
upon to respond to either the constant-
voltage or the constant-current com-
parison amplifier, and the effectiveness 
of one amplifier is not affected by the 
shunt presence of the other. 

21.115 What is transient recovery 
time in a power supply?—Transient re-
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Fig. 21-1 1 3. Block diagram for constant-voltage/constant-current power supply 
with automatic crossover. 

covery time is defined as the time re-
quired for the output voltage to recover 
within X millivolts of the normal output 
voltage, where the nominal output volt-
age is the mean between no-load and 
full-load voltage. 
When the output load current of a 

power supply is changed at a rapid rate, 
a voltage spike occurs across the out-
put terminals. This voltage spike may 
lie outside the normal static regulation 
specifications for a relatively short pe-
riod of time. In order to describe the 
performance of power supplies for 
pulse-loading applications, it is neces-
sary to define and measure the duration 
and amplitude of the unwanted output 
voltage transient. The term used for 
this operation is transient recovery 
time, or recovery time. 

Fig. 21-115A shows the general na-
ture of the output voltage transient re-
sulting from an imposed external 
square-wave load current (Fig. 21- 

1 EouT 

LOAD 

115B). The feedback amplifier within 
the power supply reduces the effective 
output impedance at all frequencies 
within its band of amplification. At high 
frequencies however, the gain of the 
amplifier disappears and the output im-
pedance of the supply increases. Under 
these conditions, the power supply be-
comes essentially a passive device 
which has an output impedance de-
pendent mainly on the internal effective 
inductance of the electrolytic capacitors 
and the leads connecting to the power-
supply output terminals. Special elec-
trolytic capacitors are used for this 
purpose and are located physically close 
to the output terminals to reduce the 
effect of lead inductance. An expanded 
view of transient recovery time, show-
ing its characteristics, is given in Fig. 
21-115C. 

21.116 What is a remote sensing 
circuit.—It is a circuit incorporated in a 
regulated power supply. By means of 

-  NO LOAD 

FULL LOAD 

t.....•.•.•«Ig... 

- 

FULL LOAD 

NO LOAD 

Fig. 21-1 1 5A. Characteristic of 
square wave during the recov-

ery period. 

Fig. 21-1156. Square wave ap-
plied across the output termi-
nals to measure the recovery 

time. 
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Yps - `fps 
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Fig. 21-115C. Expanded view of transient r ry time for o single square wave 
pulse. Suggested limits are indicated. 

two extra wires between the supply and 
the load, this circuit permits the supply 
to achieve its optimum regulation at 
the load terminals, rather than at the 
power-supply output terminals. In this 
manner, the circuit compensates for the 
IR drop in the line from the power sup-
ply to the equipment receiving its volt-
age. The current through the sensing 
lines is quite small; therefore, the volt-
age drop is negligible. 

21.117 Describe the design proce-
dure for gaseous voltage-regulator tubes. 
—The theories of gaseous voltage-regu-
lator tubes and of the zener diode are 
discussed in Questions 1120 and 11.148, 
respectively. Therefore, only the cir-
cuitry generally employed with these 
devices will be discussed. 

In Fig. 21-117A is shown the basic 
circuit for a gaseous voltage-regulator 
tube (VRT) connected across the out-
put of a power-supply filter section. 
The input voltage to the regulator tube 
is designated E., the nominal or regu-
lated output voltage, Ei. Variable quan-
tities are L the tube current, I: the load 
current, and the load AL. As there are 
several variables to be considered in the 
design, several separate calculations are 
required. These calculations are based 

on the following conditions: The cur-
rent through the tube must fall within 
the minimum and maximum current 
limits, and the supply voltage must be 
equal to or be greater than the maxi-
mum breakdown voltage of the VRT. 
The current through the tube may be 
expressed: 

; El EI 
i1 =  12 

R1 

The current through the tube varies 
directly with the input voltage and in-
versely with the load current. The cur-
rent Ii will therefore be maximum un-
der the following conditions: when E, 

RI 

UNREGULATED 

DC VOLTAGE El 
SOURCE 

Fig. 21-117A. Basic circuit for designing 
a regulated voltage circuit 

employing a gaseous 
voltage-regulator 

tube (VRT). 
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DC FROM 
POWER 
SUPPLY 

Fig. 21-1178. Voltage-regulator tube 
connected for use as a regulator and 

voltage divider. 

is maximum, when the load current L 
is minimum, and when the voltage E2 
is the minimum for this current. Thus, 
the lower limit of R1 is established as: 

El max — En mist 
R1 — 

II max -4- /9 11310 

The minimum value of the current I: 
will occur under the following condi-
tions: when input voltage Ei is mini-
mum, when the load current L is maxi-
mum, and the tube voltage E: is maxi-
mum for this current. The upper limit 
for R1 is determined: 

Fia mi. — L .... 
R1 = 

lli mi.+ L max 

To assure that the tube will fue, the 
following conditions must also be satis-
fied: 

En mla X Rt. 
> nr•akdown 

RI, -F R1 

In Fig. 21-117B is shown a VRT sup-
plying two sources of voltage. Here, the 
tube functions as both a regulator and 
a voltage divider. Voltage F. is unregu-
lated, while voltage E: is regulated. Two 
VRT's connected in series are shown in 
Fig. 21-117C. Both voltages E: and E. 
are in this instance regulated. 

R 

DC FROM 
POWER 
SUPPLY 

Fig. 21-117C. Two voltage-regulator 
tubes connected in series to provide two 
sources of regulated voltages, EI and Eie 

R 

OD3/ VR —150 

0C3/ VR-105 

DC FROM 
POWER SUPPLY 

—1. 

003/VR —150 

0A3/VR— 75 

+480 

2008 
TO 1 AtEG 

+330 

+225 

+75 

Fig. 21-117D. Four voltage-regulator 
tubes  d in series to provide four 

sources of regulated voltage. 

A series string of four VRT's is 
shown in Fig. 21-117D. Each tube is of 
a different voltage rating, and voltage 
taps are taken at each tube. This con-
nection is satisfactory only if each tube 
has the minimum and maximum cur-
rent ratings. The starting voltage ap-
plied to each tube in the string will be 
determined by the individual leakage 
resistances. If a resistor of 200,000 ohms 
to 1 megohm is connected across one of 
the tubes, the remaining tubes will fire 
first, thus assuring the instant firing of 
all tubes when the voltage is applied. 
A slight reduction in the regulation 
effectiveness may be noted for the 
shunted tube. 

UNREGULATED 
SOURCE OF 
DC VOLTAGE 

PASS TUBE 
6216 

+ 250VDC 
BIJ 75mA 

OUTPUT 
CONTROL 

Fig. 21-117E. Voltage-reference tube 
connected in the cathode circuit of a dc 
amplifier for controlling the current 
through the pass tubes of a regulated 

voltage power supply. 
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Voltage-regulator tubes may also be 
connected in parallel to provide greater 
current capabilities, provided a small 
resistor of 10 to 100 ohms is connected 
in series with each tube. However, in 
doing so, the regulation is impaired; 
therefore, parallel operation is not rec-
ommended. 
An advantage of using VRT's and 

zener diodes is their ability to decrease 
the ripple voltage or small pulsations in 
the output of an unregulated voltage 
source. Variations in the applied volt-
age cause current variations through 
the tube, and since the current through 
the tube is maintained at a constant 
value, the tube functions as a filter. A 
typical circuit using a 6627 voltage ref-
erence tube, is given in Fig. 21-117E. 
Here, the tube is used to provide a 
fixed-bias voltage at the cathode of a 
12BY7 tube controlling the current 
through pass tube 6216. Typical VRT's 
are the OD3/VR150, 0C3/VR105, 0A3/ 
VR75, 6627/0B2, 6831, and the 6830. 
An interesting aspect of the VRT is 

the effect of light on the tube, since its 
operation depends on ionization of gas 
(helium or argon). An ion is an atom 
which has lost or gained an electron 
due to some physical or chemical reac-
tion. In the VRT, the gases are under 
heavy electrical stress; yet this alone is 
not always sufficient to cause the gas 
atom to ionize. Enclosing the VRT in a 
light-tight box requires a higher value 
of voltage to fire it, as compared to day-
light. If shielded with an Mi inch of lead, 
it fires at even higher voltage, and in 
some instances, not at all. To overcome 
this characteristic, a trigger is required. 
This trigger may be in the form of a 
low-energy photon from an ordinary 
incandescent lamp, or from a high-
energy cosmic ray. Without this help, 
the operation becomes erratic and the 
tube may not fire at all. Some types of 
VRT's contain a small amount of radio-
active nickel placed on one element; 
therefore, they fire regardless if they 
are shielded or not. Voltage-reference 
tubes are stable and are operated in 
the low-current region. Tubes not de-
signed for reference use are operated 
near their maximum current region. 
This stabilizes the tube, and prevents 
jumping of the interior glow with its 
attendant voltage shifts. The design 
procedure is the same for both type 
tubes. 

Typical regulation characteristics are: 

0A2 1.3 percent 
0A3 6.7 percent 
OB2 0.94 per cent (voltage reference) 
OD3 2.6 percent 
6627 0.10 percent 

21.118 Describe the design proce-
dure for a goner diode voltage-regulator 
circuit. —Referring to the basic design 
in Fig. 21-118A, the zener diode is con-
nected in series with the limiting resis-
tor R1 and in parallel with the source 
of voltage to be regulated. Assume that 
a 10-volt source of regulated dc voltage 
E.., is desired, at a maximum load cur-
rent of 100 milliamperes. The unregu-
lated voltage source E. is to be 15 volts. 
As a rule, the zener diode current I. is 
chosen for a value of 10 percent of the 
load current IL, or for this example, 10 
milliamperes. The value of the series 
resistance R1 can now be calculated: 

15 — 10  
R1 =  EIL + .100 + .010 45.5 ohms 

The power dissipated in R1 is PR, 
therefore: 

P = (IL 1- Iz)3 X 45.5 = 0.55 watt. 

RI • 

Fig. 21-118A. Basic circuit for designing 
zener voltage regulator circuit. 

RI 
+49.1V 

+22.7V 

+10.7V 

+ 3.9V 

Fig. 21-1188. Zoner diodes connected in 
series for regulation and voltage divi-

sion circuits. 
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Fig. 21-118C. Zener voltage-regulator 
circuit (see text). 

For practical purposes, a 47-ohm, 5-
percent, 1-watt resistor is used. The 
power dissipated by the diode is equal 
to: 

X Ir = 10 x .01 = 0.10 watt. 

The above dissipation is only for a con-
dition where the load current remains 
constant at 100 milliamperes. If the load 
current is completely reinoved, the cur-
rent through the diode increases to 110 
milliamperes and the zener wattage dis-
sipation rises to 1.10 watts. In this in-
stance, a diode capable of dissipating 
2 watts would be in order. (See Ques-
tion 11.148.) 

Several voltage-regulating circuits 
developed by International Rectifier 

Fig. 21-118D. Zener voltage-regulator 
circuit (see text). 

RI 

Fig. 21-118E. Cascade shunt zener di-
ode voltage-regulator circuit. Transistor 
Q2 may consist of  I units in paral-

lel for higher current ratings. 

Corp., are shown in Figs. 21-118B to H. 
Fig. 21-118B shows a string of four di-
odes connected in series across the out-
put of the regulated voltage. Diodes 
like the gaseous regulator tube can 
also be connected in series where the 
voltage drops are different, provided 
the power-handling capabilities and the 
current-operating ranges are similar. 
The circuit shown might be used for 
meter calibration for checking the scale 
linearity. Various voltage combinations 
are available by connection between the 
several voltage points. 

The circuit in Fig. 21-nsc is a low-
voltage difference supply. This circuit 
can be used where the delivered volt-
age is lower than that normally avail-
able with zener diodes. Two diodes are 
used with the regulated potential dif-
ference being utilized. Because the 
temperature drift is the same for both 
diodes, the regulation is exceptionally 
good. Any combination of diodes can be 
used to achieve the desired output volt-
age. 

Another source of well-regulated 
output voltage is obtained by the circuit 
shown in Fig. 21-118D. Here, the first 
diode acts as a preregulator. Any com-
bination of diodes can be employed. A 

Fig. 21-118F. Zener voltage-regulator 
circuit where voltages lower than zener 

voltage are desired. 

RI R4 

2N301 Emir 

16 .4VDC 

Fig. 21-118G. Zener voltage-regulator 
circuit for voltages greater than zener 

diode voltage. 
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IN 1520 
5.6V 

Fig. 21-1 18H. Series connection for a 
zener diode when only a small voltage 

drop is required. 

RI 

50VDC 
UNREGULATED 

Fig. 21-1 181. Current-regulator circu't 
using a transistor and zener diode. 

cascade shunt regulator is given in Fig. 
21-118E. The zener diode controls the 
base potential of transistor Ql, which 
functions as an emitter-follower and 
circuit amplifier. The voltage V.. of Q1 
determines the bias of Q2, the shunt 
regulator. This circuit is used where 
large current variations are encoun-
tered. Transistor Q2 may consist of sev-
eral parallel-connected transistors. 

Referring to Fig. 21-118G, shunt-
type regulators can be designed to sup-
ply voltages lower or higher than the 
zener diode voltage E.. Disregarding 
R1 and R2, the output voltage is deter-
mined by the ratio of P'2/R3, therefore: 

R2 -I- R3 
&et — 

R3 

Thus, if R2 and R3 are of the same 
value, the output voltage will be twice 
the value of E.. Resistor R4 compen-
sates for variations in the supply to the 
regulator. The exact value is found by 
substituting a variable resistor for R4. 
The input voltage is varied, while R4 is 
adjusted for a minimum change in the 
output voltage E..t. Current amplifica-
tion causes capacitor Cl to appear as a 
large value of capacitance across the 
output terminals. The ripple voltage is 
less than 10 millivolts when the input 
dc voltage El. is supplied from a full-
wave rectifier, using 20-$F capacitance 
across the output of the rectifier circuit. 
When voltages lower than E. are re-

quired, the circuit shown in Fig. 21-
118F can be used. The transistor col-
lector-emitter voltage is regulated at 

E.. Potentiometer Pl should be as low 
as possible, yet compatible with the 
load requirements to minimize voltage 
variations, because of load current 
changes. If only a small voltage drop is 
required, say, 28 to 22.4 volts, the con-
figuration in Fig. 21-118H might be em-
ployed. In this instance, the entire load 
current plus the current through R1 
must flow through the diode and it 
could be easily damaged. 
A current-regulator circuit is shown 

in Fig. 21-1181. Basically, the circuit 
consists of a grounded-base 2N278 tran-
sistor. As it will be observed, resistor 
R2 is variable. By changing the value 
of R2, the emitter current flowing 
through R3 is changed. Resistor R3 
serves as a keep-alive current for the 
zener diode. With the load RL, the tran-
sistor supplies a small portion of the 
current drawn by R3; therefore, less 
current will flow through the reference 
diode. Resistor R3, however, must draw 
enough current through the reference 
diode so the voltage drop across the 
diode remains at 8 vole as the current 
regulator is loaded. The load current 
remains essentially constant until RI. 
increases to where the average voltage 
drop across R1. is as large as the voltage 
drop across R3. The transistor must be 
mounted on a heat sink of approxi-
mately 165 square inches. 

21.119 What are the voltage-operat-
ing ranges for zener diodes?—Zener di-
odes, ranging from 2 volts to around 200 
volts and covering a large range of cur-
rent operation, can be obtained for volt-
age regulation and reference use. In 
using higher-current types, the power 
dissipated by the diode must be given 
consideration. This latter information is 
taken from the manufacturer's data 
sheet. 

21.120 Describe transient suppres-
sors and their functions.—Transient sup-
pressors are solid-state devices used to 
protect silicon rectifiers, which are sen-
sitive to voltage and overload condi-
tions, for short time periods. Magnetic 
relays, transformers, and reactors gen-
erate transient voltage peaks far in ex-
cess of normal voltage, and can cause 
rectifier failure. The use of transient 
suppressors (or clippers) can increase 
the life and reliability of a power 
supply without affecting the circuit op-
eration. Transient suppressors are man-
ufactured in both polarized and non-
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polarized units. Their characteristics are 
discussed in Question 11.158. 

Polarized suppressors are selected by 
their rated de-blocking voltage. For a 
100-volt de circuit, the proper suppres-
sor would be rated 108 volts de, or 180 
volts peak. After the voltage rating of 
the suppressor has been determined, it 
is necessary to select a unit capable of 
dissipating the watt-seconds of the en-
ergy content of the inductive field. Sup-
pressor-current ratings are therefore 
expressed in terms of peak discharge 
amperes. For a properly rated suppres-
sor, the steady current through the sup-
pressor is very low and does not add 
appreciably to the losses or tempera-
ture rise. Typical circuits for the appli-
cation of suppressors are given in Fig. 
21-120. To approximate the discharge 
current, a factor of 0.08 is used where 
the de currents do not exceed 100 am-
peres, and a factor of 0.04 is used above 
100 amperes. For a full-wave circuit of 
125 volts at 30 amperes, the suppressor 
would be rated 140 volts rms, 200 volts 
peak, 2.5 amperes peak discharge cur-
rent (PDC). Typical devices of this type 
are manufactured by Sarkes Tarzian, 
under the trade name of K/ipvolt, and 
by International Rectifier Corp., as 
Klip-Sels. 

21.212 Describe a series-type tran-
sistor voltage regulator.—In the series-
type regulator (Fig. 21-121), regulation 
is accomplished by varying the current 
through three 2N3055 parallel-con-
nected transistors in series with the 
load (these transistors are often re-
ferred to as pass transistors). Reverse-

AC INPUT 

140V RMS 4.5 AMPS PDC 

(a) Resistive or capacitive loads. 

35V RMS RAMP PDC 

(b) Inductive loads. 

Fig. 21-120. Surge or transient suppres-
sors connected for different type load 
conditions. The suppressors are of the 

nonpolarized type. 

biased zener diode CR1 provides a 
source of reference voltage. The voltage 
drop across the diode remains at 12 
volts, over a wide range of current. 

If the output voltage V.,,t tends to 
rise, the total increase in voltage is dis-
tributed across resistors R8, R9, and 
R10. By setting potentiometer R9 to its 
midpoint, one-half the increase in out-
put voltage is applied to the base of Q6. 
This increased voltage is coupled to the 
base of Q4 by resistor R5, the common-
emitter resistor for Q4 and Q6. Refer-
ence diode CR1 and its series resistor 
R3 are connected in parallel with the 
bleeder resistors R8, R10, and potenti-
ometer R9. The increase in output volt-
age is reflected across the diode resistor 
network. Since the voltage drop across 
the diode remains constant, the full in-
crease in voltage is developed across R2 
and is thus applied directly to the base 
of Q4. Because the increase in voltage 
at the base of Q4 is higher than that of 
the emitter, the collector current 
through Q4 increases. 
As the collector current through Q4 

increases, the base voltage of Q1 de-
creases by the amount of the increased 
drop across Rl. The resultant decrease 
in current through Q1 causes a decrease 
in the emitter voltage of this transistor, 
and in the base of voltage of Q2. Similar 
action by Q2 results in a negative-going 
voltage at the base of the three pass 
transistors, Q3, Q5, and Q7. 

As a result of this action, the current 
through these transistors and the load 
impedance in series with them de-
creases. The decrease in load current 
tends to reduce the voltage developed 
across the load circuit and cancels the 
original tendency for an increase in 
output voltage. Similarly, if the output 
voltage tends to decrease, the current 
through the pass transistors and 
through the load circuit increases; 
therefore, the output voltage remains 
constant. 

The circuit shown is capable of reg-
ulating the load voltage within 0.5 per-
cent for currents of zero to 10 amperes, 
with a voltage output of 22 to 30 volts. 

21.122 Describe a shunt-type volt-
age regulator.—A shunt-type voltage-
regulator circuit is not as efficient as the 
series-regulator circuit of Fig. 21-121; 
however, it does have advantages be-
cause of its simplicity. In the shunt reg-
ulator (Fig. 21-122), the current 
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Fig. 21-121. Series type transistor voltage regulator. Load regulation 0.5 percent, 
input 1 percent. The output voltage is adjustable within 22 to 30 volts. (Courtesy, 

Radio Corp. of America ) 

through the shunt element transistors 
Q1 and Q2 varies with the load current 
of the input voltage. The current varia-
tions are reflected across resistor R1 in 
series with the load, so that output volt-
age V. is maintained nearly constant. 
This regulator circuit can provide a 
regulated output voltage within plus or 
minus 0.5 percent at 28 Vdc, with a cur-
rent capability of 500 milliamperes, for 
inputs of 45 to 55 Vdc. The zener diode 
is rated at 27 volts. 

With a 28-volt output, the reverse-
bias connected reference diode CR1 op-
erates in the breakdown-voltage region. 
In this region, the voltage drop across 
the diode remains constant (27 volts) 
over a wide range of reverse currents 
through the diode. The output voltage 
will tend to rise with an increase in 
either the unregulated input voltage or 
the load-circuit impedance. Under these 
conditions, the current through resistor 
R2 and the reference diode increases. 
However, the voltage drop across the 

e 

Fig. 21-122. Shunt-type transistor volt-
age regulator. Regulation is 0.5 percent. 
(Courtesy, Radio Corp. of America ) 

diode remains constant at 27 volts, and 
the increase in output voltage is devel-
oped across R2. The voltage drop across 
R2 is directly coupled to the base of Q2, 
thereby increasing the forward bias on 
Ql, and the current through this tran-
sistor increases. 

Since the increased current of both 
transistors flows through R1 in series 
with the load impedance, the voltage 
drop across R1 becomes a larger pro-
portion of the total applied voltage. In 
this manner, any tendency for the out-
put voltage to increase is Immediately 
reflected as an increased voltage drop 
across 111; thus, the output voltage re-
mains constant. 

Under a condition where the output 
voltage decreases, the voltage drop 
across the diode still remains constant, 
and the full decrease occurs across R2. 
This action results in a decrease in for-
ward bias for both transistors; there-
fore, less current flows through Rl. The 
resultant decrease in the proportional 
amount of the input voltage across R1 
Immediately cancels any tendency for 
a decrease in output voltage, thus re-
sulting in a constant output voltage. 

Resistor R1 is indicated as 28 ohms. 
Its value is to include the source resist-
ance (transformer and rectifier). If 1.5-
percent regulation is satisfactory, tran-
sistor Q1 may be omitted, and the emit-
ter of Q2 returned directly to ground. 
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Resistor R2 is then changed to 50 ohms. 
Other circuit components remain the 
same. 

21./23 Describe the circuitry of o 
transistor-regulated power supply. — 
Transistor-regulated power supplies are 
rather complicated in their design. They 
generally have regulation characteris-
tics of 1 percent or less, and must func-
tion under many different conditions of 
use. Fig. 21-123A shows a model PBX 
regulated constant-voltage supply, 
manufactured by Kepco and rated 21 
volts dc at 1 ampere, with 0.01-percent 
regulation. Six such units, rack-
mounted, are shown in Fig. 21-123B, 
and the circuitry is shown in Fig. 21-
123C and D. Basically, the device con-
sists of four major sections—the main 
source with pass element and driver, 
error amplifier, comparison bridge, and 
the auxiliary voltage supplies. 

Referring to Fig. 21-123D, the main 
power is derived from the lower wind-
ing of transformer TIO1 and is rectified 
by a conventional full-wave center-tap 
rectifier circuit consisting of diodes 

CR204 and CR205 and capacitor C203. 
This supply delivers the operating volt-
ages for the pass elements, as well as 
the output current. The pass elements 
(series control transistors) Q101 and 
Q102 are in parallel, and are in series 
with the plus output terminal so that 
the unregulated voltage from the recti-
fier circuit is divided between them and 
the load. By changing the equivalent 
resistance of the series control element, 
the voltage drop across it is made to 
change in such a manner as to main-
tain a constant output voltage. The base 
drive current for the pass elements to 
effect this change is supplied by tran-
sistor Q203 which, in turn, is driven by 
the control signal from the error am-
plifier. 
The error signal amplifier is dc-cou-

pled and consists of Q208, Q207, and 
Q202. Its function is to amplify the sig-
nal from the comparison bridge to a 
level suitable for driving Q203. The 
comparison bridge is a four-arm bridge 
circuit and is the regulating and control 
element. It consists of a zener diode 

• "" 
Fig. 21-123A. Interior view of Kepco Model PBX regulated power supply. The solid-

state elements ore all silicon. 

Fig. 2I-123B. Six Kepco Inc. Model PBX power supply modules rack mounted. 
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diagram for Kepco 0.01-percent regulated power supply feed-
back-regulating system. 

CR212 (Vi), resistor R224 (Re), output 
voltage (E0), and the voltage control 
resistance (Rye), which is applied ex-
ternally between terminals 8 and 9. As 
shown in Fig. 123C, a reference voltage 
(ER) in series with the reference re-
sistance (RR) is continuously compared 
with output voltage (E0) in series with 
voltage control (Rye). At a condition of 
balance, a constant current (L) flows 
through the bridge, keeping the error 
signal at bridge terminals (a') and (b') 
at approximately zero volts. Any devia-
tion from the preset output voltage will 
tend to change (L) in the sensing half 
of the bridge, and thereby will produce 
an error signal at the bridge terminals. 
This dc error signal is then amplified 
and acts as a control signal for the se-
ries-regulator transistor, changing the 
voltage drop across it to compensate 
for the change in output voltage. 
The current-limiting circuit consists 

of Q205 and Q206, connected as a differ-
ential pair. The base of Q206 is refer-
enced to the current-limit potentio-
meter R221, while the base of Q205 
senses the voltage across current-sens-
ing resistor R219. As long as the voltage 
drop across R219 (due to the output 
current) does not exceed the value 
selected by the setting of R221, tran-
sistor Q206 is conducting and keeping 

Q204 in a cutoff condition. If an over-
current causes a rise of voltage across 
R219, the base of Q205 becomes more 
positive and Q205 conducts, while Q206 
is driven toward cutoff. Consequently, 
Q204 will start conducting and pull 
Q202 and Q203 toward a direction tend-
ing to cut off the pass elements Q101 
and Q102 (in parallel), thus sharply 
limiting the output current. 

The amplifier power supply consists 
of a full-wave, filtered dc source com-
prising TIO1 (topwinding), silicon rec-
tifiers CR201 and CR202, and filter ca-
pacitor C201. A series-regulator stage, 
followed by two zener diodes CR209 
and CR210, provides operating voltages 
for both the amplifier and comparison 
bridge. Driver voltage is supplied by a 
half-wave rectifier CR203 and a capaci-
tor C202, delivering the voltage to the 
collector of Q203. The I,. supply pro-
vides the turn-off bias voltage for the 
series pass elements, especially at 
higher ambient temperatures. The cir-
cuitry encompasses CR206, CR207, and 
capacitor C204. 

Specifications for this supply are: an 
output voltage of 21 volts at 1 ampere, 
with a regulation of 0.01-percent out-
put voltage change for line voltages of 
105 to 125 volts; less than a 0.01-percent 
or 1-millivolt change for no load to full 
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load change at any output voltage with-
in the specified range; ripple less than 
0.10 millivolt; an output voltage change 
of 0.01 percent over a period of eight 
hours; recovery time of 50 microsec-
onds; ambient temperature operating 
range, minus 20 degrees to plus 65 de-
grees centigrade (case); and an isola-
tion voltage, 500 volts between the 
chassis and either output terminal. 

21.124 Define the terms "open-loop 
gain," "closed-loop gain," and "loop 

10t1INCOEDÓ31VN01.1.d0 
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a 
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Kepco Model PBX 21-Vdc 1-ampere power 
01-percent regulation. 

gain," as associated with regulated 
power supplies.—The terms "open-loop 
gain," "closed-loop gain," and "loop 
gain" are associated with the negative-
feedback circuitry used for control pur-
poses in regulated power supplies. 

Open-loop gain is a measure of the 
gain without negative feedback, and is 
the ratio of the voltage at the supply 
terminals to the causative voltage re-
quired at the input of the null junction 
of the bridge circuit. (Causative voltage 
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is the voltage required to cause the 
operational amplifier to function.) 
Open-loop regulated power supplies 
utilize voltage or current-sensing de-
vices that automatically change the in-
ternal resistance of the power supply 
in such a manner that the load voltage 
or current remains constant. This may 
be accomplished by the use of either a 
gaseous voltage-regulator tube (VRT) 
or a zener diode. 

Closed-loop (or operational) gain is 
the measure of the gain with negative 
feedback and is ratio of the voltage 
appearing at the output of the power 
supply to the causative voltage required 
at the input of a de control amplifier. 
Closed-loop regulating circuits also 
employ an error-sensing circuit. In this 
instance, the output voltage (or cur-
rent) is controlled by the error signal. 
This is the result of comparing a sample 
of the output voltage (or current) with 
a reference voltage. The reference volt-
age may be supplied by a zener diode 
or a VRT. 

COOLING FINS 

CHASSIS INSULATING SPACER 

Loop gain is a measure of the nega-
tive feedback in a closed-loop system 
and is equal to the ratio of the open-
loop gain to the closed-loop gain in 
decibels. The magnitude of the loop 
gain determines the error attenuation 
(control) and the performance of the 
control amplifier in the power supply 
regulating circuits. 

21.125 Explain the basic design 
principles of a heat sink.— Heat sinks 
are used to radiate heat from solid-
state rectifying devices. They are gen-
erally made from extruded aluminum 
or copper and are painted black, ex-
cept for the areas in which the rectify-
ing device is mounted. The size of heat 
sinks will vary with the amount of heat 
to be radiated, ambient temperature, 
and the maximum average forward 
current through the rectifying element. 
Several different types of heat sinks 
are pictured in Fig. 11-159. 
The overall effectiveness of a heat 

sink is dependent to a great extent on 
the intimacy of the contact between the 

Fig. 21-125A. Typical heat sink for mounting 
Radio Corp.) 

Fig. 21-1258. Thermal charac-
teristics for the heat sink 
shown in Fig. 21-125A, with 
 tion flow of air. (Cour-

tesy, Delco Radio Corp.) 
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device to be cooled and the surface of 
the sink. Intimacy between these two 
is a function of the degree of confor-
mity between the two surfaces and the 
amount of pressure which holds them 
together. The application of a silicone 
oil (see Question 21.126) to the two 
surfaces will help to minimize any sur-
face unevenness. However, the use of a 
mica washer between the base of the 
device to be cooled and the heat sink 
will add as much as 0.5 degree centi-

TRANSISTOR 

MICA INSULATOR 
I-1/8 SO. X.001 TO .002 THK. 

INSULATING BUSHINGS 
USE ONE FOR MOUNTING ON MATERIAL I/8- TO Is/6e THICK. 
USE TWO FOR MATERIAL OF I/4" OR GREATER THICKNESS. 

- COPPER OR ALUMINUM HEAT SINK 
OR CHASSIS 
MICA INSULATOR 
METAL WASHER 
SOLDER LUG 
410-32 HEX. NUT 

--- '4-40 1/2 RM. SCREW (2) 

TRANSISTOR 

MICA INSULATOR 

Fig. 21-125C. Thermal char-
acteristics for the heat sink 
shown in Fig. 21-125A, with 
forced air currents. (Courtesy, 

Delco Radio Corp.) 

grade per watt to the thermal resistance 
of the combination. Therefore, it is 
recommended that (whenever possible) 
an insulating washer be used to insu-
late the entire heat sink from the 
chassis to which it is to be mounted. 
This permits the solid-state device to 
be mounted directly to the surface of 
the heat sink (without the mica 
washer). In this way, the thermal resis-
tance of the mica washer is avoided. A 
typical heat sink manufactured by the 

- COPPER OR ALUMINUM HEAT SINK 
OR CHASSIS 

- ----INSULATING BUSHING (2) 
LOCKWASHER 

Xč.e------SOLDER LUG 
ef)----.4 40 NUT (2) 

Fig. 2I-125D. Transistor 
mounting kits for heat-sink op-
eration. (Courtesy, Delco Radio 

Corp.) 
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Fig. 21-125E. Current multiplying factor 
chart for heat-sink design. (Courtesy, 

Radio Corp. of Americo ) 

Delco Radio Corp. is shown in Fig. 
21-125A. This sink has 165 square 
inches of radiating surface. 

The graph in Fig. 21-125B shows the 
thermal characteristics of a heat sink 
with a transistor mounted directly on 
its surface. A silicone oil is used to in-
crease the heat transfer. This graph 
was made with the heat-sink fins in a 
vertical plane, with air flowing from 
convection only. Fig. 21-125C shows the 
effect of thermal resistance with forced 
air blown along the length of the fin. 

Transistor mounting kits designed for 
type TO3 and TO36 cases are shown in 

40 
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Fig. 21-125F. Typical heat-sink design 
cooling chart. (Courtesy, Rodio Corp. of 

America 

200 

Fig. 21-125D. However, if possible, it is 
always good practice to mount the 
solid-state device directly on the sur-
face of the sink, then to insulate the 
sink from the supporting chassis (for 
reasons previously discussed). 
The size of the heat sink for a given 

application depends on the ambient 
temperature and the maximum average 
forward current of the rectifier element. 
The size must be calculated for each 
application. The calculation of size can 
be greatly simplified by the use of two 
charts: a current-multiplying chart 
shown in Fig. 21-125E and a heat-sink 
cooling chart shown in Fig. 21-125F. 
The first chart applies to all rectifier 
types for both polyphase and de opera-
tion. The second chart differs for vari-
ous types of rectifier types, and the cal-
culation requires four steps. 
From Fig. 21-125F., the current-mul-

tiplying factor is determined for the 
applicable conduction angle (the frac-
tion of the ac input cycle during which 
forward current is expected to flow in 
the application). For dc operation of a 
silicon rectifier, a multiplying factor of 
0.80 is generally specified. The desired 
output current (in amperes) is divided 
by the number of current paths. The 
actual number depends on the rectifier 
configuration and is determined from 
the table below. 

Number of 
Type of operation current paths 

Single-phase, full-wave 
center-tap 2 

Single-phase, full-wave 
bridge 2 

Three-phase, wye-connected 3 
Three-phase, double-wye 6 
Three-phase, bridge 3 
Six-phase, star 6 

The resulting figure is the average for-
ward current of the rectifier. The aver-
age current is then multiplied by a 
current-multiplying factor from Fig. 
21-125E. The resulting figure now rep-
resents the adjusted average forward 
current of the rectifier. 

This adjusted current is applied to 
Fig. 21-125F, to determine either the 
maximum or minimum allowable ambi-
ent temperature. The following example 
illustrates the method of calculation for 
the minimum heat-sink size for a three-
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phase, half-wave, wye-connected cir-
cuit. The conducting angle is 120 de-
grees, the output current is 90 amperes, 
and the ambient temperature is 90 de-
grees centigrade. Referring to Fig. 21-
125E, the current-multiplying factor 
for a conduction angle of 120 degrees is 
1.18. For three-phase, half-wave opera-
tion, the number of current paths is 
three; the average forward current 
therefore is 90/3 or 30 amperes. This 
average forward current is then multi-
plied by the current factor of 1.18 to 
provide an adjusted forward current of 
35.4 amperes. From Fig. 21-125F, the 
minimum heat-sink size is found to be 
6 >< 6 inches square. 

21.126 What type silicone fluid is 
used for seating transistors and diodes 
in heat sinks?'—Several different types 
of silicone fluids are available for this 
purpose. Among them are Dow Corn-
ing Corp. Type-200, Wakefield Ther-
mal compound, and CG Electronics Z5 
Silicone compound. The fluid is applied 
between the base of the transistor and 
the surface of the heat sink, or if the 
sink is insulated, between the base and 
the mica washers. For diodes pressed 
into a heat sink, the silicone fluid is 
applied to the surface of the diode case 
before pressing it into the heat sink. 
The purpose of the silicone fluid is to 
provide a good heat seal between the 
two units. (See Question 21.125.) 

2/.127 What is the average emis-
sivity for different materials used in 
heat sinks?—.The thermal capacity of a 
cooling fin or heat sink must be large 
compared to the thermal capacity of 
the rectifier cell and have good thermal 
conductivity across its entire area. Since 
the surface conditions create differ-
ences in the emissivity, it becomes im-
portant to select or create a surface 
that provides the greatest emissivity. 
The average emissivity is expressed in 
watts per degree centigrade, per square 
inch. The average emissivity for differ-
ent materials and surfaces is; 

Aluminum anodized 0.8 (black) 
Aluminum paint 0.50 
Aluminum painted 0.9 (black) 
Aluminum polished 0.05 
Copper oxidized 0.7 
Copper painted 0.9 (black) 
Copper polished 0.05 
Steel painted 0.9 (black) 
Steel sheet 0.65 

In the selection of a heat-sink ma-
terial, thermal conductivity of the ma-
terial must be considered. This deter-
mines the thickness required to elimi-
nate thermal gradients and the resul-
tant reduction in emissivity. An alumi-
num fm must be twice as thick as a 
comparable copper fin, and steel must 
be eight times as thick. (See Questions 
21.125 and 21.126.) 

21.128 Describe a solid-state var-
iable low-voltage power supply.—A var-
iable source of regulated low-voltage 
de is quite useful for experimental 
work, particularly with solid-state de-
vices. A solid-state, regulated low-volt-
age power supply, Model IP-20, de-
veloped by Heathkit, is shown in Fig. 
21-128A. Referring to the simplified 
diagram in Fig. 21-128B, it will be 
noted that transistors Q4 and Q5 are 
connected in parallel and function as a 
series regulator. When a high current 
demand is presented to the output 
terminals, the regulated dc output vol-
tage tends to decrease. As the voltage 
decreases, the voltage between the base 
and the emitter of Q2 decreases because 
the reference voltage remains constant. 
(Both the reference voltage and bias-
voltage circuits have been shown as a 
battery to simplify the explanation.) 
This causes a reduction of current in 
Q2, causing the base current through 
Q3 to increase proportionally, because 
the current from the base supply is 
constant. 

Fig. 21-128A. Heothkit Model IP-20 
regulated power supply (solid-state). 
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Fig. 21-1288. Basic circuit for Heathkit 
transistor regulated power supply Model 

IP-20. 

As the emitter current in Q3 in-
creases, the resultant increase in cur-
rent flow appears in the base of Q4 and 
Q5. This increases the load current and 
restores the output voltage to its origi-
nal value, that action occurring in the 
matter of a few microseconds. If the 
output voltage increases, the procedure 
is reversed, and the output voltage is 
held at a constant value. The purpose 
of diode D9 is to prevent transistor Q3 
from being back-biased when the load 
current is removed. 

Positive feedback is used to assist in 
the voltage regulation. Referring to Fig. 
21-128C, assume the output voltage 
drops because of an increase in load 
current. This produces a voltage drop 
across resistor R16 of the polarities 
shown. This voltage drop aids in further 
reducing the current through transistor 
Q2 which, in turn, produces more out-

RIT 

RI6 

CURRENT OUT 
DC REGULATION 

LOAD 

2N398A 

02 

Fig. 21-128C. Feedback circuitry for a 
transistor regulated power supply. 

put current. Thus, regulation is un-
proved. When adjusting resistor R16 
for a voltage of 15 volts at the output, 
from no-load to full-load, all other vol-
tage settings will remain within 15 mill-
ivolts (0.015 volt), from no-load to full-
load. 

Referring to Fig. 21-128D, a fixed 
voltage reference source is obtained 
from a separate winding S2 on the 
power transformer, rectified by diode 
D8, filtered, then passed through a 6-
watt, 120-volt ballast lamp (pilot light), 
and applied to V1, an OB2 gaseous vol-
tage regulator tube, which supplies a 
reference voltage of plus 105 Vdc. The 
reference voltage is then applied to D1, 
a 56-volt zener diode, and a divider 
network on the voltage range switch, 
VR1. A small amount of voltage from 
V1 is also applied to the base of tran-
sistor Q2 through 2700-ohm resistor 
R9. For a fine control of the output vol-
tage, control R42 provides a means of 
adjusting the voltage between the steps 
of the voltage range switch. 

Transistor Q1 is a current limiter 
and normally operates in a saturated 
state because of the bias current from 
the current-limiter, diode, D6 (Fig. 21-
128E). As the load current increases 
through the current-limiting control 
resistor R2, a voltage is developed 
across diode D6 and it starts to con-
duct. As soon as conduction starts, the 
emitter to base voltage of Q1 is fixed 
and limits the current to the value be-
ing delivered at the output. Capacitors 
C4 and C6 (Fig. 21-128D) reduce the 
internal output impedance to a value 
of 0.10 ohni at 10,000 Hz, and 0.5 ohm at 
frequencies above 10,000 Hz. The trans-
ient response is on the order of 25 milli-
seconds. The regulation for line voltage 
changes of 105 to 125 volts is less than 
0.005 percent. Ripple and noise is ap-
proximately 150 microvolts. If desired, 
by proper adjustment of resistor R16, 
the output voltage may be set for a no-
change condition, between a full-load 
and no-load condition. 
With a heavy load current of a trans-

ient nature, such as might be demanded 
by an amplifier, the current-limiter 
tube Q1 tends to clip the peak of the 
current waveform being delivered to 
the load terminals. This characteristic 
may be reduced or eliminated by the 
connection of a 100-µF capacitor across 
the load terminals. This capacitor must 
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Fig. 21-128D. Schematic diagram for Heathkit Model IP-20 transistor regulated 
power supply. 
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Fig. 21-128E. Current-limiting transistor 
and circuitry. 

have low internal inductance and must 
be located as close to the output termi-
nals as possible in order to reduce the 
inductive effect of the connecting leads. 
(See Question 21,115.) If the peak cur-
rent demanded by the load does not ex-
ceed the current-limiting control set-
ting, this characteristic will not be 
evident. 

21.129 Give a circuit for constant 
voltage or current regulation, using a 
transistor.—Two basic circuits are given 
in Fig. 21-129. Referring to circuit A, 
the transistor is connected in a 
grounded-collector configuration, which 
means that the potential of the emitter 
is approximately equal to the base 
potential. If the emitter potential be-
comes more negative than the base, the 
transistor will be turned off, the current 
will drop, and the emitter potential then 
becomes more positive than the base, 
turning the transistor on. Therefore, 
the emitter potential will always re-
main almost equal to the base poten-
tial. 

This effect is taken advantage of in 
the constant-current regulator in B 
except that a separate 1.5-volt supply 
is connected in series with a 1500-ohm 
resistor. 

Assuming that a no-load condition 
exists between output terminals 1 and 2, 

A 

and that no voltage drop exists between 
the emitter and the base of the transis-
tor, the current is equal to: 

1.5 volts  
I = 1 milliampere 

1500 ohms 

If a 500-ohm load is connected to ter-
minals 1 and 2, the total resistance will 
be approximately 500 plus 1500 ohms, 
not taking into consideration the emit-
ter-to-collector resistance. 

Under the above conditions, a cur-
rent in the outside loop will try to 
approach 6 mA. As soon as the current 
increases to more than 1 mA, the IR 
drop across the 1500-ohm resistor will 
become greater than 1.5 volts. The 
emitter then becomes negative with 
respect to the base, and the transistor 
is turned off. By substituting a variable 
resistor for the 1500-ohm resistor, the 
current in the load can be controlled 
(as long as the current rating of the 
transistor is not exceeded). 

21.130 Describe a transistor motor-
speed control unit.—The circuit shown 
in Fig. 21-130 can be used to provide 
motor-speed control and regulation 
under changing loads for both ac and 
de universal motors. The motor should 
have a current rating of not more than 
2 amperes using a 2N3228 SCR, or up to 
12.5 amperes using a 2N3669 SCR. The 
motor speed will be controlled from 
cutoff to its full rated speed. The circuit 
provides smooth skip-free operation at 
reduced speeds. 

The speed of the motor is determined 
by the time that the SCR conducts dur-
ing each half-cycle of the ac input 
signal. The time cycle is controlled by 
the manual adjustment of variable re-
sistor R2. At minimum resistance, the 
rectified current from the four 1N2860 
diode rectifiers charges capacitor Cl 
rapidly to the triggering point of the 

RL 

50011 

Fig. 21-129. Transistor circuits for constant-current control. 
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Fig. 21-130. Universal transistor motor-control circuit. This circuit is capable of 
controlling load currents up to 12.5 amperes. (Courtesy, Radio Corp. of America ) 

transistor regenerative-switch, Q1 and 
Q2 (the circuit shown is preset for 6 
volts). The switch is triggered into 
conduction early in each input half-
cycle. When Ql and Q2 conduct, capaci-
tor Cl discharges through the series 
circuit of the transistors and the gate 
electrode of the SCR. This discharge 
current triggers the SCR into conduc-
tion, and the load current then flows 
until the end of the input half-cycle. 
This operation repeats for each suc-
ceeding half-cycle of the ac input sig-
nal, and the motor speed is maintained 
at maximum. When increasing the value 
of R2, capacitor Cl charges more 
slowly and the SCR is triggered later 
in the input half-cycle, or not at all if 
the charge on Cl falls short of 6 volts. 
Thus, the speed of the motor is reduced 
to cut-off completely. 
A feedback circuit consisting of re-

sistors R1, R2, R6, and capacitor C2 
maintains the speed of the motor essen-
tially constant under changing load 
conditions. When a load is applied to 
the motor, the speed momentarily de-
creases and the current through the 
motor and the SCR increases. Resistor 
R1 in series with the SCR develops an 
increased voltage drop, and the charge 
in capacitor C2 is increased. The in-
creased charge produces a current in-
crease through R6, and less current is 
then required through R5 and the re-
generative transistor switch. As a re-
sult, the SCR is triggered earlier in the 
next half-cycle of the input ao voltage. 

The increased conduction time results 
in a corresponding increase in motor 
speed. Resistor R9 performs an addi-
tional function by shunting out com-
mutator noise and eliminates premature 
triggering of the SCR. 

The circuit can also be used for the 
control of lighting circuits, drill motors 
and other equipment, with a capability 
of 240 watts using the 2N3228 SCR, and 
1500 watts using the 2N3669 SCR. For 
lighting-control use, resistors R3, 116, 
and capacitor C2 are not required. The 
circuit operation is essentially the same. 
The value of resistor R1 is obtained by 
dividing 2 volts by the load current. 
The wattage is then calculated and a 50-
percent safety factor is added. 

21.131 Describe a nonelectronic 
bridge circuit for constant-voltage or 
constant-current operation. — Fig. 21-
131A shows a simplified circuit that 
may be used as a source of constant 
voltage or constant current. It was de-
vised by James Spencer of Westing-
house Electric and Manufacturing Co. 
The basic circuit is the well-known 
Wheatstone bridge, consisting of two 
noninductive resistors R1 and R2, and 
several 25-watt, 117-volt lamps. The 
internal resistance of the lamps will 
vary, while the resistors R1 and R2 
will remain constant. The voltage at 
the output of the bridge circuit will 
remain constant over a range of 75 to 
130 volts ac at the input, provided the 
load current remains constant at the 
output of the bridge. 
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Fig. 21-131A. Constant vo tage- or current-regulating circuit (after Spencer). 

TEN 25 WATT LAMPS 

If the load current is fairly constant, 
the circuit is also a good voltage regu-
lator and may be substituted for a con-
stant-voltage transformer. If the vol-
tage at the output of the bridge is high, 
it may be reduced by loading the out-
put side with a heavy wattage resistor 
R3, or by imposing an autotransforrner 
between the output and the input of 
the device being regulated. 

This circuit was originally developed 
for the calibration of ac voltmeters and 
ammeters. In the instance of ammeter 
calibrating (Fig. 21-131B), a 20:1 cur-
rent ratio transformer is connected at 
the output, and a standard meter con-
nected in parallel with the meter under 
calibration. For voltmeter calibration, 
(Fig. 21-131C), a transformer of the 
proper voltage rating is used with a 
standard meter in parallel with the 
meter to be calibrated, and a load re-
sistor of such value to load the trans-

STANDARD 
METER 

Fig. 21-131B. External circuit for cali-
brating an ammeter. 

STANDARD 
METER 

Fig. 21-131C. External circuit for cali-
brating voltmeters. 

former to about 20 percent of its rated 
current-carrying capacity. 
A second lamp bridge devised by 

Kelly, is given in Fig. 21-131D and is 
designed to supply a constant output of 
1 volt, with 0.25-percent regulation for 
line-voltage variations of 105 to 125 
volts, over a frequency range of 25 to 
800 Hz. Looking into the output termi-
nals, an internal impedance of 60 ohms 
is seen. When maximum output is re-
quired, the 500-ohm resistance R1 is 
replaced by the external load. The three 
lamps are No. 48, 2-volt, 60-mA pilot 
lamps. 

21.132 How is leakage current be-
tween a power supply and ground mea-
sured?—By connecting a 1000-ohm re-
sistor between the chassis and a good 
water-pipe ground as shown in Fig. 
21-132. With the ac power plugged in 
and turned on, the voltage drop across 
the resistor is measured using a sensi-
tive vacuum-tube voltmeter. The cur-
rent through the resistor is calculated 
by simple Ohm's law, I= E/R. This 

NUMBER 48 60mA PILOT LAMPS 

2 3 

Fig. 21-131D. Small voltage lamp 
bridge, for a constant 1-volt output 

(after Kelly). 
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Fig. 21-132. Measurement of leakage 
current between an amplifier chassis 

and ground. 

measurement must be made by measur-
ing the leakage for both directions of 
the plug in the 115-volt outlet. 

Normally, the leakage current be-
tween the chassis and ground will 
amount to only a few microamperes. If 
the leakage current runs to several mil-
liamperes, it is quite possible for the 
chassis, under certain conditions, to 
become dangerous. 

2/.133 Show the schematic diagram 
for a simple vacuum-tube variable-vol-
tage supply.—The circuit given in Fig. 
21-133 is quite simple and is capable 
of delivering 150 milliamperes at an 
output voltage of 300 volts dc, with a 
fairly low ripple voltage. The two 6L6 
tubes are used as rectifiers, with the 
control grids returned to a potentio-
meter connected across the dc output 
terminals. To control the level of the 
output voltage, the bias voltage on the 
6L6 tubes is varied by potentiometer Pl. 
The voltage may be varied from zero to 
full output. Any type tubes similar to 
the 6L6 may be used, provided that 
they will pass 150 milliamperes or more 
of current. This circuit is not a regu-
lated one and is subject to the ills of 
unregulated power supplies. 

6L6 OR 5881 

1170VAC 

Fig. 21-134. Solid-state voltage regula-
tor suitable for use with batteries. 

21.134 Describe a solid-state vol-
tage regulator suitable for battery regu-
lation.—When a battery voltage is not 
the exact value required, this difficulty 
may be overcome by the use of the cir-
cuit given in Fig. 21-134 using a battery 
voltage somewhat greater than that re-
quired. 
The arrangement utilizes only four 

components and will, as shown, deliver 
12 volts from an 18-volt battery supply. 
The internal output impedance of the 
circuit is comparable to a new 12-volt 
battery. To prevent damage to the 
transistor when used with a resistive 
load having a large value of capacitance 
in parallel, a second capacitor of higher 
value than the first is connected be-
tween the collector and emitter ele-
ments of the transistor. The two capaci-
tors then charge in series, without 
drawing a heavy charge current 
through the transistor. 
When the circuit is used with a con-

tinuous charging circuit (trickle-
charger), a certain amount of ripple 
voltage is always present. In this in-
stance, a low value of capacitance is 
connected in parallel with the zener 
diode. Switching the batteries off dis-
charges the capacitor through the base-
emitter circuit in series with the load. 

Fig. 21-133. Variable high-voltage supply using a bias control on the rectifier tubes. 
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When the batteries are switched on, the 
output voltage slowly builds up at the 
same charging rate of the second ca-
pacitor. 

Overload protection is afforded by 
increasing the value of resistors R1 and 
R2. During overload, the base-emitter 
current increases the voltage drop 
across Rl. Thus, the base voltage drops 
below zener cutoff. The circuit no 

Periodicals 

longer regulates, but prevents an ex-
cessively high Ic. 
The circuit shown is not confined en-

tirely to batteries or the voltages men-
tioned, as any voltage output can be 
obtained by the selection of the proper 
diode. Such a circuit can be quite use-
ful for supplying a 9-volt portable radio 
from a 12-volt car battery. 
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Section 22 

Test Equipment 

The greatest advancement in test equipment has come about through the use of 
semiconductor circuitry. Many large, cumbersome instruments, heretofore limited 
to laboratory operation, are now available as compact portable devices. Although 
the basic circuitry of test equipment has not changed in principle, graphic re-
cordem and computer techniques have added speed and accuracy to their opera-
tion. A wider scope of performance is available with multiple and complex opera-
tions included in one instrument, such as the multiple-trace oscilloscope with both 
long- or short-persistence CRT's, and with bandwidths of 50 megahertz and 
greater. Test instruments, such as random-noise (white-noise) generators, wave 
analyzers, distortion-factor meters, and phase and octave-band analyzers, are 
some of the items covered in this section. 

22.1 What is a thermocouple ele-
ment and how is it usecIP—A thermo-
couple element consists of two dissimi-
lar metals, such as copper and constan-
tan wire, joined together to form a 
junction. The thermojunction is placed 
in contact with a heater wire as shown 
in Fig. 22-1A. When used, the heater 
wire is connected in series with the 
source of current to be measured. The 
current in passing through the heater 
wire generates heat (watts equal PR) 
which is transmitted to the thermojune-
tion. The application of heat to the 
junction causes it to generate a small 
dc voltage which is measured by a sen-
sitive de measuring instrument, such as 
a millivolt:meter. Within the limits of 
the thermocouple element, the greater 
the current through the heater element, 
the greater the dc voltage generated by 
the thermojwiction. (See Fig. 22-1B.) 

HEATER 
WIRES 

INPUT 
(AC OR DO MILLI - 

VOLTMETER 

THERMOJUNCTION 

Fig. 22-1A. Method of connecting a 
thermocouple element to a dc meter 

movement. 

The quantity of heat generated by 
the heater element will be exactly the 
same regardless of whether the source 
current is alternating or direct. Wave-
form complexity and frequency do not 
enter into the measurement. This makes 
the thermocouple ideal for measure-
ments of frequencies up to several 
megahertz. 

Thermocouples may be calibrated ac-
curately by the use of de voltages and 
will hold their calibrations indefinitely. 
They may be used to measure either 
alternating or direct current. A typical 
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Fig. 22-1B. Typical calibration curve of 
a thermocouple element, showing the re-
lationship between heater current and 

output in millivolts. 
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Fig. 22-1C. Cross-sectional view of a 
typical thermocouple elements in a gloss 

e nvelope. 

thermocouple element, enclosed in a 
vacuum-tube glass envelope, is shown 
in Fig. 22-1C. Thermocouple elements 
may be obtained having a variety of in-
ternal resistances. Typical values range 
from 0.30 ohm to 1100 ohms, with the 
junction side ranging from 3 to 50 ohms. 
A typical example is the Western Elec-
tric thermocouple Type J, which has a 
heater resistance of 600 ohms and a 
couple resistance of 12 ohms. To pro-
duce an open-circuit voltage at the 
couple terminals of 0.005 to 0.015 volt 
requires a current through the heater 
element of 0.002 to 0.005 ampere, re-
spectively. 

22.2 Why are the calibrations on a 
thermocouple meter crowded at one 
end? — Because thermocouple meters 
and hot-wire meters both respond to 
the power in the circuit, although they 
may be calibrated in voltage, which 
varies with the square of the power 
passing through the thermocouple ele-
ment. 

22.3 What is a hot-wire ammeter? 
—An indicating meter which depends 
on its operating force being generated 
by the current in the circuit under 
measurement flowing through a hot 
wire. The internal construction of a 
typical hot-wire ammeter used for 
measuring high-frequency currents is 
shown in Fig. 22-3. The current in 
passing through hot wire A in the meter 

FIXED 
COIL 

SCALE 

Fig. 22-3. Internal construction of a hot-
wire ammeter for measuring high-fre-

quency currents. 

causes the wire to expand and contract. 
Pointer B of the meter movement is 
caused to move by means of a second 
wire C connected to the hot wire and 
wrapped around a small pulley D to 
which the pointer is attached. As the 
hot wire expands and contracts, the 
pointer is caused to move across the 
scale by the rotation of the pulley. The 
heat generated in the hot wire is pro-
portional to the current passing through 
the wire. 

22.4 Are hot-wire or thermocouple 
meters affected by phase shift in a 
complex waveform?—No, they are not 
affected by phase shift or waveform. 

22.5 What is a dynamometer-type 
meter movement? — A dynamometer 
meter movement is based on the prin-
ciple of magnetic repulsion between 
two or more electromagnetic fields. 
When two coils are used, one is fixed 
and one is made movable. The meter 
hand or pointer is attached to the 
movable coil. (See Fig. 22-5.) When 

POINTER 

SPIRAL 
SPRING   I"' MOVABLE 
SHAFT  OE............../. COIL 

POWER 
SCURCE. 

R 

FIXED 
COIL 

LOAD 

Fig. 22-5. Dynamometer-type meter 
movement used in a wattmeter. Fixed 
coils carry the load current and movable 
coils are  ted in parallel with the 

line. 
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current is passed through the coils, 
magnetic fields are created. The mova-
ble coils are repelled by the fixed coils 
when the magnetic fields are of the 
saine polarity. 
Dynamometer meter movements are 

used for the measurement .of ac and 
dc current, voltage, and power and 
are the type of movement most com-
monly used in the design of watt-
meters. When one is used as a watt-
meter, two fixed coils of high resistance 
and many turns are connected in series 
across the voltage source. The movable 
coil is of low resistance and is con-
nected in series with the power source. 
The movable coil swings a distance 
(carrying the pointer) proportional to 
the combined strength of the two mag-
netic fields. Therefore the movement is 
proportional to both the current and 
voltage of the circuit. Since the power 
in the ' circuit is proportional to the 
current and the voltage, the meter can 
be calibrated to read directly in watts. 

22.6 What is an electrostatic volt-
meterT—A meter movement used for 
the measurement of very high voltages 
which draw very little current. The 
movement consists of two plates of a 
variable capacitor, one of which is mov-
able and carries a pointer. 
When two plates of a capacitor are 

charged electrically, a mechanical force, 

TAUT BAND 
SUSPENSION 

MAGNET 
AND FRAME 

BAND 
ANCHOR 

POISE 
WEIGHT 

1229 

called an electrostatic force, is created 
between the two plates. If the charge 
on the plates is opposite in sign, the 
plates are attracted to each other; if of 
the same sign, they are forced apart. 
Advantage is taken of this force to 
move the free plate and the pointer. 
The electrostatic force created by 

the charge may be calculated: 

Force (oz) — 
L' X le 

1.59xKxAxV 

where, 
K is the dielectric constant, 
Ais the area of the plates in centi-
meters, 

L is the distance between the plates 
in centimeters, 

E is the potential between the plates 
in volts. 

Electrostatic voltmeters may be used 
on either alternating or direct current. 

22.7 Describe the construction of a 
taut band meter movement.—Since the 
introduction of the original D'Arsonval 
meter movement, electrical indicating 
and measuring instruments have gen-
erally been restricted to the pivot-jewel 
and hair-spring suspensions, with the 
exception of the string galvanometer 
movement. With the advent of many 
new electronic devices requiring the 
use of meters, the need for a more 
sensitive movement as can be supplied 
by the hair-spring type is required. A 
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Fig. 22-7. Interior view of a taut-band meter movement, and a cross-sectional view 
of its construction. (Courtesy, Stark Electronic Instruments, Canada) 
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movement utilizing a taunt-band or 
strip principle has become practical by 
the use of a new alloy in the form of a 
thin metal strip supporting the move-
ment, carrying the current, and pro-
viding the restoring torque. 

The suspension concept eliminates 
the bearing pivot hair spring, with its 
attendant reduction in sensitivity. Taut-
band suspension permits sensitivities of 
Y2 microampere (0.0000005 amp) for 
100 angular degrees of pointer deflec-
tion, with a power consumption of only 
0.00000001 watt. Taut-band suspension 
may be employed for the construction 
of ac and de meter movements, both 
iron-vane and dynamometer types. 

Such movements are particularly 
useful where high impacts are en-
countered. Damping can be controlled 
to a much finer degree than hereto-
fore. With these movements it is pos-
sible to measure ac voltage and current 
at frequencies between 0.6 and 5 Hz 
through a simple damping arrange-
ment. In Fig. 22-7 are shown two views 
of the movement mounted in the meter 
case, and a cross-sectional drawing of 
its construction, as manufactured by 
Stark Electronic Instruments (Canada). 

22.8 What is a meter shunt? — A 
low resistance connected in parallel 
with a meter movement for the pur-
pose of measuring current. An am-
meter generally consists of a sensitive 
meter movement drawing only a few 
milliamperes of current. By connecting 
a shunt of proper resistance in parallel 
with the meter movement, large 
amounts of current can be measured. 
Ammeter shunts range from a few 
thousandths of an ohm to several ohms 
in value, the exact value depending on 
internal resistance of the meter move-
ment. 

The value of a shunt may be cal-
culated: 

R X L. 
I — 

where, 
is the normal full-scale current 

range of the meter, 
I is the new range of current, 
R., is the internal resistance of the 
meter movement, 

R. is the value of the shunt resistance. 

A typical meter shunt is shown in 
Fig. 22-17. 

22.9 What is a meter multiplierP— 
A resistance connected in series with a 

meter movement to permit it to be 
used for the measurement of voltage. 
Generally, a multiplier resistance has 
a value of many hunderds of times 
the internal resistance of the meter 
movement. As an example, a voltmeter 
rated at 1000 ohms per volt employs a 
1-milliampere movement, with 1000 
ohms connected in series with the 
movement for every volt required for 
its full-scale deflection. Thus, a 1000 
ohms per volt meter with a full scale 
of 10 volts has a 10,000-ohm resistor 
in series with the movement. 
The value of the multiplier resistor 

may now be calculated: 

= (N —1) 

where, 
R., is the internal resistance of the 
meter movement, 

N is the new full-scale range divided 
by the original full-scale reading 
of the movement. 

22.10 Describe a quasi-rms respond-
ing meter.—It is a metering circuit used 
by General Radio Co. in their sound-
level and octave-band noise analyzers 
for reading the output signal. Prior to 
the development of this meter circuit, 
sound-level meters employed a meter 
movement driven from a full-wave 
rectifier, operating in the low-density 
region to approximate square-law oper-
ation. Basically, these meters were 
average-reading meters. Although they 
met the requirements for a two-tone 
rms response, their indications were 
much closer to average than rms on 
most other types of tests. This meter 
circuit, though not a true rms indicator, 
will indicate more closely an rms value 
than did the previous meter movements. 
Fig. 22-10A shows the characteristics 
and circuit of this meter, which com-
bines an average-reading circuit with a 
peak-reading circuit, to create what has 
been termed a "quasi-rms indicating 
circuit." Since the rms value of most 
waveforms falls between the average 
peak indication and the actual peak 
value, adding a portion of the peak in-
dication to the average value of a given 
waveform should result in an rms indi-
cation. However, different waveforms 
require different amounts of peak in-
dication to give rms values. 

In the circuit shown, the ratio of R2 
to RI determines the amount of peak 
contribution, and one set of values will 
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Fig. 22-10A. Quasi-rms meter circuit used by General Radio Co. in their sound level 
meters, and octave-band noise analysers. 
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Fig. 22-10B. Difference in meter indication and rms decibels. 

give an indication of many signals close 
to -rms voltages. The characteristic for 
the quasi-rms meter circuit and an 
average-reading meter are given in Fig. 
22-10B. The solid curves of Fig. 22-10A 
show the response of the quasi-rms 
meter and its predecessor to pulses of 
constant height but varying length. As 
will be observed, the quasi-rins meter 
indicates the rms value (upper dotted 
curve) within plus or minus 1 dB, until 
the pulse duration becomes as short as 
1/25 that of a square wave. 

22.11 Describe a volt-ohmmeter.— 
Volt-ohmmeters are service instru-
ments designed for servicing of all 
types of electronic and electrical equip-
ment. Basically, the circuity consists of 
a voltmeter with several ranges, gen-
erally from 1 volt to 1500 volts, for both 
ac and dc. Also included are resistance-
measuring circuits. A basic circuit for 
measuring resistance above 10 aluns is 
given at (a) of Fig. 22-11A, and for 

resistance values below 10 ohms, the 
shunt circuit in (b) is used. 
A vacuum-tube voit-ohmmeter man-

ufactured by Allied Radio Corp. is 
shown in Fig. 22-11B. The principal 
advantage of the vacuum-tube volt-
ohmmeter is its high input impedance, 

0-1 
mA 

UNKNOWN 250 
RESISTANCE 

2750 0 

1.4.5V 

(a) Circuit for high resistance. 

7K 

1.5 V 

(b) Circuit for resistances below 10 
ohms. 

Fig. 22-11A. Basic ohmmeter circuits. 
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as it absorbs only a minute amount of 
power from the circuit being tested. 
This feature permits it to be used for 
measuring vacuum-tube and transistor 
circuits generally without affecting 
their operation. Vacuum-tube volt-
ohmmeters as a rule include all the 
scales of the nonelectronic volt-ohm-
meter, and additional peak-to-peak ac 
voltage scales. Since the instrument 
illustrated employs a full-wave peak-
to-peak rectifier for ac measurements, 
the meter actually indicates peak-to-
peak values. In actual practice the rms 
scales are used exclusively, and the 
peak-to-peak scales only when a peak-
to-peak measurement is necessary. 
Dc voltages may be read full scale 

from 0.5 to 1500 volts with a full-scale 
accuracy of plus or minus 3 percent, 
and the ac rms voltages from 1.5 to 
1500 volts, plus or minus 5-percent full-
scale accuracy. Peak-to-peak voltages 
may be read from 42 to 4000 volts full 
scale. The frequency response is plus 
or minus 1 dB, 30 Hz to 3 MHz, and 
plus or minus 3 dB 3 Hz to 5 MHz. 
Decibels are read on a separate scale. 
By using a high-frequency probe, the 
range may be extended to 250 MHz. 
Ohmmeter scales in multiples of ten 
from 1 to 1,000,000 ohms provide a 
wide range of resistance measurement. 
The input impedance for all voltage 

low 

Fig. 22-11B. Allied Rodio Corp. Model 
KG 620 vacuum-tube volt-ohmmeter. 

ranges, both ac and de, is 11 megohrns. 
By the use of an external high-voltage 
probe, the voltage range may be ex-
tended to 25,000 volts. The meter move-
ment is knife edge, with a fluorescent 
coating to improve viewing. An on-off 
position on the function switch provides 
a short circuit across the meter move-
ment to prevent it from swinging and 
possible damage during transportation. 

The schematic diagram for this in-
strument is given in Fig. 22-11C. The 
heart of the circuit is a vacuum-tube 
bridge circuit, composed of a 12AU7 
dual triode and a 200-microampere 
meter. With the bridge circuit properly 
balanced, the voltages at the plates of 
V2A and V2B are equal. Since the 
meter is connected between the two 
plates, it will indicate zero. Variable 
resistor R20 connected between the 
plates of V2 is a front-panel balancing 
control, and is adjusted (after a short 
warm-up period) for a zero indication 
on the meter. 
When a positive voltage is applied to 

the first control grid (pin 7) of V2A, 
the current through V2A increases, re-
sulting in a lower voltage at the plate 
of V2A. Since the current of V2A flows 
through common cathode resistor R22, 
the voltage drop across R22 increases. 
Thus, the control grid of V2B is biased 
more negatively because of the in-
creased voltage drop across the cathode 
resistor. This causes the current through 
V2B to decrease and the voltage at the 
plate (pin 1) to rise. 

Current now flows through the 
meter, because of the difference in 
potential between the plates. The meter 
is calibrated to indicate the magnitude 
of the voltage applied to the control 
grid of V2A. Different voltage ranges 
are developed by switching precision 
resistors in series with the grid circuit 
of V2A. In practice when one is mea-
suring ac voltage, the voltage is first 
rectified by V1, a 6AL5 dual diode 
functioning as a full-wave peak-to-
peak rectifier. Instantaneous positive 
peaks of the ac voltage being measured 
will cause VIA to conduct, charging 
capacitor C2 to the positive value of the 
peak input voltage. As the ac signal 
voltage swings in a negative direction, 
VIA ceases to conduct and the charge is 
retained on capacitor C2. The negative 
peak of the input voltage is added in 
series with the charge on C2 and is 



TEST EQUIPMENT 1233 

e 

Nig 2 

iz 

%pftgi z , 
lie•N§Y.4 
erggeile 

62 
A-N "X! 

;1 
174ä 

21;*272iY 1 3VAtai.:Q. 

• 

2ge 

e d 

•tk 

. 2 

m tube Fig. 22-11C. Schematic diagram for the Allied Radio Corp. KG 620 

volt-ohmmeter. 



1234 THE AUDIO CYCLOPEDIA 

— - - 
Fig. 22-1ID. Transistor multipurpose 
meter, Model 427A manufactured by 

Hewlett-Packard. 

applied to V1B. V1B now conducts and 
charges capacitor C3 to a value equal 
to the sum of the positive and negative 
peaks. The charge across C3 (or a por-
tion) is applied to the bridge circuit 
and the meter calibrated in ternis of 
peak-to-peak and rins voltage. 

For resistance measurements, a 1.5-
volt battery is connected through a 
series of precision resistors and the un-
known resistor. These two resistors 
form a voltage-dividing network across 
the battery. The resulting voltage is 
applied to the bridge circuit and the 
meter, which is also calibrated to read 
ohms. 
The function switch chooses the 

mode of operation. The range switch 
selects the required series resistance 
for the various ranges of measurement. 
An ac zero adjustment compensates for 
contact potential developed on the ele-
ment of Vl. 

The probe circuit shown at lower 
center of the diagram is provided with 

+ 3 

+2 

+1 
5 
o 

2 

2 

3 
IHz 5Hz 

a switch which connects a 1-megohm 
resistor in series with the input circuit 
in the dc voltage position to act as an 
isolation resistor for de measurements. 
When ac voltage is measured, the resis-
tor is switched out of the circuit. 

Pictured in Fig. 22-11D is a transistor 
multipurpose meter, Model 427A, manu-
factured by Hewlett-Packard Co. The 
meter is capable of making de measure-
ments from 1 millivolt to 1000 volts, ac 
measurements from 0.3 millivolt to 300 
volts at frequencies of 10 Hz to 1 MHz 
megacycle, and resistance measure-
ments from 02 ohm to 500 megoluns. A 
decibel scale is also provided, per-
mitting measurements from minus 40 
dBm to plus 50 dBm. The frequency 
response is shown in Fig. 22-11E. 

Referring to the schematic diagram 
of Fig. 22-11F, at the lower left is a de 
amplifier for regulating the battery or 
external source of operating voltage. It 
provides a plus 6.7 and minus 6.7 volts. 
Amplifier Al is a high-impedance am-
plifier used to amplify de and the resist-
ance-measuring inputs, and also serves 
as a preamplifier for the ac signals. 
Metering amplifier A2 amplifies the ac 
signal from the preamplifier, converts 
it to a de signal (proportional to the 
average ac), and feeds it to the meter. 
The meter displays the nris value of the 
ac signal. 

In the dc mode of operation, the de 
input voltage to be measured is applied 
to the de range attenuator, where it is 
attenuated 10 dB for each step of the 
attenuator. The output of the attenua-
tor goes to the function switch and then 
a dc filter network R6, R7, C2, and C3, 
rejecting any ac superimposed noise 
voltage that may be present on the dc 
input voltage under measurement. 
Superimposed peak ac voltages, 100 

10Hz IMHz 2MHz 3Mftz 41.1, 

Fig. 22-11E. Frequency response of Hewlett-Packard Model 427A multipurpose 
meter of Fig. 22-1 ID. 
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times greater than full scale, effect the 
reading less than 1% for 60 Hz and 
above. The de output of the filter net-
work goes to amplifier Al and then 
to the meter. Direct-current amplifier 
A2 matches the high impedance of the 
attenuator to the low impedance of the 
meter. The de calibrate circuits are 
resistive, in series with the meter, and 
are used to calibrate the meter current 
on the lower ranges. 

In the ohmmeter position with the 
input open, resistors R16 and R17 (am-
plifier Al) form a voltage divider. The 
voltage across R17 causes full-scale 
current to flow through the meter. 
Ohms calibrate circuit R37 adjusts the 
meter current for an indication of in-
finity. When the unknown resistor be-
ing measured is equal to R17, the total 
resistance from the ohms terminal to 
ground will be half of R17 resistance, 
the voltage across R17 and the unknown 
resistor will be halved, and the meter 
indication will be half scale. The circuit 
is designed so that the full range setting 
will be displayed at the center of the 
scale. For an example, 1 ohm on the 
times 10 range is a center-scale read-
ing. 

For ac measurements, the input sig-
nal is applied to the ac range attenua-
tor. On the 1-volt range and below, the 
signal is not affected by the attenuator. 
However, on all the higher ranges the 
signal is attenuated 50 dB. Variable 
capacitor C3 at the ac range attenuator 
is used to adjust the frequency response 
of the attenuator at 100,000 Hz on the 
3-volt range. The signal from the ac 
attenuator goes through amplifier Al 
and to the ac post attenuator, where it 
is attenuated 10 dB for each step of the 
range selector. The dc amplifier matches 
the low impedance of the post attenua-
tor to the high impedance of the range 
attenuator, acting as a preamplifier. The 
metering circuit contains both a feed-
back-stabilized ac amplifier and an 
averaging meter circuit. The meter cir-
cuit converts the ac signal to a de vol-
tage which is proportional to the aver-
age of the ac amplifier output. Resistor 
R17, between the meter and ground, 
adjusts the current through the meter 
to read in rms volts. 

22.12 What is a hook- or clamp-on 
meter?— A service electrician's test 
meter that may be used to measure the 
current in a conductor without physi-
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cally connecting the instrument to the 
circuit under measurement. 

The meter consists of a sensitive 
movement and a single-turn loop that 
is clamped around the conductor in 
which the current is to be measured. 
A Model AK-5 hook-on volt-am-

meter, manufactured by General Elec-
tric, is shown in Fig. 22-12A. The range 
of this instrument is from 5 to 350 
amperes and from 150 to 750 volts ac. 
This meter may be used to measure 
current surges of short duration, such 
as motor-starting currents, in either 
single- or multiple-phase circuits. The 
proper current range is selected by 
means of a small knob at the lower 
portion of the handle. Test leads are 
plugged into pin jacks near the knob 
for voltage measurements. The circuit 
of a typical clamp-on meter is shown in 
Fig. 22-21B. 

22.13 If a meter is rated 2-percent, 
full-scale accuracy, what is its accuracy 
below full-scale?—Two-percent accu-
racy means that the guaranteed accu-
racy will only be obtained at full-scale 
deflection. The accuracy below full-scale 
deflection will vary, depending on the 
accuracy of the calibration and track-
ing of the meter movement. As a rule, 
in small meters the scale is printed and 
the accuracy depends on the accuracy 
of the meter movement or its percen-
tage of deflection for a given voltage or 
current. If the scale is hand calibrated, 
full-scale accuracy may be maintained 
throughout the whole deflection length 
of the calibrations. 

It is the practice of some instrument 
manufacturers to machine-calibrate 
each individual meter scale, to elimi-
nate tracking error on mass-produced 
meter movements. The system used by 
Hewlett-Packard custom calibrates and 
photographically prints the meter scale 
to match exactly the linearity character-
istics of each meter movement. The 
basic movement is the taut-band con-
struction, which is thoroughly discussed 
in Question 22.7. 

22./4 What is the purpose of a 
mirror behind the pointer of a meter?— 
To eliminate the error due to parallax 
when reading the meter scale. The 
most accurate reading is obtained when 
the pointer is lined up with its reflec-
tion in the mirror. This type of scale is 
quite common with precision meters 
such as shown in Fig. 22-14. 
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Fig. 22-12A. The General Electric Model 
AK-5 hook-on volt-ammeter being 

hooked on a cable. 

SINGLE 
TURN 
COIL AMMETER 

SHUNT 

VOLTMETER 
MULTIPLIER 

RECTIFIER 
TYPE 
METER 

Fig. 22-128. Circuit for a typical clamp-
on volt-ammeter. 

22./5 What type of voltmeter is 
recommended for measuring transistor 
operating voltages?—A meter with at 
least 10-megohrns input resistance, for 
either de or ac voltages. This high input Fig. 22-17. A 10-ampere, 50-millivolt 
resistance is necessary to prevent load-

ing the circuits and upsetting the vol-
tage divisions. 

22.16 How may the balance of a 
meter movement be checked?—By not-
ing its reading in both the vertical and 
horizontal positions. The reading should 
also be checked at a 45-degree angle. 

22./7 How are current shunts for 
an ammeter calibrated?—They are cal-
ibrated in amperes and millivolts drop 
across the shunt. A typical example is 
the shunt in Fig. 22-17 designed to have 
a 50-millivolt drop across it when 10 
amperes of current are flowing through 
-it. The meter movement is, in reality, 
a sensitive voltmeter reading only the 
voltage drop across the shunt. 

22./8 Will o thermocouple meter 
read the same as a vacuum-tube volt-
meter for a complex waveform? — No. 
The thermocouple meter will read 
higher because it is not affected by 
waveforms. Therefore, the reading is 

• 

tkeifinia:aLm je,.dra • 

ammeter shunt. 

Fig. 22-14. The Sensitive Research Instrument Corporation multitester. It is de-
signed for measuring both ac and dc voltage and current. 
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a true indication of the current and 
requires no correction for waveform. 

22.19 How is a logarithmic char-
acteristic obtained in a D'Arsonval meter 
movement?—By shaping the magnetic 
pole pieces in the magnetic structure of 
the movement. This type meter move-
ment is employed in the Ballantine 
vacuum-tube voltmeter described in 
Question 22.102. A linear movement is 
shown at (a) and a logarithmic one at 
(b) in Fig. 22-19. 
22.20 What is an instrument trans-

former?— A special-type transformer 
used with switchboard indicating in-
struments to isolate them from a high-
voltage source. The secondary side of 
the transformer is provided with taps 
for different voltage or current ratios. 
When it is used with an ammeter, it is 
called a current transformer, and when 
used with a voltmeter, it is called a 
potential transformer. As a rule; the 
transformer is polarized and operates 
with a grounded secondšry to protect 
operating personnel. 

22.21 What is a Wheatstone bridge? 
—An instrument used  for measuring 
resistance. Although the circuit used 
in a Wheatstone bridge was invented 
by Christie, Wheatstone received credit 
for its invention because of his adapta-
tion of the circuit for the measurement 
of resistance. 

(a) Linear. (b) Logarithmic. 

Fig. 22-19. Linear and logarithmic me-
ter movement obtained by shaping the 

pole pieces. 

A commercial model of a Wheatstone 
bridge manufactured by the Leeds and 
Northrup Co. is shown in Fig. 22-21. 
The device pictured may be used fór 
measuring resistance and locating and 
measuring the distance at which a 
ground or short circuit on a transmis-
sion line or cable has occurred. Either 
the Murray or Varley loop test may be 
used. Resistance values are measured 
by the aid of a four-dial decade box, a 
ratio dial, and a sensitive galvanometer. 

22.22 What is a null indicator?— 
The term null means a point of no vol-
tage or current. Null indicators gen-
erally consist of headphones, an oscil-
loscope, or a vacuum-tube voltmeter 
or sensitive dc meter connected in a 
circuit to indicate the point of lowest 

Fig. 22-21. The Leeds and Northrup Model 5430-AM Wheatstone bridge. 
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voltage or when a balance has been 
achieved by a zero indication. The in-
strument used for indicating a condi-
tion of balance in a bridge circuit is 
called a null indicator. 

22.23 Show the various bridge cir-
cuits used for the measurement of re-
sistance, capacitance, and inductance.— 
The most widely used bridge circuits for 
the measurement of resistance, capaci-
tance, and inductance are shown in 
Figs. 22-23 through 22-31. The basic 
circuit of all bridges is the Wheatstone 
(Christie) bridge illustrated in Fig. 
22-23. The circuit consists of four fixed 
or variable resistance arms, RI, R2, R., 
and R., a source of direct current, and 
a sensitive (zero center) galvanometer 
designed to swing in either direction. 

The current from the battery enters 
the circuit at A. At this point the cur-
rent divides into two parts, one part 
through R2 and Rh the other through 
Ft. and R.. Both currents combine at 
point B and return to the battery. A dc 
galvanometer is connected from point 
C to point D to indicate when a balance 
or null has been reached. 

The operation of the bridge circuit 
may be thus explained. Assume R. to 
be an unknown resistance. Resistors RI, 
R., and It are variable resistors and 
are adjusted with the battery connected 
until a null is indicated by the galva-
nometer. The circuit is now considered 
to be balanced. Points C and D are now 
at the same potential. If there were a 
potential difference between points C 
and D, a current would flow and would 
be indicated by a deflection of the gal-
vanometer. 

FOR CONDITION 

CF BALANCE 

-DJ _ 
R2 R4 

Fig. 22-23. Basic circuit for a Wheat-
stone resistance bridge. If reactive ele-
ments are substituted for resistances, 
the circuit becomes an impedance bridge. 

Consider now the voltages across the 
individual resistors. It was stated that 
the current divided into two parts, with 
one part through ACB and the re-
mainder through ADB. The current 
through ACB will be designated I. and 
that through ADB as Ib. The voltage 
drop across points AC is I. X R2, and 
across points AI) it is Ii, X Points C 
and D are at the same potential, since 
the galvanometer indicates a null. 
Therefore the voltage drop from A to C 
is equal to the voltage drop across A to 
D. The voltage drop across C to B must 
be equal to the voltage drop across B 
to D. Under the foregoing conditions: 

R. R. 
TI2 =  

The bridge may now be said to be in 
balance. 

In the practical Wheatstone bridge, 
the arms R. and R. are ratio arms, ad-
justable in decades which are varied 
simultaneously. Fit is a variable resistor 
group which may be varied from 1 ohm 
to several thousand. The unknown re-
sistor is connected in place of 

This bridge circuit may also be used 
for the measurement of impedance, in-
ductance, and capacitance, as will be 
explained in the following questions. 

22.24 What is a slide-wire bridge? 
—A simplified version of a Wheatstone 
resistance bridge. The basic slide-wire 
bridge circuit is shown in Fig. 22-24. 
It consists of two fixed resistors, Ri and 
112. A slide-wire resistor in the form of 
a large rheostat provides the two lower 
arms, R. and R.. The unknown resistor 
is substituted for Ri or R.. The slide-
wire rheostat is adjusted for a null. The 
value of the unknown resistor may be 
calculated: 

Rd  
— X RI 

where, 
R. is a standard resistor, 
R. is substituted for R2. 

22.25 What is a Maxwell bridge?— 
A form of Wheatstone bridge used for 
the measurement of inductance and ca-
pacitance. The de galvanometer is re-
placed by a pair of headphones or a 
vacuum-tube voltmeter. The battery is 
replaced by an alternating-current sig-
nal source. 
The Maxwell bridge circuit is -gen-

erally used for measuring inductance, 
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BATTERY 

CONDITION 
OF BALANCE 

11,3 

Ra R4 

GALVANOMETER 

Fig. 22-24. Slide-w re type Wheatstone 
bridge circuit. 

AC GENERATOR 

Lx. Rift2C 

Rx. Ri(RIR3) 

Fig. 22-25. A Maxwell bridge circuit for 
measuring inductance. 

AC GENERATOR 

Lx Ri R2 C 

H(R3a.OEC)2 

R. R1 R2 C (wC)2 

14-( R30.4)2 

tu.21Tf 

The bridge is balanced in a manner 
similar to that used for balancing the 
de Wheatstone bridge in Fig. 22-23, 
except the null point is indicated by a 
minimum signal in the headphones or 
minimum indication on a vtvm. The 
value of inductance may be calculated 
from the equation given in the diagram. 

22.26 What is a Hoy bridge circuit? 
—A bridge circuit used for the mea-
surement of inductance with a Q of 
over 10. The Hay bridge, Fig. 22-26, is 
often used for measuring incremental 
inductance or coils with a de current 
through them. 

22.27 What is a Schering bridgeT— 
A bridge used for the measurement of 
capacitance and the characteristics of 
electrical cables. (See Fig. 22-27.) An 
advantage of the Schering bridge is 
that it may be used for the measure-
ment of electrolytic capacitors while a 
de potential is applied to the capacitor, 
without the direct current circulating 
throughout the bridge. 

22.28 What is an Owen bridge?— 
The Owen bridge circuit, Fig. 22-28, is 
somewhat similar to that of the Max-
well bridge and is used principally for 
the measurement of inductance. Unlike 
the Maxwell bridge, the Owen bridge 
requires two capacitors, one in each of 
the upper two arms. 

22.29 What is a Wien bridge?—A 
bridge circuit which permits the mea-
surement of capacitance in terms of 
frequency and resistance. It may also 
be used as a frequency-selective filter. 
The circuit is shown in Fig. 22-29. 

The Wien bridge is the basic circuit 
used in resistance-tuned oscillators and 

AC GENERATOR 

Fig. 22-26. The Hay bridge circuit used R1 
EOUIVALENT BALANCE for measuring inductance. SERIES RESIST CAPACITANCE 

ANCE 
OF UNKNOWN Cx Ra 
CAPACITOR Cx 

as it will permit an unknown induct-
ance to be measured, using a capacitor 
as a standard. This bridge may also be 
used to measure coils of high Q and Fig. 22-27. The Schering bridge circuit 
coils having considerable series resist- used for measuring capacitance and 
ance (low Q). cable characteristics. 

R3 
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other test' equipment. The audio-fre-
quency meter described in Question 
22.36 is a Wien bridge calibrated to read 
directly in frequency. 

22.30 What is a resonant-frequency 
bridge?—A bridge circuit as shown in 
Fig. 22-30. The unknown inductance, L., 
is connected in series with a capacitor 
C to form a series-resonant circuit at 
a frequency of the signal applied to the 
bridge. At the resonant frequency the 
inductive and capacitive reactances, 
being equal in magnitude and opposite 
in sign, cancel. This bridge may also be 
balanced if pure resistance is substi-
tuted for the reactive elements. 

Because the capacitor must cover 
quite a large range, this type of bridge 

EQUIVALENT 
SERIES 
RESISTANCE 
OF LX 

AC GENERATOR 

LX • R1 R3 C2 

C2 
R2 R3 

Fig. 22-28. The Owen bridge circuit used 
for measuring inductance. 

AC GENERATOR 

CX R1 R • iit4,2 z 
R2 R —R1 Cs.  

Fig. 22-29. The Wien bridge circuit 
which permits measuring capacitance in 
terms of frequency and resistance. It 
may also be used for frequency rejection 

and measurement. 

is seldom used for the measurement of 
inductance. 

22.31 What is a Kelvin bridge?—A 
bridge circuit devised by Lord Kelvin 
for the measurement of resistances be-
low 0.10 ohm, such as might be en-
countered when measuring an ammeter 
shunt. Contact resistance between the 
connecting leads of the bridge and the 
unknown resistance can introduce er-
rors up to 20 percent, using a conven-
tional bridge circuit. 

Measurements may be made of 
shunts having only a few thousandths 
of an ohm resistance with a high de-
gree of accuracy using the Kelvin 
bridge circuit shown in Fig. 22-31. 

If ratio arms 113 and R4 equal Ri and 
R2, the contact resistance between un-
known resistance R. and R4, the stan-
dard, is eliminated. The contact resist-
ances at points A and B have no effect, 
because the current through the galva-
nometer is zero when the bridge is bal-
anced. 

R3 
EQUIVALENT 
SERIES 
RESISTANCE 
OF Lx 

AC GENERATOR 

L. 
(21-17A c 

R4 
OVER-ALL 
BALANCE 

R3. 
R2 

Fig. 22-30. Resonant-frequency bridge. 

Fig. 22-31. The Kelvin bridge circuit 
used for measuring resistances below 

0.10 ohm. 
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CRT 

DC 
SOURCE 

Fig. 22-32. Basic circuit for on incremental 

Contact resistance at points C and D 
is negligible compared with ratio arms 
R. and R., both of which are reasonably 
high. Resistor Re is adjusted for a cur-
rent indicated by ammeter M for the 
required sensitivity. Resistor R. is small 
in value, about 1 to 10 ohms. 

For a condition of balance: 

R. R. 
-Ws =  Řs. 

22.32 What is an incremental in-
ductance bridge?— An instrument de-
signed specifically for the accurate mea-
surement of the inductance of iron-
core inductors, filter chokes, transform-
ers, plate reactors, and similar devices. 
The incremental inductance bridge per-
mits measurements to be made with 
direct current through the inductance 
under test. It is possible, therefore, to 
measure the inductance at any direct 
current or core saturation condition. 
The inductance under test is con-

nected so as to form a parallel reso-
nant circuit consisting of L, C, and R, 
as shown in Fig. 22-32. The bridge cir-
cuit is supplied with an ac voltage at a 
frequency of 120 Hz superimposed on a 
de voltage. The magnitude of the di-
rect-current component is set to a de-
sired value by adjusting the output of 
the de power supply. The value of the 
inductance is obtained by the adjust-
ment of resistor R, until resonance of • 
the parallel circuit is indicated by a 
null on the cathode-ray oscilloscope 
tube. Resonance of the parallel circuit 
is obtained when: 

L = CR2 

The value of the inductance is read 
from the resistor R which is calibrated 
to read directly in henries. 

22.33 Describe a bridge circuit suit-
able for the measurement of resistance, 
capacitance, inductance, and impedance. 
—Such a circuit, developed by Heath-
kit, is given in Fig. 22-33A. This circuit 

inductance bridge. 

is designed for the measurement of re-
sistance, capacitance, inductance, and 
impedance. By the use of a single 
switch, four separate bridge circuits 
may be selected, including the Maxwell 
and Hay inductance bridges, Wheat-
stone resistance bridge, and a capaci-
tance comparison bridge. An internal 
1000-Hz oscillator supplies a signal for 
ac measurements. The de for resistance 
measurements is taken from an internal 
power supply, which also supplies a 
source of voltage for the detector 
(bridge balance) amplifier. External 
binding posts are provided for the sam-
ple under test and for connection of an 
external oscillator and detector when 
required. 
When the bridge is set for a given 

mode of measurement, the proper 
bridge circuits are automatically se-
lected. One main dial, called the CRL 
dial, is employed to balance the bridge 
for all types of measurements, except 
for ac measurements. For these mea-
surements, two additional dials are used 
in the balanacing procedure, and are 
termed the D and Q dials. Dial D rep-
resents the dissipation factor and Q its 
reciprocal storage factor. The equations 
for these two factors are: 

R D 1 = — = — 
Q XL 

1 Xi. 
iť 

where, 
R and XL are the series resistance and 
reactance of an inductance or ca-
pacitor under measurement. 

The dissipation factor is directly pro-
portional to the energy dissipated per 
cycle; the storage factor is directly pro-
portional to the energy stored per cycle. 
The term "dissipation factor" is com-
monly used with capacitors as it varies 
with loss, while "storage factor" is used 
for inductors, since it indicates the 
merit (Q) of a coil. 

Resistance measurements are made 
with the Wheatstone bridge. As this is a 
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V 

Fig. 22-33A. Schematic diagram for Heathkit Model 18-2A impedance bridge. 

de measurement, the bridge is balanced 
for zero indication on the zero-center 
meter. When the meter indicates zero, 
the bridge is in balance and the value 
of the sample in ohms is that indicated 
by the CRL dial multiplied by the range 
dial. The complete instrument is shown 
in Fig. 22-33B. 
A laboratory-type impedance bridge, 

Model 1650A, manufactured by the 
General Radio Co., is shown in Fig. 
22-33C. It is designed for measurement 
of resistance, capacitance, inductance, 
and impedance. Five bridge circuits are 
used. The Hays and Maxwell inductance 

bridges and series and parallel capaci-
tance-comparison bridges provide a 
wide coverage of the D and Q ranges. 
Full use of these ranges at low-Q and 
high-D values is achieved by means of 
an "Orthonull" balancing mechanism. 
Both de and ac measurements may be 
made with the bridge, as it has no in-
ternal phase balance. 

The Orthonull balancing mechanism 
is a mechanical device that improves 
the bridge balance convergence when 
low-Q inductors or high-D capacitors 
are measured. Those who have tried to 
balance low-Q components on the con-
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Fig. 22-33B. Heathkit Model IB-2A impedance bridge. 

Fig. 22-33C. General Rodio Co., 

ventional bridge have experienced a 
sliding balance, which is a slow balance 
convergence, resulting from the inter-
dependence between the two balance 
adjustments. Thus, when a Q of less 
than 2 is encountered, the balance be-
comes tedious, and it is extremely diffi-
cult for values below 0.5. The Orthonull 
ties together mechanically both the CRL 
dial and the D dial, which are one and 
the same for this bridge. The Orthonull 

impedance bridge Model 1650A. 

gangs the two adjustments nonrecipro-
cally in such a manner as to cancel their 
interdependence, leaving the two ad-
justments independent of one another. 
As a result, advantage is taken of the 
ful Q range and the balance is simpli-
fied. 

Contained internally within the case 
is a 1000-Hz transistor oscillator and a 
three-stage amplifier, which can be 
made either selective with over 20-dB 



1 246 THE AUDIO CYCLOPEDIA 

o  
EXT. OSO. 0  

-BIAS 

UNKNOWN 

—1E— 

SENSITIVITY 

.ArK 
OSO. 
LEVEL 

OCT. 
OUTPUT 

• é o 
Fig. 22-33D. Simplified block diagram 
for General Radio Co., Model 1650A 

impedance bridge. 

reduction of second harmonics or fiat 
for measurements at other frequencies. 
The amplifier drives the panel meter to 
give a visual indication, thus eliminat-
ing the need for headphones. Terminals 
are provided for an external oscillator, 
detector, dc bias for polarizing the ele-
ment under measurement, and head-
phones, if desired. 

The resistance ranges are from 1 mil-
liohm to 10-megohms; capacitance 
ranges from 1 pf to 1000 pr; inductance 
ranges from 1 µH to 1000 H, with accu-
racy of plus or minus 1 percent. An ele-
mentary block diagram of its internal 
connections is given in Fig. 22-33D. 

22.34 Describe a service-type ca-
pacitor tester.—Such a circuit is given 
in Fig. 22-34A. For measurements of 
capacitance the bridge circuit consists 
of four arms, potentiometer RI, stan-
dard capacitors Cl, C2, or C3, and the 
unknown capacitor under measurement. 
For resistance measurements the four 
arms consist of potentiometer R1, stan-
dard resistors R2 or R3, and the un-
known resistance. Potentiometer R1 is 
considered to be two arms of a bridge 
circuit, the slider being the center arm, 
which is varied to balance the bridge. 
The balance or null point is indicated on 

a 6E5 electron-ray tube, sometimes re-
ferred to as a magic-eye tube. The 
circuit shown permits the measurement 
of electrolytic capacitors with a polar-
izing voltage applied. For paper, oil, 
mica, or other types of dielectrics, a 
polarizing voltage is not required. The 
dial for potentiometer R1 is calibrated 
to read directly in terms of capacitance 
or resistance. 

Since electrolytic capacitors have an 
inherent amount of internal resistance 
which increases with use and age, their 
power factor increases and reduces 
their efficiency. To balance out this re-
sistance during measurement, potenti-
ometer R1 and series resistance R4 are 
used to balance the bridge. 

Control R4 is calibrated to indicate 
from 0 to 50 percent, in terms of power 
factor. Thus, the efficiency of the ca-
pacitor is readily determined during 
measurement. Electrolytic capacitors 
indicating a power factor of 15 percent 
or greater should be replaced; however, 
for certain types of electrolytic capaci-
tors the power-factor may read higher 
and the capacitor still be used. The 
manufacturer's data sheet should be 
consulted before replacing. Capacitors 
other than electrolytics will not indi-
cate power factor; therefore resistor 04 
is turned to its minimum position, 
which trips switch S2, shorting out re-
sistors R5 and R6. For a 50-Hz power 
line the power-factor reading is multi-
plied by 0.84; for 40 Hz, by 0.72; and for 
25 Hz, by 0.46. 
When electrolytic capacitors are 

measured, the unknown capacitor is 
connected between the capacitance ter-
minals of the bridge. The positive ter-
minal of the capacitor must be con-
nected to the positive terminal of the 
bridge, and control R4 set to electro-
lytic. Switch S1 is set to the desired 
measurement range, and potentiometer 
RI and power-factor resistor 04 ad-
justed for the widest possible opening 
of the 6E5 tube. When the bridge is 
balanced, the value of capacitance is 
read from the dial and multiplied by 
the range position of Sl. Power factor 
is directly read from the setting of R4. 

Capacitor leakage is measured by 
turning S1 to a voltage near the rated 
de working voltage of the capacitor and 
throwing S3 (spring loaded to auto-
matically return to normal position) to 
leakage, and observing the action of the 
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Fig. 22-34B. EICO Electronic Instrument 
Co., Inc. Model 965 FaradOhm bridge 

analyzer. 

6E5 tube. The amount of leakage will 
be indicated by the degree of the clos-
ing of the eye. If the eye flutters or is 
intermittent, the capacitor is leaky and 
arcing over internally. If it is internally 
shorted, the eye will close completely. 
Open-circuit capacitors will cause the 
6E5 to open at the extreme ranges of 
capacitance. A normal capacitor will 
cause the eye to suddenly open and 
then return to the normal shadow angle. 

Resistance is measured by connect-
ing the unknown resistor to the resist-
ance terminals (no polarity need be ob-
served), S2 to the paper or mica posi-
tion, and S1 to the desired range. The 
bridge is then balanced, using only po-
tentiometer R1 for a maximum opening 
of the 6E5 tube. 

The circuit shown will measure ca-
pacitance from 0.00001 to 1000 µF in 
four ranges; power factor 0 to 50 per-

FUNCTION SW. 
TEST P-- S2 A.B.C. 

VARIABLE 
DC SUPPLY 
SW. S4A,B,C. 

V6 

cent; leakage 25 to 450 Vdc; resistance 
100 to 50,000 ohms. It should be pointed 
out that this tester circuit must not be 
used for the measurement of low-volt-
age capacitors used in transistor equip-
ment. 
Shown in Fig. 22-34B is a Model 965 

FaradOlun bridge analyzer, manufac-
tured by EICO Electronic Instrument 
Co. This instrument is designed for 
measuring low-voltage transistor-type 
capacitors, resistance, and inductance. 
In addition it will measure the leakage 
in capacitors, diode reverse current, 
transistor quiescent current, and insu-
lation leakage. The instrument incor-
porates a six-range de vacuum-tube 
voltmeter (vtvm) and an eleven-range 
de vacuum-tube ammeter (vtom). The 
ammeter has eleven full-scale ranges, 
with a low scale of 0 to 15 M, to a 
high scale of 0 to 15 mA, with an inter-
nal voltage drop of 75 mV. 

The bridge circuit normally uses only 
0.45 Vac at the line frequency. For test-
ing at higher voltages or frequencies, 
an external source is used in accord-
ance with existing EIA Standards. The 
bridge detector-amplifier incorporates 
an automatic gain control (age) to hold 
the bridge detector meter on scale dur-
ing the balancing of the bridge circuit, 
yet permits a finely defined null at the 
balance point. 

To balance out the equivalent resist-
ance when capacitors are measured, a 
control is provided, calibrated power-
factor zero to 80 percent. A . plug-in 
shield is provided for eliminating stray 

POL   
VOL 

EXT 
STANDARD I GEN 

Y  

BRIDGE 
NTWK 
SW. SI 

POWER 
SUPPLY 
V4, VS 

VOLTAGE 
RANGE SW. 

S4 D 

BRIDGE 
DET. /AM PL 

V6 

FUNCTION 
SW. S2D 

CURRENT 
RANGE 

SW. S3 

_.1 METER AMPL 
V2,V3 

METER 

Fig. 22-34C. Block diagram Mr EICO Electronic Instrument Co. Model 965 bridge 
analyzer. 
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GND. 

Fig. 22-35. A Z-set or oc ohmmeter 
used for measuring coil and transformer 

impedance. 

fields when small capacitors or very 
large resistors are measured. 
A six-range 0- to 500-Vdc power 

supply operates in conjunction with the 
vtvm and vtam for capacitor-leakage 
analysis, diode reverse or transistor 
quiescent current measurements. A 
warning light indicates when there is a 
voltage at the test terminals. Capaci-
tance measurements are possible over a 
range of 5 pF to 5000 µF. Resistances 
can be measured from 0.5 ohms to 
100,000 ohms, and variable dc voltage 
measurements from 0.4 to 500 volts are 
possible. A block diagram and sche-
matic diagram are given for this instru-
ment in Fig. 22-34C and Fig. 22-34D. 

22.35 What is a "Z" „t?--A sim-
plified bridge circuit used for the mea-
surement of impedance. This circuit is 

LO 

sometimes referred to as an ac ohm-
meter. (See Fig. 22-35.) 
At the bottom of the diagram is a 

1:1 coil to isolate the bridge from the 
signal source, if grounded or unbal-
anced. Six precision resistors (1 per-
cent) provide the multiplier arms, while 
the 1000-ohm pot and the unknown im-
pedance complete the bridge circuit. 
Headphones or a vtvm may be used as 
a null indicator. The bridge is balanced 
when a null is indicated on the meter. 
The variable 1000-ohm resistance is 
calibrated to read directly in ohms im-
pedance. 

22.36 Describe a Wien bridge au-
dio-frequency meter.—Audio-frequency 
bridges using Wien-bridge circuitry 
consist of only resistance and capaci-
tance and are used for the precise mea-
surement of audio frequencies between 
20 and 20,000 Hz (Fig. 22-36). They may 
be used to identify frequencies of an 
oscillator, beat frequency, or other 
sources in the audio band. 

Such instruments are connected at 
the output of the signal source, with a 
null detector connected at the bridge 
output terminals. When the bridge has 
been balanced for the lowest indication 
of the null detector, the frequency is 
read directly from a calibrated dial. A 
second balancing dial is provided to 
sharpen the balance and increase the 
accuracy of the readings. A two-gang 
potentiometer assembly employing log-
taper windings is used to spread the 
calibration on the dial over a 270-de-
gree range. A multiplier switch pro-

.01 
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Fig. 22-36. Schematic diagram for Wien bridge audio-frequency meter. 
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vides three ranges of measurement-20 
to 200 Hz, 200 to 2000 Hz, and 2000 to 
20,000 Hz. 

22.37 What is a resonant or tuned-
reed frequency meter? — A frequency 
meter employing a group of tuned reeds 
for measuring the frequency of com-
mercial power sources. A typical reso-
nant or tuned-reed frequency meter, 
manufactured by the James G. Biddle 
Co., is shown in Fig. 22-37A. 

Fig. 22-37A. The James G. Biddle Co. 
Model 51 10 From switchboard-type res-
onant-reed frequency meter. The fre-
quency range is 52.5 to 67.5 Hz in steps 

of 0.5 Hz. 

READING 
WIDTH . WIDTH . 

AMPLITUDE 

TARGET HEIGHT 

Fig. 22-378. Cross-sectional view of 
electromagnet, armature, and tuned-reed 
assembly of the meter pictured in Fig. 

22-37A. 

Basically the instrument consists of 
a group of 31 or more steel reeds with 
one end bent at a right angle to its 
length. The bent end is painted white 
and the other end is clamped in a brass 
shoe. Each individual reed is tuned to 
a given frequency within a band of 

1251 

selected frequencies. The complete as-
sembly of reeds is called a reed comb 
and is supported by two flat springs 
which act as armatures and are vibrated 
by a magnetic field from an electro-
magnet with a permanent-magnet core. 
The windings of the electromagnets are 
connected in parallel with the line 
whose frequency is to be measured. 
A cross-sectional view of the tuned-

reed comb is shown in Fig. 22-37B. This 
assembly may also be seen in the cut-
away illustration of Fig. 22-37A. The 
amplitude swing of the reeds may be 
adjusted by decreasing or increasing 
the distance of the electromagnets to 
the armatures. 
When the instrument is in operation 

the electromagnets are energized by the 
power-line voltage. This causes the 
spring armatures to vibrate at the 
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Fig. 22-37C. Res  curve of a tuned 
reed used in a Front frequency meter. 
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Fig. 22-37D. Appearance of tuned reeds 
in a From frequency meter when actu-

ated by a frequency of 60 Hz. 
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power-line frequency, actuating the 
tuned reeds, which are tuned to fre-
quencies falling above and below the . 
normal power-line frequency in steps 
of one-half cycle each. The motion of 
the armature and the tuned reeds is 
shown by the dotted lines. The dotted 
lines at the base of the reed show how 
the vibration is transmitted through the 
shoe to the tuned reed. 
The reeds behave at resonance some-

what like a whip. The tip swings 
through a wide arc while the lower end 
is anchored by the brass shoe. A typical 
response curve for a reed resonated at 
60 Hz is shown in Fig. 22-37C. Although 
all the reeds receive the vibrations of 
the armature, only a small vibration is 
visible on those not in tune with the 
actuating frequency. This is illustrated 
in Fig. 22-37D. As a rule, the frequency 
range covered by the group of reeds is 
limited to about 2 percent above and 
below the normal line-voltage fre-
quency. 
A second reed mechanism called the 

direct-drive type is shown in Fig. 22-
37E. Here, the reeds are vibrated by the 
direct action of the electromagnets. 

Meters as described in the foregoing 
are used extensively for adjusting the 
frequency of the three-phase generat-
ing equipment run from batteries in 
sound trucks employed for recording 
motion pictures, where frequency is an 
important consideration. These meters 
are also used with small battery-driven 
generators, such as the one shown in 
Fig. 3-22. 

Frequency meters are connected in 
parallel with the line, similar to a volt-
meter, and may be obtained to indicate 
frequencies from 30 to several hundred 
hertz. Each reed is tuned to within 0.30 

AMPUTUDE 

TARGET HEIGHT 

READING 
- WIDTH - 

[ 

Fig. 22-37E. A direct-drive, tuned-reed 
mechanism for a Frani frequency meter. 

percent of its designated frequency, 
which is an error at 60 hertz of less 
than 02 Hz. 

Frequency meters of the tuned-reed 
design may also be obtained to cover 
twice the lowest frequency range in one 
instrument. A typical scale is 20 to 40 
Hz and 40 to 80 Hz. The double range 
is obtained by using a soft-iron arma-
ture in the electromagnet rather than 
the permanent-magnet core as previ-
ously mentioned. With the permanent-
magnet core the applied alternating 
current through the coil increases and 
decreases the strength of the perma-
nent field once during each electrical 
cycle. The armature follows the. varia-
tion in the field strength and vibrates 
the reed-comb assembly once during 
each cycle. 

If a soft-iron core is used, however, 
the magnetic field alternates in direc-
tion as well as in strength and the arm-
ature vibrates twice for each current 
cycle. As a rule, a soft-iron core is used 
for frequencies below 30 Hz. Instru-
ments equipped for double-range oper-
ation employ two electromagnets, one 
having a permanent-magnet core for 
the higher range and the other a soft-
iron core for the lower frequency range. 
The saine set of reeds is used, for both 
ranges. The proper magnet is selected 
by means of an external switch. 

22.38 What is an impedance bridge? 
—An instrument used for the precise 
measurement of the de and reactive 
components of electrical devices and 
circuits. Such instruments generally 
measure capacitance, inductance, and 
resistance. The circuit diagram of an 
impedance bridge is shown and ex-
plained in Question 22.33. 

22.39 What is a primary frequency 
standard?— A standard frequency to 
which other devices may be compared. 
A primary frequency standard is main-
tained by the National Bureau of Stan-
dards at Washington, D. C. By means of 
redio station WWV, the Bureau trans-
mits standard frequencies for • use by 
manufacturers and other interested 
persons on a 24-hour basis. A schedule 
of transmissions and frequencies may 
be obtained by writing to the Bureau. 

22.40 What is a secondary stan-
dard?—It is a highly stable device used 
as a standard and previously calibrated 
in terms of a primary standard. It may 
consist of an inductance, resistor ca-
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Fig. 22-40A. Schematic diagram of a crystal-controlled frequency standard. 



1254 THE AUDIO CYCLOPEDIA 

pacitor, frequency generator, or any 
other electrical or mechanical device 
used for the calibration of other instru-
ments. 

Fig. 22-40A shows a schematic dia-
gram for a secondary frequency stan-
dard, designed to generate sine-wave 
frequencies ranging from 20 to 20,000 
Hz. The frequency is controlled by a 
master crystal-controlled oscillator, fol-
lowed by five frequency dividers in 
various combinations. Possible fre-
quencies are given in the table on the 
drawing. 

Since the frequency dividers are 
locked to the excitation frequency ap-
plied to them, all output frequencies are 
held to the same degree of stability as 
the 100-kHz crystal oscillator. Each of 
the output frequencies may be used as a 
standard frequency signal with a short-
term accuracy of one part per million. 

The crystal used is of the DT cut, 
at an adjusted angle, such that the tem-
perature drift characteristics are held 
to within 20 parts per million over a 
temperature range from 25°C to 65°C. 
The crystal is operated in a grid-screen 
crystal oscillator circuit using a type 
6AU6 tube. No tuned circuits are re-
quired in the oscillator with the circuit 
employed. A 100-kHz signal, with high 
harmonic content, is brought out to the 
front panel by capacitive coupling to 
the cathode element of the oscillator 
tube. This circuit may be used for cou-
pling to a radio receiver for beating of 
harmonics against a received signal 
from WWV, for checking calibrations. 
A small variable capacitor is pro-

vided for setting the crystal oscillator 
to frequency, if required. 

Since the lowest common multiple of 
the first switched frequency divider (20 
kHz, 15 kHz, 10 kHz) is 60 kHz and not 
100 kHz, it is necessary that the output 
frequency of the crystal be converted 

100 kHz 
CRYSTAL-

CONTROLLED 
OSCILLATOR 

BUFFER 
AMP 

100 kHz 

FREQUENCY 

DIVIDER 

10/1 

to 60 kHz before it is introduced into 
the divider chain. This function is ac-
complished in two stages. A tuned cir-
cuit is introduced into the grid circuit 
of V2A, the 12AU7 locked multivibrator 
tube, to pick off the harmonic at 300 
kHz. This 300-kHz signal is divided by 
a factor of five to produce a 60-kHz 
signal at the output of the multivibrator. 

The signal from the first frequency 
divider is coupled by a low-impedance 
voltage divider into the control grid of 
the first switched divider, V3. This di-
vider has one inductor, five frequency-
determining circuits, and three values 
of capacitance which are successively 
placed across the single-value induc-
tance. With the lowest values of capaci-
tance, the divider is locked at 20 kHz. 
With the intermediate value, the divider 
is locked at 15 kHz, and with the high-
est value, the multivibrator is locked 
at 10 kHz. The schematic diagram in-
cludes a box chart which illustrates the 
operating frequencies of the successive 
frequency dividers in terms of the sig-
nal output frequency of the complete 
unit. 

The third frequency divider V4 is 
substantially identical to the second 
divider, except that there are four val-
ues of capacitance which are succes-
sively switched across the single induc-
tor. The 5-kHz, 3-kHz, and 1-kHz sig-
nals are brought to the front panel, but 
the 2-kHz signal is used only to provide 
an integral division factor for the suc-
ceeding stage when the succeeding 
divider is operating at 400 Hz. 
The fourth frequency divider V5 

delivers an output at 400, 300, and 100 
Hz. Due to the relatively low Q obtain-
able in small tuned circuits at these fre-
quencies, it was necessary to utilize a 
more favorable L/C ratio at the two 
ends of the operating range. Hence, for 
an output of 400 Hz, an additional 2.5-

BUFFER 

AMP 

FREQUENCY 

DIVIDER 

BUFFER 

AMP 

FREQUENCY 

DIVIDER 

10/1 

BUFFER 

AMP 

100 Hz 10 kHz 1 kHz 

Fig. 22-408. Elementary block diagram for using three frequency dividers. 
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henry inductor is placed in parallel with 
the 7.2- to 8.0-henry inductor on the 
400-Hz range only. On the 300-Hz and 
100-Hz ranges, the total value of the 
inductance is used. 
The last frequency divider V6 pro-

duces an output only at 60 and 20 Hz. 
The output stage V7 consists of a single 
6C4 cathode follower with a resistance 
voltage divider in the cathode circuit. 
The power supply is a simple half-wave 
selenium rectifier with an RC filter. 
With the circuits properly aligned, the 
line voltage may be varied over a range 
of 70 to 135 volts without losing syn-
chronization, and with only a small drop 
in signal level. 
A secondary standard of somewhat 

different design is given in Fig. 22-40B. 
Here the circuit also uses a crystal-con-
trolled master oscillator, but uses only 
three frequency divider circuits in ra-
tios of ten. Thus, only frequencies of 
100 kHz, 10 kHz, 1 kHz, and 100 Hz are 
available. Other frequencies are ob-
tained by the use of an oscilloscope and 
a second oscillator. 
The fundamental divider circuit con-

sists of a modulator-divider tube with-
a resonant circuit tuned to f/10 and a 
modulator-multiplier tube with a reso-
nant circuit of 91/10. The operation of 
the circuit can be explained by assum-
ing a small voltage in the resonant cir-
cuit of the modulator tube. This voltage 
is applied to the grid of the modulator-
multiplier tube. The two voltages mix 
to supply an output frequency of 9f/10, 
which is fed to the grid of the modula-
tor tube, where it is mixed with the 
input control frequency f and results 
in a frequency of f/10 in the modulator-
divider tuned circuit. This action is 
repeated and the voltage is built up 
until a stabilized condition is reached. 
The output of the divider unit is con-
trolled by the input frequency. 
By cascading the 100-kHz signal gen-

erated by the temperature-controlled, 
oscillating quartz crystal through three 
dividers, accurate fixed frequencies of 
10 kHz, 1 kHz, and 100 Hz are also made 
available. 
By the use of an external distorting 

amplifier and mixer circuit, harmonics 
may be obtained for frequency calibra-
tion to 20 MHz or higher, even though 
the waveform is sinusoidal. The accu-
racy of the foregoing instrument is 3 Hz 
per megahertz per degree Centigrade. 
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The crystal-oscillator circuit may be 
adjusted over a range of plus or minus 
8 Hz at 100 kHz to permit its precise 
adjustment to the primary standard of 
the National Bureau of Standards radio 
station WWV. (Also see Question 
22.39.) The calibration of instruments 
in conjunction with secondary stan-
dards is accomplished by the use of a 
cathode-ray oscilloscope and Lissajous 
figures. 

22.41 Describe the circuitry and op-
eration of a flutter meter..—Flutter 
bridges or meters are instruments used 
for the measurement of irregularities in 
constant-speed drive systems, such as 
are used in photographic and magnetic 
recorders, telemetering, disc recording 
and reproduction, and other devices 
used for recording and reproducing. 
They measure both term (drift) and 
short-term (flutter) variations in the 
transport system. 

Flutter meters are calibrated to read 
in terms of rms flutter, as specified in 
the existing standards. However, in 
some instances such instruments may 
be calibrated to read both rms and peak 
to peak and may include a small oscil-
loscope tube for reading peak indica-
tions and for observation of flutter 
waveforms. 

The method used for the measure-
ment of flutter is quite simple. A stable 
reference frequency is recorded on the 
media. During playback of this record-
ing any deviations from the reference 
frequency will be directly proportional 
to short- or long-term speed errors in 
the transport system. These frequency 
errors are detected and read on a meter, 
displayed on an oscilloscope, or rec-
orded on a graph level recorder. The 
present state of the art requires that 
0.20-percent flutter or less be accurately 
measured. The measurement is accum-
ulative over a specified bandwidth for 
each standard tape, film, or disc speed, 
as tabulated below: 

17/8 ips 
33/4  ips 
73/4  ips 
15 ips 
30 ips 
60 ips 
120 ips 

02 to 313 Hz 
02 to 625 Hz 
0.2 to 1.2.5 kHz 
0.5 to 2.5 kHz 
02 to 5.0 kHz 
0.2 to 10.0 kHz 
02 to 10.0 kHz 

Speed variations slower than 02 Hz 
are generally specified as average speed 
error, and are generally caused by fac-
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tors other than rotating mechanical 
components in the transport system or 
tape dynamics, which flutter tests are 
designed to indicate. Flutter signals are 
equivalent to fm signals of very low 
modulation index (MI = 0.002); there-
fore, severe demodulation problems 
arise in accurately recovering these sig-
nals from the playback signal. Under 
these circumstances, a high playback 
signal-to-noise level, extreme am re-
jection, and the separation and identi-
fication of tape dropouts are required. 
These latter subjects are discussed in 
Section 17. Flutter meters are calibrated 
to read in accordance with the existing 
NAB, DIN, SMPTE, WM, and USAS! 
(ASA) Standards. Two types of flutter 

INPUT 

meters are available, a service type and 
a laboratory type, and they will be dis-
cussed in that order. 

Pictured in Fig. 22-41A is a portable 
service-type flutter meter, manufac-
tured by Sentinel, Inc. The block dia-
gram for this instrument and its sche-
matic diagram are shown in Figs. 22-
41B and C, respectively. Referring to 
the block diagram, the instrument util-
izes the basic principles involved in the 
detection of frequency-modulated sig-
nals. This includes the use of a limiter 
amplifier to prevent the amplitude 
modulation components from producing 
an indication in the output circuits. For 
example, amplitude modulation may be 
introduced by dropouts in magnetic 

Fig. 22-41A. Sentinel Inc. Model FL-3D-1 flutter and wow meter. 
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WOW 0.5-6 Hz 

FLUTTER 6-250 Hz 
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DISC ii. ti L  

2%° 6 / AMPLIFIER ER 
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..4.1 REGULATED POWER SUPPLY  

Fig. 22-416. Block diagram for Model FL-3D-1 flutter meter. 
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Fig. 22-41C. Schematic circuit for Sentinel Inc. Model FL-30-1 flutter meter. 
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tape or film, clicks and pops in phono-
graph records, and light fluctuations in 
photographic film recordings. A fre-
quency discriminator demodulates the 
flutter signals and presents them to an 
averaging-type meter circuit, cali-
brated to read the rms value of a sine 
wave. Suitable filters are provided to 
examine wow and flutter (wow is a 
once-around) spectra separately. A 
regulated power supply and a 3000-Hz 
internal carrier oscillator complete the 
circuitry. 

Referring to Fig. 22-41C, a two-sec-
tion, high-pass RC filter connects the 
input terminals with a set level con-
trol. The function of this filter is to re-
move low-frequency components from 
the incoming flutter-modulated 3000-Hz 
tone, reproduced by the machine under 
test. The network attenuates frequen-
cies below 1000 Hz, and the signal is 
then amplified and fed to a symmetrical 
double-diode limiter. This circuit pro-
vides symmetrical clipping of the sig-
nal to avoid introducing phase-modu-
lation components in the main signal 
because of changes in the zero-axis 
crossings associated with nonsymmetri-
cal limiting. 
The limited signal is amplified and 

fed to the pentode section of a 6U8, 
(V4A) which acts as an amplifier for a 
Foster-Seely discriminator. The de-
tected flutter signal from a 6AL5 detec-
tor (V7B) passes through appropriate 
filters to remove the carrier signal. A 
front-panel control, discriminator cen-
tering, permits the discriminator sec-
ondary tuning to be adjusted for 3000 
Hz, the frequency of the internal oscil-
lator. When a prerecorded 3000-Hz sig-
nal is used, some adjustment of this 

control may be necessary. The band-
width of the discriminator is such that 
flutter modulation of 250 Hz is attenu-
ated no more than 3 dB from a refer-
ence frequency of 15 Hz. Sufficient re-
sponse is available to identify frequen-
cies to 350 Hz with an oscilloscope. 

The demodulated flutter signal is 
amplified by V3A and fed to selector 
switch S3B, which permits the wow, 
flutter, or overall wow, plus flutter 
components to be measured. The signal 
is then applied to tube V3B. The cath-
ode of this tube is connected through 
an isolating resistor to terminals El and 
E2 on the rear of the instrument for the 
connection of a graph level recorder or 
oscilloscope. 

The filter networks used to separate 
the wow and flutter components con-
sist of three-section RC filters. The 
crossover frequency is 6 Hz in accord-
ance with existing standards. After the 
signal has passed through the filters, it 
is again fed to diode averaging circuit 
CR1, 2, 3, and 4. Full-scale meter sen-
sitivities of 2 and 0.5 percent are pro-
vided in the meter scale. The selector 
switch for the flutter range also pro-
vides a position for monitoring the in-
put signal for proper level setting and 
for connecting the meter across the dis-
criminator to indicate the proper cen-
ter-frequency adjustment. 

The 3000-Hz internal oscillator is a 
standard Hartley oscillator circuit. 
Through the use of toroid coils and sta-
bilizing techniques, a high degree of 
stability is had. The output signal of the 
oscillator is available on front panel 
terminals for recording purposes. Ap-
proximately 2.0 volts are generated at 
an impedance of 200 ohms. 

Fig. 22-41D. Flutter meter Model 8100-W manufactured by Micom Corp. 
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Fig. 22-41E. Block diagram for Micom Model 8100 laboratory-type flutter 

A regulated power supply, using an 
0A2 gaseous voltage-regulator tube en-
sures stable operation over line-voltage 
variations, plus or minus 15 percent 
from 117 Vac. The power transformer is 

meter. 

designed to operate from either a 60-
or 400-Hz source. 

To operate the instrument a 3000-Hz 
signal is recorded, using the internal 
oscillator or taken from a special flut-
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ter tape disc, or film. With the function 
switch set to level, the set level con-
trol is adjusted until the meter reads 
midscale (025 on half-percent scale, or 
1.0 on the 2-percent scale). The func-
tion switch is now set to discriminator, 
and the discriminator centering control 
is adjusted for a zero indication on the 
meter. The function switch is then 
turned to either the 2 or 0.5 flutter posi-
tion for reading the percent of flutter. 
By the use of the bandwidth-selection 
switch, the frequency range of the dis-
turbance may be determined. Flutter 
content is measured in terms of the rms 
frequency deviation expressed as a per-
centage of the average signal. 
A laboratory-type flutter meter, 

Model 8100-W, manufactured by Micom, 
is shown in Fig. 22-41. This instrument 
is completely solid state and meets the 
United States and European Standards 
for flutter measurements. It measures 
both long-term (drift) and instanta-
neous variations (flutter). Models 8100 
(without a wave analyzer) and 8100-W 
(with analyzer) are similar in design 
except for the addition of the analyzer 
section in the latter model. The major 
components of a Model 8100 are shown 
in the block diagram of Fig. 22-41E. 
To measure drift a 3000-Hz signal 

from the device under test is applied to 
the age amplifier, through a demodula-
tor input selector switch. The amplified 
signal, now at a constant level, goes to 
a limiter and, after frequency doubling, 
to a demodulator. The demodulator 
converts frequency to voltage by means 
of a circuit which causes a precision 
capacitor to be charged to a reference 
voltage and discharged completely into 
a current-to-voltage amplifier once for 
each zero-crossing of the input signal. 
Zero output at frequencies other than 
3 kHz is obtained by varying the volt-
age to which the capacitor is charged 
with a very high resolution zero-set 
potentiometer. This method of zeroing 
the instrument causes the output indi-
cations to accurately reflect deviations 
from the actual input frequency and 
not in terms of a percent-arbitrary 
3 kHz. 
The filtered output from the demod-

ulator goes to an operational feedback 
amplifier, whose gain is controlled by 
changing the feedback factor with the 
drift sensitivity switch. The high-fre-
quency cutoff of the amplifier is con-

trolled by capacitive feedback and may 
be switched from 0.2 Hz to 30 Hz. The 
operational amplifier drives the drift 
indicator and, after filtering, provides a 
drift demodulated signal of 0.1 volt for 
a full-scale reading of the meter. 
The output of the demodulator also 

goes to the flutter sensitivity switch, 
and then to a flutter amplifier and an 
active-filter amplifier. The sensitivity 
switch attenuates the input in the 10-, 
3-, and 1-percent ranges and sets the 
gain by feedback control for 0.3, 0.1, 
0.03, and 0.01 positions. The filter-am-
plifier has a flat bandpass from 1.5 to 
200 Hz, with a fast 1.0110ff beyond 200 
Hz. The residual noise is less than 0.0005 
percent rzns at the output of the flutter 
amplifier. 
The flutter-demodulator output goes 

to the demodulator position of the me-
ter select switch, and then to a weight-
ing switch. This switch controls gain, 
frequency response, and the mode of 
driving the flutter meter. In the NAB 
position, the meter exhibits the stan-
dard VU characteristic response and is 
sensitive to the average of the signal 
after full-wave rectification. The meter 
is calibrated in terms of mils value of a 
sinusoidal waveform having an average 
output. In both DIN positions, the meter 
reads plus or minus peaks with appro-
priate charge and discharge time con-
stants to meet the DIN specifications 
(the abbreviation DIN refers to the 
German magnetic tape standard used in 
Europe). 

The meter-driving amplifier is an op-
erational amplifier, with a full-wave 
diode-bridge output. Feedback com-
pensation effectively removes the non-
linear and thermal effects of the diode 
bridge, resulting in a linear meter scale 
at the lower portion of the scale. 
Weighted positions for both NAB and 
DIN have a frequency response as 
given in Fig. 17-144B. Signal monitor 
lamps indicate whenever the signal 
voltage drops below 3.5 mV for longer 
than 20 milliseconds. 
A highly stable 3000-Hz test oscilla-

tor supplies 1.23 volts from a 60-ohm 
source. When the demodulator switch is 
in the test oscillator position, the test 
oscillator is selected as the input signal. 
A circuit is included to provide plus 
and minus 0.3-percent frequency devi-
ations of the oscillator with a high-de-
gree of accuracy. A regulated power 
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Fig. 22-42A. Allison Model 22 

supply provides plus 45 Vdc, plus or 
minus 0.1 volt, and several lower volt-
age taps. The plus 45 volts is also the 
reference for the frequency-to-voltage 
demodulator and is derived from a 
temperature-compensated zener refer-
ence diode. 

The wave analyzer, not shown in the 
diagram, is based on an active bandpass 
filter, in which the tuning of the filter is 
proportional to two RC products. The 
active portion of the circuit is stabilized 
by feedback. The selectivity is approxi-
mately 0.1 octave, with a frequency dial 
calibrated to read logarithmically. The 
output of the wave analyzer is indicated 
on the flutter meter. 

clinical and research audiometer. 

22.42 Describe an audiometer?—It 
is an instrument used for measuring the 
acuity of hearing. Basically the device 
consists of an oscillator and calibrated 
attenuator, so that the ear characteris-
tics may be plotted logarithmically. For 
the smaller-type audiometers, the test 
frequencies used are 125, 250, 512, 1000, 
2000, 4000, and 8000 Hz. Tests conducted 
over a period of many years indicate 
that the sensitivity of the human ear 
changes with respect to frequency and 
sensitivity. This is shown graphically in 
Fig. 1-99. 
A clinical and research laboratory-

type audiometer, manufactured by Al-
lison Laboratories, Inc.; is pictured in 
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Fig. 22-42A. This unit embodies facili-
ties for pure tone and speech testing. 
An automatic attenuator-drive system 
permits patient-controlled audiograms, 
alternate binauzel loudness-balance 
tests, and discrete-frequency audio-
grams. The instrument also has facili-
ties for special tests, such as delayed 
speech, special recorded tests, binaural 
hearing-aid evaluation, white-noise, 
sound field using warble tone, small-
increment sensitivity index, sensorineu-
ral acuity level, Rainville test, and many 
others. Galvanic skin reaction equip-
ment may also be used. A quarter-inch 
tape recorder/reproducer and record 
turntable are mounted in the drawers 
at the right. A talkback system is also 
included for communication between 
the patient and technician. 

External equipment may be added to 
provide continuously variable band-
pass filters, narrow-band masking fil-
ters, headphones, and an automatic 
graph recorder for use with the auto-
matic attenuator-drive system. Push-
button control provides a means for 
selecting the various functions. Fre-
quencies that are available include 125, 
250, 500, 750 hertz, and 1.5, 2, 3, 4, 6, 
and 8 kilohertz. The instrument is in-
stalled in a soundproof room (called a 
"quiet room") with a glass panel, simi-
lar to a recording studio. The console is 
installed outside the quiet room, at a 
position where the technician can see 
the patient. 

Typical audiograrns for both bone-
conduction (BC) and air-conduction 
(AC) are given in Fig. 22-42B. Cali-
brations for this instrument meet the 
ISO Standards. 

22.43 Describe an audio-frequency 
microvolter.—It is an instrument with a 

1,14ULTIPLIER 

R-5 
356 

P-4 
44 44 

calibrated attenuator or voltage divider 
which, when used with a suitable oscil-
lator, supplies accurately known audio-
frequency voltages. The microvolter 
converts the voltage of an oscillator 
into a standard signal which may be 
used for making measurements of gain 
or loss, frequency characteristics, over-
loads, and hum level on amplifiers, net-
works, and other audio equipment. The 
combination of an oscillator and micro-
volter is very useful in making injection 
frequency measurements on pickups, 
microphones, magnetic recording heads, 
and other transducers requiring minute 
voltages. (See Questions 23.51, 23.52, 
and 23.53.) 

Basically the microvolter consists of 
a constant-impedance attenuator and 
an input voltmeter by which the input 
to the attenuator is standardized. A 
switch controls the output voltage in 
decade steps, while an individually cal-
ibrated dial provides continuous control 
over each decade. 
A Model 546-C audio-frequency mic-

rovolter, manufactured by the General 
Radio Co., is shown in Fig. 22-43A. Only 
two controls are provided: the output 

Fig. 22-43A. General Radio Co., Model 
546-C audio frequency microvolter. 
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Fig. 22-43B. Schematic diagram for General Radio Co., Model 546-C audio fre-
quency microvolter. 
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dial and the output multiplier. The out-
put dial is a continuously rotatable knob 
and a dial which is calibrated in voltage 
and decibels above 1 microvolt. The 
voltage scale is approximately logar-
ithmic, and the decibel scale is approxi-
mately linear. The multiplier control is 
a six-position switch, with a dial cali-
brated in decade steps from 1 micro-
volt to 100 millivolts, and in 20-dB 
steps from 0 to 100 dB. The meter indi-
cates in both decibels and voltage. The 
schematic diagram appears in Fig. 22-
43B. 
The output voltage ranges from 0.5 

microvolt to 1.0 volt, with 2.2 volts at 
the input. Reducing the input voltage 
to 1.1 volts reduces the output voltage 
by half. The input and output imped-
ance is 600 ohms. 
To operate the meter a voltage of the 

desired frequency is applied to the in-
put and the meter is set to indicate 2.2 
volts (0 dB). The output and multi-
plier dials are set so that the product of 
their voltage settings equals the desired 
output voltage. For an output voltage of 
50 microvolts (0.0005 V) the output dial 
is set to 5 and the multiplier dial is set 
to 10 microvolts; for 70 millivolts, the 
output dial is set to 7, and the multiplier 
set to 10 millivolts. Output, in terms of 
decibels above 1 microvolt is denoted by 
the algebraic sum of the decibel indica-
tions on the two dials. Since the refer-
ence is 1 microvolt, almost all readings 
will be positive. When used to supply 
a 600-ohm load, the output in dBm 
equals the output in decibels above 1 
microvolt, minus 123.8 dB. For the gen-
eral run of measurements, the output 
may be considered to be a 600-ohm 
generator, having open-circuit voltages 
as indicated by the dial. 

22.44 What is a decade boxt—An 
instrument containing resistance, in-
ductance, or capacitance which may be 
varied in value in decade steps. Decade 
boxes may be obtained covering a re-
sistance range from a fraction of an 
ohm to several thousand ohms. Capaci-
tive and inductive decade boxes are also 
obtainable having values ranging from 
a fractional amount up to several mi-
crofarads or henries. 

22.45 Describe a high-voltage resis-
tive-type voltage divider? —  A circuit 
consisting of a resistive, capacitive, or 
inductive network, or a combination of 
such elements. The circuit elements are 
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Fig. 22-45A. Resistive voltage divider. 
Voltage division is the some for either 

ac or de. 

connected in such a manner that the 
potential in the circuit is reduced to a 
given amount. A typical voltage divider 
circuit is shown in Fig. 22-45A. 

Such devices are used with vacuum-
tube voltmeters. A typical resistive-
type voltage divider, manufactured by 
Ballantine Laboratories, is shown in 
Fig. 22-45B. The divider has a total 
resistance of 44 megohrns and a division 
ratio of 10:1. 

22.46 What is the advantage in 
using a capacitive-type voltage divider 
over a resistive typet— The capacitive 
type requires practically no current for 
its operation compared with a resistive 
voltage divider. A typical capacitive-
type voltage divider is shown in Fig. 
22-46. Capacitive divider circuits are 
used only in ac circuits, and they are 
frequency sensitive. 

Fig. 22-45B. High-voltage, 44-megohm, 
resistive voltage divider manufactured 

by Ballantine Laboratories. 
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Fig. 22-46. Simple ac voltage divider 
consisting of capacitance only. 

22.47 What are the basic require-
ments for an audio oscillator? — Audio 
oscillators are designed to generate a 
pure or nearly pure sine wave at fre-
quencies of 29 to 20,000 Hz. However, 
many audio oscillators cover a range 
from 10 to 40,000 Hz, and in some in-
stances up to 1 megahertz. 

Audio oscillators may be of the beat-
frequency type (see Question 22.51), 
Wien bridge (Question 22.50), or 
parallel-T configuration (Question 
22.49). The Wien bridge is sometimes 
referred to as a "negative-resistance 
oscillator." Audio oscillators may be 
designed to cover the audio spectrum 
in one sweep of the dial or in several 
decades. Such oscillators must have low 
total harmonic distortion (THD) and 
essentially constant output impedance 
with a constant voltage output. The 
total harmonic distortion should not ex-
ceed 1 percent and preferably 0.25 per-
cent or less. 

22.48 Why must audio oscillators 
have low harmonic distortion? — Audio 
oscillator cannot be directly subtracted 
many different devices, such as ampli-
fiers, filters, equalizers, and recording 
systems. As most of these components 
are sensitive to harmonic distortion, the 
test oscillator must have low internal 
harmonic distortion (THD). As an ex-
ample, modern high-quality amplifier 
systems often have less than 0.25 THD; 
therefore, if the test oscillator has 
greater distortion than the device under 
test, an accurate measurement of the 
distortion characteristics cannot be 
made. Distortion contributed by an 
oscillator cannot be directly substracted 
from the measured distortion. Oscilla-
tor distortion, unless unusually high, 
does not as a rule affect frequency-
response measurements. 
To illustrate the effect of oscillator 

distortion, a measurement was made at 
400 Hz on a 10-watt amplifier having a 
THD of 0.35 percent, using an oscillator 
with a maximum of 0.1-percent THD. 

A second measurement was then made 
on the same amplifier, but using an 
oscillator with 1.3- to 2.5-percent THD. 
The results of these measurements are 
given in Fig. 22-48. The low-distortion 
oscillator remained at 0.10-percent THD 
for all levels of measurement; however, 
the high-distortion oscillator varied 
from 1.5- to 2.5-percent THD for the 
different levels of measurement. It will 
be noted in the second measurement 
that all that was measured is the oscil-
lator distortion which changes for dif-
ferent settings of its gain control. 
When an oscillator with low-distor-

tion characteristics is not available, a 
bandpass filter may be connected be-
tween the output of the oscillator and 
the input to the device under test. In 
this manner a sine wave of low distor-
tion may be generated, provided all im-
pedance matches are satisfied. How-
ever, this limits the measurement to 
one frequency, unless several filters are 
available. 

22.49 Describe the basic principles 
of a bridged-T (RC) audio oscillator.— 
The basic circuit of such oscillators is 
the well-known RC bridged-T config-
uration. (See Section 5.) The ampli-
tude of the oscillator is stabilized by a 
large amount of negative and positive 
feedback in conjunction with a voltage-
amplitude-sensitive element in the neg-
ative-feedback loop. Various combina-
tions of resistance and capacitance in 
the bridged-T circuit provide a means 
of generating a wide range of fre-
quencies. 

OSC. THO • 0 I% 

o 
o 2 4 6 6 

WATTS OUTPUT 
to ta 

Fig. 22-48. Distortion characteristics of 
a 10-watt amplifier using two oscilla-
tors. The lower plot was made using an 
oscillator having a THD of 0.10 percent. 
The upper curve used an oscillator with 

1.3 to 2.5 percent THD. 
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Fig. 22-49A. Front panel view of Wave-
forms Inc. Model 4019 audio oscillator. 

A front-panel view of a bridged T 
audio oscillator, Model 401B, manu-
factured by Waveforms, Inc., is given 
in Fig. 22-49A. Referring to the sche-
matic in Fig. 22-49B, the oscillator sec-
tion consists of a broad-band amplifier 
stage employing a sharp-cutoff 6AU6 
pentode VI, a bridged-T network con-
sisting of a group of resistors connected 
to range switch Si, and four-section 
variable air capacitor Cl, attached to a 
front-panel dial and calibrated from 
10 to 100. 

The oscillator circuit really consists 
of two amplifier tubes, VI and cathode 
follower V2A. Oscillation is caused by 
feeding a positive feedback voltage 
(regenerative) from the cathode of 
V2A through the tungsten filament of a 
10-watt, 230-volt pilot lamp (amplitude-
sensitive element) to the cathode of VI. 
A large amount of negative feedback 
(degenerative) is also taken from the 
cathode of V2A and applied to the 
bridged-T network and back to the 
control grid of Vl. The negative feed-
back prevents V1 from oscillating at 
any frequency except at the frequency 
of the bridged-T network. At this one 
frequency the negative feedback is at a 
minimum and the phase shift is zero. 
Any tendency on the part of the 

oscillator circuit to produce frequencies 
of varying amplitude is effectively con-
trolled by the lamp in the cathode cir-
cuit of Vl. As the output voltage of V1 

increases, more current is drawn 
through the lamp filament increasing 
the temperature and thus increasing 
the resistance. The increased resistance 
decreases the amount of positive feed-
back coupled to the cathode of V1, 
thereby reducing the output. When the 
output signal decreases, the tempera-
ture of the lamp is lowered, causing 
the lamp resistance to decrease. This, in 
turn, permits more positive feedback 
voltage to be applied to the cathode of 
V1, increasing the amplitude of oscilla-
tion. The output of VI is controlled by 
the amount of resistance in the cathode 
circuit (which is generally a factory 
adjustment). 
The frequency of oscillation is deter-

mined by the values of resistance and 
capacitance in the bridged-T configu-
ration and consists of the resistors 
selected by the range switch and the 
amount of capacitance of the air capaci-
tor. It will be observed that the vari-
able capacitor consists of a four-section 
unit, with two sections connected in 
parallel and connected to the opposite 
end of the T-section of the bridged-T 
configuration. The common connection 
of all rotors is connected to the range 
switch, thereby inserting resistance in 
series with the capacitance to form the 
stem of the bridged-T circuit. 

Position 1 of the range switch gen-
erates frequencies of 10 to 100 Hz; posi-
tion 2, 100 to 1000 Hz; position 3, 1000 
to 10,000 Hz; and position 4, 10,000 to 
100,000 Hz. The rejection frequency for 
a given value of capacitance and resis-
tance may be calculated: 

1  
Frequency — 

2 ir RC 
where, 
C is equal to VC1XC2, 
Ris equal to R1 = R2. 

The output of the oscillator is taken 
through a 0.10-OE&F capacitor to the con-
trol grid of a dual triode V2A and V2B, 
connected as a self-driven, single-ended, 
push-pull cathode follower, providing 
a low-impedance output circuit. The 
upper section is similar to a conven-
tional cathode follower, and the lower 
section is driven out of phase, serving 
as a dynamic load. 
A terminal for external synchronisa-

tion purposes is provided on the front 
panel. This connection provides a high-
impedance ac sine-wave signal of ap-
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proximately 24 volts rms, and it is in-
dependent of the output controls. This 
connection must be used only with a 
high-impedance and resistive loads, 
since reactive loads will affect the fre-
quency calibration and may introduce 
distortion. Furthermore, the external 
circuit to which it is connected must not 
have an ac component 

The output attenuator section con-
sists of five positions, each position re-
ducing the output by a factor of 10 
(20 dB). The maximum output is 22 
dBm. Total harmonic distortion is 0.25 
percent for 10 to 100,000 Hz. The inter-
nal noise and hum is 80 dB below the 
maximum output. The internal output 
impedance is 600 ohms resistive. 

Although an oscillator may be rated 
as 600 ohms and will operate satisfac-
torily with this load, the internal output 
impedance may be on the order of 35 
to 50 ohms. Therefore, when an instru-
ment of this nature is used with equip-
ment that may be impedance sensitive, 
an impedance-matching or taper pad 
should be used between the oscillator 
and the equipment being measured. In 
some instances a resistance equal to the 
difference between the oscillator inter-
nal output impedance and the input 
impedance of the device under test may 
be connected in series with the oscilla-
tor output to increase the oscillator out-
put impedance. If the device being 
tested employs a bridging input im-
pedance, the oscillator may be termi-
nated in 600 ohms and the device fed 
from this 600-ohm source without 
difficulty. 

22.50 Describe the circuitry for a 
Wien-bridge or negative-resistance oscil-
lator.— A Wien-bridge or negative-

POSITIVE FEEDBACK 
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resistance oscillator is composed of a 
tuned-bridge circuit, consisting of 
capacitance and resistance, as shown in 
the basic circuit of Fig. 22-50A. It is the 
basis of the Hewlett-Packard Model 
200AB oscillator, pictured in Fig. 22-
50B, and several other models. 

Referring to Fig. 22-50A, the oscil-
lator is basically a two-section resis-
tance-coupled amplifier consisting of 
two tubes, V1 and V2. Two feedback 
loops are employed around this ampli-
fier—positive feedback to set up oscil-
lation and a negative-feedback loop to 
reduce distortion and hold the oscillator 
amplitude constant. The positive-feed-
back loop contains five resistors and a 
variable air capacitor so proportioned 

Fig. 22-506. The Hewlett-Packard Model 
200AB Wien-bridge oscillator. 

TO 
V3A 

RI AND R2 CORRESPOND TO RANGE RESISTORS RI- RB 
CI AND C2 CORRESPOND TO Cl THROUGH C4 

Fig. 22-50A. Basic circuits of a Wien-bridge or negative-resistance oscillator. 
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that R1C1 equals R2C2. The oscillator 
output voltage is applied to the net-
work, and the oscillator input voltage 
is derived from it. 

Since both the input and output sig-
nal of the two-stage amplifier are in 
phase, oscillation will occur when the 
phase shift between the voltage applied 
to the network and the voltage at the 
control grid of VI is zero. The zero 
phase-shift point is also the point of 
minimum loss through the feedback 
network, as indicated by the curves in 
Fig. 22-50C. The frequency of oscillation 
(relative to frequency) equals 1.0 and is 
equal to: 

IT VR1C1R2C2 or Y2 it' RC 

where, 
RI equals R2, Cl equals C2. Cathode 
bypass capacitors C25 and C7 are 
for correcting phase shift at the 
higher frequencies. 

The negative-feedback network in 
the oscillator section minimizes changes 
in oscillator amplitude with changes in 
frequency. Incandescent lamp R11 is 
used as a bias resistor and is also a 
part of the negative-feedback voltage 
divider circuit in the first stage of oscil-
lator Vl. The lamp (10-watt, 250-volt 
pilot lamp) has a temperature char-
acteristic such that its resistance will 
increase in direct proportion to the 
voltage across it. Changes in resistance 
of this lamp will change the percentage 
of negative feedback in the oscillator 

circuit. As the oscillator voltage rises, 
more voltage is applied to the lamp. 
The increased voltage raises the tem-
perature and resistance, which in turn 
increases the negative feedback in the 
oscillator circuit. Increasing the feed-
back tends to decrease the oscillator 
output voltage to its normal operating 
point, and vice versa. The thermal re-
sistance of the lamp is such that it does 
not vary with low-frequency sine-wave 
oscillations. 

Referring to Fig. 22-50D, an overall 
schematic diagram of the Hewlett-
Packard oscillator, the output of the 
oscillator section is RC coupled to the 
input of tube V3A, which in turn is 
direct coupled to a phase-inverter tube, 
V3B. The phase inverter drives output 
tubes V4 and V5. Output transformer 
Ti includes a tertiary winding, which is 
carried back to the cathode circuit of 
V3A. 

The cathode-bias resistor (R19) of 
V3A is not bypassed, giving additional 
negative feedback. Since the total 
amount of negative feedback in the 
amplifier section is over 30 dB, little 
distortion is introduced by this section 
in the output. The power supply is con-
ventional and requires no explanation. 
The internal output impedance of the 
instrument is approximately 35 to 50 
ohms up to 10,000 Hz, 75 ohms at 20,000 
Hz, increasing to about 250 ohms at 
40,000 Hz. 

The frequency dial is calibrated to 
read 20 to 200, operating in conjunction 
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with a four-position range switch. In 
the first position the frequency range is 
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Hewlett-Packard Model 651 oscillator. 

tiplied by 200 and reads 400 to 40,000 
Hz. The TH]) is less than 1 percent from 
20 to 20,000 Hz. Internal noise is 66 dB 
below the rated output of 1 watt, or 
24.5 volts into a 600-ohm load. The out-
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put may be used with symmetrical bal-
anced or unbalanced circuits. 
A block diagram for an oscillator 

with a wide frequency range (10 Hz to 
10 MHz), the Model 651, also manufac-
tured by Hewlett-Packard, is shown in 
Fig. 22-50E. The output signal is ad-
justable from 10 microvolts to 3.16 volts 
for either a 50- or 600-ohm output. The 
internal circuitry is all transistor and 
includes an oscillator, power amplifier, 
peak detector, attenuator, and output 
meter circuit. 

This oscillator employs a modified 
Wien-bridge circuit to generate a low-
distortion sine-wave signal, which is 
applied to a power amplifier circuit 
using a complementary-symmetry cir-
cuit. (See Question 12.251.) A peak-
detector circuit provides a degenerative 
feedback voltage to the oscillator for 
stabilizing the signal applied to the 
power amplifier. The output attenuator 
network provides a means of attenuat-
ing the signal in steps of 10 dB each. 
The metering circuit continuously 
monitors the signal level to the attenua-
tors. A regulated power supply com-
pletes the sections. Because of the cur-
rent required by the lamp in the cath-
ode circuit of the Model 200AB (Fig. 
22-50A), a lamp would be incompatible 
for transistors; therefore, a peak-de-
tector circuit is used to stabilize the 
oscillator output in this model. 

The oscillator of this instrument gen-
erates a sinusoidal signal at the fre-
quency selected by the range switch 
and the frequency dial. The RC bridge 
network (Fig. 22-50E) is a modified 
Wien bridge and differs from the con-
ventional Wien bridge in the design of 
the resistive divider network. This dif-
ference is shown in the lower portion 
of the bridge circuit, where the usual 
resistor is replaced with an impedance, 
z'. 

Oscillation at a selected frequency is 
made possible by the use of both re-
generative and degenerative feedback. 
Positive feedback is provided through 
a frequency-sensitive RC network to 
the differential amplifier, A2Q2 and 
A2Q3; negative feedback is provided to 
the differential amplifier through a net-
work insensitive to frequency. Only at 
the selected frequency will the positive 
feedback exceed the negative feedback 
voltage to sustain oscillation. 

Range switch S1 selects combinations 
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of resistors S1R1 through S1R24 to 
establish the frequency-sensitive RC 
networks for the six frequency ranges. 
The frequency dial varies the main fre-
quency-tuning elements, CIA, dB, and 
Cid. The RC components maintain re-
lationship of the oscillator output vol-
tage. When X. equals R, the positive 
feedback is in phase with the oscillator 
output voltage and exceeds the nega-
tive-feedback voltage. At frequencies 
other than X. equals R, the positive-
f eedback voltage is neither of the right 
phase nor of sufficient amplitude to 
maintain oscillation. 

Impedance-converter transistor A2Q1 
provides high impedance in series with 
the input impedance of the differential 
amplifier on the first four frequency 
ranges (x10 to x 10K). The high im-
pedance added prevents the RC bridge 
circuit from being loaded by the low 
impedance of the differential amplifier 
on the lower frequency ranges. The 
impedance converter is bypassed on the 
X100K and x 1 Meg ranges due to 
lower resistance values in the RC 
bridge. 

The difference between the feedback 
voltages from the bridge circuit is am-
plified by the differential amplifier and 
is applied to a complementary-sym-
metry circuit, A2Q5 and A2Q6, through 
emitter follower A2Q4. Positive-feed-
back voltage from the output of the 
complementary-symmetry circuit is 
applied between resistors A2R8 and 
A2R9 in the collector circuit of A2Q2 
of the first four frequency ranges. The 
application of the feedback voltage at 
this point is used to make the effective 
resistance of the collector load higher 
than the input impedance of the emitter 
follower, thus increasing the signal level 
at the base of the emitter follower. The 
increase in signal level results in an 
increase in the loop gain of the emitter 
follower at the higher frequencies. 

The complementary-symmetry cir-
cuit provides power gain; also, its low 
impedance prevents the oscillator out-
put from being loaded by the RC 
bridge. The transistors in this circuit 
are in a slight state of conductance to 
reduce crossover distortion. The output 
of the oscillator drives the power am-
plifier section with a constant voltage, 
which is set by the amplitude control, 
R2, and held constant by the action of 
the peak detector. 
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The peak-detector circuit provides a 
bias voltage. Peak detector A2Q7 con-
ducts only on the positive peaks of the 
oscillator signal. When the positive peak 
exceeds the set level, the peak detector 
conducts, breaking down reference 
diode A2CR5. This causes the diode to 
conduct less, increasing the dynamic 
resistance and thus increasing imped-
ance Zi. The increase of Zi increases the 

tz § 

7112 ýr Eiz 

amount of negative-feedback voltage to 
the differential amplifier, which results 
in a reduction of the oscillator output 
signal. The reduction in signal level 
compensates for the initial rise in the 
oscillator output. 

The metering circuit monitors the 
signal level applied to the output atten-
uator circuit and provides a front-panel 
readout of the signal in rins volts and 
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dBm. Amplifier AlQ9 serves as both an 
impedance converter between the volt-
meter circuit and the power amplifier 
output circuit, and as a current source 
to provide full-scale meter deflections. 
The output attenuator provides a means 
of attenuating the signal level applied 
to both the 50- and 600-ohm outputs, 
by selecting a group of delta networks 
to produce the desired attenuation in 
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steps of 10 dB. A source of constant 
voltage for the oscillator and other cir-
cuits is supplied from a 30-volt regu-
lated power supply. Similar power 
supplies are discussed in Section 21. 
The complete schematic diagram for 
this oscillator and amplifier section is 
given in Fig. 22-50F and the power-
supply schematic is shown in Fig. 22-
50G. 
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used with Hewlett-Packard Model 651 oscil-
in Fig. 22-50F. 

Fig. 22-50G. Schematic of power supply 

tutor shown 

22.51 What is a beat-frequency 
audio oscillator?—It is an audio oscil-
lator employing two radio-frequency 

oscillators, one generating a fixed fre-

r 

• 

quency and the other a variable fre-
quency. The variable-frequency oscil-
lator is connected to a dial on the front 
panel. 
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L  
Fig. 22-51A. Br*tie! ..,-,--d Kjaer Model 

1022 beat-frequency oscillator. 
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In operation, the two oscillators 
operate on the heterodyne principle and 
generate a beat frequency which falls 
in the audio-frequency band. This beat 
frequency becomes the output signal of 
the generator. The oscillators generally 
consist of highly stabilized LC tuned 
circuits. When the dial of the variable 
oscillator is rotated its frequency is 
changed, thereby changing the beat 
frequency. A comparatively small 
change in the frequency of the variable 
oscillator will cause a large change in 
the beat frequency. The principal ad-
vantage of the beat-frequency oscillator 
is that it may be swept across the whole 
audio-frequency spectrum, 20 to 20,000 
Hz, with one movement of the dial. This 
makes it desirable for use with graphic 
recorders, wave analyzers, and other 
devices that must operate in synchroni-
zation with the oscillator frequency. 

Pictured in Fig. 22-51A is such an 
oscillator, manufactured by Brüel and 
Kjaer of Copenhagen, Denmark. In this 
instrument are included several fea-
tures not generally found in instru-
ments of this type. In addition to the 
main frequency dial, an incremental 
scale is also provided, allowing an exact 
frequency selection in the range of plus 
or minus 50 Hz around any given set-
ting of the main frequency dial. This is 
accomplished by the use of a coaxial 
knob on the main dial. A worm-gear 
attachment, by means of a flexible shaft 
at the side of the cabinet, permits the 
oscillator to be connected mechanically 
to a graph recorder or other mechani-
cally driven equipment. 

For acoustical measurements, the in-
strument contains frequency modula-
tion circuits (variable tone), employ-
ing a reactance tube controlled by a 
saw-tooth oscillator which is switched 
into the fixed oscillator circuit. Both the 
amplitude and frequency of the saw-
tooth oscillator are adjustable from 0 to 
250 Hz, plus or minus the selected fre-
quency. By means of a compressor 
circuit which may be controlled from 
an external source of voltage, it is 
possible to keep voltage, current, or 
sound pressure constant during acousti-
cal measurements, when the oscillator 
is used as the sound source. (See Ques-
tion 22.52.) 

The fixed oscillator operates at a fre-
quency of 120 kHz, and the variable os-
cillator operates from 120 Hz to 100 kHz. 
The plates in the variable oscillator are 
so shaped to result in a logarithmic 
frequency response. In addition, several 
other controls are provided, including a 
variable attenuator, impedance-match-
ing transformer with outputs of 6, 60, 
600 and 6000 ohms, and a vacuum-tube 
voltmeter. The attenuator system is 
adjustable in steps of 10 dB, operated 
in conjunction with a continuously 
variable control. The THD varies from 
0.1 to 2 percent with frequency and the 
type of loading and output circuit. Hum 
and noise are 70 dB below the maxi-
mum power output of 2.5 watts. 
A beat-frequency oscillator, Model 

1305, manufactured by the General 
Radio Co., is shown in Fig. 22-51C. Re-
ferring to the elementary diagram in 
Fig. 22-51D, at the left are two radio-
frequency oscillators, one fixed and one 
variable controlled by the large dial on 
the front panel. The fixed oscillator 
tubes VIA and V1B, deliver a signal 
of approximately either 190 or 210 kHz 
to the mixer tube, V3, where the signal 
is combined with the signal from vari-
able oscillator, V2A and V2B. This latter 
oscillator is variable from 170 to 190 
kHz. The difference signal from the 
two oscillators is fed to an amplitude 
control through a low-pass filter which 
removes harmonics above 40 kHz. Leav-
ing tubes V5A and V5B, the signal is 
amplified and transformer coupled to 
the output circuit. 

The coils in the oscillator are con-
structed on a ceramic form for stability. 
The oscillator tubes are twin triodes, 
with the plate of the oscillator section 



1276 THE AUDIO CYCLOPEDIA 

d•ed 

• • (11 

 '0000   

•Z • 

tOE I 

  OE 

FOE 
• e•C 

e 0, 

• 004 

aCli• (UV 

•—«0 

CZ. 

Ord 

• CZ. 

dd.@ COE • OL 

V.I.. Ye Odd 

I 

4de ••Ill 

3.4 

.0002 

aeOt 

OE4 -r -

• 

NOE,  

•1•11F •••C • 

WV 

••••1 

'As p. Nu* 

•egaz 

.•• 

z 5 
OES11.41dd 

o 
Il 

o 

11 • 

••111 

2   

Fig. 22-51B. Schematic diagram for circuits of Briiel and Kjaer Model 1022 beat-
frequency oscillator. 

grounded and the other section used as 
a cathode follower isolating amplifier. 
The mixer tube operates with bias 
adjustments on grids 1 and 3. This per-
mits the adjustment of voltage and 
harmonic content of the output signal. 

This tube is magnetically shielded to 
prevent pickup from extraneous mag-
netic fields. 

The output stage employs a single-
ended push-pull amplifier configura-
tion. One section of the 12AT7 twin 
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Fig. 22-31C. General Radio Co., Model 13048 beat-frequency oscillator. 

triode drives the other section, which is 
connected as a phase-inverter to drive 
the output stage in push-pull. The am-
plifier output is connected through a 
voltage divider network to the cathode 
of V5A to introduce negative feedback. 
The output contains a voltmeter for 
adjusting the signal amplitude and an 
attenuator system. The metering system 
employs an average-reading voltmeter 
in conjunction with two 1N54 diode 
rectifiers. The attenuator system con-
sists of T pads, which are switched to 
provide attenuation in steps of 20 dB, 
from 0 to 60 dB, thus providing a resis-
tive internal output impedance of 600 
ohms. 

The instrument may be calibrated to 
the power-line frequency or by using 
the zero-beat method. If the power-line 
frequency is controlled, standardization 
at the power-line frequency is recom-
mended. The frequency drift for the 
first hour of operation is less than 7 Hz. 
For power-line calibration, the large 
dial is set to line-frequency calibrate, 
and the zero-adjust control is set for a 
zero-beat indication on the output 
meter. For zero-beat calibration, the 
main dial and the cycles increment dials 
are both set for zero. The zero-adjust 
control is then adjusted for a zero-beat 
indication on the output meter. 

The advantage offered by a beat-
frequency oscillator over the Wien 
bridge or bridged T is that it may be 
swept over the full audio spectrum in 
one full swing of the main dial. This is 
very convenient when the frequency 
characteristics of equalizers, filters, and 
similar equipment are measured. Such 
oscillators may also be used in conjunc-
tion with graph recorders, by connect-
ing the two instruments together me-
chanically. A General Rädio Co. beat-

frequency oscillator and a graph level 
recorder are pictured in Fig. 22-51E. 
This oscillator has a THD of 0.25 per-
cent from 100 to 10,000 Hz. Below 100 
Hz, the harmonic distortion may reach 
0.5 percent. Output power is 1 watt 
into a 600-ohm resistive load. 

22.52 Describe a warble oscillator. 
—Warble oscillators are used for mak-
ing acoustic measurements in an en-
closure. The frequency of the oscillator 
is swept slowly from the lowest to the 
highest frequency while being warbled 
at the rate of four times per second 
over a range of 10 percent plus and 
minus the mean frequency. 

Warbling the oscillator frequencies 
when making acoustic measurements 
prevents the formation of standing 
waves within an enclosure. Although it 
is not necessary to warble frequencies 
above 1000 Hz, it is the practice to 
warble all frequencies when making 
a measurement. 

Warble frequency oscillators can be 
mechanically driven, or the warble 
frequency can be created electronically. 
In the mechanical design a motor-
driven beat-frequency oscillator, with 
a four-sided cam mounted on the main 
dial, produces the warble while the 
oscillator dial is swept across the fre-
quency spectrum. In the electronic de-
sign the warble is produced by elec-
tronically modulating the oscillator as 
the dial is swept across the spectrum. 
(See Question 22.51.) 
22.53 What is an audio-frequency 

sweep generator?—An audio oscillator 
which automatically sweeps across the 
audio-frequency band approximately 
twenty times per second. 

The generator consists of a rotating 
disc on which is photographed a sine 
wave starting at a low frequency and 
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Fig. 22-51D. Elementary diagram for General Radio Co., Model 13042 beat-fre-
quency 

progressing up to a high frequency. 
The disc is rotated by a synchronous 
motor and the image of a sine wave is 
projected on the target of a photo-
electric cell, amplified, and applied to 

oscillator. 

the input of the device being tested. 
The frequency response is observed 
visually by means of an oscilloscope 
connected at the output of the device 
under test. The same function can be 
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Fig. 22-51E. General Radio Co. graphic level recorder and beat-frequency oscillator. 

accomplished electronically by using an 
audio oscillator and a reactance control 
tube. 

22.54 Describe a square-ware gen-
erated—Square-wave generators may 
be obtained in two forms—one in which 
a separate sine-wave oscillator is ap-

plied to the input of a device containing 
clipping and squaring tubes and one in 
which a sine wave is generated inter-
nally and squared. The resulting wave-
form is a square wave. 

The schematic diagram for a transis-
tor square-wave generator to be used 
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Fig. 22-54. Schematic diagram for transistor square-wave generator. External sine-
wave generator i required. (Courtesy, Waveforms Inc.) 
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with an external audio oscillator is 
given in Fig. 22-54. Basically the circuit 
is a modified bistable multivibrator 
consisting of two regenerative direct-
coupled stages and a switching circuit. 
It is designed to be connected at the 
output of a sine-wave oscillator, with 
the output of the square-wave genera-
tor going to the device under test. 
The circuit functions as follows. The 

sine wave is applied to the base of 
transistor Q1 through a coupling ca-
pacitor and steering diode Dl. The first 
stage of Q1 is collector loaded and dc 
coupled to the base of transistor Q2. 
Regenerative coupling from Q2 is 
through the emitter circuit. The output 
signal is developed by the collector of 
Q2 and passed through switching tran-
sistors Q3 and Q4, to a voltage divider 
network with a floating ground. 

The power supply is designed to pro-
vide both negative and positive voltages 
and is of conventional design. If an at-
tenuator network is used at the output 
of the generator, it must be capable of 
passing a wide band of frequencies 
since a square wave is theoretically of 
infinite bandwidth. 

22.55 What is a neon oscillator?— 
An oscillator consisting of a small neon 
light, a resistance, and a capacitor con-
nected as shown in Fig. 22-55. The ca-
pacitor is charged and discharged by 
the neon light. 

The values of the resistance R and 
capacitance C determine the rate of 
discharge and the frequency of oscil-
lation. The waveform is of the sawtooth 
variety and rich in harmonics. The 
characteristics of neon tubes are given 
in Questions 25.99 and 25.100. 

R 

(a) Circuit. 

BATTERY 

(b) Waveform. 

Fig. 22-55. Neon-tube oscillator. Fre-
quency of oscillation is controlled by the 

value of R and C. 

22.56 Describe a random- or white-
noise generator.—A random-noise gen-
erator is a device that produces a large 
amplitude of electrical noise at its out-
put. This type of noise is useful in 
making the following tests: acoustical, 
speaker, microphone, psychoacoustic, 
filter, crosstalk, modulation of signal 
generator; and the comparison of effec-
tive bandwidths. Such a generator, 
Model 1390-B, manufactured by the 
General Radio Co., is shown in Fig. 22-
56A. 

Referring to the simplified block dia-
gram of Fig. 22-56B, the generator por-
tion consists of half of a 6D4 gas dis-
charge tube placed in a transverse mag-
netic field which is supplied by a per-
manent magnet. The magnet eliminates 
oscillations usually associated with 
such tubes and increases the noise level 
at the higher frequencies. The noise 
output from the gas discharge tube is 
amplified by a two-stage amplifier, V3 
and 174. The noise spectrum is shaped 
in one of three different ways between 
the first and second stage, depending 
on the setting of the range switch. 

In the 20-kHz position of the range 
switch, a low-pass filter with a gradual 
rolloff above 30 kHz is inserted. The 
audio range is uniform to 20 kHz. In 
the 500-kHz position a low-pass filter 
with a rolloff above 500 kHz is used. 
In the 5-MHz position a peaking net-
work compensates for the drop in noise 
output from the 6D4 tube at the high 
frequencies, and thus a reasonably good 
spectrum to 5 MHz is obtained. Leaving 
tube V4, the signal passes through an 
output control to an attenuator system. 
A rectifier-type averaging meter indi-
cates the output voltage. 
The maximum open-circuit output 

voltage in the 20-kHz band is about 3 

Fig. 22-56A. General Radio Co. Model 
1390-8 random-noise generator. 
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Fig. 22-56B. Simplified block diagram for General Radio Co., Model 1390-B ran-

dom-noise generator. 

volts; in the 500-kHz band, it is 2 volts; 
for the 5-MHz band, it is 1 volt. These 
voltages represent relatively high noise 
levels, since the output impedance of 

the generator is 900 ohms. The noise 
level may be expressed in terms of the 
resistance noise corresponding to 900 
ohms at room temperature. The rms 
voltage in a one-cycle band, due to 

Fig. 22-56C. Oscillographs of three dif-
ferent samples of output voltage taken 
from the General Radio Co. Model 

1390-8 random-noise generator. 

thermal agitation in a 900-ohm resistor 
at room temperature, is 3.8 x 10' volt. 
The level from this generator is about 
5 millivolts for a one-cycle band when 
there is a total output voltage of 1 volt 
in the 20-kHz band. This level is then 
about 1,300,000 times the corresponding 
voltage for resistance noise, or about 
122 dB above resistance noise at the 
same impedance level. 

In random noise no regular pattern 
appears in the output waveform; it is 
characterized by randomness rather 
than by regularity. Noise is therefore 
described by statistical means, and it is 
characterized by its distribution of in-
stantaneous amplitudes and by its fre-
quency spectrum. Random noise is 
often defined as noise that has a normal 
or Gaussian distribution of amplitudes. 
White noise is discussed in Questions 
1.140 and 1.141. 

Oscillographs of three different sam-
ples of the output voltage, taken from 
the output of a noise generator are pic-
tured in Fig. 22-56C. A typical spec-
trum-level characteristic for the de-
scribed random-noise generator is 
shown in Fig. 22-56D. 

Fig. 22-56E is a schematic diagram 
for a random-noise generator, using a 
Solitron Sounvistor. The heart of the 
generator is the deep, double-diffused 
silicon diode. These special diodes be-
come noise generators by applying a 
suitable dc reverse voltage across a 
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Fig. 22-56E. Random-noise generator using 
ing diode may be one of several different 

combination of a series feed-resistor in 
series with the Sounvistor. The random 
noise voltages are recovered from the 
diode by means of a conventional tran-
sistor amplifier. The noise is amplified 
to the desired level and bandwidth. 
Two basic diodes which differ in 

noise frequency and also in fundamen-
tal operating characteristics are used. 
The most useful type is the type SD-1, 
a high-impedance generator that will 
generate frequencies from 1 Hz to about 
100,000 Hz. This diode will develop a 
200,000-Hz bandwidth of 500 to 3000 
microvolts nns across a load resistance 
of 100,000 ohms or more. Each diode is 
studied at an ambient temperature of 
25 degrees centigrade to determine its 
distribution of noise voltage and is 
then classified for a given service. 

When listening to white noise over a 
wideband speaker system of fairly uni-
form ‘frequency characteristics, the 
sound should be one of an unmusical 
tone swish, similar to that heard when 
tuning between fin channels. (See 
Question 7.114.) 
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a Solitron Sounvistor. The noise-produc-
types. (Courtesy, Sol itron Devices Inc.) 

22.57 What is a phase-shift oscil-
latorP—An oscillator employing a single 
vacuum tube with a phase-shifting net-
work rather than the conventional LC 
circuit. A typical phase-shift oscillator 
is shown in Fig. 22-57A. 

Basically the circuit consists of a 
tube and a three-stage, phase-shifting 
network consisting of three capacitors, 
Cl, C2, and C3, and three resistors, R1, 
R2, and R3, connected between the 
plate and grid circuits of the oscillator 
tube. The phase shift in the network 
is proportional to the current through 
the network. The circuit element values 
shown are for an oscillator of 1000 Hz. 
Each phase-shifting network has a 
phase shift of 60 degrees. The total 
phase shift for the three networks is 
180 degrees. The circuit functioning may 
be explained as follows. 
When an alternating voltage is ap-

plied to the first section of the network, 
Cl and R1, a current is caused, the 
magnitude being determined by the 
total impedance of the network. Since 
the impedance is capacitive, the current 
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Fig. 22-57A. Phase-shift oscillator circuit. 

will lead the voltage, which for one 
section of this network (Cl and R1) is 
60 degrees. The voltage drop across R1 
is in phase with the current through it; 
therefore, the voltage drop across R1 
leads the impressed voltage by 60 
degrees. 

The output voltage of the first sec-
tion is applied to a second section, C2 
and R2, which shifts the impressed vol-
tage another 60 degrees for a total of 
120 degrees. The third network, C3 and 
R3, shifts the voltage another 60 de-
grees, making a total phase shift of 180 
degrees. This brings the signal from the 
plate into phase with the control grid, 
which is 180 degrees out of phase with 
the plate. 

Oscillation is started when a small 
disturbance occurs in the plate circuit, 
such as turning on the power and the 
starting of plate current. Any slight 
change from a static condition causes 
the disturbance to be amplified, in-
verted 180 degrees by the phase-shifting 
network, and applied to the control grid 
and again amplified. This build-up con-
tinues until a state of steady oscillation 
is reached. 

0.47pF 

 II  

The output waveform of a phase-
shift oscillator is almost sinusoidal, if 
the bias is adjusted to a value where 
oscillation can just be sustained. The 
tube then operates on the linear por-
tion of its characteristic. Decreasing the 
resistance or capacitance in the net-
work will increase the frequency of 
oscillation and vice versa. The angle 
of phase shift is dependent on the ratio 
of the capacitive reactance to the re-
sistance in any one section of the 
network: 

X.  1  
4OE R — 2 wfC/R 

where, 
L is the capacitive reactance, 
R is the resistance for a single sec-

tion of the phase-shifting network. 

From a practical standpoint, the tube 
should have a transconductance above 
5000 microinhos, preferably between 
800 and 10,000 micromhos, to overcome 
the loss of the network and sustain 
oscillation. It has been shown by Ginz-
ton and Hollingsworth that a circuit 
gain of 29 or more is required to main-
tain oscillation. The value of R must be 
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Fig: 22-57B. Transistor phase-shift oscillator with constant-amplitude control circuit. 
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several times the value of plate load 
RI, in parallel with grid resistor Ft1 and 
coupling capacitor C. A second stage is 
essential to isolate the oscillator section 
from the external circuit. 

The frequency of oscillation for a 
given set of values may be approxi-
mated: 

1 
f 

2/tRC 
where, 
R and C are the values of a single 
network. 

The frequency of oscillation may be 
adjusted to an exact value over a very 
limited range by varying the value of 
any one resistor in the network. A 
variable-frequency oscillator may be 
constructed by varying the values of 
C and R. This may be done by ganging 
and adjusting their values simultane-
ously. Typical values for several fre-
quencies, using a plate load resistance 
(Rt.) of 50,000 ohms, are given below: 

Freq. (Hz) R1, R2, R3 Cl, C2, C3 

50 1.25 meg 0.001 PE 
1q0 1.00 meg 0.0006 PF 
500 510K 0.00025 p.F 
1000 650K 0.0001 
5000 100K 0.00011 1.t.F 

10,000 510K 0.0000125 pF 

The actual phase angle for a single 
section using the values given in the 
foregoing will vary between 66 and 77 
degrees, which Is satisfactory. Thus 
standard values of resistance and capa-
citance may be used. 

Fig. 22-57B shows the circuitry for a 
transistor phase-shift oscillator employ-
ing field-effect transistors (FET's) in 
combination with conventional transis-
tors. This circuit, developed by Mour-
lam, also includes a stabilizing feedback 
loop. This circuit is particularly adapt-
able to frequencies below 100 Hz. The 
required 180-degree phase shift is ob-
tained by the use of an unbalanced T 
network, consisting of resistors R1, R2, 
and R3, capacitors Cl, C2, and C3, and 
potentiometer Pl, which provides a 
small amount of frequency adjustment. 

The output from transistor Q1 is fed 
to buffer FET Q2, rectified, and used to 
charge capacitor C5 proportional to the 
amplitude of the oscillation as com-
pared to a reference voltage supplied 
by a 1.35-volt mercury cell in the 
emitter of Q3. The resulting amplitude 

variations are then applied to the base 
of Q4, which in turn varies the bias of 
Q1, thus compensating for the varia-
tions in amplitude. 

It is claimed for this oscillator cir-
cuit that the stability is to within a few 
parts in 10'. The circuit shown has an 
operating frequency of 33 Hz. 

22.58 What is a resistance-stabi-
lized oscillated—Basically the oscillator 
may be a Hartley or a tuned-plate type 
circuit except for a feedback resistance 
and capacitance connected between the 
plate and the tuned circuit. The resis-
tance and capacitance are shown as Cfb 
and Rob in the schematic diagram of 
Fig. 22-58. 
The tube operates as a class-A am-

plifier stage with a self-biasing resistor 
in the cathode circuit. This resistor is 
adjusted for the lowest possible har-
monic distortion. The value of the feed-
back resistor Rob is selected for a value 
that will just permit the tube to oscil-
late, with stability. 

Resistance-stabilized oscillators are 
often used where a high degree of sta-
bility and low distortion are required. 
Capacitor C. across the tuned circuit is 
changed for each desired frequency. 
The feedback resistor, Rn„ is readjusted 
for each frequency, for the lowest dis-
tortion consistent with stable operation. 

22.59 Describe a multivibrater °sell-
later.—There are two types of multivi-
brators: the astable and the bistable. 
The first to be discussed will be a tran-
sistor version of the astable type. The 
astable multivibrator (or free-running 
multivibrator as it is sometimes called) 
develops a square-wave output that has 
a peak value equal to the de voltage 
(Vo<,) and a minimum value equal to 
the collector saturation voltage of the 
transistor. The circuit is basically a 

Rob 

• 
Fig. 22-58. Resistance-stabilized oscilla-
tor. Value of capacitor CI is set for each 
frequency and resistor Rob is se for low-

est distortion. 
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Fig. 22-59A. Astable multivibrator os-
cillator circuit. 

two-stage nonsinusoidal oscillator in 
which one stage conducts at saturation, 
while the other is cut off until a point 
is reached at which the stages reverse 
their conditions. The circuit shown in 
Fig. 22-59A employs two 2N1481 tran-
sistors, operated in identical common-
emitter amplifier stages, with regenera-
tive feedback resistance-capacitance 
coupled from the collector of each tran-
sistor to the base of the other. The fre-
quency of oscillation for the circuit 
shown is controlled by the value of the 
resistors and the capacitors and may 
be calculated: 

f 
(0.7C1R2) (0.7C2R2) 

1 

The frequency of the circuit shown is 
approximately 7000 Hz. 
A bistable multivibrator, commonly 

called a flip-jlop oscillator, is shown in 
Fig. 22-59B. This circuit finds wide 

-I6V 

Fig. 22-59C. Astable multivibrator cir-
cuit using vacuum tubes. 

usage in computer applications and 
electronic switches. The circuit is in a 
stable state when either transistor is 
conducting and the other is cut off. The 
state of the transistors are switched by 
the application of a properly applied 
trigger pulse. The 1N126 steering diodes 
ensure that the 2N404 pnp transistors 
are triggered to alternate states only 
when positive pulses are applied to the 
input 
The output voltage, which may be 

taken between collector and ground of 
either transistor (or both), is a unit 
step voltage, changing when the trigger 
is applied. A square-wave output is 
obtained by a continuous periodic 
pulsing of the input For the circuit 
shown, the frequency division between 
input and output is 2:1. 

The circuit given in Fig. 22-59C is 
an astable or free-running multivibra-
tor employing vacuum tubes. Although 
the astable multivibrator is free-run-
ning, it may be triggered by pulses of a 

+6 INPUT +6 

Fig. 22-598. Bistable multivibrator or flip-flop oscillator circuit. 
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given amplitude and frequency to pro-
vide a frequency-stabilized output. 

22.60 What is an LC-filter type of 
distortion analyzer?—An LC-filter type 
of distortion analyzer is an instrument 
employing a group of LC type band-
elimination filters, designed for mea-
suring the total harmonic distortion 
(THD) of amplifiers. This type of in-
strument does not contain any elec-
tronic equipment internally, but re-
quires an external null detector, such 
as a vacuum-tube voltmeter or oscillo-
scope. 
The instrument shown employs five 

band-elimination filters with funda-
mental frequencies of 50 Hz, 100 Hz, 
400 Hz, 1 kHz, 5 kHz, and 7.5 kHz, 
which are selected by means of a switch 
at the lower left of the panel. A block 
diagram of this instrument appears in 
Fig. 22-60A. 

Fundamentally the device consists of 
two variable attenuators, one having 
60 dB of loss in steps of 10 dB, the other 
a total of 10 dB loss in steps of 1 dB, 
making a total of 70 dB of loss variable 
in steps of 1 dB. Following the attenua-
tors is a group of six band-elimination 
filters, any one of which may be selected 
by switch S2. Connected externally to 
the output of the distortion analyzer is 
a vacuum-tube voltmeter or osculo-

20,000s'. 

INPUT ›— OEI-

60dB 
ATTEN 
6-10 dB 

STEPS 

10dB 
ATTEN 
10-1dB 

STEPS 

scope for indicating the amplitude of 
the fundamental frequency or the har-
monics of the fundamental. 

To operate the instrument, an oscil-
lator of low harmonic distortion is con-
nected to the input of the device to be 
tested. The distortion analyzer is con-
nected to the output of the device under 
test and a sensitive indicating instru-
ment is connected to the output termi-
nals of the distortion analyzer. Switch 
S2 is set to the desired filter and switch 
SI to position A, which connects the 
selected filter into the circuit. The oscil-
lator is set to the filter frequency and 
slowly rocked above and below the 
filter frequency while balance control 
Pl on the analyzer is adjusted for a 
minimum deflection of the indicating 
instrument. At the point of minimum 
deflection or null, the fundamental fre-
quency has been completely balanced 
out, leaving only the harmonics. The 
balance control (P1) varies the Q of 
the filter circuit, permitting an exact 
balance. 
When a minimum deflection has been 

attained, switch SI is thrown to posi-
tion B, substituting the two variable 
attenuators for the filter network. The 
loss of the attenuators is adjusted for 
the same amplitude reading on the in-
dicating meter as previously obtained 

50Hz H 

100Hz 

,  
OE 

400Hz 

0-. 10Z0Hz 

5000Hz 

7300Hz 

BALANCE 

INDICAT-
ING 
INSTRU-
MENT 

A 13 
FILTER ATTENUATOR 

Fig. 22-60A. Block diagram of LC-filter type distortion analyzer. 
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Fig. 22-6013. Attenuator loss versus 

with the filter in the circuit. When the 
two indications are the same, switch S1 
may be thrown from position A to posi-
tion B with only a fractional change in 
level on the meter (this is generally 
less than 1 dB). 
When a condition of balance has 

been attained, the loss of the attenua-
tors is totaled and the percent har-
monic distortion read from the graph 
given in Fig. 22-60B. As an example, if 
the loss of the attenuators totals 40 dB, 
the harmonic distortion is 1.0 percent. 
The attenuators loss is also an indica-
tion that the harmonics are 40 dB below 
the amplitude of the fundamental fre-
quency. It will be noted from the graph 
that when the harmonic distortion is 
10 percent, the harmonics are only 20 
dB below the fundamental, and for 0.10 

R 1 
IN OUT 

PI 

Fig. 22-60C. Schematic diagram of a 
single section of a multiple LC filter-

type distortion analyzer. 

percent harmonic distortion (THD). 

100 

percent they are 60 dB below the fun-
damental frequency. The schematic 
diagram of a single filter section is 
shown in Fig. 22-60C. The procedure 
for use of the foregoing instrument is • 
similar to that of other distortion meters 
and analyzers described in Section 23. 

22.61 Describe a distortion meter 
using a single 400-11: high-pass filter. 
—In the early design of distortion-
factor meters (distortion analyzer) the 
harmonic distortion was measured only 
at 400 Hz and not over a wide band of 
frequencies as is today's practice. These 
early analyzers employed a single 400-
Hz high-pass filter with a steep cutoff 
characteristic, as shown in Fig. 22-61A. 
For the null detector, an amplifier and 
thermocouple current-squared meter 
were used. The schematic diagram for 
such a meter is shown in Fig. 22-61B. 
With the filter in the circuit, the fun-
damental frequency of 400 Hz is sup-
pressed about 75 dB, and all harmonics 
up to the fifteenth are passed without 
attenuation. For historical interest, a 
picture of such an instrument, manu-
factured by the General Radio Co. in 
1930, is shown in Fig. 22-61C. 

Referring to the schematic diagram 
in Fig. 22-61B, included with the filter 
are three resistors, R1, R2, and R3, and 
potentiometer Pl for comparing the 
voltage at the output of the filter with 
respect to the voltage at the input of the 
filter. A dial calibrated 0 to 3 and 0 to 
30 percent is mounted on the shaft of 
the potentiometer Pl. 
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Fig. 22-61B. Schematic diagram for distortion factor meter. 

Fig. 22-61C. For historical interest, 400-Hz high-pass filter type distortion factor 
meter, amplifier, and current-squared thermocouple meter, manufactured by Gen-

eral Radio Co., in 1930. 

When a measurement is made, the 
distortion-factor meter is connected 
across the load resistance of the ampli-
fier under test. A 400-Hz signal is ap-
plied to the amplifier input, and output 
switch Sl is set to fundamental. S2 is 
set to 30 percent and a reference read-

ing taken on the indicating meter. Sl is 
then put in the harmonic position and 
the potentiometer balanced for a null 
reading of the meter. S2 is set for the 
desired range, rebalanced, and the per-
cent distortion factor read from the dial. 
Series resistances 111 and R2 form an 
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L-type network ahead of the filter, thus 
preventing the calibration of the 
analyzer from being affected by the im-
pedance of the device being tested. Dis-
tortion factors as low as 0.2 percent may 
be read. As this device (and others of 
similar design) read percent distortion 
as the total rms voltage of the har-
monics, no indication of the individual 
harmonic amplitudes is given. 

In subsequent models of distortion 
meters, the amplifier and meter were 
combined into one complete unit. Mod-
ern distortion-measuring equipment 
generally uses a parallel-T resistive 
network which is continuously variable, 
(see Question 22.63.) 

22.62 Describe the circuitry of a 
distortion-factor meter (DFM)—A dis-
tortion-factor meter (DFM) is an in-
strument designed for measuring the 
total harmonic distortion (THD) of 

1289 

amplifiers and similar devices. This is 
accomplished by applying the distorted 
signal to the input of the instrument, 
nulling-out the fundamental frequency 
by a highly selective RC network and 
then measuring the remaining har-
monics in percent of the fundamental 
frequency, including the harmonics. It 
will be noted that the measurement is 
made of the total remaining harmonics; 
therefore, unless other means are used, 
the individual harmonic amplitude can-
not be determined from the instrument 
reading. However, the distortion prod-
ucts can be observed with an oscillo-
scope or their individual amplitudes 
measured by the use of a wave ana-
lyzer, as discussed in Question 22.65. 
The discussion to follow will apply gen-
erally to any type DFM employing an 
RC null network of the Wien-bridge or 
parallel-T configuration. The variable 

Fig. 22-62A. Marconi Instruments Ltd. (England) Model TF 2331 distortion factor 
meter. (Courtesy, Canadian Marconi Co.) 
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Fig. 22-62D. Normal frequency characteristics of Marconi DFM meter null network. 

REJECTION 
FILTER 

LF CUT 
FILTER 

NOISE 

2.0 50 

FREQUENCY HZ 

20 k7j, ,w 100 kciS1W 

31 

211 

3k 514 10.1E 201i 50k 100k 

-70 

-60 

Fig. 22-62E. Frequency characteristics of Marconi DFM meter null network, with 
high-pass filter for reducing hum frequencies. 

components for milling out the funda-
mental frequency may be resistive or 

capacitive. 

Fig. 22-62A shows a completely tran-

sistorized distortion-factor meter, 

Model TF 2331, manufactured by Mar-

coni Instruments, Ltd., of England. This 

instrument measures total harmonic 

distortion (THD) in the fundamental 

range from 20 to 20,000 Hz. A  distortion 

bandwidth of either 20 kHz or 100 kHz 

may be selected and in addition, a high-

pass filter having a characteristic as 

given in Fig. 22-62B, may be switched 

in to eliminate power-line frequencies 

from the measurement. Noise can be 

measured using the same two band-

widths as for distortion measurements, 

or via a weighting network with a 

characteristic as shown in Fig. 22-62C. 
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Fig. 22-62F. Conversion graph for indicated distortion and true distortion. 
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Fig. 22-62G. A 1000-Hz signal with 

This response was originally defined by 
the CIFF as standardized by the British 
Standards Institution. 
The distortion-measuring rejection 

network consists of a selective amplifier 
tuned to reject the fundamental fre-
quency component, and a wideband 
voltmeter to measure noise and distor-
tion content. Terminals are provided in 
the metering circuit for connection of 
an external oscilloscope. The character-
istic of the rejection network, tuned to 
reject 1000 Hz (lowest null point of the 
meter), is given in Fig. 22-62D. The 
network has a rejection (when properly 
tuned) of at least 80 dB, with a second-
harmonic attenuation of less than 0.5 
dB at 1000 Hz, 1 dB up to 6000 Hz, and 
2 dB up to 20,000 Hz. With the high-
pass filter (low-frequency cutoff) in 
the circuit, the rejection characteristic 
is that shown in Fig. 22-62E. The meter 

d and third-harmonic distortion. 

circuit is an average-reading meter and 
subject to error, as set forth in Ques-
tion 22.103. 

Distortion-factor meters measure 
distortion relative to the total signal 
(fundamental plus harmonics) rather 
than to the fundamental alone. Below 
10-percent distortion, the discrepancy 
between the fundamental frequency 
alone and the fundamental plus the 
harmonics is negligible, but it can be-
come quite large above 10-percent dis-
tortion. If a conversion from the indi-
cated distortion to the true value of dis-
tortion is important, it can be made by 
the use of the chart in Fig. 22-62F and 
will hold true for any type of meter of 
those under discussion. The distortion 
as read on the instrument is shown at 
the bottom of the graph, with the cor-
rection shown at the left vertical mar-
gin. As will be noted, no correction is 
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Fig. 22-62H. Distortion measuring section of Marconi Instruments Ltd. Model 

TF2331 distortion-factor meter. 
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5 

Fig. 22-621. Voltmeter section of Marconi Instruments Ltd. Model TF2331 distor-
tion-factor meter. 
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Fig. 22-62J. Power-supply section for Marconi Instruments Ltd. Model TF 2331 dis-
tortion-factor meter. 
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Fig. 22-62K. General Radio Co., Model 1932A distortion and noise meter. 

required below 10 percent; however, at 
30-percent distortion, the true distor-
tion is 31 percent, and at 50 percent 
true distortion is 57 percent. It is true 
that such distortion values are not nor-
mally found in conventional equipment. 
However, in certain types of equip-
ment the distortion may be intention-
ally high; therefore this factor must be 
taken into consideration when this type 
of DFM is used. The spectrum for a 
1000-Hz signal having second- and 
third-harmonic distortion is shown in 
Fig. 22-62G, including hum and noise 
frequencies. 

Referring to the schematic diagram 
of Fig. 22-62H, two input impedances 
are available—a 600-ohm impedance 
and a high impedance that varies from 
6200 to 100,000 ohms, depending on the 
amplitude of the incoming signal. Be-
cause of negative feedback, the imped-

ance at the base of transistor Q1 is 
quite low. Resistors RV1 and R5 in se-
ries with the input signal determine the 
input level for the 1- to 10-volt range. 
At maximum sensitivity, corresponding 
to an input voltage of 0.6 volt, the im-
pedance is at its minimum (6200 ohms) 
and rises to 100,000 ohms at 10 volts. 
When the DFM input range switch is 

set to the 10- to 30-volt range, attenu-
ators R2 and R3 are introduced. The 
latter prevent large variations in input 
sensitivity from affecting the imped-
ance, and it remains at a nominal 
100,000 ohms from 10 to 30 volts. Tran-
sistor Q1 is a phase splitter and pro-
vides two outputs of opposite phase and 
amplitude (2:1) to drive a Wien-bridge 
type of network. This network is the 
fundamental-frequency rejection net-
work. Overall negative feedback taken 
to the base of Q1 through R17 and C18 
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Fig. 22-62L. Elementary diagram for General Radio Co., Model 1932A distortion 

and noise meter. 

from Q4 serves to flatten the skirts of 
the network response and to prevent a 
sharper null response to the selective 
amplifier. 

Transistor Q1 is critical with respect 

to noise and distortion and its operating 
conditions provide a compromise be-
tween the two. The emitter load resistor 
is 750 ohms, with a collector load adjust-
able at a nominal value of 1500 ohms, 
by the phase-balance control. Resistor 
RV6 in the collector circuit is a 10-turn 
precision potentiometer adjustment. The 
collector load feeds the series RC 
branch of the rejection network, and 
the emitter load of the parallel RC 
branch. At least 80-dB rejection is pro-

vided by the network. Variable resis-
tors RV2 and RV5 are ganged together 
to form the Main Tune control, and 
RV3 and RV4 (also ganged together) 
form the Frequency Balance control. 

Buffer transistor Q2 is a silicon emit-
ter follower, with amplifier Q3 provid-
ing the gain. The emitter of Q3 is by-
passed by the capacitor C20 to maintain 
the high-frequency response. Output 
stage Q4 is also an emitter follower. The 
100,000-Hz bandwidth is determined by 
C30, and the 20,000-Hz rmige is deter-
mined by C23 and C30 in parallel. The 
output signal may be passed through a 
weighting network which simulates the 
human ear characteristic (Fig. 22-62C). 
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Referring to Fig. 22-621, input tran-
sistors Q5 to Q7 combine to form the 
equivalent of a cathode follower with 
an overall gain of approximately unity. 
Transistor Q5 operates at a collector 
current of 10 µA. It produces a current 
gain sufficient to drown the noise of Q6, 
but produces very little noise within it-
self, thus resulting in low noise plus a 
high input impedance. 

Emitter follower Q7 has a 2000-ohm 
load resistor in its collector circuit to 

feed the following attenuator, which is 
controlled by the voltmeter range-

selector switch. Since the attenuator it-
self presents a 2000-ohm load, the re-
sultant ac collector load is 100 ohms. 

Fine-adjustment attenuator (R52 to 
R61) is a simple potentiometer with 
four 10-dB steps, providing 10-, 20-, 
30-, and 40-dB losses for the 10-, 3-, l-
and 0.3-volt ranges respectively. When 
the voltmeter range is set for 0.1 volt 
and the fine attenuator switch out, the 

input is attenuated 50 dB by R40, R41, 
and FtV10 (frequency compensated by 
C40 and C41). When the voltmeter 
range is lowered, the four 10-dB steps 
are again switched in. 

Transistor Q13 is the first transistor 
of the main voltmeter amplifier and has 
a •gain on the order of 3. The base of 
buffer emitter-follower Q14 is biased by 
de feedback from the output stage. Re-
sistor R78 provides preliminary bias to 
protect Q15 from saturation when the 
instrument is turned on. Amplifier stage 
Q15 is a pnp-type transistor. Its gain is 
adjusted by the ac-coupled Calibrate 
preset potentiometer on the front panel. 
The collector circuit is composed of 
3000-ohm resistor RM and 1000-ohm 
R85 in series, the latter resistor being 
decoupled with 10-µF capacitor C61 to 
flatten out the low-frequency response. 

Driver transistor Q16 has its de con-
ditions set by RV14, so that the output 
transistors have a centralized de output 
to prevent limiting or low gain. The 
output stage consists of Q17 and Q18 
connected in push-pull. Their bases are 
clamped 6 volts apart by diode MR11. 
Each emitter circuit has a 220-ohm re-
sistor in series with an 820-ohm resistor 
bypassed by a 500-µF capacitor to sta-
bilize the ac gain and de operating con-
ditions. Output terminals taken from 
the emitter of Q18 appear on the front 
panel for the connection of an oscillo-
scope to observe the waveform of the 

distortion products, or a wave analyzer 
for measuring the amplitude of the in-
dividual harmonics. 

The metering circuit consists of two 
diodes connected in a full-wave bridge 
rectifier circuit. It will be noted the 
rectifier circuit is not returned to 
ground through the feedback loop, as is 
done in many wide-range sensitive 
voltmeter circuits. Total harmonic dis-
tortion may be measured from 0.10 per-

cent full-scale to 50 percent, and noise 
level to 80 dB below a reference level 
of 1 milliwatt. 

The schematic diagram for the power 
supply section is given in Fig. 22-62J 
and may be either battery operated or 
from the ac mains. As such power sup-
plies have been discussed elsewhere, it 
will not be discussed here, except to call 
attention to diode MR6 in series with 
the negative terminal of the battery, to 
provide protection against accidental 
reversal of the battery polarities. 
A second distortion-factor meter, 

Model 1932A, manufactured by General 
Radio Co., is shown in Fig. 22-62K. This 
instrument is completely vacuum-tube 
operated. An elementary diagram of its 
circuitry appears in Fig. 22-62L. The 
principal components are a high-gain 
amplifier system, with an RC interstage 
coupling unit that is balanced to a sharp 
null using a variable air capacitor (in 
contrast to the Marconi instrument 
using resistance) in a parallel-T net-
work. This system is followed by a vac-

uum-tube voltmeter of high sensitivity. 
Degeneration is used to maintain a high 
degree of stability and ensure a wide 
frequency response. The null frequency 
is continuously variable and can be 
switched out of the circuit for making 
noise measurements of the equipment 
under test. When the network is bal-
anced, the fundamental frequency is re-
duced 80 dB or more, leaving only the 
harmonics. These harmonics are mea-

sured as a whole and are indicated on 
the meter as total harmonic distortion 
(THD). 
Two input circuits are provided, 600 

ohms (internal impedance: 10,000 
ohms) for balanced and unbalanced-
line operation, and a direct connection 
into a 100,000-ohm potentiometer 
grounded on one side. Fundamental 
frequencies of 50 to 18,000 Hz and har-
monics up to 55,000 Hz may be mea-
sured. Full-scale readings of 0.3, 1.0, 3, 
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10, and 30 percent are provided, with a 
100-percent scale for setting the initial 
input level. The meter is calibrated to 
indicate both percent distortion and de-
cibels, and it will indicate noise levels 
80 dB below a reference calibration 
level, or 80 dB below zero dBm. The 
ballistics of the meter are similar to the 
standard VU and volume indicator 
meters. Terminals are provided at the 
rear for rack mounting. Push buttons 
are used for selecting the meter sensi-
tivity and the frequency range of the 
null network. 

To operate either of the previously 
described instruments, the procedure is 
the saine except for slight differences in 
the terminology used with the controls. 
The proper input impedance is selected 
for the device from which the signal is 
to be obtained. Set the controls to Cal-
ibrate. Adjust the variable calibrate 
control for a 100-percent deflection of 
the meter. Set the controls to Distortion 
with the main dial set to the fundamen-
tal frequency of the signal under mea-
surement. Select the proper frequency 
range for the null network. Tune the 
main dial and trimmers for a minimum 
(null) reading of the meter. Continue 
this procedure, increasing the meter 
sensitivity until a range is reached 
where the sensitivity cannot be further 
increased. Read the distortion, taking 
into consideration the meter range. 
Thus, if a minimum balance is on a 1-
percent scale and the meter reads 3, the 
TRI) is 0.3 percent. The distortion mea-
sured is that of the remaining harmon-
ics, which may be identified by display-
ing the waveform on an oscilloscope. 

22.63 Describe on automatic-nulling 
distortion meter.—An automatic-nulling 
distortion analyzer consists fundamen-
tally of a Wien-bridge circuit for re-
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jecting the fundamental frequency, op-
erating with two control loops for auto-
matically tuning the two legs of the 
bridge circuit which rejects the funda-
mental frequency. Distortion is read di-
rectly on a meter calibrated to read 
percent distortion and decibels. The 
meter may also be used to measure the 
internal noise of the device under test. 
Instruments designed for use in the 
broadcasting industry may include an 
rf detector for measuring percent dis-
tortion of the modulated carrier. Such 
an instrument, the Model 334A, manu-
factured by the Hewlett-Packard Co., is 
pictured in Fig. 22-63A. The instrument 
to be discussed is completely solid state. 

Referring to the block diagram in 
Fig. 22-63B, at the upper left is an a-m 
detector which is used to detect the 
modulating signal from an rf carrier. 
The rf components are filtered from the 
modulating signal, which is then ap-
plied to an impedance converter circuit. 

For distortion measurements the im-
pedance converter provides a low-noise 
input circuit, with a high impedance in-
dependent of the source impedance at 
the terminals. It also provides unity gain 
between the input of the instrument 
and the input of the rejection ampli-
fier. The input signal is applied to the 
impedance converter through function-
switch S1 and a 1-megohm attenuator 
S3. The attenuator network provides 50 
dB of attenuation in 10-dB steps. The 
desired attenuation level is selected by 
sensitivity switch S2. The rejection am-
plifier consists of a preamplifier, a Wien 
bridge, and a bridge amplifier. A sensi-
tivity vernier control, RI, at the input 
of the preamplifier provides a set-level 
signal to obtain a full-scale reading on 
the meter for any voltage level at the 
input of the instrument. 

•••• 

e SOE 
Fig. 22-63A. Hewlett-Packard Model 334A automatic null distortion analyzer. 
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Fig. 22-63B. Block diagram for Hewlett-Packard Model 334A automatic null dis-
tortion analyzer. 
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With function switch Si in the set-
level position, a ground is applied to 
the Wien-bridge circuit to allow a sig-
nal reference level to be set on the 
meter. With the function switch in the 
distortion position, the Wien bridge is 
used as an interstage coupling network 
between the preamplifier and bridge 
amplifier. The Wien bridge is tuned 
and balanced to reject the fundamental 
frequency of the applied signal. Two 
automatic loops consisting of two phase 
detectors, lamp drivers, lamps, and pho-
tocells provide fine tuning and balance 
the automatic mode. The remaining fre-
quency components are applied to the 
bridge amplifier and are measured as 
distortion by the metering circuit. 

Negative feedback from the bridge 
amplifier to the preamplifier narrows 
the normal rejection response of the 
Wien bridge, similar to that shown in 
Fig. 22-62D. The output from the re-
jection amplifier is applied to the me-
tering circuit through a post attenua-
tor. This attenuator limits the input 
signal applied to the metering circuit to 
1 millivolt for full-scale deflection. Out-
put terminals in the metering circuit 
permit the connection of an oscilloscope 
for observing the character of the dis-
tortion components. 

In the voltmeter mode of operation, 
the input signal is applied to the im-
pedance converter through a 1:1 and 
1000:1 attenuator. The 1:1 ratio is used 
in the 0.0003- to 0.3-volt position of 
meter range switch S3, and the 1000:1 
ratio is used in the 1- to 300-volt range 
position. With the function switch in the 
voltmeter position, the output of the 
impedance converter bypasses the re-
jection amplifier and is applied to the 
metering circuit through the post-at-
tenuator network. 
The rejection circuit consists of the 

preamplifier, Wien-bridge resistive leg, 
the automatic control loop and its asso-
ciated lamp and photocell, and the 
bridge amplifier. In the distortion posi-
tion, the Wien-bridge circuit is used as 
a rejection filter for the fundamental 
frequency of the input signal. The 
bridge circuit is connected as a inter-
stage coupling network between the 
preamplifier and the bridge amplifier. 
The bridge is tuned to the fundamental 
frequency of the incoming signal by 
setting frequency range switch S4 to 
the applicable range and tuning capaci-
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tors Cl and C2. The bridge is further 
balanced by fane balance control R2. In 
the automatic mode, fine tuning and 
balancing are accomplished by photo-
cells PC1, PC2, and PC3 connected in 
the resistive and reactive legs of the 
bridge circuit. Error signals for driving 
the photocells are derived by detecting 
the bridge output, using the input sig-
nal as a reference. 
When the Wien bridge is not tuned 

exactly to the frequency to be milled, a 
portion of the fundamental frequency 
will appear at the output of the bridge. 
The phase of the signal will depend on 
which leg of the bridge is not tuned or 
on the relative error in tuning, if 
neither is set correctly. The magnitude 
of the signal is proportional to the mag-
nitude of the tuning error of either or 
both legs of the bridge. The control 
loops derive their information from a 
common source and develop two inde-
pendent control signals for milling the 
two legs of the bridge. These control 
voltages are used to vary the brilliancy 
of lamps Li and L2, which in turn 
cause a resistance change in the photo-
cells which are a part of the bridge cir-
cuit. With the bridge in tune and bal-
ance, the voltage and phase of the fun-
damental frequency appearing at the 
junction of the series reactive and shunt 
reactive legs is the same as at the mid-
point of the resistive leg. When these 
two voltages are equal and in phase, 
the fundamental frequency is balanced 
out. For frequencies other than the 
fundamental the reactive leg of the 
bridge offers various degrees of atten-
uation and phase shift, which cause a 
voltage at the output points of the 
bridge. This voltage is amplified by the 
bridge circuit and applied to the meter-
ing circuit. 

Negative feedback from the output 
of the bridge amplifier is applied to the 
preamplifier to narrow the frequency 
rejection characteristic of the bridge. 
However, the normal rejection charac-
teristic of a Wien bridge is not constant. 
Typically, the second harmonic is atten-
uated several dB more than the third, 
and the third more than the fourth. The 
use of negative feedback sharpens the 
rejection characteristic considerably, as 
shown in Fig. 22-62D. When the funda-
mental frequency is 1 kHz or higher, a 
T-filter section may be switched in the 
output of the bridge amplifier, which 
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attenuates 50- or 60-Hz components 40 
dB (100:1), but offers no attenuation 
to frequencies over 1 kHz (Fig. 22-62E). 

The metering circuit consists of a 
bridge-type circuit with a diode in 
each upper branch and a dc milliameter 
connected across the midpoints of the 
bridge. Capacitors are also used in the 
lower legs of the bridge and are an es-
sential part of the feedback loop. The 
mechanical inertia of the meter move-
ment prevents the movement from re-
sponding to individual current pulses; 
therefore the meter pointer reading 
corresponds to the average value of 
current pulses rather than to the peak 
value. The meter is calibrated to read 
the rms value of a sine wave. The power 
supply is series regulated and has a 
positive-negative 25-Vdc output. 

The general characteristics of the 
instrument are: input impedance, 1 
megohm shunted by less than 60 pF; 
distortion measurement range, any fre-
quency between 5 Hz and 600 kHz; dis-
tortion levels, 0.1 to 100 percent full-
scale in seven ranges; elimination 
characterstic fundamental rejection 80 
dB; input sensitivity 0.3 volt rms for 
100 percent. 

22.64 What is a phase-shifter can-
cellation-type distortion-factor meter?— 
A distortion-factor meter which mea-
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sures the distortion factor by suppress-
ing the fundamental frequency by the 
use of a second signal which is of the 
same frequency and amplitude, but 
180 degrees out of phase with reference 
to the signal being applied to the input 
of the device under test. A block dia-
gram of a typical phase-shift of distor-
tion-factor meter (DFM) with its ex 
ternal connection is given in Fig. 
22-64A. 

The meter indicates the distortion 
factor, which is the ratio of the rms to-
tal distortion to the amplitude of the 
fundamental frequency, including har-
monics. This is accomplished by sup-
pressing the fundamental frequency and 
measuring the rms total of the remain-
ing harmonics. Phase shift is achieved 
by the use of a group of adjustable RC 
phase-shifting networks operated from 
the front panel. 

Referring to the external connections 
in Fig. 22-64A, the signal from the os-
cillator is split into two branches. The 
first branch connects to a variable at-
tenuator or gain set, to the iput of the 
amplifier under test, and from the am-
plifier output to the DFM. The second 
branch connects from oscillator to the 
DFM through a 20-dB pad in the can-
cellation signal loop. The cancellation 
signal is applied to a phase-shifting 
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Fig. 22-64A. Block diagram of external connections for a cancellation-type distor-
tion meter. 
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Fig. 22-64B. Method of measuring total harmonic distortion with a bridge that is 
frequency insensitive. 
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network in the DFM. The meter is ad--
justed in the. calibrate position for a 
100-percent deflection. The phasing 
controls are then adjusted for a mini-
mum reading on the DFM, by increas-
ing the sensitivity of the metering cir-
cuit. When a minimum reading has been 
obtained, the remaining indication is the 
total harmonic distortion (THD) in per-
cent of the fundamental frequency. 
(See Question 22.62.) 
The distortion factor measured by 

this meter may be evaluated: 

D.._ V E2'±Eie-FE4'±... 

where, 
F., and F. equal the voltages of 

the individual harmonic voltages, 
El is the voltage of the fundamental 
frequency, including the harmonic 
voltages. 

A second type of phase-shift distor-
tion-factor meter is given in Fig. 22-
64B. This circuit is termed a "frequency-
insensitive bridge." The same results are 
obtained as for the previous circuit, ex-
cept in a slightly different manner. In 
this instance, after the amplifier output 
level has been established, the circuit is 
balanced by throwing phase switch S1 
to one of two positions. S2 is placed in 
the calibrate position and potentiometer 
pi is adjusted for a reference full-scale 
reading on the meter. Switch S2 is then 
thrown to the distortion position and 
the phase-shifting network is adjusted 
for a minimum reading on the meter. 
Under a condition where E, equals EN 
the fundamental frequency of the input 
signal is nulled out, leaving only the 
harmonics and noise. Phase switch SI 
may have to be switched from zero to 
the 180-degree position to obtain the 
lowest reading. The ratio of the volt-
meter reading in the calibrate and dis-
tortion positions (null) is the total har-
monic distortion (THD) in percent of 
the fundamental frequency. 

22.65 Describe the basic principles 
of a harmonic wave analyser.—A wave 
analyzer is an instrument designed for 
measuring the amplitudes of the indi-
vidual components of a complex wave-
form such as might be encountered in 
making harmonic or intermodulation 
distortion measurements. Harmonic 
analysis of both acoustical and mechan-
ical motion can be analyzed by the use 
of a proper transducer. Wave analyzers 
can also serve as a tunable narrow-hand 

filter, so that any component of a com-
plex waveform can be extracted and 
used to drive a graphic recorder or fre-
quency counter. Such instruments oper-
ate on the superheterodyne principle, 
much like a superheterodyne radio re-
ceiver, only in this instance the fre-
quency band is generally confined to a 
range of 20 Hz to 60 kHz. 

The instrument consists of a local 
variable oscillator, a highly selective 
amplifier, and a wide-range metering 
circuit. The local oscillator modulates 
the incoming frequency to produce a 
constant difference frequency. This lat-
ter frequency is applied to a narrow-
band intermediate-frequency (i-f) am-
plifier whose output voltage is propor-
tional to the magnitude of the incoming 
voltage. The analyzer may also be con-
sidered to be a highly selective volt-
meter. 

The term "heterodyne" is defined as 
being a method of combining two fre-
quencies in such a manner as to pro-
duce a third frequency which is the 

Fig. 22-65A. Frequency characteristic of 
a typical quartz crystal intermediate-

frequency amplifier. 
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result of beating the first two fre-
quencies together. The beat frequency 
may be either the sum or difference of 
the two frequencies and is the basic 
principle used in wave analyzers. 

The local oscillator of the wave ana-
lyzer is caused to beat with the fre-
quency under observation, and the re-
sulting beat frequency is applied to the 
selective amplifier. The amplitude of the 
beat frequency is measured at the am-
plifier output with a calibrated vac-
uum-tube voltmeter. 
The selective or i-f amplifier may be 

one of two designs: quartz crystal or 
positive and negative feedback. In the 
older crystal designs the bandwidth of 
the i-f amplifier was generally about 
4 Hz, while those using the feedback 
principle could be adjusted by the op-
erator from a few hertz up to about 200 
Hz. Typical selectivity response curves 
for a quartz crystal and negative feed-
back-type analyzers are given in Figs. 
22-65A and B respectively. Modern 
wave analyzers are of transistor design, 
using i-f bandwidth amplifiers, variable 
in fixed steps ranging from 3 to 50 Hz. 

The advantage of the variable selec-
tivity analyzer over the fixed selectivity 
type is that if a harmonic analysis is 
being made of a device which has me-
chanical motion such as a disc, tape, or 
film recorder, a certain amount of flut-
ter is encountered. If the selectivity of 
the intermediate amplifier is too great, 
the signal passes in and out of the 
selective amplifier passband, making the 
measurement of low amplitudes diffi-
cult. A selective amplifier with variable 
bandwidth may be adjusted for a band-
width suitable for a given measurement. 
If the signal source is steady, such as 
would be obtained from an oscillator, 
either type of analyzer is satisfactory. 

Fig. 22-6SC. Marconi Instruments Ltd. 
(England) Model TF2330 Wave Ana-

lyzer. 

The local oscillator must be of stable 
design, and it may be either an RC or 
LC type. In both designs the shaft of 
the tuning capacitor is connected to a 
dial on the front panel. The dial is cal-
ibrated in terms of frequency, from 20 
to 60,000 Hz, although the actual fre-
quency range of the local oscillator is 
100 to 160 kHz. The frequency of the 
local oscillator depends on the fre-
quency of the signal under observation. 
The local-oscillator frequency is either 
the sum or difference of the i-f ampli-
fier frequency and the input signal fre-
quency. As an example, assume the an-
alyzer uses a tuned amplifier of 50,000 
Hz and the signal under measurement is 
400 Hz. The local oscillator must be 
tuned to a frequency of 49,600 Hz (49.6 
kHz). This frequency will produce a 
beat frequency between the incoming 
signal and the local oscillator of 50,000 
Hz (400 plus 49,600). Another example is 
if the incoming frequency is 16,000 Hz, 
the local oscillator must be set to a fre-
quency of 34,000 Hz. The beat frequency 
will also be 50,000 (16,000 plus 34,000). 
The scale of the indicating meter is 

calibrated in volts; however, it may be 
read directly in percentage, if desired. 
The dial of the local oscillator is cali-
brated in audio frequencies so that the 
amplifier output is proportional to the 
amplitude of the frequency to which 
the local oscillator is set. An inter-
nal means of calibration is provided 
whereby a signal of known amplitude is 
applied for adjusting the gain of the 
intermediate amplifier for a standard 
output. Once this adjustment is made, 
the meter is reading directly in volts. 
Wave analyzers employing negative 
feedback in the intermediate amplifier 
are quite similar in their operation to 
the quartz-crystal type; therefore, it is 
unnecessary to go into the details of 
their design. 
Wave analyzers are used to measure 

the distortion of a complex waveform 
by measuring the amplitude of the in-
dividual harmonic voltages. The total 
harmonic distortion may be computed: 

% Dist. = V%f2s %f: %Li 
where, 

f., f, and f. equal the amplitude of 
the individual harmonic voltages in 

percent of the fundamental frequency. 

A model TF2330 wave analyzer man-
ufactured by Marconi Instruments, Ltd., 
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Fig. 22-65D. Simplified block diagram for Marconi Instruments Ltd. Model TF2330 
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of England, is shown in Fig. 22-65C. 

This instrument operates on the super-
heterodyne principle and covers a fre-
quency range of 20 Hz to 50 kHz, using 
an intermediate frequency of 100 kHz. 
Referring to the block diagram in Fig. 
22-65D, the incoming signal is fed via 
an input attenuator to an input ampli-
fier. The signal then passes through a 
low-pass filter to a ring-bridge modu-
lator. The low-pass filter ahead of the 

3 

1303 

modulator prevents any 100-kHz com-
ponent in the input signal from reach-
ing the intermediate amplifier stages. 

Also fed to the ring-bridge modula-
tor is the output of a variable-fre-
quency local oscillator, ranging from 
100 to 150 kHz. The resulting difference 
signal from the ring-bridge modulator 
is fed to the first part of a crystal filter, 
having a 7-Hz passband. This 100-kHz 
difference signal is then amplified and 
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Fig. 22-65E. Simplified block diagram for General Radio Co. Model 1900-A wave 
analyzer. 

passed to the i-f attenuator, a ladder 
network having six steps of 10 dB each. 
From the attenuator the signal goes 

to the second part of the crystal filter 
and another amplifier stage. The latter 

is followed by the i-f amplifier which 
has adjustable gain set by the calibra-
tion control. The i-f output signal is fed 
to the meter amplifier and a rectifier 
circuit. A linear meter scale is obtained 
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Fig. 22-65F. General Radio Co., Model 
1900-A wave analyser. 

by having the rectifier circuit in a neg-
ative feedback loop of the amplifier. A 
separate output from the meter ampli-
fier is used for automatic frequency 
control (rife) purposes, and when mixed 
with the local oscillator output provides 
the restored frequency output. 

Permeability tuning is used in the 
local-oscillator circuit with padder and 
trimmer inductances in the tuned cir-
cuit to enable the frequency to be ad-
justed for a precalibrated frequency 
scale. A crystal discriminator provides 
the ale signal which is applied to a 
voltage-variable capacitor included in 
the tuned circuit. A restored frequency 
output is derived by combining the i-f 
signal with the local-oscillator output 
in another ring-bridge modulator. The 
difference frequency, being that of the 
original input signal, is filtered and 
amplified before being fed to the out-
put terminals via the Output Level 
control. 
A beat-frequency oscillator (BFO) 

output is similarly derived by combin-
ing the output from a separate 100-kHz 
crystal oscillator with the local oscilla-
tor output. A signal taken from the out-
put amplifier via a detector comparator 
provides an error signal which is added 
to the feedback of the 100-kHz oscilla-
tor to control its amplitude. This results 
in a signal of stable output level, which 
is utilized by also making it the cali-
bration reference used when the gain of 
the voltmeter section is set up. A relay 
switches the reference signal to the in-
put amplifier. The same 100-kHz crystal 
is used for both the discriminator and 
the oscillator, since the two circuits are 
not used simultaneously. 

Power for the instrument is derived 
from a series stabilized power supply, 

with an output voltage of 15 volts. The 
instrument may be operated from the 
ac line or external batteries. The de-
vice is completely transistorized, with 
the components mounted on printed-
circuit boards. The local oscillator is 
tuned by an iron-dust tuning core ac-
tuated by a precision lead screw of 10 
turns per inch. The required tuning 
range of 100 to 150 kHz is achieved by 
a movement of 0.85 inch, or 8.5 turns of 
the dial. The appropriate portion of the 
scale is indicated by a colored marker 
behind the dial. 
A simple mechanical computer is 

used to combine the functions of the 
two attenuators. A dial mounted in the 
voltmeter range-switch spindle, but 
driven by the maximum input switch, 
is printed with full-scale values. The 
dial is viewed through a window on 
the front panel arranged so that only 
seven ranges are visible at one time, 
this being the coverage of the meter 
range switch. 

Fig. 22-65E is a simplified block dia-
gram for a General Radio Co. Model 
1900-A wave analyzer. The incoming 
signal to be analyzed is applied to a cal-
ibrated attenuator, then passed through 
a phase splitter and into a balanced 
modulator circuit, where it is then het-
erodyned by a local oscillator. The fre-
quency of this local oscillator is ad-
justed so that the difference frequency 
between it and the desired component 
(harmonic) is 100 kHz, the frequency 
of the intermediate amplifier. The i-f 
amplifier is highly selective, but it can 
be adjusted for a bandwidth of 3, 10, or 
50 Hz by means of a front-panel con-
trol. The 100-kHz signal from the filter 
is amplified and adjusted by means of 
a second attenuator. The signal is then 
indicated on a meter. In one mode of 
operation the signal is heterodyned 
back to the original frequency and is 
indicated on the front panel as Filtered 
Input Component (Fig. 22-65F). In the 
second mode the local oscillator is 
caused to beat with a 100-kHz quartz 
crystal oscillator and the combination 
functions as a beat-frequency oscilla-
tor. This output is also available at the 
front panel and is indicated as Tracking 
Analyzer. 
The frequency of the local oscillator 

is made adjustable over a frequency 
range of 100 to 150 kHz by means of 
two large coaxial frequency knobs. The 
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difference between the actual oscillator 
frequency and the 100-kHz intermedi-
ate frequency is indicated on a counter-
dial combination. A capacitor in the os-
cillator circuit, with its dial on the panel 
indicating äf (delta f), can be used to 
change the indicated frequency plus or 
minus 100 Hz of any indicated setting 
of the frequency controls. A front-
panel adjustment provides a three-
speed response for the meter movement, 
slow, medium and fast. The slower 
speeds are recommended for noise mea-
surements. The analyzer pictured may 
be mechanically coupled to a graph 
level recorder. 

22.66 What is a cross-modulation 
oscillatorP—A special type of modulated 
oscillator used when recording variable-
area sound tracks on photographic film 
for motion pictures. The cross-modula-
tion oscillator permits the determination 
of the correct negative and print densi-
ties. Such oscillators are discussed in 
Questions 18.230, 18.235, and 23.185. 

22.67 What is a cross-modulation 
readout panel?—A filter panel used for 
measuring the distortion components of 
a cross-modulation test for the deter-
mination of negative and print densities 
when recording on motion picture film 
using a variable-area recording system. 
This equipment is discussed in detail in 
Question 18.234. (See Question 22.66.) 

22.68 What is a secondary phase-
standard?—It is a device for shifting the 
phase of an electrical circuit a given 
number of electrical degrees, or deter-
mining the unknown phase shift of a 
device. Generally, such devices are re-

Fig. 22-68A. Phase generator Model 
PG-3, manufactured by Theta Instru-

ment Corp. 

ferred to as phase generators. A Model 
PG-3 phase generator, manufactured 
by Theta Instrument Corp., is pictured 
in Fig. 22-68A. The internal circuitry of 
such a device is given in Fig. 22-68B. 
It consists of four coils attached to a 
dial calibrated 0 to 360 degrees, with a 
vernier scale for reading fractional 
parts of a degree. 
To determine the phase shift of a de-

vice, the phase generator is connected 
as shown in Fig. 22-68C. Initial calibra-
tion is made by first bypassing the de-
vice with the unknown phase shift 
(shown by dotted line), and applying 
the test signal to the X and Y axis of 
the oscilloscope to determine the inter-
nal phase shift of the oscilloscope am-
plifiers. The phase-generator dial is 
rotated until a vertical straight line 
appears on the scope. The dial of the 
phase generator is then set to read zero 
and locked. The device with the un-
known phase shift is then returned to 
the circuit, and the phase-generator 
dial is again rotated for a straight ver-
tical line. The reading of the phase-
generator dial is the phase shift in elec-
trical degrees of the device under test. 
If a considerable amount of distortion 
is present in the signal, the line will be 
looped and may be difficult to deter-
mine accurately. 
A more accurate measurement may 

be made using the circuit of Fig. 22-
68D. Here, the device of unknown phase 
and the phase generator are connected 
to a transformer Ti, a bandpass filter, 
and a sensitive voltmeter. The filter has 
a passband suitable for the frequency of 
the test signal. The dial of the phase 
generator is rotated until the voltmeter 
indicates a null. At this point the de-
vice of unknown phase and the phase 
generator are in phase. 

Fig. 22-688. Internal  tions of a 
typical phase generator. 
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Fig. 22-68C. Phase generator connected for determining the phase shift of an un-
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Fig. 22-68D. Phase generator  ted to indicate the phase-shift of an unknown 
device using a transformer, bandpass filter, and sensitive voltmeter. 

22.69 Describe the function and 
basic components of a cathode-ray oscil-
foscope.—A cathode-ray oscilloscope is 
an electronic instrument for displaying 
a visual curve of an electrical quantity 
as a function of a second electrical 
quantity or time. An oscilloscope is not 
a device within itself for accomplishing 
a purpose or for performing a designed 
operation on an electrical signal, but 
rather an instrument which will dis-
play the electrical characteristics of the 
circuit to which the oscilloscope is 
connected. 
Many different types and designs of 

oscilloscopes are available. Oscilloscopes 
may be obtained with the horizontal 
and vertical amplifiers as an integral 
part of the instrument, or in plug-in 
forms which supply the circuitry for 
single-, dual-, or multiple-trace dis-
plays or other functions. The circuitry 
may be solid state or vacuum tube. In 
many models the instruments are of 
the hybrid type, utilizing the best fea-
tures of vacuum tubes and solid-state 

components. Cathode-ray-tube display 
screens are generally 3 or 5 inches in 
diameter; however, in some instances 
they may be 8 inches or larger. The 
phosphor coating of the screen can be 
of long, medium, or short persistence, 
depending on the display required. Pro-
vision is generally made for mounting 
a camera over the graticule for photo-
graphing the display. The graticule may 
be mounted external to the tube face, 
or etched on the interior side of the 
display area. (See Questions 22.88 and 
22.113.) 
A basic block diagram of the compo-

nents and controls for a typical oscillo-
scope is given in Fig. 22-69A. The com-
ponents consist of a vertical-amplifier 
input attenuator A, vertical amplifier B, 
cathode-ray tube C, sync-amplifier at-
tenuator D, sync circuit E, sweep gen-
erator F, horizontal-amplifier input at-
tenuator G, and horizontal amplifier H. 
Two switches, SI (a sync-drive selec-
tor switch) and S2 (a horizontal-ampli-
fier input switch), along with the power 
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Fig. 22-69A. Simplified block diagram for a cathode-ray oscilloscope. The amplifiers 
and associated components may be either solid-state or vacuum tubes. 

A 
I I A 

C"`714 4.-
1 

SINE WAVE AT VERTICAL PLATES 

2 6 

3 

4 e 

I 
I 

Ag 

A2 

A 2 
3 

4 

6 

9 
8 RIGHT 

LEFT 

Fig. 22-69B. Basic principle of drawing out waveforms on a cathode-ray tube using 
a sawtooth oscillator. 
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supply J complete the major compo-
nents. 
When a waveform is to be observed, 

the signal voltage is applied to the in-
put of the vertical amplifier, shown at 
the upper left in the block diagram. 
The vertical amplifier applies the signal 
to the vertical deflecting plates of the 
cathode-ray tube which causes the 
beam to be deflected in a vertical plane. 
In the meantime a sweep (or sawtooth) 
oscillator, working through the hori-
zontal amplifier, deflects the beam in 
the cathode-ray tube from left to right 
in a horizontal plane. 

If the linearity of the sweep oscilla-
tor is uniform and its frequency is 
equal to, or a multiple of, the wave-
form under observation, a stationary 
pattern or image will appear on the 
cathode-ray tube screen. The resulting 
image is the vertical voltage plotted 
against time in a horizontal plane. The 
ratio of the frequency of the vertical 
voltage to the frequency of the sweep 
voltage will determine the number of 
cycles that will be displayed on the 
screen. 

To have a wide range of use, the 
amplifiers in a cathode-ray oscilloscope 
must have broad frequency response, 
low distortion, and negligible phase 
shift. A properly designed cathode-
ray oscilloscope will display sawtooth, 
square-wave, sine-wave, triggered 
pulses, and complex waveforms without 
distortion. 

Complex waveforms contain many 
harmonics which must be amplified 
proportionally to appear on the cath-
ode-ray tube in the same phase rela-
tionship as when applied to the input of 
the vertical amplifier. 

Theoretically, a square wave is com-
posed of a fundamental frequency and 
an infinite number of odd harmonic 
frequencies all in phase. If a square 
wave is passed through an amplifier 
with a poor frequency characteristic, 
the waveform will be distorted and the 
flat portions will no longer be flat but 
irregular and slanted. Therefore it is 
highly important that the amplifiers in 
an oscilloscope have a wide-frequency 
bandwidth (to 1 MHz) and be capable 
of passing all frequencies that go to 
make up a square wave. The horizontal 
amplifier must also have a good fre-
quency response because it must pass 
the sawtooth waveform of the sweep 
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oscillator which also contains a large 
number of harmonics. 

The waveform of the sweep gener-
ator is a ramp or sawtooth voltage and, 
when applied to the horizontal deflec-
tion plates of the cathode-ray tube, 
causes the beam to move from left to 
right at a constant rate of speed, and 
then rapidly return to the left to start 
over again. 

While the sweep oscillator is moving 
the beam in a horizontal plane, the sig-
nal voltage applied to the vertical plates 
of the cathode-ray tube moves in a 
vertical plane. These two forces, one 
horizontal and the other vertical, trace 
out the shape of the waveform under 
observation on the fluorescent screen 
in multiples of the applied frequency, 
or as a single trace depending on the 
frequency of the horizontal oscillator. 
A sawtooth voltage as applied to the 
horizontal plates of an oscilloscope is 
shown in the upper portion of Fig. 22-
69B. It will be noted the voltage rises 
from point A to point B at an even 
rate of speed, pulling the beam in the 
cathode-ray tube across the screen from 
left to right. This rise is called the 
linear time rise. At the end of the cycle 
the voltage returns to the base line at 
point AI, which is the same as point A. 
In the short time interval indicated at 
C, the beam returns to the left to start 
over again. The change from right to 
left is extremely fast and blanked out 
by a blanking pulse which cuts off the 
beam, to ensure that no return trace 
will be seen. The drawing in the lower 
portion of Fig. 22-69B shows how the 
sawtooth voltage and the vertical sig-
nal trace out the waveform pattern un-
der observation on the screen of the 
cathode-ray tube. 

The simplest method of obtaining a 
gradual rise time followed by a rapid 
discharge time is by charging and dis-
charging a capacitor in a relaxation os-
cillator or multivibrator. To obtain a 
stationary image on the screen, the pe-
riod of the sweep oscillator must be 
exactly equal to, or a multiple of, the 
period of the waveform being displayed. 
For perfect synchronization of the 
sweep oscillator, a small portion of the 
input signal voltage is applied to the 
sweep oscillator circuit. This control 
voltage, called the sync voltage, triggers 
the sweep oscillator at exactly the cor-
rect interval of time. Synchronizing 
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pulses may also be obtained from an 
external source. (See Question 22.59.) 
To display the waveform patterns 

properly, two positioning controls are 
provided which apply a de voltage to 
the horizontal and vertical deflection 
plates. Adjustment of these controls 
permits the image to be moved either 
in a vertical or horizontal direction, to 
center the image on the screen. The 
movement of the image in no way af-
fects the display. 

To accelerate the electron beam in 
the cathode-ray tube to a high velocity, 
a potential of several thousand volts is 
required between the cathode and the 
accelerating anode. As the elements re-
quire only a few milliamperes of cur-
rent for their operation, the power sup-
ply may be made quite simple. The 
amplifiers and associated equipment re-
quire a source of well filtered dc. This 
is obtained from a full-wave regulated 
power supply with a heavily shielded 
power transformer. The cathode-ray 
tube employs a voltage of several thou-
sand volts, supplied from a half-wave 
rectifier. A magnetic shield is placed 
around the cathode-ray tube to protect 
it from stray magnetic fields. Cathode-
ray tubes are discussed in Question 
11.91. 

22.70 Describe an oscilloscope using 
a plug-in preamplifier.—A basic oscillo-
scope made by Marconi Instruments, 
Ltd., and shown in Fig. 22-70A, is de-

Fig. 22-70A. Marconi Instruments Ltd. 
(England) Model TF-2200 cathode-ray 
oscilloscope designed for plug-in pream-
plifier operation. The preamplifier is 
plugged-in at the lower left. (Courtesy, 
Canadian Marconi Instruments Ltd.) 

signed for plug-in preamplifier opera-
tion. Basically the instrument (without 
the plug-in preamplifier) consists of a 
cathode-ray tube, power supplies, hor-
izontal amplifier, time base, and trigger 
circuits. At the lower left of the main 
frame is an opening for inserting a 
vertical preamplifier unit. The plug-in 
unit pictured is a dual-trace preampli-
fier. By loosening a knurled nut at the 
lower edge, the unit may be inter-
changed with a single-trace preampli-
fier or one with other characteristics. 
An interesting feature of this instru-

ment is that in addition to the use of 
the graticule for time and voltage mea-
surements, an alternate system of mea-
surements is provided which is inde-
pendent of the amplifier gain settings 
and gives greater accuracy for both 
axis. This sytem uses the shift method, 
in which the trace is first positioned 
with respect to a convenient reference 
point on the graticule, and then reposi-
tioned by a second shift control to bring 
another point on the trace against the 
reference. The second shift control is a 
potentiometer which is supplied with 
a stabilized dc voltage, and introduces 
known voltages into the deflection am-
plifiers. Its scale is graduated in terms 
of the vertical (Y axis) input voltage 
or in terms of the time base according 
to the axis. 
The right-hand portion of the in-

strument is occupied by two time-base 
generators and the function and trigger 
circuits. Direct access to the CRT de-
flection plates for certain measurements 
is made possible by removing a portion 
of the outer case. 
A block diagram of the basic unit 

with the connections for a plug-in am-
plifier unit (upper left of diagram) is 
given in Fig. 22-70B.. The bandwidth 
and sensitivity are dictated by the par-
ticular preamplifier in use. For a single-
trace unit it is de to 40 megahertz, and 
for a dual-trace unit it is de to 35 mega-
hertz at a sensitivity of 50 millivolts 
per centimeter. 

Controls are provided on the dual-
trace plug-in unit for operating either 
of the two inputs separately or simul-
taneously, or they may be selected to 
provide the following displays: 

Dual trace, alternate sweep input A 
and B 

Single trace, channel A only 
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Fig. 22-70B. Block diagram for Marconi Instruments Ltd., (England) Model TF-2200 
cathode-ray oscilloscope, designed for plug-in preamplifier operation. 

Single trace, algebraic sum of A and 

Single trace, channel B only 
Dual trace, chopped between A and 

Each input may be reversed separ-
ately and coupled for ac or de opera-
tion. Isolation between inputs is 60 dB. 
Interior views of this instrument are 
given in Figs. 22-70C and D. 

A Model 82 dual-trace plug-in pre-
amplifier with test probes, manufac-
tured by Tektronix, Inc., is pictured in 
Fig. 22-70E. A Model 564 oscilloscope 
using plug-in preamplifiers and time-
base appears in Fig. 22-70F. This in-

strument is of the storage type in 
which waveforms may be superimposed 
on the screen and held up to 1 hour, 
permitting comparison of several wave-
forms without resorting to photography. 
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Fig. 22-70C. Left side interior view of Marconi Instruments Ltd. (England) Model 
TF-2200 oscilloscope. (Courtesy, Canadian Marconi Instrument Ltd.) 

Fig. 22-70D. Right side interior view of Marconi Instruments Ltd. (England) Model 
TF-2200 oscilloscope. (Courtesy, Canadian Marconi Instrument Ltd.) 

The display may be erased in 0.25 sec-
ond. The instrument shown is using a 
differential amplifier and time base of 
given characteristics for observing 
waveforms generated by an impact 
machine. 

22.71 Describe the circuitry for a 5-
inch cathode-ray oscilloscope.—A front-
panel view of a Model KG-2000 Allied 
Radio Corp. 5-inch cathode-ray lab-

oratory oscilloscope is given in Fig. 22-
71A. 
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Fig. 22-70E. Tektronix Inc. Model 82 dual-trace plug-in preamplifier and test 
probes. With this unit both the input and output waveforms of a device under test 

may be displayed simultaneously. 

TYPE 82 DUAI.TRACE PLUG IN UNIT 

Fig. 22-70F. Tektronix Inc. Model 564 storage oscilloscope, using plug-in differen-

tial amplifier and time base. 
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Below the graticule are two position-
ing controls used for centering the 
cathode-ray tube (CRT) beam spot on 
the vertical and horizontal graticule 
reference lines. Below the vertical posi-
tioning control is a compensated verti-
cal amplifier input attenuator, cali-
brated in volts per centimeter. This 
control is of coaxial construction (as 
are the others) with a variable gain 
control in the center. At the right, 
under the horizontal positioning con-
trol, is a time-per-centimeter sweep 
control, calibrated in milliseconds and 
microseconds per centimeter. The small 
knob of this assembly is a multiplier 
for the large knob. Below this control 
is a variable control operating in con-
junction with the sweep control. 

At the right of the panel are five 
coaxial-type controls. Starting at the 
top, the first control adjusts the beam 
of the CRT for astigmatism and turns 
on and off the power to the instrument. 
The second knob assembly adjusts the 
intensity and focus of the CRT beam. 
Below this is a trigger slope and preset 
control. The fourth assembly is a trigger 
input selector switch and trigger sensi-
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tivity control. The fifth and bottom 
knob assembly selects the horizontal 
input and provides gain control for an 
external signal. 

Along the bottom edge of the panel 
is a male-type BNC coaxial fitting for 
applying the input signal to the verti-
cal amplifier. To the right of the coax 
fitting is a switch for selecting either a 
dc or ac input circuit for the vertical 
amplifier. A terminal post supplies an 
external source of 0.10 volt pk-pk, 60 
Hz for test purposes. The next three 
terminals are for the connection of an 
external capacitor in the sweep circuit 
for very slow sweep times, and an ex-
ternal signal input for the horizontal 
amplifier. The second coaxial fitting is 
for an external trigger input circuit. 

Before starting a detailed description 
of the instrument, the general char-
acteristics should be discussed. The 
wide frequency response to 5 MHz per-
mits the display of pulses of fast rise 
time. Trigger and amplifier circuits are 
de coupled throughout for application 
of very low frequencies or where dc 
levels must be displayed. Vertical dis-
placement indicators above the CRT 
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Fig. 22-71A. Allied Rodio Corp. Model KG-2000 oscilloscope. 
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Fig. 22-71B. Block diagram for Allied Radio Corp. Model KG-2000 oscilloscope. 
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Fig. 22-71C. Schematic diagram for vertical amplifier section. 
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provide a quick check if the beam has 
been deflected off the scale. The hori-
zontal displacement design is such that 
the image is never off scale to the left 
or right side of the graticule. 

Preset lock-in of the vertical signal 
eliminates the need for synchronizing 
the sweep with input signals of varying 
amplitudes or frequencies. The preset 
feature may be disabled when required. 
A separate control permits locking-in 
of any portion of a signal, with a choice 
of either a positive or negative slope. 
The circuitry is that of a trigger-driven 
sweep. Only signal levels large enough 
to deflect the CRT beam 1h centimeter 
will permit triggering. The sweep speed 
is adjustable from 1 microsecond per 
centimeter to 50 milliseconds per cen-
timeter, and can be increased beyond 
100 milliseconds by the connection of an 
external capacitor greater than 0.10 µF. 
An expanding or magnifying circuit 
spreads the image five times to permit 
viewing minute portions of the display. 
Studs are provided at the graticule 
for mounting a standard oscilloscope 
camera. 
To facilitate the description of this 

instrument, the front-panel view, 
schematic and block diagram are keyed 
with the same symbols. As the block 
diagram (Fig. 22-71B) is traced, the 
schematic diagrams should be referred 
to for clarification. 

Referring to Fig. 22-71B, at the upper 
left the vertical amplifier system is 
direct coupled throughout for all verti-
cal deflection sensitivities down to 0.05 
volt/cm. The addition of an RC-coupled 
preamplifier stage further increases the 
sensitivity down to 0.005 volt per centi-
meter. The attenuator divides this sen-
sitivity down in eight steps to 20 volts 
per centimeter. Preamplifier V2 adds a 
gain of 10 and three additional high-
gain positions to the attenuator. Input 
attenuator S2 consists of four indepen-
dent precision voltage dividers con-
nected in various combinations to pro-
vide 12 steps of attenuation. A constant 
input impedance of 1 megohm shunted 
by 40 pF is maintained in all switch 
positions. This permits the use of a low-
capacitance probe without sacrificing 
accuracy of calibration. 

Tube V1, a 6DK6 pentode, functions 
as an input cathode follower. The low-
impedance output of this stage is cou-
pled directly to the grid of V3 in the 20 
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to 0.05 volt/cm positions of 52. In the 
three most sensitive positions of S2, V2 
acts as a grounded-grid cathode-drive 
amplifier. The output is RC coupled 
from the plate of V2 to the grid of V3. 
The use of a grounded-grid preamplifier 
stage prevents an undesirable phase-
inversion, when switching from 0.05- to 
0.02-volt/cm sensitivity. To prevent 
accidental overload by a de level, in the 
high-sensitivity position an input cou-
pling capacitor is automatically switched 
into the circuit to override the wide 
input switch SI. 

Tubes V3 and V4 function as voltage 
amplifiers and phase inverters for driv-
ing the push-pull stages which follow. 
These tubes are cathode coupled, with 
V4 being operated as a grounded-grid 
stage. The cathode circuit employs a 
novel gain control. This continuously 
variable control is the volts/cm variable 
control (R168) on the front panel. The 
gain of V3 and V4 depends on the signal 
amplitude developed across their cath-
ode resistors. With control R168 set to 
its minimum resistance, the calibrate 
position, the cathodes are connected 
directly together. This is the condition 
of maximum gain since all of the com-
mon cathode resistor signal is being 
applied to V4. R19 and R21 are in 
parallel and are simply adding to the 
value of R20. However, as the effective 
resistance of R168 is increased, R19 and 
R21 start to function as independent 
cathode resistors. This induces negative 
feedback into their respective stages. 
With resistor R22, the balance adjust-
ment control properly set, the variable 
control will not shift the trace. The 
oppositely phased signals appearing at 
the plates of V3 and 104 are direct 
coupled to V6A and V5A respectively. 
Shunt peaking is used to preserve the 
wide bandpass characteristic. Position-
ing is provided by dual control R30. 
Tubes V6A and V5A functioning as 
cathode followers are directly coupled 
to the grids of the deflection amplifiers. 
Deflection amplifiers V5B and V6B 
employ low-resistance plate loads and 
shunt and series peaking, to extend the 
response well beyond 5 MHz. 
Neon tubes Il and 12, the vertical 

position indicators above the graticule, 
are connected across deflection-ampli-
fier plate-load resistors R39 and R45. 
V21, the sync amplifier, functions as a 
differential amplifier. Signals from V6A 
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and V5A, applied to the two control 
grids, yield an output at the plate of 
V21 only when they are out of phase. 
Common-mode signals such as hum or 
noise from the power supply are not 
amplified by V21. As a result, false 
triggering of the sweep current is 
eliminated. This stage is also direct 
coupled and adjustable for de balance 
• by R48. The output of this stage oper-
ates the trigger circuit in the internal 
ac and internal de trigger modes. Neon 
lamps El and E2 are used as voltage 
translators to couple changes in voltage 
from one de voltage level to another. 
The horizontal amplifier (Fig. 22-

71D) consists of two dual-purpose 
tubes, V13 and V14. Switch ST, the hor-
izontal-input amplifier switch, selects 
the desired input to the amplifier. In the 
X1 position, 20 percent of the sweep 
circuit sawtooth voltage is tapped off by 
a precision resistor voltage divider and 
applied to the amplifier input. With S7 
in the internal x5 position, all of the 
sawtooth amplitude is applied to the 
amplifier. Since this expands the entire 
sweep five times, the part seen on the 
screen appears to be magnified. Any 
portion of the sweep can be brought 
into the screen with the horizontal posi-
tioning control R89. 
When S7 is placed in the external 

signal position, a signal is applied to 
coaxial fitting 34 and fed to the ampli-
fier. In the line position a 60-Hz sinu-
soidal voltage from a heater winding is 
applied to the amplifier. In the external 
signal or line positions, the signal can 
be continuously attenuated by R101, 
the external line gain control. The hori-
zontal amplifier is direct coupled 
throughout. Tube V13A is an input 
cathode follower and provides a high 
input impedance. Tube V14A amplifies 
the output of V13A and apples it to 
deflection amplifiers V14B and V13B. 
The deflection amplifiers also serve as a 
cathode-coupled phase inverter to pro-
vide the necessary phase reversal at 
the plate of V13B, with respect to the 
plate of V14B, to operate the CRT de-
flection plates push-pull. 

The sweep circuits (Fig. 22-71D) 
provide accurately calibrated, linear, 
sweep voltages for the generation of a 
linear time base. Linear sawtooth gen-
eration is obtained by adding an incre-
mental voltage to the charging voltage 
applied to the sweep-timing capacitor. 

This has the effect of extending the 
linear portion of the voltage-vs-time 
curve of the RC network. The charging 
voltage is supplied by the cathode of 
V12B, whose voltage rises with the 
sweep to maintain a constant voltage 
across the charging resistor, thereby 
supplying constant current to the tim-
ing capacitor. 

For each sweep range the correct 
timing resistor and capacitor are 
selected by sections of S6. Provisions 
for the connection of an external capa-
citor greater than 0.1 µF make sweep 
speeds lower than 100 ms/cm possible. 
Resistors R89A and R89B (a two-gang 
variable control) provide sweep speeds 
other than those available at the step 
positions of the time/cm switch. 

The sweep is controlled by a gate 
voltage generated by V9, a bistable 
cathode-coupled multivibrator. Nega-
tive pulses from the trigger multivi-
brator, V8, are applied to the grid of 
V9A. A negative pulse cuts off V9A 
while turning on V9B to apply a gate 
of negative voltage to the grids of V11A 
(unblanking amplifier) and V11B 
(sweep gate tube). V11A and V11B 
cut off simultaneously so that the sweep 
begins at the same instant that a step 
of positive voltage from the plate of 
V11A unblanks the CRT. 
Two neon-tube voltage translators 

E3 and E4 couple the multivibrator 
gate to V11A. The gate adjust control 
R80 sets the gate signal with reference 
to ground, but has little effect on the 
height of the gate. Resistor R80 is 
adjusted for proper gate operation, 
complete cutoff alternated with full 
saturation of V11. When V11B is cut 
off, the timing capacitor begins to 
charge. The charging current flows 
through V12A back to the power 
supply. V12A is driven by V12B, which 
in turn is driven by the sawtooth vol-
tage developing at the plate of V11B. 
This completes the bootstrap feedback 
loop. Sweep voltage to drive the hori-
zontal amplifier is taken off the cathode 
of V12B. 

Potentiometer R96, the sweep cali-
brate control, varies the slope of the 
sweep sawtooth voltage by setting the 
charging voltage. Two neon tubes E5 
and E6 provide a constant de voltage, 
tapped by R96, to supply the desired 
charging voltage. Sweep start control 
R93 sets the de level at which the sweep 
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begins, fixing the • undeflected spot at 
the left of the screen. 

Part of the sweep sawtooth voltage 
is applied to V10B, the charging cathode 
follower. C25 and R163 form a fixed, 
parallel RC circuit in the cathode of this 
tube. The sawtooth voltage developed 
at V1OB is coupled to the grid of the 
hold-off cathode follower, V10A. The 
voltage at the cathode of this tube is 
coupled to the grid of V9A. When this 
positive voltage reaches sufficient am-
plitude, V9 flips back to its original 
stable state with V9A conducting. The 
voltage at the plate of V9B instantly 
rises to B+ potential, saturating V11A 
and V11B. This blanks the CRT and 
causes the beam to almost instantly 
retrace. The timing capacitor quickly 
discharges through V11B. If it were not 
for the action of the hold-off circuit, 
another sweep would be initiated by 
the negative trigger pulses at the grid 
of V9A before the timing capacitor was 
completely discharged. 

The hold-off circuit, V10A and V10B, 
prevents immediate decay of the posi-
tive voltage being applied to the grid of 
V9A at the end of the sweep. Instead, 
a parabolic decay shape is introduced 
at the end of the sawtooth by an RC 
network in the cathode of V10B. This 
gives sufficient time for complete dis-
charge to the timing capacitor before 
the V9A grid voltage falls to the level 
below which a negative trigger pulse 
will flip the gate multivibrator back to 
its other stable state. 

Potentiometers R159 and R74, the 
stability and stability range adjust-
ments, set the operating levels of V9 
for stable synchronization. If the sta-
bility control is advanced too far clock-
wise, V9 becomes astable and a free-
running unsynchronized sweep occurs. 
A synchronizing source for the sweep 

circuits is selected by switch 53, the 
trigger input switch. In the internal ac 
and internal de positions a portion of 
the signal under study is used as a 
trigger source. This sync output is taken 
from sync amplifier 1021 (Fig. 22-71C). 
In the external ac and external de posi-
tions, the triggering source is intro-
duced at external trigger coaxial jack 
J4. In the line position the line fre-
quency feeding the instrument is used 
to trigger the sweep circuits. 
The trigger signal is introduced 

directly at the grid of V7A in the two 

1 321 

de positions and through capacitor C17 
in the two ac and line positions of S3. 
V7 is a cathode-coupled amplifier and 
phase inverter which provides a choice 
of trigger slope. In the plus (+) posi-
tion of the trigger slope switch, the 
output is selected from the plate of 
V7A while the V7B plate is grounded 
through C19. Since only a negative-
going output signal can trigger the next 
stage, V8, the sweep will start on the 
positive-going portion of the incoming 
signal. There is a 180-degree shift in 
the V7A. In V7B, however, there is no 
phase inversion because this stage is 
cathode driven. Therefore, in the minus 
(—) position of the trigger slope con-
trol with the output taken from V7B, 
the sweep starts on the negative slope 
of the incoming signal. Trigger level 
control R58 sets the de operating levels 
of V7, thereby controlling the gain of 
this circuit. 

Since the output of V7 is direct 
coupled to the trigger multivibrator 
tube V8, trigger level control R58 
determines the exact point of the dis-
played waveform at which the sweep 
triggers. In the preset position, the 
trigger level has no effect, because 
switch 55 (on switch S4) closes, con-
necting the control grid of V7B directly 
to ground. Any signal above a minimum 
level will trigger the sweep when the 
trigger level control is in preset posi-
tion. 

The trigger multivibrator, 108, is a 
Schmitt trigger which employs a pen-
tode for the input section for fast 
switching. This circuit produces square 
waves at the frequency of the incoming 
signal. The square wave is differenti-
ated by C22 and R70, producing short-
duration negative pulses (positive 
pulses are suppressed by diode CR1) 
for the purpose of triggering the gate 
multivibrator. 

In the quiescent state, tube V8A is 
held in conduction by a positive con-
trol-grid bias, while V8B is cut off. 
When a negative signal is applied to 
the grid of V8A this section immedi-
ately cuts off and the output section 
conducts heavily, generating a negative 
step. V8A remains cut off until the grid 
of this tube is driven positive again by 
the incoming signal. The circuit im-
mediately switches back to its original 
state, awaiting the next negative-going 
trigger signal. 
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The power supply (Fig. 22-71E) pro-
vides four basic potentials—minus 150 
volts, plus 160 volts, plus 365 volts, 
minus 1900 volts. All of these potentials 
are regulated. The minus 150-volt 
supply is extra well regulated and is 
used as a reference voltage for the 
other three supplies. Heater power is 
supplied by two windings on power 
transformer Ti. One winding is center-
tapped and grounded, while the other 
winding is biased at plus 135 volts to 
prevent excessive heater-to-cathode 
potentials on the tubes. 
An accurate 0.1-volt peak-to-peak 

reference voltage is also supplied at the 
front panel. A half-bridge circuit em-
ploying a selected No. 1490 bulb and a 
precision resistor voltage divider pro-
vides good regulation of this reference 
voltage. 
The minus 150-volt supply consists of 

a full-wave silicon-diode rectifier circuit 
and a series regulator plus a pentode 
amplifier circuit. Series regulation takes 
place between the positive side of the 
supply and ground. Tube V16A, the 
power triode, is a series regulator 
driven by a "starved-current" pentode 
V15. Reference voltage for this error 
amplifier is created by two neon lamps 
E8 and E9. A portkin of this constant 
voltage is tapped off by R146, the minus 
150-volt adjust control. The amplifier is 
cathode driven through a constant-
voltage-dropping neon lamp E7. Thus 
any tendency for the minus 150-volt 
potential to change is coupled through 
E7, without attenuation, to the cathode 
of 1015. Since the grid of this tube is 
held constant, the change in cathode 
voltage constitutes an input voltage. 
This change is amplified and applied to 
the grid of V16A, which in turn in-
creases or decreases the conduction of 
the tube to return the potential to minus 
150 volts. 

The plus 160-volt supply consists of 
a full-wave silicon-diode rectifier cir-
cuit and a series regulator with a cas-
cade error-amplifier circuit. The cas-
cade amplifier V16B and V19A pro-
vides gain and stability. Reference vol-
tage from the minus 150-volt line is 
applied to the grid of V16B through 
R126 and R172. Error voltage is applied 
to the grid of V17A from R127 and R128, 
a precision voltage divider. The ampli-
fied error voltage appearing at the plate 
of MIA is coupled through R129, a 

parasitic-suppressor resistor, to the 
grid of the series regulator V17B. To 
increase the current capacity of the 
supply, R130 is in parallel with V17B 
from cathode to plate. 

The plus 365-volt supply consists of 
a full-wave bridge rectifier circuit and 
a series regulator with a cascade am-
plifier. Two of the silicon diodes in the 
bridge circuit, CR2 and CR4, are shared 
with the plus 160-volt supply. Opera-
tion of this regulator is the same as in 
the 160-volt circuit. Resistor B139 re-
duces the regulator-tube current re-
quirements by shunting current around 
V18B. 
As in most oscilloscopes, the high 

voltage required to operate the CRT is 
negative with respect to ground, be-
cause the vertical and horizontal deflec-
tion plates are 200 volts above ground. 
This is the result of the direct coupling 
employed. This negative potential is 
regulated against both load and line 
voltage changes. Unregulated de vol-
tage is developed by a half-wave recti-
fier V20 and an RC filter network. The 
bottom of ground end of the trans-
former winding that supplies the high-
voltage ac is connected to the plate of 
V19B. The cathode of V19B is connected 
to the minus 150-volt reference voltage. 
A voltage divider composed of R148, 

R149, unblanking adjustment control 
R150, and f151 feeds an error voltage 
to the grid of V19B. Thus, regulation 
takes place by moving the whole high-
voltage winding of Ti up or down, with 
respect to ground. 

Focus and CRT grid-to-cathode bias 
voltage is obtained from a second high-
voltage divider. This divider is made 
up of R153A (the intensity control), 
R153B (the focus control), and R158. 
With the proper setting of intensity 
control R153A, the CRT beam is just 
cut off during the absence of sweep. 
When sweep occurs, a positive voltage 
taken from the plate of unblanking am-
plifier (V11A) is applied to the grid of 
the CRT through V22. Tube 1022, a 
1750-volt corona regulator, couples the 
change in voltage at the plate of V11A 
(at about 160 volts) to the grid of the 
CRT (at about 1600 volts) without 
attenuation. Thus V22 functions like the 
neon lamps used elsewhere, to translate 
a voltage change at one voltage level 
to the same voltage change at another 
voltage level. 
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22.72 Give the circuit for a high. 
gain differential plug-in oscilloscope 
amplifier.—The primary purpose in 
using a differential amplifiier with an 
oscilloscope is to eliminate undesirable 
common-mode signals. The term "com-
mon-mode signal" is defined as that 
signal which is common to both inputs 
of the differential amplifier. Usually, 
but not necessarily, one signal is an 
unwanted hum voltage. This mode of 
operation can be used, for example, to 
observe the signal across one circuit 
element while effectively eliminating 
the remainder of the circuit from the 
observation. This is accomplished by 
connecting one signal to input A of the 
differential amplifier and the second 
signal to input B. Differential or com-
mon-mode rejection ratio is a function 
of frequency in practical amplifiers. De-
pending on the design of the amplifier, 
this ratio may be 5000:1 or even as great 
as 20,000:1 for de common-mode sig-
nals, and it will remain near these 
values throughout the audio-frequency 
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band, decreasing as the frequency in-
creases. 
As an example, consider two signals, 

one of 10,000 Hz and one of 60 Hz, are 
intermixed, as shown by the upper 
trace of Fig. 22-74A. It can be seen 
that such a signal becomes quite con-
fusing when displayed. A differential 
amplifier may be used to an advantage 
to reject the unwanted 60-Hz signal 
and permit a satisfactory display of the 
10,000-Hz signal, as evidenced by the 
lower trace of Fig. 22-72A. Using the 
amplifier to be described, this is ac-
complished by the use of an external 
filter trap to block the desired signal 
from one input while the mixed signal 
is fed to the other input (Fig. 22-72B). 
Since the unwanted 60 Hz is common 
to both inputs, it is greatly attenuated 
by the difference amplifier, while the 
10,000-Hz signal is relatively unaffected 
since it is fed to one channel only. If 
probes are being used, they must be 
matched quite closely; if their internal 
resistance is not the same, the common-

Fig. 22-72A. Top trace shows the appearance of a 10,000-Hz signal intermixed 
with 60-Hz hum. The lower trace shows the 10,000-Hz signal after passing through 

a differential amplifier. 

DESIRED SIGNAL 
PLUS UNWANTED SIGNAL 

MIXED SIGNAL 
PLUS UNWANTED 
SIGNAL FILTER 

TRAP 
UNWANTED 

 0 INPUT A 

SIGNAL 
 0 INPUT B 

TUNED TO 
FREQUENCY 
OF DESIRED 
SIGNAL 

Fig. 22-72B. Tuned-filter trap in the external circuitry of a differential amplifier to 
block the desired signal from being received by one input while the mixed signal is 

fed to the other input. 
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mode rejection ratio will suffer be-
cause of the greater attenuation of one 
signal over the other. 

The circuitry for a high-gain differ-
ential plug-in preamplifier is given in 
Fig. 22-72C. This amplifier is designed 
to be used with a basic oscilloscope 
designed for plug-in amplifier use. The 
gain of the circuit is adjustable over a 
range of 1 millivolt to 300 volts in 15 
fixed steps, operating in conjunction 
with a continuously variable gain con-
trol. Two modes of operation are avail-
able, either straight single-channel am-
plification or as a differential amplifier 
with a two-channel input and a single-
channel differential output. A six-posi-
tion selector switch provides ac or de 
input coupling, input A or input B 
separately, or both inputs, for differ-
ential output. The selector switch 
positions are: 

Dc coupling input A only 
Dc coupling input B only 
Dc coupling differential mode 
Ac coupling input A only 
Ac coupling input B only 
Ac coupling differential mode. 

Dc coupling is used between all 
stages of the amplifier, with a choice of 
ac or de coupling at the inputs. In the 
ac positions of the input selector switch 
Sl, Cl and C2 block the dc components 
of any signal at inputs A and B. In the 
dc position of Si, these capacitors are 
shorted out., allowing dc information 
and very low-frequency signals to pass 
to input tube Vl. When input A is 
selected (either ac or dc), input B is 
grounded, and vice versa. In the differ-
ential positions both inputs are open 
and signals at input A and input B are 
fed into the amplifier. 

Since channels A and B are identical 
in operation, only channel B will be 
described. As shown in the schematic 
diagram, when input selector switch S1 
is in the B-dc position, input A is 
grounded by switch SlA grounding the 
grid of V1A. A signal introduced at 
input B is brought directly through S1B 
to S2, the millivolt/multiplier switch. 
In the x 1 position, the signal goes 
through to R31 and to the grid of V2A, 
a 12AU7 connected as a cascode am-
plifier. In the x100 position, before the 
signal is applied to the grid of V2A, it 
is first attenuated by a voltage divider, 
RM, R47, R46. Capacitors C7 and C10 
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provide high-frequency compensation. 
Similarly, in the x1000 position, the 
signal is attenuated by R53, R50, R49, 
and R52, and compensated by C8, C9, 
and C28. 

Channel B input is applied to V2, a 
12AU7 with its two halves connected in 
cascode to provide high gain with low 
internal noise. Input signals at the grid 
of V2A appear at the plate of V2A, 
amplified and 180 degrees out of phase 
with the input. Since theV2A plate is 
tied to the cathode of V2B, the signal 
is further amplified in V2B. However, 
no phase change takes place in V2B 
which functions as a grounded-grid 
amplifier (grid at ac ground.) There-
fore, at the plate of V2B the signal is 
180 degrees out of phase with the input 
of V2A. 
Tube VI, another 12AU7, is operated 

in a manner similar to V2, but the grid 
of VIA is grounded because Si, the 
input selector, is in the B-dc position. 
A signal is introduced to the cathode 
of VIA from the cathode of V2A, in 
phase with the input to V2A. No phase 
inversion takes place in VIA or V1B, 
since both function as grounded-grid 
amplifiers. Consequently, the output at 
the plate of VlB is in phase with the 
input signal, whereas the output as the 
plate of V2B is out of phase with the 
input signal. The gain of V1 and V2 is 
balanced within a few percent because 
of the relatively high value of the 
common cathode resistor, R4. 

Tubes V1 and V2 are direct coupled 
to V3 (12DK6) and V4 (12DK6) push-
pull amplifiers. Since the output of the 
amplifier must be at a de level of plus 
100 volts to supply the correct bias for 
the input tubes of the main vertical 
amplifier, V3 and V4 outputs are 
dropped across frequency-compensated 
attenuators R21, R22, C21, R34, R35, 
and C22 and applied to the control grids 
of the output stage. Output stage V5 
(12AU7) is a dual triode connected as 
cathode followers to deliver the signal 
to the vertical amplifiers in the main 
frame. V6, another 12AU7, functions as 
a voltage control to supply the 50 volts 
required to bias the grids of VlB and 
V2B, and the 200 volts for the V3 and 
V4 plates. 
The mV/cm switch, S3B, provides a 

choice of six precision resistors which 
change the plate-to-plate feedback and 
consequently the gain of VlB and V2B. 
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S3B when used together with S2 pro-
vides 15 different calibrated sensitivi-
ties. 

Since the balance of the two channels 
is extremely important, especially for 
the differential function, controls are 
provided to balance each stage. Resistor 
R46 balances the attenuation in the 100 
position of mV/mult; in the 1000 posi-
tion R49 provides the balance. Resistor 
RS, the front-panel differential balance 
control, equalizes the gain of V1 and 
V2 by controlling the dc grid voltage 
of VlB and V2B. Tubes V1 and V2 are 
also balanced by adjusting balance con-
trols R58 (coarse) and R56 (fine.) These 
controls set the de voltage for their 
respective tubes. 

Front-panel calibrate control R15 
and gain adjust control R14 are in 
series between the cathodes of V3 and 
V4, and vary the gain of this stage be-
cause the two cathodes are out of phase 
and coupling between then is degenera-
tive. The gain adjust control sets the 
proper range for the calibration control. 
In the fully clockwise position of this 
calibration control, the calibrated sensi-
tivities are accurate. Rotating the cali-
bration control counterclockwise pro-
vides continuously variable sensitivities 
between the calibrated values. If the 
cathodes of the V3 and V4 are not in 
exact dc balance, the trace will shift 
vertically when the calibration con-
trol is turned. To prevent this effect 
R16, the attenuation balance control is 
used to vary the relative screen vol-
tages of V3 and V4, thus controlling 
the dc currents through these tubes to 
bring the cathode voltages into balance. 
Since there is no dc drop across R14 
or R15 the trace will not shift when the 
calibration control is used. 

Vertical position control R24 (front 
panel) and vertical range R27, a screw-
driver control, vary the dc output vol-
tage at V5A and V5B to produce a ver-
tical shift trace. Resistor R27 sets the 
range of R24 to permit vertical center-
ing when R24 is in the center of its 
rotation. 

In the differential mode position of 
the input selector switch, the signal 
from input A is applied to the control 
grid of VIA, while the signal from 
input B is applied to the control grid of 
V2A. Since the cathodes of these two 
tubes are tied together, the signals from 
inputs A and B appear at both cathodes. 

Therefore, MA and V2A act as differ-
ence amplifiers, amplifying the differ-
ence between the grid and cathode, 
which in this instance is the difference 
between A and B input signals. In 
practice, since there is a slight differ-
ence in amplitude between the signal 
applied to the control grid of one tube 
and the cathode of the other tube, a 
small amount of the common signal will 
get through to the second stage. 

Tubes V3 and V4 act as a push-pull 
amplifier for the desired difference sig-
nal. This provides further elimination 
of any common signal present because 
the common signal is applied to both 
grids in phase and therefore it cancels 
out in push-pull operation. The push-
pull amplifiers in the main frame pro-
vide further elimination of the com-
mon signal. 

Plug P1 at the extreme right of the 
diagram is attached to the rear of the 
plug-in amplifier chassis and mates 
with a female receptacle for supplying 
power and picking up the output cir-
cuits in the main frame. Although the 
amplifiers discussed may not apply to 
all oscilloscope main frames, the basic 
principles of operation are the same. 

22.73 Describe the circuitry for a 
dual-trace plug-in oscilloscope amplifier. 
—Dual-trace oscilloscope preamplifiers 
permit the simultaneous observation 
and display of two waveforms. The 
waveforms may be the input and output 
of a device under test or two separate 
displays of waveforms in a system. The 
waveforms may be viewed separately 
or superimposed for comparison. Mul-
tiple-trace preamplifiers are not limited 
entirely to the viewing of two wave-
forms, but may be obtained to display 
up to four (or more) separate wave-
forms simultaneously. 

The dual-trace unit to be discussed 
has a bandwidth of de to 10 MHz (down 
3 dB at 10 MHz. The input impedance 
is 1 megohm shunted by 40 pF and is 
constant; the rise time is 40 nano-
seconds. The voltage range is 0.05 volt 
to 20 volts per centimeter in nine steps 
and operated in conjunction with a con-
tinuously variable gain control. 

Referring to the schematic diagram 
of Fig. 22-73, a signal connected to input 
A is coupled to attenuator switch Si, 
the polarity switch. The position of 
this switch determines whether the 
signal is ac or dc coupled to the input 
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Fig. 22-73. Schematic diagram for a dual-trace plug-in oscilloscope amplifier. 
(Courtesy, Allied Radio Corp.) 
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attenuator network. In the ac position 
tne signal is passed through a 010-
capacitor to block any dc component 
in the input signal. Switch Si is also 
used to attenuate the input signal. 
From the attenuator switch the sig-

nal passes to the grid of the first ampli-
fier stage, V1, connected as a cathode 
follower to take advantage of the low 
input capacitances inherent with low-
gain amplifier stages. 

Tubes V2 and V3 form a cathode-
coupled paraphase amplifier. The signal 
from V1 is impressed across the grid of 
V2 and the cathode of V3. At V2 the 
signal is amplified in the conventional 
manner, accompanied by the usual 
phase shift. Tube V3, however, being a 
grounded-grid amplifier, does not intro-
duce a phase shift in the amplified sig-
nal. Consequently, the outputs of V2 
and V3 are 180 degrees out of phase, 
or in push-pull. From here the signal is 
fed to the grids of V4A and V4B. Tube 
V4 is a dual triode, with cathode fol-
lower outputs to polarity switch S2. 
From this point the signal travels to 
the main vertical amplifier in the oscil-
loscope main frame, through connector 
Pl. 

The dual-trace feature is accom-
plished by the combined action of V9 
and V10. With the mode switch in the 
alternate position, V10 acts as a bistable 
plate-coupled multivibrator. Due to the 
inherent imbalance in multisection 
tubes, one half of V10 will start to 
draw current (V10A for example), 
causing its plate voltage to drop. This 
lower plate voltage is reflected at the 
grid of V9A as an increase in negative 
bias, causing V9A to conduct less. Be-
cause of the reduced voltage at the 
cathode of V9A, the plate voltage of 
V2 and V3 is decreased to the point 
where these tubes will not pass the 
signal from channel A. 

The negative-going cathode of V9A 
also causes an increase of negative bias 
at the grid of V10B, causing this section 
to conduct less and thus increasing its 
plate voltage. As the plate of VlOB be-
comes more positive, it reduces the bias 
at the grid of V9B, causing this section 
to conduct more with a consequent in-
crease of cathode voltage. 
As the cathode voltage of V9B in-

creases, the plate voltage at V6 and V7 
will be increased proportionally, causing 
these tubes to pass the signal from 

channel B. The positive-going cathode 
of V9B reduces the negative bias at the 
grid of V10A, causing V10A to conduct 
more. This action tends to reinforce 
itself and remains in a stable condition 
until a positive pulse from the sweep 
gate of the scope reverses the action. 
The positive pulse from the sweep 

gate (main frame) arrives at the cath-
odes of V10A and VlOB through diode 
CR1. The additional positive charge 
on the cathode of V10A is reflected as 
an increase in negative bias on the grid 
of this section, causing it to become 
less conductive, with a consequent in-
crease in plate voltage. This increase in 
plate voltage reduces the negative bias 
on V9A, causing it to conduct, which 
raises the plate voltage of V2 and V3. 
These tubes then pass the signal from 
channel A. 
The positive-going cathode of V9A 

reduces the bias of V10B, causing this 
section to conduct. As the plate voltage 
at VlOB is reduced, the negative bias at 
V9B is increased, causing V9B to con-
duct less. Because of the reduced cath-
ode voltage at V9B, V6 and V7 will not 
pass the signal from channel B. The 
multivibrator will remain in this second 
state of stability until another pulse 
from the sweep gate upsets the condi-
tion, causing the switching cycle to 
repeat itself. The rate at which the 
multivibrator switches from one chan-
nel to the other is governed by the 
sweep rate of the scope. With the mode 
switch in the chopped position, V9 and 
V10 form a free-running multivibrator 
with a switching frequency of 100 kHz. 
The switching frequency is determined 
by the time constant of RC combina-
tions C31-R69 and C30-R70. 

Because grid-return resistors R73 
and R74 have been switched out of the 
circuit, the RC combinations become 
active. Capacitors C30 and C31 alter-
nately charge and discharge at their 
respective sections of V10, alternating 
the voltages at the different tube sec-
tions in "a mariner identical to that ex-
plained for the alternate position. With 
the mode switch S3 in the alternate 
position, the two waveforms are dis-
played simultaneously from both chan-
nels and at a high sweep rate. In the 
chopped position the waveforms are 
also presented simultaneously, except 
at a lower sweep rate. By setting the 
switch to the A or B positions, only the 
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waveform from the indicated position is 
presented. Position controls R2 and R53 
separate the waveforms or superimpose 
them for comparison. Their positions on 
the CRT screen may also be inter-
changed vertically by these controls. 
The polarity of either the ac or dc in-
puts may be reversed 180 degrees by 
switches S2 or S4. The necessary oper-
ating voltages and output circuits are 
transferred through plug Pl, which 
mates with the similar plug in the oscil-
loscope main frame. The input circuits 
may be directly connected to the device 
under test, or by use of the probes. A 
dual-trace plug-in amplifier and oscil-
loscope appears in Fig. 22-70E and 22-
70F. 

Although the preceding dual-trace 
amplifier may not be suitable for all 
oscilloscope main frames, the basic 
principles of operation are the same. 

22.74 What is the rise time of an 
oscilloscope?—It is the time it takes for 
a square-wave impulse to rise from 10 
percent to 90 percent of its final ampli-
tude, as displayed on an oscilloscope 

ROUNDED CORNERS 

Fig. 22-74A. Perfect square wave with 
the rounded corners of a practical square 

wove as shown. 
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screen. In theory, a square wave is com-
posed of an infinite number of har-
monics and is of infinite bandwidth. In 
practice, neither an infinite number of 
harmonics nor infinite bandwidth is 
achieved. As a result, there is always 
some rounding of the so-called square 
corners of the waveform. To display the 
true waveform of a square wave gen-
erator, the bandwidth of the oscilloscope 
used for the measurement must be con-
siderably greater than the bandwidth 
of the generator and the circuit under 
test; otherwise, only the bandwidth of 
the oscilloscope is indicated. A perfect 
square wave and one with rounded 
corners (dashed lines) are shown in 
Fig. 22-74A, with Fig22-74B showing 
how rise time is measured. 
To measure rise time, the sweep 

timing controls on the oscilloscope are 
set for 0.5-µs/cm division, with the 
image spread 5 centimeters vertically. 
After the image is stabilized, a line is 
drawn upward from the 10-percent 
point, and another drawn downward 
from the 90-percent point. The rise time 
in microseconds is then the difference 
between these two lines. The example 
shown indicates a rise time of 0.03 mic-
roseconds, or 30 nanoseconds. 

Both the bandwidth of an oscillo-
scope and its high-frequency cutoff 
point have a direct bearing on the rise 
time. It is standard practice to rate the 
bandwidth of an oscilloscope at a point 
where the frequency response is down 

---r 

O : 2 

r— RISE TIME • 0.20MICROSECONDS 
• 200 NANOSECONDS 

6 

4 

3 

2 

e 

25o 

C
E
N
T
I
M
E
T
E
R
S
 

Fig. 22-748. Typical rise-time measurement. 
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Fig. 22-74C. Square waveform with over-
shoot, ringing, and droop, and the ter-
minology used in measuring rise time. 

Recording galvanometers used in the 
original RCA variable-area sound-on-
film motion-picture recording systems 
(1928) used the principle of the Dude11 
string oscillograph with certain modi-
fications (Fig. 22-75B). Here, the mirror 
is mounted directly on a pair of wires 
in the form of a hairpin. The assembly 
was placed in a magnetic field and a 
light projected onto the surface of the 
mirror and reflected back through an 

MIRROR 

3 dB with respect to a reference fre-
quency, or about 30 percent. If a square-
wave generator is not available, the rise 
time may be approximated fairly easy, 

SUSPENSION 
as rise time is the reciprocal of fre- ANCHOR 

quency, or 1/f. Therefore, if an oscillo-
scope is rated 3 dB down at 5 MHz, the 
rise time is approximately 

1  
t = 0.00000002 second, 
_ 5,000,000 

or 0.20 os 

0.20 
— = 0.065 ps = 65 ns. 
3 

Many times a square wave, after passing 
through a piece of equipment, will indi-
cate ringing, overshooting, or rounding. 
The terminology associated with wave-
forms of this nature is given in Fig. 
22-74C. The waveform appearance of 
the square wave should be monitored 
each time the frequency is changed. 
(See Question 25.106.) 
22.75 What is an oscillograph?—It 

is an electromechanical transducer em-
ploying a small mirror (0.10-inch 
square) mounted in a loop of wire. This 
assembly is placed in a strong, perma-
nent magnetic field (Fig. 22-75A). The 
signal current flowing through the wires 
causes them to react in the magnetic 
field, resulting in a rotating motion 
proportional to the current through the 
wires. A pinpoint of light is projected 
on the surfaces of the mirror and re-
flected to a scale or photosensitive 
paper. 

GALVANOMETER 
MIRROR 

L GHT 
SOURCE 

COIL 

POLE PIECE 

Fig. 22-75A. Galvanometer movements 
used in an oscillograph. 

LIGHT 

<es 

FILM 

INPUT 

OIL BATH 

MIRROR .IX.1 INCH 

_ 

Fig. 22-75B. Basic principles of an early 
model recording galvanometer. 
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optical system to the surface of a mov-
ing filin. These devices had a frequency 
response out to about 5500 Hz, but with 
a strong peak at that frequency. To 
provide damping and reduce the peak 
somewhat, the whole assembly was im-
mersed in an oil bath. 

Modern galvanometers permit the 
user to select units with a limited fre-
quency range, or one of several thous-
and hertz. Similar galvanometers are 
available for use with direct current for 
balancing bridge circuits. Light is pro-
jected on the mirror surfaces and re-
flected to a scale several feet in length 
and mounted at a distance from the 
galvanometer, thus expanding the re-
flection of the movement for precise 
measurements. Galvanometers employ-
ing a small mirror are also called light-
reflecting galvanometers and are used 
for scientific research and in graphic 
recorders using light-sensitive paper. 

22.76 Describe an external oscillo-
scope calibrator and its use.—Many of 
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Fig. 22-76A. Schematic diagram 
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the older oscilloscopes did not employ 
an internal voltage calibrator as do 
most of the later designs. Voltage cali-
bration was accomplished by applying 
a known voltage from an external cali-
brating unit which developed a square 
wave, then passed to a voltage divider 
network calibrated in terms of peak-to-
peak voltage. A typical circuit for such 
an external calibrator unit is given in 
Fig. 22-76A. 

The circuitry consists of 6AL5 diodes, 
an internal calibrating resistor, and a 
precision output attenuator. The power 
supply furnishes both positive and 
negative bias voltage to the diodes at a 
voltage level of 75 volts. A sine-wave 
voltage of approximately 300 volts is 
taken from one side of the power 
transformer and applied to the clipper 
diodes. Both sides of the sine wave are 
clipped to form a square wave, which 
is applied to a series calibrating resistor 
R1, and also to a precision voltage 
divider. 
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VOLTAGE 
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CLIPPED PEAK 

Fig. 22-76B. Oscilloscope vo tage calibrator using two xener diodes. 
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When initially calibrated, series cali-
brating resistor R1 is adjusted for ex-
actly 100 volts peak-to-peak (70.7 rms) 
at the top of the voltage dividing net-
work. The divider network has five 
positions: 0.001, 0.01. 0.1, 1.0, and an off 
position. In this latter position, the sig-
nal under measurement bypasses the 
internal circuitry of the calibrator unit, 
permitting it to be applied directly to 
the input of the oscilloscope. 
To measure the amplitude of a signal 

displayed on an oscilloscope, the signal 
under measurement is first referenced 
on the graticule, and the signal from 
the calibrator unit applied to the input. 
Potentiometer P1 and the multiplier of 
the calibrator are adjusted for an equal 
deflection on the CRT. When the two 
signals are equal, the voltage is read 
from the calibrator potentiometer and 
multiplied by the multiplier dial. 
A somewhat simplified calibrator is 

shown in Fig. 22-76B. Here two zener 
diodes connected back to back develop 
a square wave by clipping the peaks of 
the sine wave. The signal is then fed to 
a voltage divider. As the voltage divider 
in Fig. 22-76A and this unit operate at 
60 Hz, no compensation is required 
aross the resistors. 

It should be kept in mind that an 
oscilloscope is a peak-reading device. 
The calibrator may read in terms of 
peak-to-peak or rms voltage; this must 
be taken into consideration when the 
oscilloscope is calibrated. As a rule, 
calibrating devices are designed to read 
peak-to-peak voltage. The line voltage 
for either type must be fairly well reg-
ulated to maintain the accuracy of cali-
bration. 

Oscilloscopes with built-in calibra-
tors generally employ a multivibrator 
circuit, followed by a cathode follower 
tube, with a precision voltage divider 
in the cathode circuit. A square wave 
provides a flat-top signal, which is much 
easier and more accurately adjusted to 
a reference line than the peak of a sine-
wave signal. 

22.77 What is the purpose of a 
long-persistence screen in a cathode-ray 
tubeT—To better observe low-frequency 
waveforms at low repetition rates; also, 
to preserve the image over a period of 
seconds or minutes for superimposing 
other images over the original for com-
parison or photography. 

However, since the development of 

the storage oscilloscope (Fig. 22-70F), 
the long-persistence tube is not used to 
any great extent, as it requires the CRT 
regularly used to be removed physically 
from the oscilloscope and replaced by 
the long-persistence tube. 

Another interesting and useful oscil-
loscope is the split-screen type, which 
is capable of displaying a moving image 
on one half the screen, while storing an 
image on the other half; or, the entire 
screen may be used in the conventional 
manner. Independent control of both 
halves of the screen permits an image 
to be stored for reference on one half 
the other half for displaying waveforms 
for comparison. Either half of the screen 
may be erased or the storage facilities 
reversed. 

22.78 What is Z-axis or intensity 
modulation of a cathode-ray tube—It is 
a circuit for varying the intensity of the 
cathode-ray-tube beam, by applying an 
external signal between the cathode and 
ground. This modulation method is used 
for precise measurements of time. 
Either a pulse or square wave may be 
used. The application of a positive pulse 
increases the intensity of the beam, 
causing a series of dots, while a negative 
pulse blanks out the beam, causing a 
series of dashed lines (Fig. 22-78). 

22.79 Why are electrostatic deflec-
tion circuits used almost exclusively in 
oscilloscope deflection circuits? — Be-
cause an electrostatic-type deflection 
circuit requires no appreciable current 
for its operation while magnetic deflec-
tion circuits require a considerable 
amount of current. Also, magnetic de-
flection circuits induce a frequency 
characteristic which is undesirable in 
a measuring device as it may induce 

(a) A blanking 
pulse. 

(b) An intensify-
ing pulse. 

Fig. 22-78. "Z" axis modulation of the 
beam in a cathode-ray tube. 
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distortion of the waveforms under ob-
servation. Magnetic deflection is quite 
satisfactory in television circuits, how-
ever, because they operate at a fixed 
frequency. 

22.80 How are frequency-response 
characteristics of an oscilloscope stated? 
—When the frequency response is rated 
dc to 10 MHz (10 MHz down 3 dB) it 
means the frequency response is flat to 
some reference frequency, then down 
3 dB at 10 MHz. Three dB down is about 
30 percent, or the oscilloscope has 70 
percent deflection at 10 MHz, com-
pared with 100-percent deflection at the 
reference frequency. 

22.81 What effect does an input 
attenuator have on the frequency char-
acteristics of an oscilloscope?—The in-
put attenuator, unless especially de-
signed, will affect the frequency re-
sponse because of its internal capacity 
and the design of the input potentio-
meters. 

In elaborate oscilloscopes the input 
attenuator is adjustable in several fixed 
steps, in association with a continuously 
adjustable gain control. Each step of 
the attenuator is corrected for fre-
quency discrimination (See Question 
22.70.) 

22.82 Describe an oscilloscope ex-
pander circuit.—It is a circuit included 
in the horizontal amplifier for increas-
ing the gain and expanding or magnify-
ing the display, five, ten, or twenty 
times normal. This permits the user to 
expand a portion of a waveform and 
examine minute areas not visible in 
the normal-size display. This circuit is 
sometimes referred to as a notching 
circuit. 

22.83 Define the term "writing 
speed" as applied to an oscilloscope--
Writing speed is the total distance of 
travel the cathode-ray beam (spot) 
must take in both the vertical and hori-
zontal directions in a given unit of time. 

It is essential that the writing speed 
be known for photographing wave-
forms as the intensity of the beam is 
greater in the horizontal direction than 
in the vertical; this is particularly true 
for transient phenomena. The easiest 
method of determining the writing 
speed is by use of a nomograph as given 
in Fig. 22-83. The amplitude of the 
trace (at the left) is connected by a 
straightedge to the frequency (at the 
right) and the writing speed read on 
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the log-scale in the center. The term 
"writing speed" is analogous to the ASA 
"exposure index" used for rating the 
sensitivity of photographic film. For 
high-speed transients the exposure is 
very short (short-persistence phos-
phors). For extremely short exposures 
the reciprocal relationship of bright-
ness and exposure no longer holds true, 
and the ASA index loses its significance. 

22.84 What is a blanking pulse?—A 
pulse used in a cathode-ray oscilloscope 
to blank out the trace of the linear 
time-base oscillator on its return from 
the right to the left side. This is accom-
plished by momentarily reducing the 
intensity of the trace. 

22.85 What does the term "pack-
ing" mean?—Crowding of the image on 
one side. This is generally caused by 
nonlinearity in the sweep oscillator 
circuits. 

22.86 What are the various axes 
of an oscilloscope called? —The hori-
zontal axis is called the X axis; the 
vertical, the Y axis; and the modulating 
element or control grid, the X axis. 

22.87 What are Lissajous figures or 
patterns?—The patterns that appear on 
the face of a cathode-ray tube when 
voltages of different frequency, ampli-
tude, and phase relationship are ap-
plied to its deflection plates. They were 
named for the French scientist, Lissa-
jous. This subject is discused in detail 
in Question 23.176. 

22.88 Describe a graticule used 
with a cathode-ray oscilloscope.—Grati-
eules for cathode-ray oscilloscopes are 
manufactured in several different pat-
terns; however, the two most commonly 
used are illustrated in Fig. 22-88A and 
Fig. 22-88B. In certain oscilloscopes the 
graticule is made of plastic and is re-
movable. Modern trends are to etch the 
graticule on the interior surface of the 
CRT display screen as this reduces the 
effects of parallax which otherwise ex-
ist because of the separation of the 
graticule by the thickness of the glass 
of the CRT. 

The major lines on the graticule gen-
erally represent 1 centimeter each, and 
the small divisions 2 millimeters each. 
When properly calibrated in conjunc-
tion with the oscilloscope time-base 
controls, timing measurements on the 
order of 1 microsecond or less are pos-
sible. Graticules used on early-type 
oscilloscopes were generally calibrated 



1334 THE AUDIO CYCLOPEDIA 

VS 
V 

Av
POINT OF MAXIMUM WRITING SPEED (Vs) 

OE/ VS . 2 OA ¡ WHERE f . FREQUENCY OF SIGNAL 

V1;e- V WHERE Vs VswEEp S 
THE SIGNAL WRITING SPEED (Vs) IS VERY NEARLY 
EQUAL TO THE EXACT WRITING SPEED WHEN THE 
SWEEP SPEED IS I/10 THE SIGNAL SPEED. 

VEEP 

AMPLITUDE 
A 

10 Cm 

MAXIMUM 
WRITING SPEED 

V 

103cm /psee. 

104cm /psee. 

103ern/psec. 

 3 in 
= 

`,,= 2 in 
-,,.-- I-1/2 102cm./psee. 

—__7 O. 

103 in./1i sec 

A'1/2 PEAK TO PEAK 
AMPLITUDE 

FREQUENCY 

1000MHz 

=500 
=400 

—300 

—200 MHz 

_  100MHz 

104 inipsec 

= 50 

IO irk /psee. 

102 in/Aec. 

10 in./psec. 

— 40 

— 30 

20 

"f  
_  10MHz 

5 

— 4 

3 

 2 
z-_-

115-oin./psec. 
cm = 

0.5 
._\=7- 0.6 

N.,... 
..._--  

1   I MHz  

---N  0.4 lin ./ysec.  ._._ 
500 

— 0.2 1 cm./psee. ,,.. -= 400 
2. .0 .1 -=-300 

00 infm see \  - 200 
..\ 

\ 
-., 100 kHz 

100cmim sec 

10 cm./m sec. 

I cm./fl, sec. 

e in./m sec. 

I in./m sec. 

Ijsec.z 1 MICROSECOND z 1/1,000,000 SECOND. I MHz z 1,000,000Hz 

Imsecoz MILLISECOND z 1/1000 SECOND 1 kHz z 1000Hz 

— - 50 
= 40 
— 30 

20 

- 10 kHz 

Fig. 22-83. Homograph for relating amplitude, frequency, and maximum writing 
speeds for sinusoidal waveform traces. The frequency range may be extended below 

10 kHz by the application of a suitable factor. 

in 0.10 inch per division. Modern oscil-
loscope graticules are calibrated to read 
in centimeters and millimeters. 

22.89 What is an oscilloscope cur-
rent probeP—Current probes are of the 
clip-on type and are designed for use in 
measuring very small alternating and 

direct currents in electronic equipment. 
Current ranges are generally from less 
than 1 milliampere up to several am-
peres, over a wide range of frequencies. 

The probe and the wire carrying the 
current form a one-turn transformer. 
The wire carrying the current is the 
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10 CM 

Fig. 22-88A. Graticule for cathode-ray tube calibrated 10 cm X 10 cm. Each small 
division represents 2 mm. 

Fig. 22-88B. Graticule for cathode-ray tube calibrated 10 cm X 6 cm, with decibel 
scales. Each small division represents 2 mm. 

secondary and the probe is the primary. 
Probes used for ac measurements em-
ploy a special amplifier which is con 
nected to a conventional vacuum-tube 
voltmeter or oscilloscope. The dc-type 
probe is used with a special meter 
which is similar to a vacuum-tube 
voltmeter. The schematic diagram for a 
typical current probe with the appear-
ance of the probe head is shown in Figs. 
22-89A and B. 

HEAD 

GAP COAXIAL 
CABLE 

HOLE 

-, 

Fig. 22-89A. Schematic diagram for a 
typical current probe. 
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22.90 Describe a low-capacitance 
oscilloscope probe.—Because the input 
capacitance of the average cathode-ray 
oscilloscope will load down a circuit of 
high impedance and thus affect the fre-
quency response and waveforms, a 
probe of very low capacitance is con-
nected between the input of the oscillo-
scope and the circuit under observation. 
However, low-capacitance probes can-
not be built without inducing loss; 
therefore they are generally designed 
to have an attenuation ratio of 10 or 
100, although other ratios are some-
times employed. 

The schematic diagram for the inter-
nal circuitry of a 10:1 oscilloscope probe 
is shown in Fig. 22-90A. Only two com-
ponents are required: a precision 9.5-
megohm resistor and a small variable 
capacitor, ranging from 2.5 pF to 12 pF, 
to compensate for the capacitance of the 
oscilloscope input and cable. If the os-
cilloscope has an internal square-wave 
calibrator, the tip of the probe can be 
connected to the output of the calibra-
tor and the waveform observed on the 
oscilloscope. The capacitor in the probe 
is then adjusted for a square waveform 
as shown in the top illustration of Fig. 
22-90B. If an external square-wave 
generator is used, it should be moni-
tored with and without the probe to 
ensure that the waveform seen with the 
probe is similar to that seen without 
the probe. 

The internal circuitry for a 100:1 
probe is given in Fig. 22-90C. Here three 
resistors are used, with a small compen-
sating capacitor connected across the 
9.9-megohm resistor. This probe is also 
• adjusted using a square-wave genera-
tor. 

HOLE 3/16"DIA. WIRE SLOT 

19/32" 

3/8" 

Fig. 22-890. Appearance of the head for 
a typical current probe. 

9.ŚMEG 
LPROBE BNC HOUSING CONNECTOR 

Fig. 22-90A. Internal  tions for a 
10:1 ratio oscilloscope probe. 

22.91 What is a demodulator probe? 
—A probe designed for use with an 
oscilloscope for displaying modulated 
high-frequency signals. If a high-fre-
quency signal is demodulated (detected) 
by a demodulator probe connected to 
the input of an oscilloscope, the mod-
ulation envelope shape may be seen on 

z-

III  1 I 
••••••M 

It 1111 Hie 111 i I 11 II 

CORRECTLY COMPENSATED 

1 i I If 11 11 11 IlII ,',is III I I 

UNDERCOMPENSATED 

z-

z. 

II  i 1 III 
"—a  

III 
es-

7-z• 
OVERCOMPENSATED 

Fig. 22-900. Correctly and incorrectly 
compensated oscilloscope probe. The in-
ternal capacitor is adjusted for the up-
per waveform with a square wave ap-

plied to the probe. 

COAXIAL 
PLUG 

Fig. 22-90C. Circuit for a 100:1 oscillo-
scope probe. The small capacitor is to 
compensate for the cable and input ca-

pacitance of the oscilloscope. 
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Fig. 22-91A. Schematic diagram of a demodulator probe. 

WIRE OPENING 

Fig. 22-91B. Internal construction of a typical demodulator probe. 

an oscilloscope of limited frequency 
response because only the modulated 
envelope is displayed. The schematic 
diagram of a typical demodulator is 
shown in Fig. 22-91A. 
A demodulator probe may also be 

used with a dc or ac vacuum-tube 
voltmeter. When used with a dc vac-
uum-tube voltmeter, the indication is 
proportional to the average amplitude 
of the signal. Used with an ac meter, 
the indication is proportional to the 
peak voltage of the modulation en-
velope waveform. Most demodulator 
probes induce a loss of signal voltage 
on the order of 5:1. 

22.92 What is a high-voltage probe? 
—A probe with a high internal re-
sistance for measuring extremely high 
voltages with a voltmeter having an in-
ternal resistance of 20,000 ohms per volt 

e 

or greater. Fig. 22-92 shows a typical 
high-voltage probe designed to operate 
in conjunction with a 20,000-ohm-per-
volt meter. The internal resistance of 
the probe is 600 megohms, permitting 
30,000 volts to be measured using a 300-
volt scale meter. Other scales may also 
be used by applying the correct multi-
plying factor. 

High-voltage probes are fitted with 
a guard to protect the user and reduce 
corona discharge. Because of the large 
distributed capacitance of a high-volt-
age probe, it cannot be used for observ-
ing voltages containing high-frequency 
waveforms. The internal resistance of 
the average high-voltage probe is 100 to 
1200 megohms. 

22.93 Describe a panoramic spec-
trum analyzer.—Panoramic spectrum 
analyzers are used for the visual display 

Fig. 22-92. Typical high-voltage probe. 
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OE» 

Fig. 22-93A. Singer Co., Metrics Div., 
Model TA-2 universal spectrum analyser, 
with AL-2 plug-in module for 20 Hz to 

35 kHz spectrum analysis. 

of harmonic and intermodulation dis-
tortion, equalizer and filter characteris-
tics, vibration, noise and acoustical 
analysis, and radio-frequency measure-
ments. A Model TA-2 universal spec-
trum analyzer, manufactured by Singer 
Co., Metrics Div., is pictured in Fig. 
22-93A, using a plug-in module. This 
model is designed to cover a bandwidth 
of 20 Hz to 35 kHz and is calibrated in 
absolute values of both frequency and 
level. 
A simplified block diagram of the de-

vice appears in Fig. 22-93B. A pano-
ramic spectrum analyzer is a scanning 
superheterodyne receiver displaying 
level versus frequency of the input sig-
nal and may be set to scan through a 
selected frequency band. Levels are dis-
played deflections on a calibrated cath-
ode-ray-tube graticule. Frequency is 

OE calibrated on the CRT horizontal axis. 
Horizontal sweep on the CRT is related 
to the frequency sweep excursion of the 
analyzer. Both the horizontal deflection 
and local oscillator are driven by the 
same sawtooth generator. Thus, a cali-
brated visual indication of input fre-
quencies is obtained. 

Referring to the diagram, the incom-
ing signal is applied to a eleven-position 
attenuator adjustable from zero to 60 
dB in 10-dB steps, and to a 40-dB gain 
preamplifier, which is selected as re-
quired. A sawtooth generator modu-
lates a voltage-controlled oscillator, 
causing it to scan the selected spectrum 

segment. The local-oscillator frequency 
excursions are set by a calibrated center 
frequency and sweep-width control. 
The CRT graticule is calibrated in 10-
percent increments of sweep width. 

The signal from the swept local os-
cillator combines with the input signals 
in a diode ring modulator. Balanced 
modulator operation reduces mixer 
nonlinear distortion, thus extending the 
spurious free range. The swept oscilla-
tor mixes with input frequencies in the 
balanced modulator to produce differ-
ing frequencies equal to the intermedi-
ate frequency and provides the ability 
to resolve individual input frequencies. 

The i-f amplifier section consists of 
the three 100-kHz variable-bandwidth 
crystal filters. The bandwidth of these 
filters is varied automatically for opti-
mum resolution for each sweep width. 
Following the i-f amplifier is an atten-
uator for adjusting the display levels, 
then a linear detector to demodulate the 
high-frequency i-f output signals into 
low-frequency envelopes or pips for 
display. Contained in the detector cir-
cuit is a log-compression amplifier 
which can be switched in to display 
over a 100:1, 40-dB range. The linear 
and dB scales are calibrated directly on 
the CRT graticule. 

Each plug-in module contains an in-
ternal crystal-controlled oscillator to 
produce evenly spaced markers (funda-
mental and harmonics) for accurately 
checking the sweep width and center-
frequency calibrations. The markers 
are spaced at 2.5-kHz intervals, and may 
be adjusted independent of the signal 
deflection. A typical display is shown 
in Fig. 22-93C. Other plug-in modules 
covering bandwidths up to 27.5 MHz 
are available. 

22.94 What is a sound-level meter? 
—A sound-level meter is an instrument 
designed for the measurement of sound-
pressure level (SPL). It consists of an 
omnidirectional microphone, calibrated 
att,enuator, amplifiers, standard weight-
ing networks, and an indicating meter. 
The frequency characteristics of the 
weighting networks must meet the stan-
dards specified by the United States 
Standards Institute (ASA) and the In-
ternational Electrotechnical Commission. 
Instruments meeting these standards are 
accepted for the measurement of both 
product and environmental noise by 
industry, laboratories, and noise-abate-
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Fig. 22-938. Block diagram for Singer panoramic spectrum analyzer. 

ment groups. These instruments can also 
be used for the measurement of the 
acoustic characteristics of sound stages, 
monitoring rooms, auditoriums, and 
similar enclosures. Sound-level meters 

can usually be used in combination with 
such instruments as spectrum analyzers, 
vibration pickups, special-purpose mi-
crophones, and graph recorders. As a 
rule, they are completely self-contained 
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and portable. Such a meter, Model 
1551C, manufactured by General Radio 
Co., is shown in Fig. 22-94A. 

Referring to the block diagram in 
Fig. 22-94B, a PZT-type piezoelectric 
ceramic microphone (essentially non-
directional) feeds an attenuator net-
work calibrated 24 to 150 dB (re: 0.0002 

_ 
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Fig. 22-93C. Typical waveform as seen 
on the analyzer graticule. The funda-
mental frequency is the large deflection, 
with its harmonics appearing to the 

right of it. 

µbar), then to a second attenuator and 
a weighting network. The signal is 
again amplified and passed through a 
second weighting network, amplified by 
a three-stage amplifier, into a third at-
tenuator and weighting network, ampli-
fied, and applied to an indicating meter. 
An internal calibration system permits 
the adjustment of the instrument before 
use. 

The four-weighting-network fre-
quency characteristics (shown in Fig. 
2-93) meet the USAS! (ASA) Standard 
S-1.4 1961. A fourth frequency charac-
teristic provides a flat response from 20 
to 20,000 Hz for use with wide-range 
microphones. Two meter movement 
speeds are available, fast and slow. In 
the slow position the meter is heavily 
damped to show the average level of 
rapidly fluctuating sounds, and to com-
ply with the above standard. 
An output jack is provided for the 

connection of external equipment. The 
internal output impedance is 7000 ohms, 
developing 1.5 volts into an open circuit. 
It may be used with a lower imped-
ance; however, for greater accuracy the 
impedance should be 20,000 ohms or 
more. This output is often used to drive 

Fig. 22-94A. General Radio Co. Model 1551C sound-level meter. 
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Fig. 22-94B. Block diagram for General Radio Co, Model 1551C sound-level meter. 
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Fig. 22-94C. Frequency characteristics of General Radio Co. 
ceramic microphone. 
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Kjoer Model 2203 sound-level meter with octave band filter. 

a tape or graph recorder, wave analyzer, 
or other devices. 
When acoustical measurements using 

a sound-level meter are made, the ob-
server's body and the meter case have 
little effect in a semireverberant sound 
field. However, under free-field condi-
tions and a single sound source both the 
observer and the instrument case have 
a large effect on the microphone re-
sponse. These effects can be minimized 

if the instrument is held in front of the 
observer, with the observer oriented so 
that the sound passes in front of him at 
a right angle to the axis of the sound-
level meter. For greatest accuracy the 
microphone should be mounted on a 
tripod and connected to the sound-level 
meter by an extension microphone 
cable, to eliminate the effects of the 
observer's body and also of the meter 
case. 



1342 THE AUDIO CYCLOPEDIA 

• 

When the measurements are made in 
a reverberant field, the angles of inci-
dence of sound reaching the microphone 
are indeterminate. Under these condi-
tions there is no preferred angle of in-
cidence between the microphone and 
the sound source. When measurements 
are made in a free field, an angle of in-
cidence of 70 degrees between the axis 
of the microphone and sound source 
will approximate random response. 

The instrument described contains 
six miniature vacuum tubes, one tran-
sistor, seven diodes, and is completely 
battery operated, but it may be used 
with an external power supply if de-
sired. The frequency response for the 
microphone at an angle of incidence of 
70 degrees is given in Fig. 22-94C. 
A smaller v'ersion of a sound-level 

meter, manufactured by Brüel and 
Kjaer, is pictured in Fig. 22-94D. It has 
the same standard weighting character-
istics, operating over a range of 22 to 134 
plus or minus 1 dB, 20 to 18 kHz. The 
eleven-octave band filter covers a fre-
quency range from 31.5 •Hz to 31.5 kHz. 
Each passband attenuation is adjustable 
from 0 to 48 dB. 
When this meter is used with a sound 

source principally from one direction, 
the readings can be adversely affected 
by the relative positions of the instru-
ment and the observer's body. In this 
instance the meter should not be held 
directly in front of the observer with 
the microphone pointed to the sound 
source, since the high frequencies are 
increased to a marked degree due to the 
observer's body acting as a reflector. 
Thus, errors of several decibels in the 
region above 100 Hz are possible. The 
most uniform response is obtained when 
the meter is held in front of the ob-
server, but with the sound grazing the 
microphone (coming from the side 
rather than the front). Out of doors the 
microphone is pointed upward (to 
avoid reflections) as far from the ob-
server as possible. 

It should be noted that conventional 
sound-level meters do not measure in-
tensity; therefore the term "intensity" 
should not be used in connection with 
such meters. In accordance with the 
USASI (ASA) the terms "sound level" 
and "sound-level pressure" (SPL) are 
to be used. 

22.95 What is an electronic switch 
and how does it function?—An electronic 

switch is an instrument which may be 
used with a conventional cathode-ray 
oscilloscope for the simultaneous obser-
vation of two or more waveforms on 
the screen of the oscilloscope. Since the 
cathode-ray tube is essentially a single-
signal indicator, a device such as an 
electronic switch is necessary for the 
observation of more than one• signal 
waveform simultaneously. Thus, an 
electronic switch permits the conven-
tional oscilloscope to be used as a multi-
signal comparison device. Due to the 
persistence of the human vision and the 
persistence of the cathode-ray-tube 
fluorescent screen, two signals can be 
made to appear on the screen simulta-
neously. While the employment of a 
single electronic switch permits the 
simultaneous observation of two signals, 
two electronic switches connected in 
tandem will permit the simultaneous 
observation of three waveforms. Addi-
tional switches may be added, if desired, 
one for each additional waveform to be 
observed. However, unless the screen 
of the oscilloscope tube is 7 inches or 
larger, observation of three or more 
traces is not too satisfactory. (See 
Question 23.184.) 

The most frequent use of an elec-
tronic switch is for the observation of 
amplitude, waveform, phase, and fre-
quency relationship between two sig-
nals. The signals under study may be 
those of an electrical or electronic de-
vice, or a sound or mechanical device 
transformed into electrical functions. A 
block diagram for connecting an elec-
tronic switch and an oscilloscope to an 
amplifier for the simultaneous observa-
tion of the input and output waveforms 
is given in Fig. 22-95A. 

Four controls are provided on the 
electronic switch. They are: a frequency 
control for setting the frequency of the 
internal square-wave generator, A and 
B channel input attenuators, and an im-
age separation or trace position control. 

The schematic diagram of an elec-
tronic switch is shown in Fig. 22-95B. 
One of the two signals to be observed, 
designated A, is connected to the input 
marked "A" and the other signal, called 
B, is connected to input "B." The input 
attenuators of channels A and B are 
adjusted for a signal level suitable for 
the operation of the switch. 

Starting at input A, the signal is fed 
in two directions, to the control grid 
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Fig. 22-95C. Appearance of an input and 
output signal reproduced simultaneously 

on a cathode-ray tube. 

of an input cathode-follower tube VIA 
and to the control grid of a sync-ampli-
fier tube V5A, and is used for locking 
the time base or sweep circuit of the 
oscilloscope to the signal frequency 
under observation. The B signal passes 
through a similar type of circuitry. 

The cathodes of tubes VIA and VlB 
are directly connected to the control 

grids of the switcher tubes, V2A and 
V2B. A switching generator circuit com-
prised of tubes V4A and V4B generates 
a square wave which is applied to the 
control grid of the driver tubes V3A 
and V3B. The frequency of the square-
wave generator is controlled by capaci-
tors connected to a switch in the cath-
ode circuit. Repetition frequencies of 
150, 500, 1500, and 5000 Hz may be 
generated. 
The cathodes of switcher tubes V2A 

and V2B are directly connected to the 
cathodes of the driver tubes, V3A and 
V3B. The square waves generated by 
the square-wave generator permit the 
switcher tubes to be operated normally 
or to be driven to cutoff.When switcher 
tube V2A in channel A is operating 
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normally, the switcher tube in channel 
B is driven to cutoff. When the switcher 
tube in channel B is operating normally, 
the switcher tube in channel A is driven 
to cutoff. 
The plates of both switcher tubes 

are fed through a common plate-load 
resistor; thus any signal applied to the 
inputs of channels A and B will appear 
across this common load resistor alter-
nately at the frequency rate of the 
square-wave generator. 

Signals from the switcher tube plates, 
which are connected in parallel, are fed 
to the control grid of a cathode-follower 
output tube for connection to the verti-
cal input of an oscilloscope. Potentiom-
eter P1 is used to separate the two 
traces (A and B) as they appear on the 
oscilloscope, by changing the value of 
the bias voltage on the cathodes of the 
switching and driver tubes. Thus the 
traces made by signals A and B may 
be made to overlap or be separated one 
above the other. Because the transition 
from one circuit to the other in the 
electronic switch does not occur simul-
taneously, a switching transient in the 
form of a spike may appear on the trace 
as seen on the oscilloscope. 
A series and a shunt capacitor are 

connected in the cathode circuit of the 
output tube, V7. The series capacitor 
isolates the vertical input of the oscillo-
scope from the dc voltage across the 
cathode resistor of the output tube. The 
shunt capacitor limits the high-fre-
quency response to transients. The 
value of this capacitor may be varied 
for the most desirable presentation on 
the oscilloscope screen; however, for 
most purposes the value shown will 
suffice. The waveforms of Fig. 22-95C 
show how two traces might appear on 
the face of the oscilloscope. The upper 
one is the input signal and the lower 
one is the output signal. The rounding 
of the leading edge of the output trace 
is caused by frequency discrimination 
within the amplifier. 

22.96 Describe the circuitry for a 
direct-reading frequency meter.—Fre-
quency meters are instruments designed 
for the direct measurement and indica-
tion of the frequency of an unknown 
signal voltage. The waveform of the 
voltage under observation may be a sine 
wave, square wave, sawtooth or pulse. 
With the proper transducer, rotary mo-
tion, acoustical, and other forms of re-

petitive pulses may be determined. 
Since the reading of frequency is inde-
pendent of the input voltage waveform, 
the meter may also be used to indicate 
the frequency of random events during 
a given time period. 

The schematic diagram for a fre-
quency meter of this type, manufac-
tured by Hewlett-Packard, is shown in 
Fig. 22-96A. This meter is designed to 
cover frequencies between 10 and 
50,000 Hz in ten ranges. Basically the 
circuit consists of a limiter amplifier, 
electronic switching circuit, pulse 
counter, and a constant-voltage, con-
stant-current power supply. 

The unknown frequency is applied 
to the input of two limiter tubes, VI 
and V2. These tubes amplify and flatten 
the peaks of the incoming signal volt-
age, resulting in a square-wave signal 
voltage at the plate of V2. From the 
plate of tube V2, the signal is fed in two 
directions; through capacitor C4 to the 
control grid of switcher tube V4, and 
through capacitor C5 to the control grid 
of V3, a phase inverter. From the plate 
of V3 the signal is applied to a second 
switcher tube V5. 

Space current for the switcher tubes 
is obtained from a constant-current 
regulator tube V7. Alternate half-cycles 
of the square wave cause a constant 
current through tube V4 and charge 
one of capacitors C9 to C18. During the 
intervening half-cycle, a constant cur-
rent flows through V5 and causes one 
of capacitors C19 to C28 to be charged. 
The time constants of the two RC com-
binations R33, C9 to C18 and R32, C19 
to C28 are equal. 

The resistor and capacitors in the 
charging circuits are such that at the 
highest frequency to be counted, the 
capacitors will be fully charged before 
the end of the half-cycle. The accu-
rately controlled pulses for the two 
banks of charging capacitors are con-
verted to unidirectional pulses by di-
odes CR1 to CR4, and the resultant cur-
rent is indicated by meter Ml. The 
meter indication is proportional to the 
number of pulses per unit time and 
therefore to the frequency of the volt-
age at the input of the instrument. Re-
sistors S34 to R43 are shunts across the 
meter to adjust the current through the 
movement to the correct value for each 
frequency range. These shunts are fac-
tory adjusted. 
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The constant-current regulator cir-
cuit consists of tubes V7 and V8. Tube 
V8, a gas voltage-regulator tube, pro-
vides a constant voltage at the screen 
of tube V7. A voltage divider circuit 

22 

!K 

1 
: • • • 
-50e 

consisting of resistors R48 to R50 is con-
nected between the screen grid of V7 
and ground. Variable resistor R49 ad-
justs the grid voltage of V7 to produce 
the desired constant current for the 
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Fig. 22-96B. Hewlett-Packard electronic 
frequency meter Model 500B. Frequency 

range 3 to 100,000 Hz. 

switching tubes, which is measured by 
switching the meter across shunt resis-
tor R27 in the plate circuit of V7. 
A graphic level recorder may be 

driven by 'connecting it at the recorder 
jack. Resistor R53 and R56 adjust the 
current for the recorder and provide a 
dummy load when it is not in use. 
When the instrument is used with a 

phototube or photocell, black and white 
stripes are placed on the moving part 
and illuminated by a bright light. Al-
ternate reflections are picked up by the 
phototube from the moving stripe and 
passed from its preamplifier to the fre-
quency meter. Vibration pickups are 
used in a similar manner. 
A front view of a meter similar to 

the one discussed but having a fre-
quency range of 3 to 100,000 Hz is 
shown in Fig. 22-96B. This meter has 
an expanded range that permits the 
reading of any 10- or 30-percent por-
tion of a selected range to be expanded 
to full scale, thus increasing the accu-
racy of the reading. 

In both instruments the line fre-
quency voltage is available for checking 
the calibration. (See Question 22.196.) 

22.97 Describe the circuitry of a 
transistor chopper-type de multivoltme-
ter. — Multivoltmeters are extrrnely 
sensitive meters for the measurement 
of minute voltages, and they require 
special treatment for stability and sen-

sitivity. The instrument to be described 
is a direct-current millivoltmeter (Fig. 
22-97A), Model PM2430, manufactured 
by Phillips of Holland. It is all transis-
tor and battery operated. 

Referring to the block diagram of 
Fig. 22-97B, when a de voltage is ap-
plied to the input terminals it is first 
impressed on an attenuator network and 
hum filter, then converted by a chopper 
to a square-wave voltage. This signal 
is then amplified and applied to an in-
termediate attenuator network that de-
termines the 3-mV and 10-mV voltage 
ranges. The chopper vibrates at a fre-
quency of 50 or 60 Hz. An astable mul-
tivibrator generates an ac voltage for 
the chopper operation and an adjust-
able voltage to compensate the prelim-
inary deflection (linearity). (See Ques-
tion 22.59.) The indicating meter circuit 
consists of three direct-coupled tran-
sistor stages, using a Graetz rectifier 
circuit, incorporated in a negative feed-
back loop. An automatic phase-sensi-
tive polarity indicator indicates the 
polarity of the dc input voltage under 
measurement, and it also may be used 
as a zero-center indicator. 
A complete schematic diagram for 

this instrument appears in Fig. 22-97C. 
When the de voltage is applied to the 
input terminals (BUI and BU3), it is 
attenuated by attenuator network SK2. 

Fig. 22-97A. Dc millivoltmeter Model 
PM2430 manufactured by Phillips of 
Holland. (Courtesy, Phillips Electronics 

Industries Ltd. Canada.) 
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Fig. 22-9713. Block diagram for Phillips Model PM2430 

Apart from the 1-, 3-, and 10-mV 
ranges, attenuation for other voltage 
ranges is supplied by resistors R301 to 
R315. Leaving the attenuator, the signal 
is then applied to a hum filter com-
prised of R103 to R106, and C101 to 
C103. The chopper (U4) converts the 
incoming dc voltage into a square-wave 
voltage that controls field-effect transis-
tor TS101 via capacitor C105. Zener di-
ode GR101 supplies a constant bias volt-
age for TS101 through voltage divider 
resistors R111 and R112. Neon tube B101 
provides protection against a too high 
input voltage. Resistor R101 is factory 
adjusted to provide a 1-megohm input 
resistance. 

To establish the linearity, a compen-
sation voltage is applied to one contact 
of the chopper element and adjusted 
by potentiometer Rl. This voltage is 
supplied from coil S2 of transformer 
T201, and rectified by diode GR201. The 
signal from the chopper is amplified by 
a three-stage amplifier TS102 to TS104. 
To stabilize these circuits, negative 
feedback is taken from the emitter of 
TS104 and applied to the junction of 
resistors R116 and R117, in the emitter 
element of TS102. Diode GR102 limits 
the base-emitter voltage if transistor 
TS103 is overloaded. The output volt-
age of TS104 is now applied to the sec-
ond attenuator (U3) defining the 3-
and 10-mV ranges. 

The second attenuator is followed by 
a power amplifier stage (TS105 to 
TS107) with negative feedback. The 
Graetz rectifier circuit (GR105 to 
GR108) for the indicating meter is in-
cluded in the feedback circuit between 
the collector of TS107 to the emitter of 
TS106. Potentiometer R2 adjusts the 

millivoltmeter. 

METER 

amount of negative feedback and con-
trols the sensitivity and calibration of 
the metering circuit. Diode GR104 lim-
its the ac voltage to prevent overload-
ing of TS107 so that the meter indicates 
full scale. The meter circuit is further 
safeguarded against current surges by 
transistor TS108, which will conduct at 
a voltage exceeding 0.4 volt to act as a 
protective shunt across the meter move-
ment. 
When the instrument is first turned 

on via switch SKl a current surge oc-
curs in transformer T202 to charge ca-
pacitors C209 and C207 through diode 
GR206. This current surge causes an 
induced voltage in secondary S2 of 
transformer T202. Current then flows 
in the forward direction through the 
base-emitter junction of transistor TS-
210 through resistor R222 and capacitor 
C208. This action causes the collector 
emitter junction to conduct a current 
through winding S1 of T202. The cur-
rent rises to the saturation point of the 
transformer (or the moment when the 
base of TS210 blocks) because of the 
decreasing induced voltage. 
As the collector-emitter junction is 

blocked, the voltage across transformer 
T202 rises strongly as a consequence of 
self-induction, and capacitor C209 is 
charged through diode GR206. During 
the discharge phase of the transformer 
a new induction voltage arises across 
winding 52. However, as the polarity of 
this voltage is reversed, the base of TS-
210 is blocked and there is no current. 
In this manner only the induction cur-
rent flows through the diode GR206 to 
charge capacitors C209 and C207. When 
the induction voltage drops below the 
battery voltage, the battery again sup-
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Fig. 22-97C. Schematic diagram for Phillips Model PM2430 dc millivoltmeter. 
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plies a new current surge, since diode 
GR206 functions as a valve through 
which current can flow only in the 
charge direction. Diode GR205 and re-
sistor R224 permit a fast charging of 
C207 equal to the battery voltage; thus, 
oscillation is reestablished. 

The output voltage at C207 is con-
trolled by a bridge circuit. The refer-
ence voltage is formed by the total 
value of the zener voltages across di-
odes GR203 and GR204. When the out-
put voltage across C207 exceeds the 
reference voltage, the collector current 
of transistor TS208 decreases. Conse-
quently, transistor TS209 is recon-
trolled, which causes a decrease of the 
average base current in transistor TS-
210. 

Because the oscillating frequency of 
TS210 will be lower at a small base cur-
rent than at a greater base current, 
electrolytic capacitors C207 and C209 
are charged less, affecting the output 
voltage and maintaining the reference 
voltage at an almost constant value. At 
a higher current consumption or at a 
lower battery voltage the oscillating 
frequency will be higher than with a 
smaller load current or with new bat-
teries. 

When the supply voltage is applied to 
capacitor C205, current flows through 
resistor R208, the emitter-base circuits 
of TS201 and TS202, and resistors R206 
and R204 to charge capacitor C204. The 
same procedure occurs in the other part 
of the symmetrical circuit when one 
capacitor is more highly charged than 
the other as a consequence of a small 
asymmetry of transistor characteristics. 
The charging process of the less in-

tensely charged capacitor is immedi-
ately suppressed by a collector current 
caused by the bias-emitter current of 
TS201. As a result, capacitor C203 is 
charged with a polarity opposite to that 
of C204. As the charge drops, the base-
emitter current of TS201 decreases and 
the charging current through the col-
lector-emitter circuit of transistor TS 
201 is blocked. The capacitors now in-
terchange their charges as current 
through the base-emitter circuits of 
transistors TS204 and TS203 causes 
C203 to become positive, and current 
flows through winding SI of trans-
former T201. 

Because of the alternate conduction 
and blocking of transistors TS201 and 
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TS204, voltages are introduced in trans-
former windings Sia and Sib. The volt-
age induced in winding S2 feeds the 
field coil of the chopper unit. Winding 
S3 serves to compare the phase for the 
polarity indicator. 

The polarity meter is independent of 
the applied dc voltage, and its movement 
is five to ten times more sensitive than 
the instrument. It functions as follows. 
The multivibrator generates 50 or 60 
Hz, which is applied to transformer 
T201, which in turn drives the chopper 
element. Winding S3 supplies an ac 
voltage to the collectors of transistors 
TS205 and TS206. The dc voltage to be 
measured (now converted to a square 
wave) is amplified and controls the 
base of transistor TS207, an emitter-
follower, to achieve further current 
amplification. 

Depending on the phase of the volt-
age at the bases of TS205 and TS206 
with respect to the collector side, the 
current for the polarity-indicator 
movement will flow in one direction or 
the other. Since the voltage at the bases 
of TS205 and TS206 is negative, diode 
GR202 will conduct and block these 
two transistors. For each positive al-
ternation through the diode, the tran-
sistors will conduct. The current 
through the polarity indicator changes 
direction according to the phase of the 
base-emitter voltage, with respect to 
collector voltage, thus indicating the 
polarity of the dc voltage applied to the 
input terminals of the instrument. 

The field coils of the chopper unit 
(U4) are normally fed from 60 Hz gen-
erated by the astable multivibrator. To 
obtain sufficient output power, both 
transistors of the multivibrator circuit 
are preceded by an emitter follower. To 
avoid interference phenomena which 
might cause vibration of the indicating 
meter, the frequency of the multivibra-
tor is adjusted to 50 Hz when used 
around 60-Hz equipment, and 60 Hz 
when used with 50-Hz equipment. This 
is accomplished by strapping across 
resistor R207. With the strap removed, 
the frequency of the multivibrator is 50 
Hz. Resistor R229 is factory selected to 
adjust the circuit to the correct fre-
quency. 

The instrument is designed to be 
operated above ground (floating), or 
the low-side terminal may be grounded 
as required. The total range of this in-
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Fig. 22-98A. Basic circuit for Hewlett-Packard Model 3400A rms voltmeter. 

strument is 1 millivolt to 300 Vdc in 
twelve ranges, with an accuracy of 1 
percent. Provision is also made for use 
with a high-voltage probe, increasing 
the voltage range to 30 kilovolts. The 
input resistance for the 1- to 10-milli-
volts scales is 1 megohm, and for the 
1 to 300-volt scales is 100 megohms. The 
polarity indicator will operate for an 
indication of less than 3 percent full-
scale. This instrument may be obtained 
for either battery or ac line operation. 
The batteries are rechargeable. 

22.98 What is a true-responding 
voltmeter?—Electronic voltmeters are 
classified into three broad categories— 
rms-responding, peak-responding and 
average-responding. The majority of ac 
voltmeters are usually either average-
or peak-responding meters, with the 
meter scale calibrated to read the rms 

Fig. 22-98B. Hewlett-Packard Model 
3400A ems voltmeter. 

value of a sine wave. Electronic volt-
meters are ac-to-de converters, which 
derive a dc current proportional to the 
ac input signal and use this current for 
the meter deflection. The conversion 
from ac to dc eliminates serious errors 
which otherwise result from a meter 
movement sensitive to frequency. The 
difference in the preceding three meters 
lies in their interpretation of the value 
of the input signal. 

The rms value of a sine wave was 
established as an equivalent de voltage 
which generates the same amount of 
heat in a resistive load that an ac volt-
age generates. For this reason, rms 
voltage is synonymous with effective 
voltage. Rms voltage is defined as the 
square root of the average of the 
squares of the quantities being mea-
sured. Theoretically, this can be done 
by measuring the voltage point-by-
point along the waveform of one cycle, 
squaring the numerical value of the 
voltage at each point, and then finding 
the average value. Regardless of the 
waveform shape this procedure leads 
to the rms or effective value. The rms 
value of a sine wave is 0.707 times the 
peak or maximum value of the voltage 
waveform. (See Question 25.149.) 

The average value of an ac voltage 
is simply the average of the voltage 
values measured point-by-point along 
the waveform (omitting the squaring 
and root extraction). The average value 
of a sine wave is really zero, because 
the waveform has equal positive and 
negative values when averaged for one 
whole cycle. Since the equivalent dc or 
energy content in the waveform is usu-
ally the quantity of interest, the aver-
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age value of the sine wave is taken to 
mean the average rectified value. The 
average value of one half cycle is 0.636 
times the peak value. 

The peak-responding voltmeter is of 
little interest to the audio engineer; 
however, at times it can be useful. The 
preceding discussion leads to a meter 
quite useful for the measurements of 
audio frequencies, because it reads the 
true rms value of a sine wave, is not 
affected by the waveform, and is usable 
over a frequency range of 10 Hz to 10 
MHz. The basic circuit for such a volt-
meter, the Hewlett-Packard Model 
3400A, is given in Fig. 22-98A. In this 
instrument are two thermocouples in 
combination with an ac and de ampli-
fier. Nonlinear effects are cancelled in 
the measuring thermocouple by similar 
nonlinear effects in the second thermo-
couple. 

The voltage under measurement is 
applied to an input attenuator through 
a coaxial connector on the front panel. 
The input attenuator has an impedance 
greater than 10 megoluns, and provides 
two ranges of attenuation. The output 
of the input attenuator is applied to an 
impedance converter, a noninverting 
unity-gain amplifier. The purpose of 
the impedance converter is to present a 
high impedance to the input signal and 
provide a low impedance for driving 
the second attenuator network. The 
second attenuator provides six ranges 
in a 1, 3, and 10 sequence. These two 
attenuators are ganged and provide 
twelve ranges of attenuation, or a volt-
age range of 1 millivolt to 300 volts, 
with a decibel range of minus 72 to plus 
52 dBm. 
The output of the second attenuator 

is amplified by a wideband amplifier 
comprising five stages. The overall gain 
of this amplifier is controlled by an ac 
feedback loop. The ac output of this 
amplifier is applied to a sensing ther-
mocouple. The dc output from the 
thermocouple is applied to a modulator 
consisting of two photocells which are 
alternately illuminated by two neon 
lamps (90 to 100 Hz), which are in turn 
controlled by an oscillator. The output 
of a sensing thermocouple is also ap-
plied to one photocell. The resultant 
output of the modulator is a square 
wave whose amplitude is proportional 
to the de input level. 

The square wave from the modulator 
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is amplified by a chopper amplifier 
composed of a high-gain three-stage ac 
amplifier. The output of this amplifier 
is applied to a demodulator. The output 
of the demodulator is a de level whose 
magnitude is proportional to the ampli-
tude of the ac input signal. The output 
of the demodulator is applied to a two-
stage direct-coupled emitter follower. 
The emitter-follower stage supplies an 
impedance transformation from the 
high impedance of the demodulator to 
the low impedance of a direct-reading 
meter and a reference thermocouple. 

The reference thermocouple acts as 
a summing point for the ac output of 
the video amplifier and the de output 
of the emitter follower. The difference 
in the heating effect of these voltages is 
fed as a de input to the modulator. The 
difference input is amplified and fed to 
the reference thermocouple and the 
meter. This amplified voltage represents 
the rms value of the ac signal applied 
to the input of the instrument. 
A regulated power supply provides 

plus 75 volts and negative 6 and 17.5 
volts. Since the voltage at the de output 
jack is proportional to the meter de-
flection, the instrument can also be 
used as a linear rms ac-to-dc converter 
for driving a graph recorder. As loading 
does not affect the meter, both the 
meter and recorder may be used simul-
taneously. 

A front view of the complete instru-
ment is shown in Fig. 22-98B. 

22.99 Describe an audio-frequency 
vacuum-tube voltmeter. —Fig. 22-99A 
shows a Heathkit Model 1M-21 vac-
uum tube voltmeter, designed to oper-
ate over full-scale ranges of 10 milli-
volts to 300 volts rms, with an input 
impedance of 10 megoiuns shunted by 
22 pF on all ranges. The frequency re-
sponse is plus or minus 1 dB from 10 Hz 
to 500 kHz, and plus or mnus 2 dB from 
10 Hz to 1 MHz for all ranges. A decibel 
scale is also provided, reading from 
minus 40 dB to plus 50 dB (re: 1 milli-
watt) at 600 ohms. As for most rectify-
ing-type ac meters the meter deflection 
is proportional to the average value of 
the input waveform. 

Referring to the schematic of Fig. 
22-99B, the voltage to be measured is 
applied to a frequency-compensated 
1000:1 voltage divider and then to the 
control grid of an input cathode fol-
lower V1A. Input voltages for the 
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Fig. 22-99A. Heathkit Model IM-21 au-
dio-frequency vacuum-tube voltmeter. 

lower six ranges are coupled directly 
to the control grid, while for the four 
higher the ranges are divided by 1000 
and coupled to the grid of VlA from the 
lower tap of the voltage divider. 

Cathode-follower stage VIA pro-
vides a low-impedance source for the 
signal applied to the voltage divider 
feeding the input of amplifier section 
VlB and V2. The voltage divider net-
work in the cathode of VIA divides the 
signal into six different levels to pro-
vide ten scales with readings from 10 
millivolts to 300 volts. 

Approximately 19 dB of negative 
feedback is returned through the meter 
circuit from the plate of V2 to a po-
tentiometer in the cathode circuit of 
V1B. This negative feedback loop pro-
vides high stability and uniform gain 
over a wide frequency range. The 
meter circuit consists of a 200-micro-
ampere meter movement with a full-
wave bridge rectifier of four germa-
nium diodes. For calibration purposes 
(setting the gain), the amount of meter 
current is adjusted by potentiometer 
R18 in the cathode of V2B, which var-
ies the amount of negative feedback. 

The power supply consists of a half-
wave rectifier containing a single silicon 
rectifier and filter capacitor Cl?. To 
minimize hum voltages the heater 
winding is balanced to ground through 
resistors R28 and R29. 

22.100 Describe the schematic for a 
cathode-coupled vacuum-tube voltmeter. 
—A block diagram of such a volt-
meter, manufactured by Hewlett-Pack-
ard, is shown in Fig. 22-100A. The es-
sential components consist of an input 
voltage divider controlled by a range 
switch, a cathode-follower input tube, a 
precision step attenuator controlled by 
the range switch, a broad-band ampli-
fier, an indicating meter, and a regu-
lated power supply. The voltage applied 
to the input terminals for measurement 
is divided by 1000 before application 
to the input cathode follower, when the 
range switch is set to the 1-volt range 
and higher. The input voltage is applied 
directly to the cathode follower on the 
lower ranges. Voltage from the cathode 
follower is divided in the precision at-
tenuator to be less than 1 millivolt for 
application to the voltmeter amplifier. 
The output of the amplifier is rectified 
in a full-wave bridge rectifier, with a 
dc milliammeter across its midpoints. 
The resultant direct current through 
the meter is directly proportional to the 
input voltage. Both the block and sche-
matic diagrams should be referred to 
in the following discussion. 

Referring to Fig. 22-100A, the input 
voltage divider limits the signal level 
applied to the input cathode follower to 
less than 0.3 volt rms, when voltages 
above this level are measured with the 
range switch is set to the 1-volt range 
above. The divider consists of a resis-
tive branch with one element made ad-
justable to obtain an exact 1000:1 divi-
sion at middle frequencies, and a paral-
lel capacitive branch with one element 
made adjustable to maintain exact 
1000:1 division to beyond 4 MHz. The 
input impedance of the voltmeter is es-
tablished by this divider and is the 
same for all positions of the range 
switch. On the six low-voltage positions 
of the range switch, the input divider 
provides no attenuation of the input 
voltage. 

The step attenuator in the cathode 
circuit of the input cathode follower 
reduces the voltage to be measured to 
1 millivolt or less for application to the 
voltmeter amplifier. Each step of the 
attenuator lowers the signal level by 
exactly 10 dB, by the range switch 
rotor, which has two contactors. The 
first contactor contacts each resistor in 
turn while the input divider is in the 
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Fig. 22-99B. Schematic diagram for Heathkit Model IM-21 cascaded vtvm. 
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Fig. 22-100A. Block diagram for Hewlett-Packard 400D 

nonattenuating position; the second ro-
tor linger repeats these contacts while 
the input attenuator is in the attenuat-
ing position. On the 0.001-volt range 
C15 is automatically connected to pro-
vide a flat frequency response beyond 
4 MHz. In the 0.003- and the 0.01-volt 
ranges, separate adjustable capacitors 
C14 and C16 are automatically con-
nected to the attenuator to permit set-

m tube voltmeter. 

ting the frequency response at 4 MHz. 
C14 and C16 are also connected to the 
attenuator on the 3- and 10-volt ranges. 
Fixed capacitor C106 (permanently 
connected) flattens the frequency re-
sponse on the 0.03- and 30-volt ranges. 

Cathode follower VI provides a con-
stant high input impedance to the input 
voltage and provides a relatively low 
impedance at its cathode circuit to 
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Fig. 22-1008. Hewlett-Packard Model 400D vacuum-tube voltmeter. 

drive the step attenuator. The voltage 
,gain factor across V1 is 0.95. 

Amplification of the signal voltage is 
provided by a four-stage stabilized am-
plifier consisting of tubes V2 through 
V5. The amplifier provides between 55 
and 60 dB of gain, with about 55 dB of 
negative feedback at midfrequencies. 
The feedback signal is taken from the 
plate of output amplifier V5, through 
the meter rectifiers and gain-adjusting 

circuit, to the cathode on input ampli-
fier V2. Variable resistor R107 in the 
feedback network adjusts the negative 
feedback level to set the basic gain of 
the amplifier at midfrequencies, while 
adjustable capacitor C102 permits set-
ting the amplifier gain at 4 MHz. Vari-
able resistor R118 in the coupling cir-
cuit between V4 and V5 permits adjust-
ing the gain of the amplifier at 10 Hz 
by controlling the phase shift of low-
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Fig. 22-100C. Simplified schematic of meter bridge circuit. 
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Fig. 22-100D. A front view of Hewlett-
Packard Model 400D vacuum-tube volt-

meter. 

frequency signals between these two 
stages (increasing phase shift decreases 
degeneration and increases gain). 

Variable resistor R119 in the grid-
return path for V3, V4 and V5 adjusts 

POSITIVE HALF OF CYCLE 

•••III.. 

nOE. 
NEGATIVE HALF OF CYCLE *IS% 

S, i MI"' 
-.. I ...... 

the total transconductance of these 
tubes in order to restrict the maximum 
gain-bandwidth product of the ampli-
fier. The gain-bandwidth product must 
be restricted to give a smoth frequency 
response rolloff above 4 MHz and to 
prevent possible unstable operation at 
frequencies far above 4 MHz when 
tubes having usually high transconduc-
tance are used. The plate voltage from 
V5 is fed to the meter output terminals 
for monitoring purposes. The current 
through V5 and thus the signal voltage 
at the cathode is affected by the loading 
of the meter rectifiers. For signal levels 
causing third-scale or more meter de-
flection, this distortion consists of a 
very small irregularity near 0 volts on 
the waveform as each diode begins con-
duction. 

The meter rectifier circuit consists of 
two silicon diodes and two capacitors 
connected as a bridge, with the indicat-
ing meter across the midpoints as 
shown in Fig. 22-100C. The diodes pro-
vide full-wave rectification of the sig-
nal current for operating the meter. 
Electron flow through the meter is sup-
plied in the following manner. During 
the positive half-cycle of the plate volt-
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age on V5, rectifier CR1 conducts elec-
trons from both C32 and C33 back to 
the B-F bus. The portion of electrons 
from C33 flows through the meter on 
the way to B+. At this point in the 
cycle, both C32 and C33 are charged to 
the potential of B+ minus some small 
drops in R51 and R52. 

During the negative half-cycle of the 
plate voltage of V5, rectifier CR2 con-
ducts electrons back to both C32 and 
C33 from the plate of V5. That portion 
of electrons going back to C32 flows 
through the meter on the way, in the 
same directions that the electrons 
flowed in the first positive half-cycle. 
At this point in the cycle, both C32 and 
C33 are discharged. The pulsating cur-
rent through the meter is smoothed by 
C34 to prevent meter-pointer vibration 
when low-frequency signals are mea-
sured. The current is proportional to 
the arithmetic average value of the 
waveform amplitude of the signal. 
Meter calibration in rms volts is based 
on the mathematical ratio between the 
average and rms values of true sine-
wave current. 

In addition, the bridge circuit serves 
as a segment of a voltage divider (in 
series with Lil and R108) connected 
across the output of the amplifier. The 
negative-feedback voltage fed to the 
input of the amplifier is obtained across 
L11 and R108. The alternating charge 
and discharge of C32 and C33 produce, 
at their junction with L11, an alternat-
ing current of the same phase and 
waveform as that at the plate of V5. 
This phase is negative with respect to 
the input signal applied to the first stage 
of amplifier V2, and drives the negative 
feedback network. 

The power supply consists of tubes 
V6 through V9 and the associated cir-
cuits, as shown in the schematic dia-
gram of Fig. 22-100B. The power sup-
ply furnishes regulated +250 Vdc for 
the plate and grid bias circuits of tubes 
V1 through V5, and unregulated 12.6 
Vdc for the heater supply of tubes VI 
through V4, and 6.3 Vac for heater sup-
ply of V5 through V8. The power sup-
ply is designed to operate from either a 
115-volt (plus or minus 10 percent or a 
230-volt ac power source of 50 to 1000 
Hz. 

The output of rectifier V6 is applied 
to the voltage-regulator circuit consist-
ing of V7 through V9, which supplies a 

1357 

constant +250 Vdc to the stabilized am-
plifier circuit of the voltmeter. Tube V7 
is the series regulator tube, and V9 
provides a fixed reference voltage drop 
with which the output voltage is ap-
plied to the control grid of V8B while 
the reference voltage is applied to its 
cathode. The difference between the 
control-grid and cathode voltages con-
trols the operating point of V8B and 
thus its plate voltage, which in turn 
supplies the grid voltage for regulator 
V7. Any change in the regulated output 
of V7 produces a correction in the grid 
bias of V7 through the action of V8B. 
This action results in an essentially con-
stant output voltage despite changes in 
line voltage or load on the supply. The 
gain of V8B is high enough to keep the 
output at the V7 cathode regulated to 
within plus or minus 1 Vdc as the V7 
plate voltage is varied plus or minus 10 
percent, with about 60 mA of load cur-
rent. The response of the regulating cir-
cuits is fast enough to reduce the ripple 
in the output voltage to less than 1 
millivolt, supplementing the filtering 
action of C30. Capacitor C36 couples the 
ripple component in the regulated out-
put directly to V8B to avoid attenuation 
by R62. Resistor R57 shunts a small 
portion of the load current around V7 
to prevent excessive V7 plate dissipa-
tion at high line voltages. Resistor R63 
and capacitor C35 constitute a low-pass 
filter which prevents noise generated in 
V9 from reaching V8B. 

The heater supply for the voltmeter 
tubes is divided into two sections. One 
section supplies de voltage for the tubes 
in the input cathode follower and the 
amplifiers, while the other section sup-
plies ac voltage for the tubes in the 
power supply. The voltage required for 
the heaters of tubes VI through V4 is 
obtained from the 6.3- and 7.3-volt sec-
ondary windings of transformer Ti. The 
voltage developed across the two series-
connected windings is rectified by full-
wave rectifier CR3, reduced to 12.6 volts 
by R66 and R68 in parallel, and applied 
to the series-parallel-connected heaters 
of VI through V4. The series-parallel 
connection of the four heaters estab-
lishes a voltage of 6.3 Vac from one of 
the windings which drives CR3. The 
heaters of V6, V7 and V8 receive 6.3 Vac 
from a separate 6.3-volt secondary 
winding of Ti. A front view of the in-
strument appears in Fig. 22-100D. 
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Fig. 22-101. Schematic circuit for a 

22.101 What is a cascoded vac-
uum-tube voltmeter?—It is a vacuum-
tube voltmeter using a cascoded ampli-
fier, as described in Question 12.88. The 
purpose of its use in a vacuum-tube 
voltmeter is to provide high stability, 
low internal noise, and increase the 

cascode-coupled vacuum-tube voltmeter. 

high-frequency response. The instru-
ment to be described is quite similar to 
that of Question 22.99. It has the same 
voltage and decibel range but the high-
frequency response is not as great, as it 
is limited to about 300 kHz on the lower 
ranges, and 40 kHz on the higher 



TEST EQUIPMENT 

ranges. Voltage ranges are 10 millivolts 
to 300 volts rms. 

Referring to Fig. 22-101, the input 
signal voltage is applied to the control 
grid of V1, a 6C4 tube connected as a 
cathode follower. This tube presents a 
high impedance to the voltage under 
measurement (about 1 megohm), and a 
low impedance to the voltage divider in 
its cathode circuit. The output from the 
voltage divider is applied to the con-
trol grid of V2A (half a 12AT7 tube) 
which is cascode coupled to its other 
section V2B. The plate of V2B is direct 
coupled to the control grid of V3A, a 
second 12AT7, then cathode coupled to 
its other half, V3B, and serves to drive 
the indicating meter. The meter circuit 
with its four diodes is returned in a 
negative feedback loop to a 10-ohm 
potentiometer in the cathode circuit of 
V2A. This control is used to calibrate 
the instrument against a source of 
known voltage. The capacitor connected 
across the meter movement aids in re-
moving low-frequency flutter of the 
meter movement when frequencies be-
low 40 Hz are measured. 

Input voltages between 10 millivolts 
and 3 volts are applied to the input of 
tube V1 and measured at its cathode. 
For input voltages of 10 to 300 volts the 
voltage to be measured is applied to a 
voltage divider connected directly to 
the voltage source, through a series ca-
pacitor and resistor. It is important that 
the four diodes (D1 to D4) in the me-
tering circuit be of the type specified, or 
ones having a good high-frequency re-
sponse. The diode D5 used in the half-
wave rectifier circuit to supply the op-
erating voltages can be a silicon diode 
having an rms rating of 400 volts at 75 
milliamperes. 

22.102 Describe the circuitry for a 
vacuum-tube voltmeter using a linear de-
cibel scale.—Linear decibel scales are 
used with vacuum-tube voltmeters to 
eliminate crowding of the calibrations 
at the lower readings, and they are very 
useful in estimating fractional parts of 
a decibel because of its linear deflection. 
To accomplish linear deflection for a 
logarithmic quantity, the pole pieces of 
the meter are shaped to respond loga-
rithmically (see Questions 22.19). For 
this type of operation, the meter has no 
zero calibration. Its normal position 
(without an input signal) is at the left-
hand off-scale stop. Such a meter, man-
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ufactured by Ballantine Laboratories, 
Inc., is pictured in Fig. 22-102A. It will 
be noted that the meter scale is cali-
brated logarithmically for voltage and 
linearly for decibels. Both voltage and 
decibels are calibrated in terms of the 
rms values of a sine wave. 

Since the input amplifier always op-
erates with the same basic sensitivity 
(0.001 to 0.01 volt), an attenuator is 
provided for reducing higher voltage 
levels to this range. Actually, the volt-
age divider network consists of three 
separate attenuators providing reduc-
tions of 10:1, 100:1, and 1000:1. 

At very low frequencies the attenua-
tion ratio is determined entirely by the 
resistors. However, at the higher fre-
quencies capacitive compensation is 
necessary to compensate for circuit 
strays, input capacitance of the ampli-
fier, and other factors. The crossover 
from resistive to capacitance attenua-
tor occurs at approximately 25,000 Hz. 
A schematic diagram of the instrument 
is given in Fig. 22-102B. It will be ob-
served that no compensation is em-
ployed on the X1000 and x100 steps 
because of the relatively low resistance 
involved and the negligible reactive 
component of the resistors. Thus capac-
itor C6 serves to adjust the high-fre-
quency response for the X10, X100, and 
X1000 steps. 
The amplifier section consists of four 

capacitively coupled pentode stages. The 
first three stages are operated to pro-
vide voltage gain, while the final stage 

Fig. 22-102A. Ballantine Laboratories 
Model 300G logarithmic vacuum-tube 

voltmeter. 
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Fig. 22-102B. Schematic diagram for Ballantine Model 300G vacuum-tube voltmeter. 
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is used as a transducer to convert volt-
age to current for the rectifier meter 
circuit. When the instrument is oper-
ated as an amplifier only, the fourth 
stage also provides voltage gain. 

Local feedback is achieved up to 8 
dB or greater by the use of unbypassed 
cathode resistors, with an overall feed-
back of 32 dB or greater to minimize 
distortion and gain changes. The am-
plifier response to frequency without 
feedback is shaped to fall off from the 
rnidband value at a rate of approxi-
mately 6 dB per octave. As a result, 
with the amount of feedback available, 
the stability of the amplifier at the band 
extreme (10 Hz to 250 kHz) is essen-
tially the same as in the midband. 

The high-frequency response is ad-
justable over a narrow range by means 
of inductor LI in the cathode circuit of 
tube Vl. The gain and sensitivity (for 
calibration purposes) is adjustable over 
a small range by means of R16 in the 
feedback network. The heater of the 
input stage is operated on direct cur-
rent to minimize the line-frequency 
component injected in the low-level 
stage when voltages at the line fre-
quency are measured and to reduce its 
harmonics. 

The ac current available from the 
final amplifier stage is passed through 
the rectifier meter circuit and the feed-
back network to ground. The rectifier 
circuit is composed of two silicon diode 
rectifiers in full-wave bridge circuit. 
Capacitor C19 connected in parallel with 
the meter tends to reduce flutter at the 
lower frequencies. The response of the 
meter circuit is the average although it 
is calibrated to read in terms of a sine 
wave. Resistor R38 and R40 provide ad-
justment of the meter scale on range 1. 
A small current determined primarily 
by the value of R40 and the potential at 
the top of the rectifier circuit is passed 
through the rectifier to ground. The di-
vision and direction of this current 
through the meter is determined by the 
position of the arm on potentiometer 
R38. The nonlinear characteristic of the 
diode rectifiers is reduced to a negligible 
amount by connecting the rectifier cir-
cuit within the feedback loop. 

Amplifier plate and screen voltages 
are supplied by a full-wave rectifier 
6X4, employing an RC filter network, 
and an 0A2 (V5) gaseous regulator 
tube. Heater voltage for tube V1 is ob-
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tamed from a full-wave rectifier em-
ploying silicon junction diodes and a 

capacitance filter. All other heaters are 
operated from ac and balanced to 
ground by a center tap on the heater 
winding. 

The voltage range for this meter is 
1 millivolt to 1000 volts, in six full-scale 
decade ranges. Frequency response is 
10 Hz to 250 kHz, with accuracy of 1 to 
2 percent, depending on the scale used 
and the frequency. Input impedance is 
2 megoluns shunted by 15 pF, decibel 
range is minus 60 to plus 60 dB (re: 
1 volt). The logarithmic voltage scale 
from 1 to 10 provides a 10-percent over-
lap at both ends of the scale. The linear 
decibel scale indicates 0 to 20 dB. Linear 
decibel scales may be applied to either 
vacuum-tube or transistor-type volt-
meters. 

22./03 What is the effect of non-
sinusoidal waveforms on the accuracy of 
voltmeters calibrated to read in terms of 
the rms value of a sine wove?—.The fol-
lowing data apply to both transistor and 
vacuum-tube voltmeters calibrated to 
read in terms of rms value of a pure 
sine wave, unless they are of the true-
rms-responding type. If the voltage un-
der measurement contains an appreci-
able amount of harmonics, the error in 
the reading will depend on the magni-
tude and phase of the harmonics. (See 
Questions 22.98 and 23.166.) 

For a meter calibrated to read the 
average voltage, which is the calibra-
tion generally used for vacuum-tube 
voltmeters, a greater variation will be 
noted when an appreciable amount of 
third harmonic is present than when 
the waveform contains second har-
monic components. The reading of the 
meter will always be lower for the sec-
ond harmonic than the rms value. The 
reading of a waveform containing a 
third harmonic may be either higher or 
lower for harmonic components up to 
75 percent. 

Third harmonics will cause a greater 
variation than any other harmonic. The 
extremes of error with small amounts 
of odd harmonics are given by the per-
centage of the harmonics divided by the 
order of the harmonic. For the worst 
condition (third harmonic), the accu-
racy of an average-reading vacuum-
tube voltmeter is still good. Third har-
monics up to 10 percent will only cause 
errors up to 3.3 percent. 
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Voltage values which might be read 
on a vacuum-tube voltmeter calibrated 
to read rms value of a sine wave com-
pared to the voltage as read on a peak-
reading meter and the true rms value 
are given in the table in Fig. 22-103. The 
first column is the magnitude of the 
harmonic in terms of the fundamental 
voltage. The second column is the actual 
effective value of the voltage. This is 
the value which would be indicated by 
a thermocouple meter. The third col-
umn gives the range of readings which 
will be obtained using an average-read-
ing meter. Where two values are given, 
these are the limits which are deter-
mined by the phase relationship of the 
particular harmonic. The fourth column 
is the indication which would be ob-
tained with a peak-reading meter cali-
brated in terms of the rms value of a 
sine wave. 

22.104 What is the percentage error 
when a nonsinusoidal waveform is ap-
plied to a vtvm calibrated in rms or peak 
voltage of a sine wave?—The expected 
errors are given in the following table: 

Harmonic 

Second 
Third 
Fourth 
Enharmonic 

Error 
Average 

Meter (ruts) 

0 to 1.8% 
—6.6 to 6.6% 
0 to 1.7% 

1.0% 

Error Peak 
Meter 

—20 to +20% 
—20 to +20% 
—18 to +20% 

20% 

The values given are for the har-
monic phase angles giving maximum 
positive and negative errors. The last 
line pertains to extraneous current 
whose frequency is not an integral mul-
tiple of the fundamental frequency. The 
advantage of the average-value indica-
tion is apparent, especially when mea-
surements are to be made using ac volt-
age sources of questionable purity. (See 
Question 22.103.) 

22.105 How do nonsinusoidal wave-
forms affect a peak-reading voltmeter?— 
With a peak-reading, type vacuum-tube 
voltmeter, the limits of error can the-
oretically range from 100 percent low to 
infinitely high. Since the deflection of a 
peak-reading meter is proportional to 
the peak of the applied waveform, the 
maximum reading will be obtained 
when the relative phases of the wave-
form components are such that a peak 
of the harmonic coincides with the peak 
of the fundamental frequency. The 
maximum reading for a given magni-
tude of harmonic will thus be the same, 
regardless of the order of the harmonic. 
The peak maximum value will be 

obtained when the peak of the harmonic 
is in phase opposition to the peak of the 
fundamental. The lowest minimum peak 
value will be obtained with low-order 
harmonics. As the order of the harmonic 
is increased, the minimum peak value 
will increase until it approaches the 
maximum peak value (when the fun-
damental and the harmonic peaks coin-
cide). The reason that the minimum 
reading increases as the amount of the 
harmonic is increased, is that the har-
monic ultimately causes neighboring 
peaks to be formed. These peaks are 
what the meter responds to and their 
amplitude increases with the increased 
harmonic. The higher the order of the 
harmonic, the smaller is the percentage 
at which these peaks form. Possible er-
rors occur when the phases of the sec-
ond or third harmonics are such as to 
cause the minimum possible reading of 
the meter. Higher harmonics will give 
minimum readings that progressively 
approach the maximum possible read-
ings. 

If the error for a peak-reading meter 
is compared with that of an average-
reading meter, the superiority of the 
average-reading meter in approximating 

Percent 
Harmonic 

Actual Rms 
Value 

Average Value 
VTVM 

Peak-Indicating 
VTVM 

0 100 100 100 
10 2nd 100.5 100 90-110 
20 2nd 102 100-102 80-120 
50 2nd 112 100-110 75-150 
10 3rd 100.5 96-104 90-110 
20 3rd 102 94-108 82-120 
50 3rd 112 90-116 108-150 

Fig. 22-103. True rms values versus peak-indicating meter readings. 
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the true rms value of the waveform 
will at once be apparent. (See Question 
22.103.) 

22.106 What effect do hum fre-
quencies hare on measurements made 
with an average- or a peak-reading volt-
meter?—The hum voltage will probably 
be measured with the signal voltage 
under measurement. If a high fre-
quency is being measured and the hum 
voltage is 10 percent of the signal volt-
age, it will increase the reading of an 
average-reading meter about one-half 
as much as it would increase the read-
ing of a true rms meter. 
On the other hand, a peak-reading 

meter will add the hum voltage linearly 
to the desired voltage reading. Thus, 
the meter reading is increased by an 
amount approximately equal to the 
hum-voltage amplitude. 

22.107 How may a vacuum-tube 
voltmeter be used as an ammeter?—By 
connecting a shunt resistor across the 
input of the vacuum-tube voltmeter and 
then connecting the shunt in series with 
the circuit in which the current is to be 
measured. (See Fig. 22-107.) 

The voltage drop across the resistor 
is read on the vacuum-tube voltmeter 
and the current is computed by using 
Ohm's law: 

., E 
▪ = — 

R 
where, 
R is the shunt resistance in ohms, 
E is the voltage drop measured on 

the meter. 

The shunt resistor must be capable of 
dissipating the power of the circuit 
under measurement. 

If the meter scales are calibrated in 
ratios of ten, and the shunt resistors are 
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selected in ratios of ten, the current may 
be read directly from the meter in ra-
tios of ten. Thus, if a 1-ohm shunt is 
used, 1 ampere would be indicated as 
1 volt. A table of current readings for 
shunt resistors ranging from 0.10 ohm 
to 1000 ohms read on a meter scale of 
1 volt is given below. 

Resistance Current 

0.10 ohm 10 amperes 
1.0 ohm 1 ampere 

10 ohms 100 milliamperes 
100 ohms 10 milliamperes 
1000 ohms 1 milliampere 

22.108 Describe a phase meter and 
how it functions.—A phase meter is an 
electronic instrument used for the mea-
surement of phase difference between 
two ac signals. A precision phase meter, 
Model 406H, manufactured by Ad-Yu 
Electronics, is pictured in Fig. 22-108A. 
A block diagram of this instrument is 
given in Fig. 22-108B. 

Input signal E, is applied to a four-
stage, cathode-coupled limiter, CL11 to 
CL14. The function of the cathode lim-
iter is to produce a square wave with 
the instants during which the wave-
form intersects with the zero axis iden-
tical to those of the input signal. A 
schematic diagram of a cathode-coupled 
limiter stage is shown at (a) in Fig. 
22-108C. 

The control grids of the duotriode 
tube are biased with positive potentials 

VTVM 

Fig. 22-107. Vacuum-tube voltmeter 
used as an ammeter. 

Fig. 22-108A. Ad-Yu Electronics Model 406H precision phase meter. 
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Fig. 22-1088. Block diagram for Model 
by Ad-Yu 

Ea and Ea, respectively. When the in-
put signal increases from zero, the po-
tential at the cathode of both sections 
increases. The control grid of the second 
section is held constant by Ea; thus the 
potential at the plate of the second sec-
tion increases. As the signal continues 
to increase, the potential at the cathodes 
will be high enough to cut off the plate 
current of the second section; there-
fore, the waveform at the plate of the 
second section becomes flat-topped. 
When the input signal increases neg-

atively from zero, the cathode potential 
decreases at a slower rate and the plate 
current of the second section increases 
because its control grid is held constant 

2 OEZ--

8 + 

IN 

EC I E C2 

(a) Cathode-coupled limiter. 
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(b) Coincident slicer. 

Fig. 22-108C. Basic circuits for Ad-Yu 
Electronics Model 406H phase meter. 

CI-14 

CL24 

COINCIDENT 

SLICER 

METER 

406H precision phase meter manufactured 
Electronics. 

by Ea. As the signal continues nega-
tively, the control grid to cathode po-
tential of the first section will reach a 
value high enough to cut off the plate 
current and the output waveform be-
comes flat-topped again. Before limiting 
action occurs, the gain of a cathode-
coupled limiter is approximately equal 
to: 

idta  
2 (R8 — 1‘) 

where, 
RIS is the plate-load resistance of the 
second section, 

, is the plate resistance of the second 
stage, 
is the amplification factor of the 
tube. 

With conventional duotriode tubes, a 
gain of 10,000 can be secured with four 
stages of cathode-coupled limiters. Both 
input signals are transferred into two 
square waves by means of separate 
four-stage, cathode-coupled limiters 
and then fed into a coincident slicer cir-
cuit. The circuit diagram of the coin-
cident slicer is given at (b) in Fig. 
22-108C. A gated-beam tube with two 
control grids, G. and G., is employed. 
Both control grids, G. and G., are 
biased positively with respect to its 
cathode and both applied signal voltages 
are negative. The plate current of the 
gated-beam tube cannot flow unless G, 
and G. are simultaneously above their 
cutoff values. 
When both input signals are at their 

most negative positions, plate current 
cannot flow. Assume the dotted line (1) 
in the waveform shown at (b) of Fig. 
22-108C represents the cutoff level and 
the dotted line (2) the saturation level 
of both grids G. and G.. When the 
potentials at G. and G. are being in-
creased from a value below cutoff, the 
plate current will start to flow as soon 
as the voltages of G. and G. are either 
equal to or above the dotted line (1). 
Thereafter, the plate current continues 
to increase if the potential at G. and G. 
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continues to increase. As soon as the 
potentials at Gi and en reach dotted 
line (2), the plate current reaches its 
maximum value and will no longer in-
crease. If the irregularities of both input 
signals, rounded corners, and overshoots 
are outside the region of dotted lines 
(1) and (2), the plate current will not 
be affected by such irregularities. 

Fig. 22-108D shows the waveforms at 
various points of the circuits. Ei and E2 
are the input signals; E2' and E2' are 
output signals of the two four-stage, 
cathode-coupled limiters. The rounded 
corners are exaggerated for low-fre-
quency signals, but not for high-fre-
quency signals. Dotted lines (1) and (2) 
represent the cutoff and saturation 
levels, respectively, of the gated-beam 
tube used in the coincident slicer. Ib 

represents the waveform of the plate 
current of the coincident slicer. The 
complete schematic diagram appears in 
Fig. 22-108E. Assume T to be the period 
of the applied signals and et) to be their 
phase angle. The average plate current 
(ha) can be expressed: 

Iba = = k4OE 

where, 
I» is the peak value of the plate cur-

rent of the gated-beam tube, 
k is a constant. 

Therefore the output meter can be cali-
brated to read the phase angle between 
E1 and E4 directly. 

It is known that stray capacitance 
and lead inductance can produce 
rounded corners and overshoots on a 
square-wave signal. This effect is very 

El 

EZ 

E2' 

t=4-

IBA— % 
— 141 1— 

T  

Fig. 22-108D. Waveforms at various 
points in the circuit of the Ad-Yu Elec-

tronics Model 406H phase meter. 

serious if a sum amplifier is used for 
phase measurement instead of a coinci-
dent slicer as used in conventional 
phase meters. Another advantage of 
using a coincident slicer is that the 
output meter reading can be made vir-
tually independent of the variations in 
the output amplitudes of the cathode-
coupled limiters or voltages of the tubes. 
Since the instrument employs two four-
stage cathode-coupled limiters, a gain 
of about 10,000 is achieved for each in-
put channel. The output meter reading 
is completely independent of variations 
in signal amplitudes. 

Used in conjunction with an accurate 
phase shifter, this instrument may be 
employed for the measurement of phase 
angles with an accuracy of better than 
025 degrees at fractions of 1-degree 
phase difference between two signals. 

22.109 What is an in-the-circuit 
capacitor testerP—A capacitor tester de-
signed to test capacitors installed in a 
circuit without disconnecting them. The 
device will test capacitors for internal 
short circuits and opens, even though 
the capacitor is connected in parallel 
with a resistor of 50 ohms. The sche-
matic diagram for such a tester is 
shown in Fig. 22-109A. The circuit con-
sists of two parts: one for testing shorts 
and the other for testing opens. 

For the open-circuit test, tube V1 
operates as a Hartley oscillator on an 
approximate frequency of 20 MHz. In-
ductance L2 is a coupling coil to the 
tank circuit of oscillator coil LI. The 
circuit, composed of C5, C6, L3, and 
the test cable, is designed to appear to 
coupling coil L2 as a quarter-wave line, 
and has the characteristics of a quar-
ter-wave line; that is, an open circuit 
at one end of the line (open-circuit 
capacitor) appears as a short circuit at 
the other end, and a short circuit (ca-
pacitor with an internal short circuit) 
appears as an open circuit. 
A good capacitor will reflect an open 

circuit to the junction of L2 and CR2, 
which in turn develops a voltage which 
is rectified by CR2. Therefore, when the 
test switch is closed, a negative voltage 
is applied to the control grid of V2, a 
6E5 electron-ray tube, causing the eye 
to close. 

In the short-circuit test position, if 
the test leads are connected to a good 
capacitor, the ac voltage from the fila-
ment winding of transformer Ti ap-
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Fig. 22-108E. Schematic diagram for Ad-Yu Electronics Model 406H phase meter. 

pears at the control grid of V2, causing 
the eye to close. If the test leads are 
connected to a capacitor with an inter-
nal short circuit, the ac voltage from 
the filament winding of Ti is shorted 
across resistor RI and no voltage ap-

pears at the control grid of V2. This 
permits the eye to remain open. 

Intermittent capacitors are indicated 
by a fluttering of the eye. 
Any type of capacitor from 20 pF up 

to and including 2000 /.4F may be 
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checked for shorts or an open. Capaci-
tors of 0.10 1.4F may be tested with a 
resistor of 20 ohms in parallel. Good 
capacitors of less than 20 pF will indi-
cate an open circuit. 

The device with the suspected capac-

1.20MHz 
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itor must be disconnected from the 
power line when making tests. 

22.1 /0 What is a direct-reading 
capacitance meter?—In a direct-reading 
capacitance meter, as shown in Fig. 22-
110, the measurement of capacitance is 
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Fig. 22-109A. Schematic diagram for an "in-the-circuit" capacitor tester. 

SWITCH SHOWN IN 
100pF RANGE 6BX7GT 

UNKNOWN 
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Fig. 22-110. Schematic diagram of a direct-reading capacitance meter. 
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II7V 

Fig. 22-111A. Electrolytic capacitor leakage tester. 

accomplished by rectifying a square-
sided pulse and reading the average 
value of the voltage on a meter cali-
brated in microfarads. The impedance 
of the meter circuit, in conjunction with 
the unknown capacitor, determines the 
shape of the pulse and, consequently, 
the average value of rectified voltage. 

The capacitor meter consists of a 
type 6BX7GT tube in a cathode-coupled 
multivibrator circuit. A 100-ohm resis-
tor in the cathode circuit provides a 
common impedance for both sections of 
the tube, which is necessary to main-
tain oscillation, and is the source im-
pedance of the pulse used for the mea-
surement of capacitance. A range switch 
permits the selection of various capaci-
tors in a feedback loop between the 
plate of the second section and the con-
trol grid of the first section. Four cali-
brating resistors are provided, one for 
each range of capacitance measure-
ment. The value of the calibrating re-
sistor establishes the pulse repetition 
rate and the maximum value of capaci-
tance that may be read. Oscillator fre-
quencies range from 80 Hz to 80 kHz. 

The pulse repetition rate is such that, 
at the maximum deflection of the meter 
for any range, the waveform of the 
rectified pulse will have decayed to 
zero during the interval between pulses. 
This is necessary in order to maintain 
linearity of the readings throughout the 
full range of the instrument. A conven-
tional power supply with a resistance-

TO 
CAPACITOR 

SOK 

NEON 
TUBE 

Fig. 22-111B. Circuit for testing capaci-
tor leakage. 

120W6WATT 
PILOT LIGHT 

CAPACITOR 

capacitance filter and a 0A2 voltage 
regulator complete the circuit. The tol-
erance of the internal capacitors used as 
a standard and the adjustment of the 
variable resistors determine the accu-
racy of the instrument. Before using 
the instrument, it should be permitted 
to warm up for about 10 minutes. The 
unknown capacitor is connected to the 
test terminals. If the approximate value 
of the capacitor is known, the range 
switch is set to the proper scale; if 
unknown, it is set to the highest scale 
and then to the next lower scale, until 
the proper range is found. The capaci-
tance may then be read directly from 
the meter scale, noting the position of 
the range switch. 

22.111 Describe a capacitor leakage 
tester.— The leakage tester circuit 
shown in Fig. 22-111A consists of a 
600-volt transformer, a type 5881 tube 
used as a series current regulator, a 
series pilot lamp to protect against short 
circuits, a voltmeter, and a milliam-
meter. 

The milliarnmeter has a range of 0 to 
30 mA, and the voltmeter has three 
scales covering full-scale deflections of 
10, 100, and 1000 Vdc. The 5881 tube is 
used both as a half-wave rectifier and 
as a series current regulator, with a 
potentiometer Pl used for controlling 
the voltage at the control grid. In this 
manner the output voltage may be var-
ied from zero to full voltage across the 
capacitor. 

In operation, the test voltage is 
slowly brought up from zero to the 
rated voltage of the capacitor, while the 
leakage current is kept below 10 mA, 
thus reducing the in-rush current and 
preventing the capacitor from overheat-
ing. The leakage current is read after 
several minutes to allow it to become 
normal, with allowance made for the 
capacitor age and ambient temperature. 

If the leakage current is high, the 
capacitance should be measured, as 
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electrolytic capacitors will often mea-
sure up to 60 percent higher than their 
rated capacitance. If the capacitance is 
satisfactory, the capacitor can then be 
considered to have high leakage. If the 
current fluctuates and refuses to settle 
down when the rated voltage is reached, 
it is generally an indication of inter-
mittent leakage and the capacitor 
should be discarded. 

The maximum permissible leakage 
current may be calculated as: 

I=K x C-F 0.30 
where, 
I is the permissible leakage current in 
milliamperes, 

K is a constant taken from the table 
below, 

C is the rated (or measured) capaci-
tance in microfarads. 

(See Question 25.30.) 

K WVDC 

0.01 3 to 100 
0.02 101 to 250 
0.03 251 to 350 
0,04 351 to 500 and above. 

A simplified capacitor leakage tester 
consisting of a battery (or other source 
of voltage), an NE-51 neon lamp, and 
two resistors is given in Fig. 22-111B. 
If voltage is applied to a capacitor and 
the current through the capacitor cre-
ates a voltage drop across the 30,000-
ohm resistor causing the neon lamp to 
glow, leakage is present. If the leakage 
current is small, the lamp will remain 
dark. If it flashes intermittently, leak-
age is present, or if it glows continu-
ously it is a sign of an internal short. 
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When first applying the tester to a ca-
pacitor, the lamp will glow for a few 
seconds and then go dark. 

Capacitors using oil, paper, or one of 
the other low-leakage dielectrics may 
be tested in a similar manner; however, 
these capacitors generally show no 
leakage, or may flash once in 10 seconds 
or so, or not at all. 

22.112 What is a graphic level re-
• corder and what is its purpose?— A 
graphic level recorder is an instrument 
for automatically plotting the electrical 
response of a device under test. When 
operated in conjunction with a sound-
level meter or some other source of 
sound pickup, it can be used to plot the 
acoustical delay characteristic of re-
cording stages, auditoriums, or for re-
cording mechanical vibration by con-
necting the proper transducer to the in-
put. The plot is made on a moving strip 
of paper calibrated to read in decibels, 
voltage, current plions, sones, or other 
units. It can also be used for plotting 
the electrical response of amplifiers, fil-
ters, equalizers, or any other device in 
a rectilinear or logarithmic manner, 
and in some instances the recorder 
plots in both manners. Such an instru-
ment is ideal for routine testing of mi-
crophones and speakers in conjunction 
with an anechoic or quiet room. The 
paper strip is driven by a synchronous 
motor and is generally capable of mov-
ing at several different speeds. 

Pictured in Fig. 22-112A is a Model 
2305 level recorder, manufactured by 
Brüel and Kjaer of Denmark. The basic 
diagram for this instrument is given in 
Fig. 22-112B. The recorder has been de-

Fig. 22-112A. Briiel and Kjaer Model 2305 level recorder. 
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Fig. 22-112B. Basic diagram for Brilel and Kjaer Model 2305 level recorder. 

signed to respond to frequencies be-
tween 2 Hz and 200 kHz. 
The operation of the recorder is 

based on the servo principle. When the 
magnitude of the voltage applied to the 

input terminals is changed, a current 
will flow through the driving coil of 
the writing system, thus moving a sty-
lus (pen) mechanically coupled to a 
range potentiometer. By the movement 
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Fig. 22-112C. Basic circuit for electronic chopper used in the dc output amplifier for 
the Briiel and Kjaer level recorder. 

Fig. 22-112D. General Radio Co. Model 1521B graphic level recorder. 

of the stylus, a voltage delivered from 
a potentiometer to an input amplifier is 
altered until a stable condition is ob-
tained. In this way it is possible to 
make recordings for different ranges of 
input voltage by employing different 
range input potentiometers. 

Electronically, the recorder consists 
of an input potentiometer, attenuator, 
and a direct-coupled ac amplifier. A 
signal rectifier and dc output amplifier 
drive the electrodynamic writing sys-
tem. The input signal is fed to the con-

Nell•I•III 

tinuously variable input potentiometer 
and then to a calibrated input attenua-
tor, whose impedance is approximately 
constant, varying between 16,000 and 
18,000 ohms. The input attenuator de-
creases the input signal in six 10-dB 
steps for a total range of 60 dB. Inter-
changeable input potentiometers are 
available for a wide range of operation 
for either linear or logarithmic opera-
tion. 
The voltage developed between the 

variable arm of the range potentiome-
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ter and ground is fed to an electro-
mechanical chopper. When an ac signal 
is recorded, the chopper arm is held in 
one of its two contact positions. How-
ever, when switched to dc, the chopper 
will operate at twice the line frequency, 
supplying an ac signal to the following 
amplifier. The nonchopped or chopped 
signal is applied to a balanced direct-
coupled amplifier. Unwanted blocking 
of the amplifier due to overdriving (re-
sulting in an overshoot in the plot) is 
eliminated, and the influence of the 
variations in supply voltage are de-
creased to a miniminn. A balanced am-
plifier enables the output from the sig-
nal rectifier, which follows after the 
amplifier, to be symmetrical with re-
spect to ground. By using ac as well as 
de negative feedback, the lower limit-
ing frequency of the amplifier is easily 

LOG 
POT 

controlled. Because of the feedback ar-
rangements, the dc amplification is ap-
proximately 270, while the ac amplifica-
tion is on the order of 4500. 
The rectifier can be switched to mea-

sure either true rms, arithmetical av-
erage, or half the peak-to-peak value 
of the input signal. The lower frequency 
limits of the recorder may be set for 2, 
10, 20, 50, or 200 Hz. To avoid overdriv-
ing by the high-level rapidly fluctuat-
ing signals, an amplitude limiter is in-
cluded. The characteristics of the limiter 
are such that the drive system has full 
power when the fluctuations reach their 
limit. 
The output signal from the limiter is 

now de and is compared with a built-in, 
balanced, de reference voltage. The dif-
ference between these two signals is 
used to drive the output amplifier 

I-VOLT 
REFERENCE 

I 
I 
L   

Fig. 22-112E. Block diagram 

ERROR 
VOLTAGE . 

VELOCITY 
 FEEDBACK 

COIL 

for General Radio Model 1521B graphic level recorder. 

Fig. 22-112F. Heathkit Model EUW-20 servo recorder. 



TEST EQUIPMENT 1373 

R
E
L
A
T
I
V
E
 
S
O
U
N
D
 
L
E
V
E
L
 
d
B
 

80 

70 

60 

50 

40 

30 

20 

10 

o 

II • • • • • • • • • • • • • • • • • • • • 
CHART 01-505 pews. ex s • 

REVERBERATION TIME 
T-12 SECONDS 

, 
SPEED •200ESEC 
OVERSHOOT) 

WRITING 
( 3dB 

PAPER SPEED 
DIV=0.2 

. 300 
SEC 

DIV/SE 
i I 
I 

i 

60dB 
1 

L i 

I 

i 
AVERAGE SLOPE 

i 

1 

i 

i 

i 

I 

I 

t4-- T 1.2SECONDS•+ 
111111111110110110110011000110111 

Fig. 22-112G. A typical graphic recording 

through a second limiter. The difference 
signal is obtained by comparing the rec-
tified and limited input signal with the 
built-in reference voltage, which may 
be attenuated by a step range potenti-
ometer. The latter element controls the 
resolution of the recorder. From the 
range potentiometer attenuator, the sig-
nal goes to a second limiter. This limiter 
is to ensure that the drive signal to the 
output amplifier is independent of the 
magnitude of the servo error signal, as 
soon as it reaches a given value. 

The output consists of a chopper am-
plifier and a push-pull dc power ampli-
fier. The chopper amplifier prevents 
zero-level drift during the amplification 
of very small de signals. A balanced 
modulator operating at a frequency of 
5000 Hz is used for the chopper. After 
the chopper signal is amplified, it is 
rectified by a phase sensitive rectifier, 
then used for controlling the de power 
stage. This latter stage operates a sin-
gle-ended push-pull stage, thus permit-
ting one terminal of the drive coil in 
the electromagnetic recording system to 
be grounded. 
A velocity-dependent signal is devel-

oped from a special winding in the elec-
trodynamic drive system. This signal is 
introduced as a negative-feedback sig-
nal to the input of the output amplifier. 
Thus the feedback signal controls the 
output signal from this section as long 

made by on automatic level recorder. 

as the signal from the second amplitude 
limiter has a constant value, which is 
the situation when the limiter is in op-
eration. In this manner constant speed 
of the writing system is obtained. The 
speed and thereby the damping (aver-
age time) of the writing system is ad-
justed by the writing speed control. The 
basic diagram for the chopper circuit 
is shown in Fig. 22-112C. 
The power supply section contains 

two full-wave and two half-wave recti-
fiers. One full-wave rectifier supplies 
de for the magnetic clutch, the event-
marking arrangement, and the lifting 
magnet. An ac ripple voltage is used to 
drive the electromechanical chopper in 
the recording input circuit. The second 
full-wave rectifier supplies the plate 
voltage to the amplifiers, with the ex-
ception of the tubes in the dc output 
stage. The positive reference voltage * 
for the servo system is also supplied 
from the rectifier and stabilized by a 
zener diode. 

The maximum sensitivity of the re-
corder is 5 mVac and 10 mVdc, with a 
dynamic range of 10 to 75 dB. The 
range potentiometers are of the plug-in 
type and may be changed to fit a partic-
ular requirement. The input impedance 
is 16,000 to 18,000 ohms. Writing speed 
is 2 to 1000 mm/s for 50-mm paper, and 
for 100-mm paper 4 to 200 mm/s. There 
is an internal 60-Hz calibrating signal. 
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Means of coupling the recording me-
chanically to other instruments such as 

an oscillator or analyzer are also pro-
vided, as well as remote control of the 
principal operating controls. Standard 
chart paper may be used, either of the 
ink- or wax-surface type. 

Fig. 22-112D shows a Model 1521B 
graphic level recorder, manufactured by 
the General Radio Co. This recorder is 
somewhat similar to the one previously 

described. Its basic diagram appears in 
Fig. 22-112E. The input signal is fed 
through an input step attenuator to a 
potentiometer which is automatically 
positioned to maintain a constant 1-mV 
signal at the slides arm. This voltage is 
then amplified and rectified by a quasi-
rms detector. The detector output volt-
age is compared with a 1-volt reference, 
and the difference (error) voltage is 
amplified by a de amplifier. The push-
pull output current from the dc ampli-
fier passes through a drive coil sus-
pended in a magnetic field. Interaction 
between the coil current and the mag-
netic field moves the arm on the poten-
tiometer to reduce the error voltage to 
zero (null condition), and also positions 

the pen mounted on the coil assembly. 
Since the potentiometer output is a 
constant 1 mV at null, the attenuation 
of the input potentiometer is directly 

proportional to the level of the input 
signal. By suitable shaping of the po-
tentiometer winding a linear scale in 

decibels is achieved. 
A feedback voltage proportional to 

velocity is subtracted from the error 
signal at the input to the dc amplifier. 
This voltage provides damping so that 
the drive coil will not oscillate and 
varies the servo bandwidth and maxi-
mum writing speed. The moving coil 
then responds to the changes in the in-
put level of a voltage applied to the re-
corder, and a pen fastened to the coil 
traces out these changes on paper. For 
instance, if the input level increases by 
10 dB, the drive coil (along with the 
pen) moves the potentiometer arm to 
restore the voltage to about 1 mV. Since 

the potentiometer is logarithmic, the 
potentiometer arm moves downscale 10 
dB, indicating a level change of 10 dB 
directly on the chart paper. The re-

corder may be used for either ac or de 
input signals. The input impedance is 
10,000 ohms and has a sensitivity of 20 
to 80 dB, depending on the input poten-

tiometer employed. The frequency re-
sponse is 7 Hz to 200 kHz, with writing 
speeds up to 20 ips for a 0.10-inch over-
shoot. Paper speeds are 2.5 to 75 ips. The 
direction of the paper drive may be re-
versed when necessary. Provision is also 
made for mechanically connecting the 
instrument externally to a wave ana-
lyzer, oscillator, or other device. (See 
Fig. 22-51E. 

Fig. 22-112F shows a Model EUW-20 
servo recorder, manufactured by Heath-
kit. This instrument is similar in its 
basic design to the graph recorder just 
discussed, except that it is driven by a 
dc signal. It may be employed for the 
measurement of speeds, pressure, tem-
perature, strain, light radiation, and 
many other uses. The reference voltage 

is obtained from a standard 1.35-volt 
mercury cell. An ordinary cartridge-
type fountain pen is used. 
A typical recording made on an auto-

matic graphic recorder is shown in Fig. 
22-112G. (See Question 22.140.) 

22.113 Describe the basic design 
of oscilloscope cameras.—Oscilloscope 
camera frames are designed in two basic 

styles: the manually operated type 
which can be used for both moving and 
stationary waveforms, and the auto-
matic which can be used either manu-
ally or tripped externally by the signal 

for photographing transient waveforms. 
One of two means of photographing 

the image is used. The most common is 
the Polaroid Land camera, which proc-
esses the picture in 10 seconds, or a 35-
mm photographic film camera, which 
requires development after removal of 
the film from the camera. As a rule, the 
camera frame is designed to use either 
type of camera by means of an adapter. 

The front end of the camera is held to 
the oscilloscope by studs or a clamping 
ring attached to the bezel on the oscillo-

scope. Images photographed, using a 
Polaroid Land camera are photographed 
from the CRT without reversal. 

In certain designs an ultraviolet 
(UV) light is included for illuminating 
the internal graticule of a CRT. The UV 

light excites the phosphor on the CRT 
face, causing it to glow uniformily over 
its entire surface, appearing in the pho-
tograph as an intermediate gray, con-

trasting with the black graticule lines 
and the white image display. The inten-
sity of the UV illumination is variable 

and does not degrade the intensity of 
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the trace. Ultraviolet light produces a 
twofold increase in the film speed by 
presensitizing (prefogging) the film at 
the time the image is photographed. 
Ultraviolet light peaks in the 3560-ang-
strom region, and the uniform glow of 
the excited phosphor lowers the appar-
ent threshold sensitivity of the film. 
This enables it to record dimmer traces, 
thus sharpening the image of both re-
petitive and single sweeps. (See Ques-
tion 18.8.) 

The efficiency of a given phosphor 
screen can be quite important when fast 
single or low repetition sweeps are to 
be photographed. Phosphor type P-11 is 
the most suitable and has the highest 
photography efficiency and should be 
used when maximum writing speed is 
desired. (See Question 22.83.) Other 
phosphors in their descending order of 
efficiency are: P-31, P-2, P-7, and P-1. 
Ultraviolet light cannot be used to ex-
cite phosphor P-1. 

Graticule filters should be removed 
for photography, as they detract from 
the quality of the photograph and re-
quire a longer exposure. Use of an ex-
ternal graticule increases the effects of 
parallax distortion. The exception would 
be the use of a blue filter to eliminate 
cathode glow on some type of nonalum-
inized phosphor CRT's. Blue filters may 
also be used to eliminate yellow after-
glow of long-persistence tubes. 

If the use of an external graticule is 

1375 

necessary, the distance separating the 
phosphor and the graticule causes vary-
ing degrees of parallax. This effect can 
be minimized only by positioning the 
graticule as close to the phosphor as 
possible. The face of the CRT should be 
in contact with the graticule, with no 
filter between them. For maximum ac-
curacy of measurement, only the scale 
graduations near the center are used. 

Because white light is used for grati-
cule illumination, whereas the trace 
fluorescence is colored, matching of the 
trace and graticule intensities should be 
determined by evaluation of prints 
rather than by observation of the dis-
play. Best results are usually obtained 
with the trace appearing to the eye as 
slightly dimmer than the graticule. 
Shown in Fig. 22-113A is a Model 

197A oscilloscope camera, manufactured 
by Hewlett-Packard. The camera em-
ploys an electronic shutter-control cir-
cuit to provide exposure times from 
%.3 to 4 seconds. The shutter may be 
operated electrically from a remote 
source. A sync-output connection pro-
vides synchronization for use with ex-
ternal equipment. Focusing is accom-
plished by using a split-image focusing 
plate in the camera. Normally the cam-
era is used with a Polaroid Land cam-
era film-pack. However, this may be 
removed and replaced with a 4 x 5 
Graflex back. The back can be moved 
vertically through eleven positions for 

Fig. 22-113A. Hewlett-Packard Model 197A oscilloscope camera. 
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Fig. 22-113B. Schematic diagram for Hewlett-Packard Model 197A oscilloscope 
camera with electronic shutter control. 

multiple exposures, or it may be ro-
tated from the horizontal position to 
vertical, permitting several smaller pic-
tures to be taken on one photograph. 
Polaroid film processing starts auto-
matically when the print is withdrawn 
from the camera and it takes 10 seconds. 
The camera frame can be swung to one 
side when not in use. 

Referring to the schematic diagram 
of the electronics in Fig. 22-113B, shut-

ter timing is controlled by a shutter-
speed multivibrator, transistors Q11 and 
Q12, a nonstable multivibrator circuit. 
Initially, with the shutter closed, Q11 is 
biased on, and, due to the cross cou-
pling, Q12 is biased off. When the shut-
ter switch SI is closed, Q11 is turned 
off and Q12 is turned on, thus causing 
the shutter to open. The time the shut-
ter is held open is determined by the 
time constant of resistor R11 and ca-
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Fig. 22-1 1 3C. Tektronix Inc. Model C-12 oscilloscope camera system. 

pacitor C12. Various shutter speeds are 
established by changing the time con-
stants. This is accomplished by shutter-
speed switch S2, which connects addi-
tional resistance in parallel with R11 
and, for lower speeds, through switch 
S4A for additional capacitors in parallel 
with C12. 
The shutter is operated electrically 

by the action of solenoid Li and closed 
by a spring action within the solenoid. 
Solenoid L2 is actuated when solenoid 
control transistor Q31. is turned on by 
the output signal from Q12. Solenoid Li 
is initially actuated by a 35-volt charge 
stored in capacitor C32, which ensures 
a fast and positive action of Ll. The 
charge on C32 is established by the ac-
tion of diodes CR34 and CB-35 and takes 
approximately 2 seconds to reach full 
potential. When Li is actuated by the 
discharge of C32, the voltage decays 
very quickly, but LI is held the re-
quired time by the 6 volts supplied 
through diode CR33. Shutter action 
times are: 5-ms start to open, half-open 
8.5 ms, and fully open 12-ms. These de-
lays are caused by the mechanical ac-
tion of the shutter. The shutter may also 
be operated from a remote source, and 
a sync-output circuit provides a con-
tact closure when the shutter is oper-
ated in synchronization with other 
equipment. Exposure times range from 
Y30 second to 4 seconds. 

Fig. 22-113C shows a Model C-12 os-
cilloscope camera system manufactured 
by Tektronix, Inc. The camera frame 

mounted on the oscilloscope is of the 
lift-on type. The whole unit may be re-
moved or swung to one side when not 
in use. The camera mount is designed 
to accomodate a Polaroid Land camera, 
or film-pack, and may be rotated 
through nine detented positions, or in-
crements of 90 degrees. A focusing con-
trol is provided and, when once ad-
justed for a particular oscilloscope, re-
quires no further attention. 

Pictures are taken directly from the 
CRT screen through a beam-splitting 
mirror. The major components are 
viewing head A, knob for opening view-
ing door B, shutter control C, Polaroid 
Land camera D, slide indexing lever 
permitting the camera to be rotated to 
nine different positions in 90-degree in-
crements E, camera back (Polaroid) F, 
rotating slide latch G, locknut for hold-
ing rear portion of camera frame to 
front portion K, and mounting latch L 
(locks camera frame against graticule 
for lighttight seal). 
By use of an adapter a standard 35-

mm film camera may be substituted for 
the Polaroid camera. Automatic opera-
tion of the shutter mechanism is ob-
tained by the use of a shutter actuator. 

22.114 What is on emission-type 
tube tester?—A type which connects all 
elements such as the plate, screen grid, 
suppressor grid, and control grid to-
gether and uses them as a diode to 
check the electron emission from the 
filament or cathode circuit. The indi-
cating meter is generally calibrated to 
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read Good or Bad. This reading is often 
referred to as an English-reading tube 
tester. 

22.115 Describe a dynamic mutual-
conductance or transconductance tube 
tester.—It is a tube tester in which the 
test circuits are such that the test con-
ducted on a tube is similar to its normal 
operating conditions. The test is made 
by applying a small 60-Hz signal to the 
control grid, with the other elements 
operating under somewhat normal con-
ditions. The transconductance (mutual 
conductance) is measured and indicated 
directly on a meter calibrated to read 
in both transconductance and English 
Good/Bad. 
A group of switches provides a means 

of selecting the tube elements and the 
proper circuitry for the particular tube 
under test. Dials permit the bias, plate, 
and heater voltages to be individually 
selected, with push buttons for making 
the test. 
Two full-wave internal power sup-

plies provide de for the tests. A tapped 
winding on the power transformer sup-
plies heater voltage ranging from 0.6 to 
117 Vac. The line voltage is indicated 
on the meter by actuating a push but-

OE 

Fig. 22-115A. Dynamic mutual conduct-
ance tube tester Model 9-66A manufac-
tured by Stark Electronic Instruments 

(Canada). 

ton, and it is adjusted by a variable 
control in the primary of the power 
transformer. 

Several tube sockets of different con-
figurations permit most of the conven-
tional tubes to be tested. Generally, a 
roll-type tube chart indicating the 
switch settings and voltages is included 
in the instrument. In addition to the 
tests mentioned previously, an element 
short test, gas, pilot-light, ballast-tube, 
and, in some designs, elementary tran-
sistor and diode tests are included. 

e (bee 
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Fig. 22-1158. The Weston Electrical Instrument Corp. Model 686 laboratory-type 
vacuum-tube test panel. 
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A typical dynamic mutual-conduct-
ance tube tester, manufactured by Stark 
Electronics Instrument (Canada) is pic-
tured in Fig. 22-115A. A laboratory-
type testing panel is shown in Fig. 22-
115B. This latter instrument is designed 
to provide means of duplicating the 
tube manufacturer's specifications for a 
particular tube. Each individual ele-
ment voltage may be set for a given 
condition and the transconductance 
measured. The socket configuration is 
selected by the use of small patch cords. 
Many tests not available on the conven-
tional tube tester are possible on this 
tester. 

22.116 What is a signal tracer?— 
An instrument consisting of a high-
gain audio-frequency amplifier, speaker, 
and test probe. It is used for tracing a 
signal in audio-frequency recording and 
reproducing equipment when trouble-
shooting. 
A signal is applied to the device 

under test and the probe of the signal 
tracer is applied to various points in 
the signal path. If the device is func-
tioning up to a point, the signal will be 
heard on the signal tracer speaker. 
When the point is reached where the 
signal disappears, indicating the trouble 
spot, the signal will no longer be heard 
on the signal tracer. Usually other tests 
are provided besides the listening test. 

The circuit of a typical audio-fre-
quency signal tracer is shown in Fig. 
22-116. The probe of the signal tracer 
has a crystal diode in series with the 
input lead. This will permit the instru-
ment to be used in checking rf devices 
when necesaary. 

22./17 What is an audio analyzer? 
—A test instrument used by motion-
picture-theater sound engineers. The 
device contains terminations of various 
values capable of carrying up to 150 
watts of audio power. Included is a 

6AU6 
SIGNAL PROBE 
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vacuum-tube voltmeter for measuring 
the frequency response of amplifiers, 
equalizers, filters, and the overall fre-
quency response of the sound system. 
The vacuum-tube voltmeter is em-
ployed to measure the signal-to-noise 
ratio of the system and is also a part of 
a self-contained harmonic distortion 
analyzer. 

The vacuum-tube voltmeter mea-
sures both ac and de and is of suffi-
ciently high input impedance that it 
may be used for measuring photocell 
voltages and the voltage at different 
points in a resistance-coupled amplifier 
stage. 

The audio oscillator circuit contains 
an attenuat,or calibrated in decibels for 
making gain/frequency measurements. 
Included are circuits for measuring 
resistance, inductance, capacitance, and 
leakage of paper and electrolytic ca-
pacitors. 

22./18 What is a "Z" angle meter? 
—An electronic instrument used for 
measurement of impedance and phase 
angle in ohms and electrical degrees. 

22.119 What is a  m tube 
bridge?—A device which makes possi-
ble the measurement of the low-fre-
quency dynamic coefficients of vacuum 
tubes and transistors over a wide range 
of values and under a variety of oper-
ating conditions. 

The device is constructed so that the 
circuits are independent direct-reading 
measurements of the forward and re-
verse voltage amplification factor, re-
sistance, and transconductance. Inter-
electrode capacitance is balanced out in 
such a manner that correction factors 
are unnecessary. 

The instrument is strictly a labora-
tory device used in the development 
and research of vacuum tubes. The de-
vice is constructed to permit setting up 
of special circuits for the measurement 

6K6 

250V 

Fig. 22-116. Schematic diagram of audio frequency signal tracer. 



1380 THE AUDIO CYCLOPEDIA 

Fig. 22-120A. General Rodio Co. Model 
1531A Strobotac. This instrument may 
be used for measuring the speed of ro-
tating machinery and for observing ir-

regularities in the motion. 

of vacuum-tube parameters of conven-
tional and nonconventional design. 

22.120 What is a strobe light?—lt 
is a device containing a high-intensity 
flashing light which is used to illumi-
nate a moving object. The light flashes 
may be adjusted to a frequency equal 
to the motion or rotation of the equip-
ment under observation, or to a multi-
ple or submultiple of its period. When 
the time between the light flashes is a 
multiple of the period of the moving 
object, the object appears to be at rest. 
In this manner, irregularities in the 
motion may be studied. In certain de-
signs the speed of the rotating object 
may be read directly from a calibrated 
dial. 
The device pictured in Fig. 22-120A 

is a stroboscope manufactured by the 
General Radio Co. and is so designed 
the flashing light can be synchronized 
with any fast repeating motion, so that 
the rapid movement appears to be at 
rest. 
To understand how the device stops 

or slows down motion, consider a fan 
rotating at 1800 rpm and a light that is 
switched on and off at the rate of 1800 
times per minute. Since the light-flash 

frequency is the same as the fan rota-
tion, every time the light flashes the fan 
blades are in the sanie position they 
were the last time the light was on. 
Thus the fan blades appear to be stand-
ing still. Because the retina of the hu-
man eye holds the image until the next 
image appears, there is little or no 
flicker. 

If the light is switched on and off at 
1801 times a minute (the fan turning at 
1800 rpm), it is flashing slightly faster 
than the fan is turning, therefore each 
time the light is on, the fan blade has 
not quite reached the last position and 
the blade is seen at progressively earlier 
parts of its cycle and will appear to be 
slowly turning backward. If the light 
flashes 1799 times per minute, the fan 
blade will appear to be slowly moving 
forward. 

If the flashing rate of the lamp is 
known beforehand, it can be calibrated 
to read directly in rpm. The practical 
significance of the slow-motion effects 
is that since it is a true copy of the 
high-speed motion all irregularities 
such as vibration, torsion, chattering, 
and whip are present and can be stud-
ied. The schematic diagram for a Model 
1531A Strobotac electronic stroboscope 
is given in Fig. 22-120B. The flashing 
rate is controlled by an internal oscilla-
tor (V1) which constitutes a bistable 
circuit. In such a circuit one section 
conducts while the other section is off, 
and vice versa. Each section is alter-
nately turned on and off at a rate de-
termined by the value of the resistors 
and capacitors in the circuit and the 
voltage setting of resistor R3, the rpm 
control. Range switch S2 introduces the 
proper-value timing capacitor into the 
circuit to increase or decrease the flash-
ing rate by a factor of six. 

The output of oscillator V1 is applied 
to a thyratron tube (V2) through ca-
pacitor C8. The thyratron together with 
C9 and pulse transformer T2 produces 
high-voltage pulq.ps for firing the flash 
tube. The high-voltage output from the 
trigger circuit is capacitively coupled 
from T2 to the strobotron tube, V3. The 
coupling capacitance is between pins of 
the strobotron socket and a brass slug 
in the center of a ceramic insulator. The 
energy to flash the strobotron is ob-
tained from the discharge of capacitors 
C10, C11, and C14. The correct value of 
capacitance for each rpm range is con-
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Fig. 22-12013. Schematic diagram for General Radio Co. Type 1531A Strobotac 
electronic stroboscope. 
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Fig. 22-121A. Transistor curve tracer for 
ties are selected by 

nected across the strobotron by the 
range switch. After each flash the active 
capacitors are recharged to 800 Vdc. The 
unused capacitors are kept charged at 
the sanie voltage to reduce arcing at the 
switch contacts when the range switch 
is changed. 
The power supply is a voltage dou-

bler, furnishing plus and minus 400 Vdc, 
and plus 250 Vdc. For operation with an 
external synchronizing source, the os-
cillator circuit is converted automati-
cally to a conventional amplitude-sen-
sitive bistable circuit. The strobotron 
can be flashed from 110 to 25,000 flashes 
per minute, over three ranges. Rotating 
speeds up to 250,000 rpm can be mea-
sured. The flash duration is approxi-
mately 0.8, 1.2, and 3 microseconds, with 
a peak light intensity of the high-, me-
dium-, and low-speed ranges of 0.21, 
1.2, and 4.2 million beam candlepower 
measured at a 1-meter distance from 
the center of the beam. For a single 
flash the intensity is 7 million beam 
candlepower at the same distance. 

22.121 Give the circuit for o tran-
sistor curve tracer.—The design of tran-
sistor amplifiers and similar equipment 
requires a combination of graphical and 
mathematical analysis, the former being 
taken from the transistor characteristic 
curves supplied by the manufacturer. 
The most useful of these curves is the 
L/V.. or common-emitter curves. 

With the curve tracer such curves 
may be easily and quickly displayed on 
the face of an oscilloscope. Tracing 
transistor characteristics on an oscillo-
scope prevents overheating the transis-
tor as would occur if the characteristics 

SWEEP 
VOLTAGE 

cOE 
120  

I7VAC 

0-0 

both pnp and npn types. The circuit polar--
means of switch Sl. 

were plotted point by point. Referring 
to the schematic diagram of Fig. 22-
121A, series resistor R2 controls the base 
current (Io) supplied by a 6-volt bat-
tery. Resistor R1 is a swamping resistor 
connected in the base to limit the base 
current. The sweep voltage is supplied 
by transformer Ti. The 1N1763 diode 
permits only the negative (for a pnp 
transistor) half of the ac voltage to be 
applied to the collector circuit, resulting 
in a voltage drop across R3 proportional 
to the collector current. Thus the 
changing values of the collector voltage 
trace the characteristic on the 
oscilloscope. 
When the cathode of the diode is pos-

itive (reverse biased) the collector cur-
rent is cut off, resulting in no deflection 
of the oscilloscope trace. However, when 
the cathode of the diode is negative for 
the other half-cycle, the diode is for-
ward biased and the voltage is supplied 
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Fig. 22-121B. Graticule for transistor 
curve tracer. 
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to a collector element causing a current 
and starting the horizontal sweep. For 
measuring a pnp-type transistor the 
polarity of the 1N1763 diode is reversed. 

Resistor R3 is a 1-percent precision 
resistor. Since the current range in 
the common-emitter configuration will 
range from 20 to 300 milliamperes, a 500 
microampere meter is required. 
A plastic graticule (Fig. 22-121B) is 

prepared and mounted on the oscillo-
scope. The X axis of the oscilloscope 
(horizontal) is calibrated to read 0 to 
10 volts peak-to-peak, and the Y axis 
(vertical) reads from 0 to 10 milliam-
peres peak-to-peak. Curves indicating 
the power dissipation in milliwatts are 
also included for easy reference. The 
curves for the graticule should match 
those shown; however, they may be 
made any size as long as the ratios are 
maintained. 

After the graticule is placed on the 
oscilloscope face, the vertical input con-
trol is calibrated by applying 1 volt 
peak-to-peak (60 Hz) to the input and 
adjusting the deflection to match the 
10-milliampere graticule scale. The 
same is done for the horizontal deflec-
tion, using 10 volts peak-to-peak. Both 
controls are then left in position. The 
oscilloscope positioning controls are 
then adjusted to bring the start of the 
transistor curve to the graticule start-
ing point. 

Transistors with internal short cir-
cuits will be indicated by a diagonal 
straight line, while an open circuit will 
show only a straight line along the 10-
volt axis. Although the described tracer 
can be used with any oscilloscope, if a 
long-persistence or storage type is 
available, several different traces may 
be run and the image retained for 
study. 
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22.122 Describe the basic circuit 
and operation of a gain set.—A gain set, 
or transmission, set as it is sometimes 
called, is a device used for measuring 
amplifier gain or loss, the frequency 
characteristics of filters, equalizers, am-
plifiers, recording and reproducing cir-
cuits, and similar devices. A gain set 
may be used to supply a signal of 
known magnitude in voltage or decibels 
from a given impedance with respect to 
a given reference level. 

Gain sets may be designed to use 
either one or two VU meters. The two-
meter instrument is both easier and 
faster to use, as both the send and re-
ceive level can be viewed simultane-
ously during a measurement, with cer-
tain precautions. 
A typical two-meter gain set is pic-

tured in Fig. 22-122B, manufactured by 
the Daven Co., designed for laboratory, 
radio-network, recording-studio, and 
general routine maintenance work. 

Basically a gain set consists of a 
group of fixed and variable attenuators 
calibrated in decibels, one or more VU 
meters, a group of switches for selecting 
various sending and receiving imped-
ances, attenuators for the VU meters, 
and jacks for internal and external con-
nections with the gain set components. 
An external oscillator supplies the test 
signal. 
The schematic diagram of Fig. 22-

122B is that of a single-meter unbal-
anced gain set, consisting of two heavily 
shielded sections (A and B), with C the 
send-receive switch, and D the VU 
meter attenuator network. The reason 
for the use of the term "unbalanced" is 
that unbalanced attenuator networks 
are used with one side at -ground po-
tential (balanced gain sets are discussed 
in Question 22.123). The sending im-

Fig. 22-I22A. The Doyen Co. Model 6C two-meter transmission or gain set. 
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Fig. 22-1228. Schematic diagram for a single VU meter gain set. 
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pedances for this particular instrument 
are 600, 250, 150 and 50 ohms, although 
any impedance may be matched by 
patching an external pad with the cor-
rect impedance ratio (600 ohms to the 
desired impedance). 
A brief description of how a gain set 

is used will aid in the understanding of 
the circuit diagram. Suppose that a fre-
quency-response measurement is to be 
made on an audio amplifier. The atten-
uators in the gain set are set to their 
maximum loss position before the am-
plifier is connected. The amplifier is 
grounded to the system ground. The 
send terminals of the gain set are con-
nected to the input terminals of the 
amplifier, and the receive section of the 
gain set is connected to the output ter-
minals of the amplifier. The send and 
receive sections of the gain set are set 
to match the amplifier input and output 
impedances. 

Next, the VU meter key switch 
shown in Section C of the diagram is 
thrown to the send position. The audio 
oscillator is set to 1000 Hz and its output 
control advanced until the VU meter 
reads a plus 4 dBm or 100 percent. The 
point of 100 percent on the meter will 
be called the zero-level point and used 
as a reference. 

The VU meter key is now thrown 
to the receive position and loss slowly 
removed from the attenuators until a 
reading of zero level (100 percent) is 
obtained. When the same level is ob-
tained for both the send and receive 
positions, the total loss of the attenu-
ators equals the gain of the amplifier 
at 1000 Hz. This is true because the os-
cillator signal-level voltage has been 
reduced by the attenuators at the input 
of the amplifier to a level equal to the 
voltage gain of the amplifier. As an 
example, if the input and output imped-
ances are correct and 40 dB of loss in 
the attenuators is required to obtain 
equal readings on the VU meter, the 
gain of the amplifier equals the loss of 
the attenuators. The same operational 
procedure is used for all frequencies 
measured. The input signal level (send) 
is always set to zero and the attenua-
tors adjusted for a similar reading in 
the receive position. Fractional parts of 
a decibel are read on the right side of 
the meter zero and added to the attenu-
ator losses. If the gain set includes a 0-
to 1-dB attenuator calibrated in 0.10-dB 
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steps, the receive meter is brought to 
zero and then the losses added. 

Now, again referring to the diagram 
in Fig. 21-122C, the output of the os-
cillator is fed through normal jacks, an 
isolating transformer, and a building-
out network composed of resistors R1, 
R2, and R3, which serve two purposes. 
First, the network isolates the output 
impedance of the oscillator from the 
attenuators, thus preventing an imped-
ance mismatch when only small 
amounts of loss are inserted in the at-
tenuators (one or two dB). Second, the 
network serves as a level-correction 
network for the VU meter. The three 
network resistors comprise an L-type 
attenuator network. Looking into the 
oscillator terminals of the gain set, re-
sistors R1 and R2 are seen in series and 
equal 1200 ohms. Looking from 600-ohm 
variable attenuator P1 toward the os-
cillator, R3 is in series with attenuator 
Pl, which is also 1200 ohms and matches 
the network of R1 and R2. 

Under the foregoing conditions, there 
will be a 6-dB or 50-percent voltage 
drop between the output of the oscilla-
tor and attenuator Pl across R3. Hence, 
if a zero-level signal is to be maintained 
at the input of attenuator Pl, the out-
put of the oscillator must be 6 dB higher 
to overcome the loss across R3. Thus, if 
the VU meter were to be connected 
across R1 and R2, it would result in a 
reading 6 dB too high, when the level 
at the input of P1 was actually zero 
level. To overcome this condition, the 
VU meter is connected across the resis-
tor R2. Doing so drops the signal level 
to the VU meter 6 dB, or 50 percent. 
Now, if the level across the first atten-
uator is zero, the meter will also read 
zero, although the actual signal level 
from the oscillator is 6 dB higher. At-
tenuators P1 and P2 have 600 ohms im-
pedance and are of the bridged-T type. 
The first attenuator has a total loss of 
100 dB, variable in steps of 10 dB. The 
second attenuator has a total loss of 10 
dB in steps of 1 dB, while P3 has a total 
loss of 1.0 dB in steps of 0.1 dB. 

The normal send impedance of this 
particular gain set is 600 ohms, with 
three fixed pads for matching input im-
pedances of 250, 150, and 50 ohms. The 
fixed loss of these pads is 10, 15, and 20 
dB respectively, and it must be added 
to the indicated loss of the variable at-
tenuators when they are employed. The 
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three variable-loss attenuators present 
a maximum loss of 111.10 dB. 

This total loss is variable in steps of 
1 dB. The preceding losses will cover 
most applications, and if one is en-
countered where more loss is required, 
external pads may be used and their 
loss added to the loss of the attenuators 
in the gain set. Resistor R4 is used to 
terminate the send position of the gain 
set when devices having a bridging in-
put impedance are measured. 

The VU meter with its attenuator is 
shown in Section D of the diagram. It 
is designed to cover a range of plus 
4 dBm to plus 46 dBm in steps of 2 dB 
each. The design and operation of VU 
meters is discussed in Section 10. Series 
resistor R5 in the meter circuit is used 
for adjusting the meter calibration 
against a standard. 

The VU meter key switch is shown 
in Section C. Resistors R6 and R7 serve 
only to replace the load of the meter as 
it is switched from the send to receive 
positions or vice versa. Their value in 
ohms is equal to the input impedance of 
the VU meter. The use of these dummy 
load resistors prevents level changes 
when the meter load is removed. 

The receive section (Section B) of 
the gain set consists of the several ter-
minating resistors (R8 to R18) and 
autotransformer Ti, with a provision 
for connecting the VU meter across its 
600-ohm terminals. The terminating re-
sistors are 1 percent, wirewound, vitre-
ous type, capable of continuously dis-
sipating 20 watts of power because they 
carry the greater portion of the output 
power of the device being tested by the 
gain set. 

Eleven standard output impedances 
are provided which are selected by 
means of a switch serving a dual pur-
pose: that of selecting the proper ter-
minating resistor and the proper im-
pedance tap on the autotransformer. 
The principal purpose of the autotrans-
former is to provide a 600-ohm termi-
nating impedance for the VU meter and 
at the same time match the output im-
pedance of the device under test. Be-
cause of this latter feature, no correc-
tion is required for the VU meter when 
reading the output level, regardless of 
the terminating impedance. Although 
the diagram shown calls for only one 
VU meter, two meters may be used, one 
across the send section and the second 

across the receive section, thus elimi-
nating the need for the transfer switch. 

Because of the great difference in the 
power levels between the send and re-
ceive sections, the two sections must 
be carefully isolated and shielded to 
prevent feedback between the input 
and output circuits. Therefore, the out-
put level should not exceed 20 watts if 
the receive section is included in the 
gain set proper. If the receiving section 
is a separate unit external to the atten-
uator section, it may be designed to 
handle considerably more power. Gen-
erally, if the power output level is more 
than 25 watts, an external noninductive 
load resistance is used and the output 
power is measured, using a vacuum-
tube voltmeter and the wattage com-
puted. 

It will be noted the return connec-
tion of the attenuators is brought to a 
common ground connection, using sep-
arate ground wires. Each ground wire 
is individually insulated and shielded to 
prevent leakage at the high frequencies. 
Equipment being tested should be 
grounded to common ground point 
where it connects the actual ground. 

If measurements are consistently be-
ing made where the frequency variation 
must be read to within 0.10 dB, a vari-
able attenuator with a total loss of 1 dB, 
variable in steps of 0.10 dB, may be in-
cluded in the attenuator group. 
An unbalanced gain set may be used 

for measuring balanced circuits by the 
insertion of a repeat coil between the 
send terminals and the input of the 
device being tested. The Daven gain set 
shown in Fig. 22-122A has a repeat coil 
permanently built into the send circuit 
to facilitate its use with balanced cir-
cuits. It also has the advantage that the 
ground return of the attenuator section 
is isolated from grounds in the equip-
ment under test. 
At times it may be desirable to 

ground the lower side of the receive 
section; if so, it is grounded at the com-
mon ground point of the system. The 
techniques of using a gain set are dis-
cussed in Section 23. 

22.123 Describe the basic circuitry 
for a balanced gain set.—Balanced gain 
sets as a rule employ balanced bridged-
T variable and fixed attenuator net-
works. In the early design of gain sets, 
variable H-type attenuator configura-
tions were used; however, the use of 
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such networks increased the contacts 
per attenuator (consequently noise) and 
increased cost of manufacture. There-
fore, an improved type of bridged-T 
balanced variable attenuator is used in 
modern designs. A balanced gain set de-
veloped by A. C. Davis and manufac-
tured by Altec Lansing is pictured in 
Fig. 22-123A. It is of the two-meter 
type, permitting the simultaneous ob-
servation of both the send and receive 
levels. 

In the send section of this instrument 
four variable attenuators are employed 
which may be switched from an unbal-
anced configuration. The first decade 
attenuator covers a range of 100 dB in 
steps of 10 dB; the second covers 10 dB 
in steps of 1 dB, and the third covers 
1 dB in steps of 0.10 dB. The remaining 
attenuator (at the extreme left) is a 
matching network in the send section 
for supplying impedances of 600, 250, 
150, and 50 ohms, either terminated or 
unterminated, to the device under test. 
The terminated outputs are for use with 
devices employing bridging inputs. The 
send-section attenuator networks are 
isolated from the oscillator by a 1:1 re-
peat coil. The attenuator for the send 
meter (left) is calibrated plus 4 to 24 
dBm. Levels of plus 18 dBm down to 
minus 120 dBm are possible in steps of 
0.10 dB. 
The receive section is well shielded 

from the send section and consists of a 
load network capable of dissipating 30 
watts. This network is composed of an 
autotransformer, a group of terminat-
ing resistors as described in Questions 
22.122 and 22.124, and a VU meter call-

I 

— 
Fig. 22-123A. Balanced two-meter gain set Model 9704 manufactured by Altec 

Lansing Corp. 

brated plus 4 to 44 dBm. Terminating 
impedances of 600, 150, 16, 8, and 4 
ohms either terminated or unterminated 
are available. The VU meter has jacks 
in the circuitry for use as an external 
meter. 

The accuracy of the send attenuator 
network is plus or minus 0.10 dB for any 
setting over a range of 10 to 50,000 Hz. 
All circuitry is passive (no amplifiers), 
with an induced distortion of less than 
020 dB. The frequency response of the 
two VU meters is matched and meets 
the standards for such meters. The at-
tenuator section may be used separately 
if desired by means of jacks on the front 
panel, with a link for ground separa-
tion if required. Connections for the 
oscillator send and receive and ground - 
are provided at the rear for rack 
mounting. 

Since no coil is used in the send sec-
tion, the output is purely resistive, and 
if used in the balanced position the cir-
cuit is balanced to ground since the 
centers of the networks are grounded. 
Therefore, if a repeat coil is necessary in 
the send section, it must have a broad, 
uniform frequency characteristic. The 
use of repeat coils with gain sets is dis-
cussed in Questions 23.14 and 23.15. 
A basic configuration for a typical 

balanced gain set is given in Fig. 22-
123B. (See Question 2324.) 

22.124 Describe the circuitry for a 
gain-set receive section employing an 
autotransformer.—Fig. 22-124 shows the 
circuit connections and component val-
ues for an autotransformer-type gain-
set receive section, similar to that de-
scribed in Question 22.122. 
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o 

Fig. 22-123B. Basic configuration 

The autotransformer is designed to 
provide an impedance match between 
a 7500-ohm VU meter and 4, 8, 16, 30, 
150, 200, 250, 500, and 600 ohms. Resis-
tors R1 to R9 are 25-watt, wirewound, 
vitreous-type resistors and carry the 
full output power of the device being 
tested. Note that the value of the termi-
nating resistor is greater than the im-

for a balanced gain set. 

pedance for a given tap on the auto-
transformer, because the autotrans-
former has both ac impedance and de 
resistance. Being in parallel with the 
impedance of the autotransformer wind-
ing, the terminating resistance must be 
slightly greater in value to obtain the 
exact impedance. The primary purpose 
of the autotransformer is to provide an 
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Fig. 22-124A. Variable termination panel using an autotransformer and a group of 
terminating resistors. 

impedance match between a given out-
put impedance and the 7500-ohm im-
pedance of the VU meter. 

The proper terminating resistance for 
any tap may be determined by termi-
nating the 600-ohm tap with a 7500-
ohm resistor, then connecting a resis-
tor across a given impedance tap and 
varying the value of the resistance until 
the correct impedance is obtained when 
the two are in parallel. This measure-
ment is best made with an impedance 
bridge. 

The autotransformer should be de-
signed to carry about 25 percent of the 
maximum power to be dissipated in 
the terminating resistors. As a rule, 
autotransformer receive sections have 
good frequency response because of 
their design. The frequency response 
should be at least 20 to 20,000 Hz. 

If the receive section described in 
the foregoing is to be used with a sin-
gle meter-type gain set where the meter 
is switched from input to output and 
vice versa, provision must be made to 
terminate the VU meter connections in 
7500 ohms when the meter is removed. 
If this is not done, the impedance seen 
by the output of the device under test 
will not be correct. 

Z2 

Fig. 22-124B. Autotransformer with ter-

minating resistor. 
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The terminating resistor for an auto-
transformer panel may be calculated: 

ZXL  
R— 

V XL' — 
where, 
R is the terminating resistor in ohms, 
Z is the line impedance, 
XL is the inductive reactance of the 

coil at the lowest frequency of in-
terest. 

The basic circuit for these calculations 
is given in Fig. 22-124B. 

22.125 Can an autotransformer-type 
termination panel be used when making 
ing distortion measurements?—Yes, pro-
vided the autotransformer is not over-
loaded. If it is, harmonics will be gen-
erated due to the saturation of the core 
material. 
When making intermodulation mea-

surements involving frequencies below 
100 Hz, it is best to use a noninductive 
resistor as a termination, rather than 
the autotransformer termination. If the 
autotransformer is to be used, measure-
ments should be made at various power 
ratings and then compared to similar 
measurements made using a resistive 
termination, to ascertain whether in-
termodulation products are being gen-
erated by the autotransformer. 

22./26 What is a transmission set? 
—In the past the term "transmission 
set" was taken to mean a gain set. How-
ever, this term is now applied to mea-
suring equipment designed for use with 
telephone and carrier system measure-
ments. Fig. 22-126 shows such an in-
strument, manufactured by Waveforms, 
Inc., consisting of a signal generator, 
amplified VU meter, attenuator system, 
and power supplies. The instrument 
may be used for a variety of measure-
ments, such as gain and loss, frequency 
response, distortion, impedance, noise, 

and signal-to-noise ratio in equipment 
and systems. The design is such that it 
will accept or transmit at a number of 
impedances, both balanced and unbal-
anced. The oscillator is of the RC 
bridged-T type, covering a frequency 
range of from 9 to 120,000 Hz, explained 
in Questions 22.49 and 22.50. 

22.127 What is a variable termina-
tion panel?—A resistive or autotrans-
former network designed for terminat-
ing audio-frequency devices when fre-
quency and power characteristics are 
measured. A typical variable terminat-
ing network is the receiving section of 
the gain set described in Question 
22.124. 

22./28 What is an attenuator panel? 
—An instrument containing a number 
of attenuators or loss pots, calibrated 
in decibels, voltage, or resistance. The 
purpose of an attenuator is to provide 
known values of loss for the accurate 
measurement of small voltages. A known 
voltage is applied to the input of the 
attenuator group and is reduced in 
known quantities by inserting known 
values of loss. Attenuator panels as a 
rule contain a meter, whereby the input 
voltage may be set to a given value be-
fore attenuating the signal. In this man-
ner, the ratio of attenuation to the input 
voltage is established. (See Question 
22-43.) 

22.129 What is an intermodulation 
analyzer?—An instrument used for the 
measurement of intermodulation distor-
tion generated within audio-frequency 
devices. An elementary block diagram 
of a typical intermodulation analyzer 
connected for the measurement of in-
termodulation products generated by an 
audio amplifier is shown in Fig. 22-129A. 
The analyzer section consists of two 
sections, a signal generator and an ana-

- - 
Fig. 22-126. Waveforms Inc Model 452A Transmission set designed for'audio and 

telephone carrier use. 
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Fig. 22-129A. Elementary block diagram of an intermodulation analyzer and signal 
generator, showing how the two sections of the analyzer are connected to an ampli-

fier, using the SMPTE method of measuring. 

lyzer section. The signal generator sec-
tion generates two signal frequencies, 
one high and one low, which are mixed 
in a predetermined ratio and then ap-
plied to the input of the device or cir-
cuit to be tested. The analyzer section 
is connected across the output termina-
tion of the amplifier and measures the 
intermodulation distortion generated by 
the amplifier in percent of intermodu-
lation. 

The signal frequencies supplied by 
the generator section are usually set 
for a ratio of 4:1, the lower frequency 
being 12 dB higher in amplitude than 
the higher frequency. For certain types 
of tests, it may be desirable to use a 
ratio other than 4:1. The low frequency 
may be any frequency between 40 and 
100 hertz, while the higher frequency 
may lie anywhere between 1000 and 
12,000 Hz. The choice of frequencies will 

depend on the type of equipment being 
tested, its frequency range, and its 
characteristics. 
To better understand the operation 

of an intermodulation analyzer, a brief 
review of intermodulation theory is in 
order. The most commonly used method 
of measuring harmonic distortion is 
shown in Fig. 22-129B. A single sine-
wave frequency is applied to the input 
of the device to be tested and then the 
harmonics at the output are measured 
in percent of the fundamental fre-
quency, using a distortion-factor meter 

OSC AMP 
DISTORTION 
FACTOR 
METER 

Fig. 22-129B. Block diagram of the 
method of measuring harmonic distortion 

of an amplifier. 
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Fig. 22-129C. Intermodulation products generated within a nonlinear device when 
two frequencies fi and f, are applied to the input. 
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Fig. 22-129D. Intermodulation spectrum 
as the analyzer section sees it using the 
SMPTE method. Sum and difference fre-
quencies for fi and f, have been omitted 

for clarity. 

Fig. 22-129E. Undistorted intermodula-
tion test signal at output of the signal 
generator "send" terminals. The wave-
form has been expanded to show the 
high-frequency component (fi equals 40 

Hz, fie equals 2000 Hz). 

or harmonic wave analyzer. (See Ques-
tions 22.60 and 22.65.) 

Nonlinear distortion is sound record-
ing and reproducing equipment affects 
the reproduction by introducing fre-
quency components not present in the 
original program material. The effect of 
these added components is to annoy the 
listener because of masking effects and 
the interference created with the origi-
nal frequencies of the signal. This re-

Fig. 22-129F. Distorted intermodulation 
signal at the output of the amplifier un-

der test (fi equals 40 Hz, f, equals 2000 
Hz, the frequency ratio is 4:1). 

• 

11111111111MHEI  
Fig. 22-129G. Appearance of the dis-

torted signal at the plate of the second 
amplifier in the analyzer section. 

Fig. 22-129H. Intermodulation products 
at the output of the full-wave rectifier. 

'Fig. 22-1291. Distorted signal after pass-
ing through 500-Hz, low-pass filter. 

suits in unpleasant reproduction and 
often induces listener fatigue. 
Although the single-frequency method 

of measuring distortion has been in use 
for many years, it is an acknowledged 

fact that such tests are not completely 
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satisfactory and do not present a com-
plete picture of the distortion charac-
teristics of a given device. Even systems 
which have low-harmonic distortion 
will not sound just right to the listener. 
It is not uncommon to take two ampli-
fiers of the same manufacture, design, 
and harmonic distortion characteristics, 
listen to their reproduction and find 
they do not have the same listening 
quality. What is the difference? The 
difference is generally in the percentage 
of intermodulation distortion generated 
within the amplifiers. 

The intermodulation method of mea-
suring distortion in • audio-frequency 
devices more nearly approaches the 
manner in which the human ear hears 
than any other system of measurement. 
Also, the intermodulation system is 
several times more sensitive than the 

Fig. 22-129J. Appearance of signal at 
the output of the full-wove rectifier 
when an undistorted signal is applied to 

the analyzer input. 

Fig. 22-129K. Appearance of an undis-
torted signal after passing through the 

500-Hz, low-pass filter. 

Fig. 22-129L. Appearance of the 10% 
intermodulation calibration signal with 
oscilloscope sweep frequency set to show 

the modulation pattern. 

Fig. 22-129M. Appearance of the 10% • 
intermodulation signal, consisting of a 
2000-Hz and 2150-Hz combination to 

produce a 10% calibrating signal. 
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conventional method of measuring har- • 
monic distortion. 

Interrnodulation measurements have 
been used in the motion picture indus-
try for several years and have been 
adopted by the Society of Motion Pic-
ture and Television Engineers (SMPTE) 
and standardized by the USASI, for-
merly known as the American Stan-
dards Association (ASA). Intermodu-
lation measurements relative to motion 
picture recording and reproduction are 
discussed in Questions 18.274 to 18.281, 
and general measurements are covered 
in Section 23. A second system known 
as the CCIF, recommended by the 
International Telephonic Consultative 
Committee, also employs two frequen-
cies but in a different manner than that 
used by the SMPTE method. 

Intermodulation distortion may be 
defined as: "The production in a non-
linear circuit element of frequencies 
conehponding to the sum and differ-
ences of the fundamentals and har-
monics of two or more frequencies 
which are transmitted through that 
element." Thus, when two frequencies 
are applied to the input of an amplifier, 
not only do the fundamental frequencies 
appear in the output but also sum and 
difference frequencies which are, as a 
rule, not harmonically related to the 
fundamental frequencies. (See Fig. 
22-129C.) 

For two fundamental frequencies f, 
and f2 the intermodulation products will 
consist of second-order terms, (f1 f2) 
and (f. — f2); third order terms (2f. + 
f2), (2f. — f2), (f. ± 2f2), and (f. — 2f2), 
and so on for the higher sum and differ-
ence frequencies. Frequencies higher 
than fifth-order terms need not be mea-
sured. However, it is important that the 
fifth-order harmonics be measured to 
obtain complete distortion information. 

Fig. 22-129D shows a portion of the 
frequency spectrum as it appears to the 
input of the analyzer section. Frequen-
cies f, and f, are the fundamental fre-
quencies. The others are the sum and 
difference frequencies generated within 
the amplifier. It will be noted the lower 
fundamental frequency f1 is taken as 
100-percent amplitude and all other fre-
quencies are plotted relative to this fre-
quency. The amplitude of the funda-
mental frequency f2, being 12 dB lower 
in amplitude, corresponds to 25-percent 
amplitude. This is a ratio of 4:1. 
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The amplitudes of the sum and dif-
ference frequencies will be dependent 
on the amount of intermodulation dis-, 
tortion present in the amplifier. If a fre-
quency of 100 Hz is selected for fi, and 
5000 Hz for f,, sum and difference fre-

quencies will appear at intervals of 100 
Hz. Other frequencies above and below 
f, will also appear but these have been 

omitted for clarity. Under certain con-
ditions the sum and difference frequen-

cies may assume an amplitude equal in 
value to the fundamental frequencies, 
fl and L. 

Referring again to Fig. 22-129A, as-
sume the amplifier is to be measured 
using 40 Hz for the low frequency and 
2000 Hz for the high frequency, mixed 
in a ratio of 4:1; that is, the high fre-
quency will be set 12 dB lower in am-
plitude than the 40-Hz signal and ap-

plied to the input of the amplifier in 
this manner. The appearance of this 
signal at the output of the signal gen-
erator section will be as shown in Fig. 
22-129E. It will be noted the peaks of 
the 2000-Hz signal superimposed on the 
40-Hz waveform are uniform in ampli-
tude and undistorted and that the com-
bined waveform is symmetrical. 

Assume the amplifier has 10-percent 
intermodulation distortion. The wave-
form at the output terminals of the 

amplifier will appear as shown in Fig. 
22-129F. Here it will be seen that both 
the positive and negative peaks of the 
2000-Hz component have been flattened 

after passing through the amplifier. To 
understand the functioning of the ana-
lyzer components, this waveform will be 
followed through the various sections of 
the analyzer circuit. 

The distorted waveform of the am-
plifier is applied to the input of the 
analyzer, which consists of a 1500-Hz 
high-pass filter which removes the 40-
Hz component and its harmonics, leav-
ing only the distorted 2000-Hz compo-
nent. 

The signal is then amplified in the 
two-stage amplifier V1 and V2 (Fig. 
22-129A). Fig. 22-129G shows the wave-
form at the output of the amplifier sec-
tion. The notches in the positive and 
negative halves of the waveform are 
caused by the flattening of the peaks 
as shown in Fig. 22-129F. 
The high-frequency component is 

then applied to a full-wave rectifier 
circuit. Fig. 22-129H illustrates the ap-

pearance of the high-frequency com-
ponent at the output of the full-wave 
rectifier. Here it may be seen how the 
2000-Hz component was distorted in the 
amplifier due to modulation of the 40-
Hz component. Both second- and third-
order harmonics are present. Because 
of full-wave rectification, the 2000-Hz 
signal frequency is now 4000 Hz. 

The 4000-Hz component is now 
passed through a 600-Hz, low-pass filter 
which removes the 4000-Hz component, 
leaving only the modulation envelope 
caused by the 40-Hz component. Its ap-
pearance is shown in Fig. 22-1291 as a 
ripple voltage or. pulsating de voltage, 
and its waveform is similar to the wave-
form shown in Fig. 22-129H. The only 
difference is that the high-frequency 
component has been removed. The am-
plitude of this ripple voltage is mea-
sured by a vacuum-tube voltmeter 
which is calibrated to read percent in-
termodulation distortion. 

To further illustrate the functioning 
of the intermodulation analyzer section, 
suppose that a distortion amplifier is 
measured. Applying the same test fre-
quencies and ratio, instead of the dis-
torted waveform of Fig. 22-129F ap-
pearing at the amplifier output, the 
waveform will appear the same as that 
applied to the amplifier input. (Fig. 
22-129E.) 

This undistorted signal is passed 
through the 1500-Hz, high-pass filter 
removing the low-frequency component 
and then to the full-wave rectifier. 

Because the amplifier is distortionless, 
there will be no modulation of the 
2000-Hz component by the 40-Hz signal; 
therefore the peaks of the 4000-Hz sig-
nal at the output of the full-wave rec-
tifier all have the same amplitude and 
appear as shown in Fig. 22-129J. The 
600-Hz, low-pi  qs filter removes the 

high-frequency component, leaving only 
a pure de voltage as shown in Fig. 22-
129K. 

As the vacuum-tube voltmeter reads 
only alternating current or pulsating 
voltages, no indication appears on the 
meter; thus, no distortion is indicated. 

The waveforms of Figs. 22-129F to I 
are for a small push-pull amplifier with 
approximately 10-percent intermodula-
tion distortion. For single-ended ampli-
fiers and those of other classifications, 
the waveform will take on a variety of 
appearances. 
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The appearance of the 10-percent 
calibration signal used for the initial 
calibration of the analyzer before the 
4:1 ratio is set is shown in Fig. 22-129L. 
When the picture shown in Fig. 22-129L 
was made, the oscilloscope sweep was 
set to show the modulation of the higher 
frequency by the lower frequency. The 
frequencies shown are 2000 and 2150 Hz. 

Fig. 22-129M shows the same two fre-
quencies, except that the sweep of the 
oscilloscope was set to show the beat-
ing between the two signals of 2000 and 
2150 Hz. 

Intermodulation measurements are 
discussed in Questions 23.117 to 23.125. 

22.130 Describe the signal genera-
tor section for an intermodulation ana-
lyzer.—The schematic diagram of the 
signal generator section of a typical in-
termodulation analyzer is shown in Fig. 
22-130A. This section consists of two 
Wien-bridge or resistance-tuned oscil-
lators. (See Question 22.50.) Tubes V1, 
V2, and V3 constitute the low-frequency 
oscillator and supply frequencies of 40, 
60, and 100 Hz. Tubes V4, V5, and V6 
constitute the high-frequency oscillator 
and supply frequencies of 2000, 7000, 
and 12,000 Hz. 

Included in this section is a conven-
tional power supply using diode .recti-
fiers, two LC filters (sections Li and 
L2), and two gaseous voltage regulator 
tubes, V7 and V8, which supply a source 
of regulated 300 volts to the plates of 
the oscillators and the amplifiers of the 
analyzer section. The plate voltage for 
oscillator output amplifier tubes V3 and 
V6 is supplied from the junction point 
of the two filter chokes. The ripple volt-
tage at the junction of the filter sections 
must not exceed 15 millivolts, and 5 
millivolts at the regulator tubes to pre-
vent hum modulation of the signal volt-
ages. The oscillators are composed of 
resistors R1 to R9 and capacitors Cl to 
C8, for the low frequencies, and R26 to 
R32 and C18 to C23 for the high fre-
quencies, connected in the control grids 
of tubes V1 and V4. The various combi-
nations of test frequencies are selected 
by switches S1 and S2. 

In addition to the foregoing test fre-
quencies, a frequency of 2150 Hz is pro-
vided in the low-frequency oscillator 
which is used in combination with 2000 
Hz in the high-frequency oscillator for 
setting the intial calibration of the ana-
lyzer section. When these two frequen-
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cies are combined in a ratio of 10:1 
(20 dB), they produce a 10-percent in-
termodulated signal (Fig. 22-129L). The 
output tubes, V3 and V6, are connected 
for cathode-follower operation. The sig-
nal is taken from the cathodes, carried 
to a plug, and then to the analyzer sec--
tion over a flexible cable. The oscillator 
signals are mixed in the analyzer sec-
tion by means of a hybrid coil. A frac-
tion of one cycle of a test signal con-
sisting of 40 and 2000 Hz is shown in 
Fig. 22-130B. 

Decoupling circuits composed of ca-
pacitors C17 and C32 and resistors R24 
and R46 prevent the oscillator signals 
from entering the power supply, thus 
preventing the mixing of the signals 
before they enter the mixing circuits in 
the analyzer. The harmonic distortion 
for any one frequency of the oscillators 
must not exceed 025 percent, 

Jacks for the external connection of 
variable oscillators are also provided. 
However, the fixed frequencies in gen-
eral usage throughout the electronic 
industry are those specified by the 
SMPTE, and are adequate for most 
measurements. 

It is important that the frequencies 
of 40, 60, and 100 Hz be closely adjusted 
to their values. Any variation in the 
40-Hz frequency should be to the plus 
side rather than the minus side. The 
calibration should be held to 40 Hz, plus 
2 Hz, minus zero. The 10-percent cali-
bration frequencies, 2000 and 2150 Hz, 
should be held to plus 1 percent minus 
zero. The exterior and interior views of 
the signal generator section of an in-
termodulation analyzer manufactured 
by the Altec Lansing Corp. are shown 
in Figs. 22-130C and 22-130D. 

22.131 Give a schematic diagram 
for an intermodulation analyzer section 
for use with the signal generator, de-
scribed in Question 22.130.—The sche-
matic diagram for such an analyzer ap-
pears in Fig. 22-131A. Starting at the 
input terminal upper left, these termi-
nals present an unbalanced 7500-ohm 
noninductive bridging input to the de-
vice under test and receive the output 
signal. It is imperative that the output 
of the device being tested is terminated 
in its normal load impedance with a 
noninductive resistor capable of carry-
ing the full output power of the device 
under test. The input of the analyzer 
being a bridging impedance is in reality 
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Fig. 22-130A 

a voltage-measuring device; therefore 
the output power of the device under 
test must be dissipated in the load re-
sistance to prevent overloading the in-
put of the analyzer. 

The input signal is taken from the 
input plus/minus terminal through 
7500-ohm resistor R1 to section A of a 
six-deck, eleven-circuit function switch, 
Sl. This switch selects the proper cir-
cuitry for calibration and analyzing the 
input signal. This switch also provides 

413 ANALYZER HEATERS 
VI TO 56 6.3VAC 

. Schematic diagram for signal generator 

up to 40-dB attenuation of the input 
signal in steps of 10 dB each, for testing 
devices with high output level. The final 
position connects directly to the vac-
uum-tube voltmeter for measuring the 
internal noise of the device being tested. 

The first four positions of function 
switch SI are for calibrating the signal 
generator section and the analyzer sec-
tion and are indicated: fl 10% Cal, f2 
10% Cal, fl 4:1 Cil, and f2 4:1 Cal. The 
first two positions adjust the level of the 
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and power-supply section of intermodulation 

10-percent intermodulation signals (Fig. 
22-129L) during the initial calibration. 
The 10-percent signal is set to a ratio of 
10:1 by a 20-dB attenuator. A 12-dB 
attenuator is inserted for the 4:1 ratio 
(both these attenuators are in the sig-
nal analyzer section). With the func-
tion switch set to zero attenuation 
(position 6), the received signal is con-
nected to the upper terminals of a 1500-
Hz high-pass filter. This filter is of com-
posite design, having extremely sharp 

analyzer. 

cutoff characteristics (Fig. 22.131B) and 
consists of a group of toroidal coils. Re-
sistors R2 through R6 compose an input 
attenuator network. For intermodula-
tion testing the function switch is set to 
one of the five loss positions to reduce 
the input signal and to prevent over-
loading of the high-pass filter and to 
present a solid resistive input for the 
device under test. 

The purpose of the 1500-Hz high-
pass filter is to remove the low-foe-
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Fig. 22-1 30B. Fraction of a cycle of the 
intermodulation signal at "send" termi-
nals of the send section. The waveform 
has been expanded to show the high. 
frequency signal on the low-frequency 
carrier (f, equals 40 Hz, and 03 equals 

2000 Hz). 

quency component of the intermodula-
tion signal being analyzed. Thus, only 
the high-frequency component is per-
mitted to pass to the analyzer circuits. 
The high-frequency signal is fed to 
transformer Ti, which has an imped-
ance ratio of 600/50,000 ohms and is ter-
minated on the secondary side by a 
50,000-ohm, Use Calibrate control. This 
potentiometer adjusts the signal level 
applied to two-stage resistance-coupled 
amplifier VI and V2, tubes which are 
heavily bypassed at the cathodes and 
screen grids. The output of V2 is paral-
lel plate-coupled to interstage trans-
former T2, having an impedance ratio 
of 15,000/50,000 ohms. 

Fed by the secondary of T2 is a full-
wave bridge rectifier circuit, consist-
ing of two 6AL5/5726 twin diodes V3 
and V4. It might be well to mention at 
this point that semiconductor diodes 
cannot be used in this position due to 
their higher distortion characteristics. 
Also, a full-wave bridge circuit is nec-
essary because the distortion occurs on 
both half-cycles of the waveform being 
analyzed. If a half-wave rectifier cir-
cuit is employed, the rectifier ignores 
the distortion on the unrectified half of 
the cycle. 

The 600-Hz low-pess filter following 
the bridge circuit removes the high-
frequency component of the signal be-
ing analyzed, leaving only a pulsating 
de or ripple frequency (Fig. 22-1291). 
This pulsating de signal results from 
modulation of the high-frequency com-
ponent by the lower frequency of the 
test signal. The coils for this filter are 
also of toroidal design. All coils must 
be encased in nested shields of at least 
90-dB attenuation. 
A resistive network composed of re-

sistors R19 to R21 and potentiometer P4 
is connected at the output of the filter 
to provide an adjustment for setting the 
carrier-current meter, MI, to a prede-
termined calibration point on its scale. 

The metering section, a vacuum-tube 
voltmeter, consists of two tubes, V5 and 
V6. The ripple voltage at the output of 

Fig. 22-130C. Exterior view of signal generator section of the Altec Lansing Corp. 
intermodulation analyzer. 
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Fig. 22-130D. Interior view of the signal generator section of the Altec Lansing 
Corp. intermodulation analyzer. 

the low-pass filter is read directly in 
percent intermodulation distortion on 
meter M2. The input to the metering 
circuit is automatically switched to the 
output of the low-pass filter when func-
tion switch S1 is in any of the input at-
tenuation positions. The range of the 
metering circuit is controlled by an in-
put attenuator network, resistors R22 to 
R27. After amplification the ripple volt-
age is rectified by four diodes D1 to D4, 
which are connected in a full-wave 
bridge circuit. An 80-MF capacitor C26 
is connected across the meter move-
ment to remove low-frequency pulsa-
tions. The lower end of the bridge cir-
cuit is returned to ground through po-
tentiometer P6 in the cathode circuit of 
V5, a negative-feedback loop which 
serves to adjust the gain of the metering 
circuit and flatten the frequency char-
acteristics. 

The attenuator network in the meter-
ing circuit employs 1-percent precision 
resistors and provides six full-scale de-
flections of 0.3, 1.0, 3.0, 10.0, 30, and 100 
percent. These same steps provide a 
full-scale noise-measuring range from 
minus 60 dBm, to plus 10 dBm. The 
meter scale is calibrated to read in both 
percent modulation and decibels at the 
same time. 

Three 100,000-ohm potentiometers 
Pl, P3, and P7 are included in the cir-
cuitry for adjusting the amplitude of 

the signal fed to the oscilloscope switch, 
52. With 52 in the off position, the os-
cilloscope is grounded; in the in position 
the oscilloscope is connected to the out-
put of a hybrid coil in the signal section 
and displays the waveform of the signal 
being sent into the device under test 
(see Fig. 22-129E). With switch S2 set 
to the in position, the output of the 
waveform of the device being tested is 
displayed. The modulation position dis-
plays the modulated waveform at the 
output of the high-pass filter, and in 
the IM position, the generated inter-
modulation products as seen by the 
metering circuits. 

At the right of sections D, E and F of 
S1 is a hybrid-coil signal-mixing cir-
cuit. Here the test frequencies from the 
signal generator are applied to a resis-
tive network for controlling their am-
plitudes and setting the calibration and 
testing ratios. Hybrid coil T3 has an im-
pedance ratio of 600-600/600 ohms. 
When the coil is balanced by potenti-
ometer P10, the hybrid coil provides a 
minimum balance of 45 dB at all fre-
quencies between 40 and 12,000 Hz. Test 
frequencies arriving from the signal 
generator are fed to test signal switch 
S3, which permits the selection of the 
test frequency either singly or in com-
binations. Potentiometers P8 and P9 
adjust the level of the input signals be-
fore they are passed to the ratio atten-



1400 THE AUDIO CYCLOPEDIA 

4 

¡deg' z 
3 

i** 

z z z,z 
OE 2 

2 

—o— 

I'  

e: 

z 

%A  

Jk-«. 

3 

_f MOO 

—100000 L-43 

z-1-

zrzor 

O J  
pogo° 

>4-

FT: 1 III! 

3AITAY o 

Fig. 22-131A. Schematic diagram of analyzer 



TEST EQUIPMENT 1401 

-š  e, 

3 

H!! gm<-
« 

E 

-z 
4 4 

g, 71 

111111111 ..   
;-;  

I I Ill 
?.g 

section of an intermodulation analyzer. 



1402 . 

o 

THE AUDIO CYCLOPEDIA 

10 

20 

50 

60 

70 
200Hz 400Hz 700H: I kHz 

A 

NSERTION LOSS 
2.5kHz .0.30 dB 

C 

1500 Hz HP FILTER 

2 kHz 3 kHz 

600n 

G  GEN. 

L. 

A» 1200Hz m. 0.6 
B• 1200Hz m 0.6 
C=K750Hz m 0.866 

Fig. 22-131B. Configuration and frequency response of a 1500-Hz, high-pass filter. 

uators and hybrid-coil circuit. Hybrid 
coils are discussed in Question 8.66. 
Two attenuators, one of 20-dB loss 

and one of 12-dB loss, follow potenti-
ometers P8 and P9. The 20-dB attenua-
tor establishes the 10:1 signal ratio for 
the initial calibration (see Fig. 22-129M) 
and the 12-dB attenuator sets the 4:1 
ratio for intermodulation testing. These 
attenuators are automatically switched 
in and out of the circuit by function 
switch Sl. 

The secondary of the hybrid coil is 
terminated by an attenuator network 
somewhat like the attenuator section of 
a gain set. Switch S4 permits four 20-dB 
steps to be selected while attenuator 
Pil provides attenuation from 0 to 30 
dB, in steps of 1 dB. Terminating resis-
tor R38 is used for devices with a bridg-
ing input. Operating voltages are sup-

plied from the signal generator section 
discussed in Question 22.130. The resi-

dual intermodulation is less than 0.05 
percent, due to slight unbalances in the 
hybrid-coil mixing circuits. 

22.132 What is the difference be-
tween the SMPTE and CCIF methods 
of measuring intermodulation?—In the 
SMPTE method, two signals are ap-
plied to the input of the device being 
tested, one frequency lying between 40 
and 100 Hz, and the other between 1000 
and 12,000 Hz. The high-frequency sig-
nal is set 12 dB lower in amplitude than 
the low frequency; the ratio is 4:1. 

Because of the nonlinearity of the 
device being tested, sum and difference 
frequencies will be generated and exist 

as sidebands. This is illustrated in Fig. 
22-129D. The distortion may be defined: 

Nth harmonic of sidebands  
High-frequency amplitude 

The CCIF method also uses two fre-
quencies, but of equal amplitude, with 
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a difference in frequency somewhere 
between 30 and 1000 Hz. These fre-
quencies are kept at a fixed difference 
and moved up and down the spectrum, 
producing a constant beat frequency, 
while 1. — fi remains fixed. Intermodu-
lation products are generated between 
each high frequency and the second 
harmonic of the other high frequency. 
The frequency spectrum for the CCIF 
system is shown in Fig. 22-132. 
The intermodulation products are 

measured by means of a harmonic wave 
analyzer similar to those described in 
Question 22.65. The distortion may be 
defined: 

Difference-frequency amplitude  
Sum of high-frequency test signals 

% 

1 1 I 
f 21ft Zfj-fz fi f2 202-fi 

Fig. 22-132. Frequency spectrum seen 
using the CCIF method of measuring in-
termodulation. Compare this with the 
spectrum of the SMPTE system shown 

in Fig. 22-129D. 

22.133 What is a difference-fre-
quency intermodulation test?—It is an-
other name for the CCIF method de-
scribed in Question 22.132. 

22.134 What is a decade amplifier 
and what is its purpose?—It is a preci-
sion amplifier with fixed steps of gain, 
generally 20 and 40 dB (amplification of 
10 and 100). It is used for increasing the 
sensitivity of oscilloscopes, transistor 
and vacuum-tube voltmeters, and simi-
lar instruments. As a rule, such ampli-
fiers have broad frequency character-
istics, reaching into the megahertz re-
gion for bandwidth. 

The schematic diagram for a transis-
tor-type decade amplifier, manufactured 
by Hewlett-Packard, is shown in Fig. 
22-134A. The circuit consists essentially 
of a number of cascaded common-emit-
ter amplifier stages. Additional stages 
have been added preceding and follow-
ing the amplifier to give the instrument 
the desirable impedance characteristics 
of high and low output impedance with 
additional circuitry added to change the 
gain from 40 to 20 dB. An input clipping 
circuit, consisting of two diodes and a 
resistor R4, protects the amplifier from 
accidental overloads. Special biasing 
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Fig. 22-134A. Hewlett-Packard 

circuits are used to compensate for 

temperature and for varying character-
istics between transistors of the same 
type. 

The frequency response of this in-
strument is plus or minus 0.5 dB, 10 Hz 
to 1 MHz, dropping off to less than 3 dB 
at 2 MHz. The input impedance is 1 

megohm shunted by 25 pF, with an in-
ternal output impedance of 50 ohms in 
series with 100 F. Although the inter-
nal output impedance is 50 ohms, the 
external load must not be less than 1500 

tE --> 

Model 466A decade amplifier. 

ri 2 

ohms. The internal noise is 75 micro-
volts for a 100,000-ohm source resist-
ance. Distortion is less than 1 percent, 
10 to 100,000 Hz, with less than 5 per-
cent at 1 MHz. The device may be op-
erated either from batteries or an ac 
power supply (Fig. 22-134B). 

22.135 What is a step generator?— 
A device for testing the linearity of an 
amplifier by applying a step wave to 
the input of the amplifier and observing 
the stepped waveform at output of am-
plifier by means of an oscilloscope. 
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of amplifiers by increasing input 
level in stepped values as shown by the input waveform. 

If the amplifier is linear, the ob-
served pulses on the oscilloscope will 
increase in height in a linear manner. 
If curved upward or downward, it is 
an indication of nonlinearity. The block 
diagram for such an instrument is 
shown in Fig. 22-135. 

22./36 What is an octave-band 
noise analyzed—An octave-band noise 
analyzer (Fig. 22-136A) is designed for 
simple and rapid analysis of noises hav-
ing complex spectra. It may be operated 
directly from a microphone or fed from 
the output of a sound-level meter. It 
can be used for acoustic measurements 
of sound recording stages, auditoriums, 
offices, vibration studies, and all types 
of frequency analysis, except those re-
quiring a detailed knowledge of the 
frequency spectra. In this latter in-

eovolowomed 

Fig. 22-136A. General Radio Co., Model 
1558A octave-band noise analyzer. 
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stance, a harmonic wave analyer similar 
to those described in Question 22.65 is 
employed. 

The basic components of an octave-
band analyzer manufactured by the 
General Radio Co. are given in Fig. 
22-136B. At the upper portion of the 
diagram is the circuitry for use with a 
microphone, which includes an attenua-
tor, high-impedance microphone pre-
amplifier, and weighting networks. If 
the instrument is to be driven from 
the output of a sound-level meter, the 
input signal is applied to jack SLM. The 
signal for either type of input is passed 
through a group of 1-octave bandpass 
filters with center frequencies ranging 
from 37.5 to 9500 Hz, as given in Fig. 
22-136C. 

At the center frequency, the response 
is uniform within 1 dB, with a maxi-
mum of 1 dB from the all-pass level 
(Fig. 22-136C). For the bands from 37.5 

LOWER CUTOFF 
FREQUENCY Hz 

UPPER CUTOFF 
FREQUENCY Hz 

CENTER 
FREQUENCY Hz* 

18.75 37.5 26.5 

37.5 75 53 

75 150 106 

150 300 212 

300 600 424 

600 1200 848 

1200 2400 1696 

2400 4800 3392 

4800 9600 6784 

9600 19,200 13,570 

LOW PASS 75 

ALL PASS 

GEOMETRIC MEAN 

Fig. 22-136D. Octave-filter frequency 
characteristics. 

to 9600 Hz, the response at the nominal 
cutoff frequency is 3.5 dB below the re-
sponse at the center frequency. For the 
all-octave bands, the attenuation is at 
least 30 dB at half the lower cutoff fre-
quency and at twice the upper fre-

quency. The attenuation is at least 50 
dB at one-fourth the lower cutoff fre-
quency and at four times the upper 
frequency. The 75-Hz low-pass filter 
has at least 30-dB attenuation at 200 
Hz and at least 50-dB attenuation at 
400 Hz. These characteristics are given 
in Fig. 22-136D. On leaving the filter 
section, the signal is again attenuated 
and fed to a metering circuit. 

In using this meter the sound source 
is measured in octave bands which for 
acoustical measurements eliminates 
many difficulties due to background 
noise or reflections, as the spectrum is 
measured in bands rather than as a 
whole. Such instruments are widely 
used with white- and pink-noise mea-
surements. The use of this instrument 
is not confined to acoustical measure-
ments, but whenever octave-band mea-
surements are necessary. (See Ques-
tion 22.56.) 

The normal sensitivity range of the 
instrument is 44 to 150 dB (re: 0.0002 

mbar). However, the sensitivity may be 
extended by the use of a special plug-in 
microphone and preamplifier to 24 to 
150 dB. Two frequency characteristics 
are provided: one essentially flat, and 
a weighted network characteristic (Fig. 
22-136E). An output circuit is also pro-
vided for driving a magnetic tape re-
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o 
Fig. 22-137A. General Radio Co., Model 
1559B microphone reciprocity calibrator. 

corder, oscilloscope, graphic level re-
corder, or wave analyzer. 

22.137 Describe a reciprocity mi-
crophone colibrator.—A reciprocity mi-
crophone calibrator is used to calibrate 
microphone sensitivity, and it is the 
means used by the United States Na-
tional Bureau of Standards for such cal-
ibrations. Fig. 22-137A shows such a 
device, manufactured by the General 

UNKNOWN 
MICROPHONE • 

X 

10 000 20,000 

Radio Co. The instrument includes a 
circuit and structure required for the 
close-coupler (cylindrical cavity) rec-
iprocity technique, which is the pre-
ferred method of calibration for stan-
dard microphones. The instrument 
shown also includes an analog computer 
which performs the calculations neces-
sary to determine the microphone sen-
sitivity. The reversible transducer is a 
PZT ceramic microphone, and the aux-
iliary transducer a PZT cylinder which 
forms the cylindrical wall of the cou-
pler (Figs. 22-137B and C). The insert 
voltage (test signal) is varied in 10-dB 
steps to extend the calibration range 
while maintaining a high resolution. 
The coupler has a volume of 17.74 cubic 
centimeters and is designed to yield the 
random incidence response of the mi-
crophone over an extended range with-
out the use of helium. 
The PZT ceramic cylinder also serves 

as a stable acoustic source when the 
instrument is used as a sound-level cal-
ibrator. A meter calibrated in terms of 
the sound-pressure level produced in-
dicates the absolute value of the signal 
applied to the PZT cylinder. An exter-

EXCITING VOLTAGE 
o 

AIR CAVITY 

hOE 
-t REVERSIBLE 
P MICROPHONE 

—IS R 

7 
flEZO— EL ECTRI C 

R N  

Fig. 22-1378. Conditions for determining the ratio of microphone sensitivities. 



1 409 TEST EQUIPMENT 

Fig. 22-137C. Conditions for determining the product of microphone sensitivities. 

A 
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Fig. 22-1 370. Relationship of three 
transducers in reciprocity calibration. 

nal source of audio frequencies capable 
of developing a power of 1 watt at an 
impedance of 600 ohms is required. A 
detector is required to measure the out-
put signal of the calibrator and should 
have an impedance of at least 5 meg-
ohms and be capable of measuring a 
signal level of several millivolts with a 
signal-to-noise ratio of 20 dB or greater. 
It should also have a meter capable of 
indicating 1-percent change in signal 
level. The detector may be a sound-
level meter or an octave-band analyzer 
(usually the instrument under calibra-
tion). In making such calibrations, cor-
rections for altitude and barometric 
conditions must be considered. A nom-
ograph for this purpose is given in Sec-
tion 25. 

The cross-sectional view of the cou-
pler (Fig. 22-137B) shows how the mi-
crophone to be calibrated is placed in 
the measuring cavity. The accuracy of 
the measurement depends on the (1) 
resistance values of the attenuator, (2) 
mechanical dimensions of the coupler 
cavity, and (3) the value of a current-
sampling capacitor. 

Transducer A (Fig. 22-137D) is used 
as a speaker which equally excites the 
unknown microphone X and a recipro-

cal microphone R with sound pressure. 
The ratio of the open-circuit voltages 
of the two microphones R and X equals 
the ratio of the microphone sensitivities. 
The ratio of the open-circuit voltage to 
the exciting pressure is the definition of 
the microphone sensitivity: M= V/P. 
The sensitivity is commonly expressed 
20 Log., M (re: 1 V/µbar). If the two 
microphones are coupled together by a 
known acoustical impedance (cavity) 
and the reciprocal microphone R is 
driven as a speaker, the ratio of the 
open-circuit voltage of microphone X 
to the driving current of reciprocal mi-
crophone R can be related theoretically 
to the product of the microphone sen-
sitivities. By solving two relationships— 
the ratio of sensitivities of microphones 
R and X, and the product of these sen-
sitivities—the sensitivity of either mi-
crophone can be determined. 

22.138 Give the principles of reci-
procity testing.—The principle of reci-
procity is stated as follows: The ratio 
to excitation is unchanged if the points 
of excitation and observation are inter-
changed, provided the terminal condi-
tions remain the same. The equation in 
Fig. 22-138 illustrates the relationship 
that follows from the principle of reci-
procity for a two-port, four-terminal 
electrical network. The design of the 
General Radio Co. Model 1559B micro-
phone reciprocity calibrator of Fig. 22-
137A is based on the forward current 
transfer equalling the reverse voltage 
transfer. 
The previously described instrument 

can be used to calibrate microphones in 
the range from minus 75 dB to minus 
35 dB (re: 1 V/µbar.) Accuracy is plus 
or minus 0.2 dB. 

Reciprocity is not restricted to linear 
and passive networks: it applies to any 
linear, bilateral, or passive network. The 
reciprocity technique for microphone is 
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diagram for General Radio Co. tone-burst generator 
Model 1936A. 

Fig.22-1398. General Radio Co. tone-
burst generator, Model 1936A. 

a primary method of calibrations in 
which acoustic standards are required. 
This method of calibration is set forth 
in USAS! (ASA) Standard Z24.4-1949. 

22.139 Describe o tone-burst gen-
erator.—Tone-burst generators are used 
for a variety of transient tests and fall 
between continuous tone testing and 
step-function or pulse testing. Tone-
burst generators find diverse applica-
tions. One of the most useful features of 
such instruments is the output signal 

SINE -WAVE 
OSCILLATOR 

WHITE-
NOISE 

GENERATOR 

TONE-
BURST 

GENERATOR 

POWER AMP 

can be coherent; that is, the gate can 
be made to open and close at the same 
point in a signal voltage cycle for each 
tone burst. Coherence is of value for two 
reasons. First, the coherent tone burst 
is much more easily observed or ana-
lyzed by oscillographic or sampling 
methods and second, the frequency 
content of the tone burst depends on 
the phase of the gate compared to the 
signal. If the signals are not coherent, 
the phase, and hence the frequency con-
tent, is drifting, and test results are less 
reproducible or less clear than with a 
coherent tone burst. Another useful 
feature of these devices is the control 
of the number of cycles in the tone 
burst, which permits the production of 
tone bursts with consistent and con-
trollable frequency content. 
Some of the uses to which this in-

strument can be put are the testing of 
acoustic enclosures, speakers, rectify-
ing circuits, recovery time of various 
devices, amplifier music-power testing, 
speaker-distortion measurements, gen-

L/S 

SOUND 
LEVEL 
METER 

GRAPHIC 
LEVEL 

RECORDER 

OSCILLO-
SCOPE 
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— — 
Fig. 22-140A. Voltage-controlled osel-
lator (VCO) Model 6100 manufactured 

by Waveforms Inc. 

eration of power-line transients, and 
filter and equalizer testing, to name but 
a few. 
An elementary block diagram of a 

tone-burst generator, manufactured by 
the General Radio Co., is shown in Fig. 
22-139A. The tone-burst generator re-
quires an external source of audio fre-
quency and may be supplied by any 
audio oscillator. The audio signal is 
gated by the tone-burst generator, 
which has provisions for timing the 
opening and closing of the gating cir-
cuitry. As will be noted, the audio sig-
nal and the timing signal are the same. 

The main gate is a transmission gate 
of the shunt type which accurately re-
produces the input signal at the gated 
signal output terminals when the gate is 
open and permits no output signal 
when the gate is closed. The opening 
and closing of the main gate is con-
trolled by a gating signal from a binary 
scaler. The scaler counts once per cycle 
of the timing signal, and can be con-
trolled to set the gate-open and gate-
closed intervals. 

RAMP 

GEN 

610B 

VCO 

AMP 

Fig. 22-140C. Logarithmic ac volt and 
frequency meter Model 620A manu-
factured by Waveforms Inc. An external 
frequency source is required with this 

instrument. 

A front-panel view of a tone-burst 

generator is shown in Fig. 22-139B. A 
typical test setup for making an acous-
tical measurement of an enclosure is 
shown in Fig. 22-139C. 

22./40 Describe an automatic fre-
quency-plotting system.—In the making 
of daily routine measurements in large 
recording plants, many measurements 

of frequency response are made. If 
these are made manually, several hours 
a day can be consumed. The solution to 
this problem is making measurements 
automatically and recording a graph 
that may be stored away to be referred 
to later as an analysis of the stability of 
such equipment. Automatic plotting is 
not confined entirely to the making of 
amplifier measurements, but can be 
used for almost any equipment. Tests 
may include the measurement of im-
pedance, amplifier frequency response, 
acoustical enclosures, amplitude and 

phase balance, comparative tests, con-
stant percentage frequency modulation, 
phonograph pickups, tape recorders, 
and many others. The response is 
plotted on an X-Y plotter, which is ex-
plained in Question 22.112. 

For making such measurements a 
device pictured in Fig. 22-140A and 

DETECTOR 

(RECTIFIER) 

X-Y PLOTTER 

Fig. 22-14013. Waveforms Inc. Model 61013 voltage-controlled oscillator (VCO) con-
nected for making automatic frequency response measurements on an amplifier 

using an X-Y plotter. 
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manufactured by Waveforms, Inc., may 
be used. This instrument is a voltage-
controlled oscillator (VCO) with its 
frequency controlled by an internal or 
external ramp voltage. A 100:1 tuning 
range may be selected between 2 and 
2000 Hz and 20 to 20,000 Hz; thus the 
flexibility of an electrical nonmoving 
part can be achieved. The voltage may 
be one of several, viz, the internal saw-
tooth generator and internal potenti-
ometer for single-range manual sweep, 
the potentiometer of an X-Y plotter to 
slave the VCO to the plotter, or other 
sources of control voltage. 
An internal sweep-frequency con-

trol generator produces a positive ramp 
output voltage (straight-line voltage 
with a rising characteristic) which var-
ies between 1 and 10 volts. A 1-volt 
value corresponds to the VCO lowest 
frequency limit and 10 volts to its high-
est (1000 times the lowest). Since the 
characteristics of the VCO are approxi-
mately logarithmic frequency versus 
voltage, the sweep is logarithmic, which 
is the plotting characteristic of most 
audio-frequency equipment. The ramp 
control voltage is also available on the 
front panel and may be used to drive 
the X axis of a plotter or an oscillo-
scope. The sweep time may be varied 
from 6 to 60 seconds. A typical setup for 
measuring the frequency response of 
an amplifier is given in Fig. 22-140B, 
using an X-Y plotter. The ramp con-
trol voltage determines the VCO fre-
quency and controls the X position of 
the plotter pen. The horizontal plot (X) 
is in three logarithmic frequency dec-
ades. The vertical position (Y) is de-
termined by the magnitude of the volt-
age at the output of the device under 

test. The output voltage is rectified so 
the plotter Y drive is a dc voltage di-
rectly proportional to the amplitude of 
the output signal. The result is a plot of 
amplitude versus frequency. The de-
vice shown includes a logarithmic fre-
quency meter and an attenuator system 
with 100-dB loss, which may be used 
externally if desired. The reset time is 
about 2 seconds and always resets to 20 
Hz. The response is plus or minus 0.5 
dB. The power output is 2.5 volts in a 
600-ohm line, with THI) of 1 percent at 
1000 Hz. 
A somewhat similar instrument is 

shown in Fig. 22-140C, containing a 
logarithmic voltmeter and frequency 
meter and the necessary rectifying cir-
cuits for directly driving an X-Y plot-
ter. However, an external source of fre-
quency is required, which may be a 
prerecorded magnetic tape, record, film, 
or oscillator. 

22.141 Describe the basic circuitry 
for a transistor test set.—Transistor test 
sets are manufactured in two types: in-
circuit, and for general bench testing. 
The first instrument to be discussed is 
the Model T.T.164 in-circuit transistor 
tester, manufactured by AVO, Ltd. 
(England). A front-panel view of the 
instrument is given in Fig. 22-141A. 
This instrument is portable and may be 
used for in-circuit testing for both pnp 
and npn transistors. In addition, two 
low-current ranges are provided for the 
measurement of leakage current in sili-
con transistors, which is considerably 
lower than in other types. These two 
ranges are amplified by a single tran-
sistor amplifier. 

Current gain (beta) may be mea-
sured with the transistor in or out of 

Fig. 22-141A. AVO Ltd (England) in-circuit transistor tester. 
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the circuit over a range of 0 to 150 and 
to 300, provided the base to the emitter 
loading is over 400 ohms and the col-
lector impedance is greater than 25 
ohms. Collector current is continuously 
variable from 0 to 10 µA in steps of 10 
mA to 30 mA, with continuously vari-
able collector voltage of from 0 to 10 
volts. 
A dc bridge circuit (Fig. 22-141B) 

enables in-circuit components to the 
transistor to be balanced out before the 
de operating conditions are set. Mea-
surement of beta is carried out at fre-
quency of 1000 Hz by means of an ac 
bridge, after the effect of impedance in 

CENTER TAPPED LOW 
IMPEDANCE SUPPLY 

CENTER TAPPED LOW 
IMPEDANCE SUPPLY 
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the base circuit is balanced out. The ac 
collector current is monitored by mea-
suring the voltage across a 1-ohm re-
sistor in the collector circuit. 

The indicating meter is calibrated to 
read 0 to 150 for measurements of beta, 
0 to 10 for measurement of collector 
current and two current ranges of 100 
pA and 1 mA for leakage measure-
ments, and 0 to 300 for leakage currents 
below 3 p.A. There is also a battery 
check scale. Overload protection is also 
provided. For in-circuit testing, special 
probes are required. Power is supplied 
from four 9-volt batteries regulated to 
supply a 20-volt low-impedance output, 

SI 

Fig. 22-141B. Basic dc balance circuit for AVO in-circuit transistor tester. 

1000Hz 
OSCILLATOR 

e 

SI 

° z 
fbAIN.2 

R4 
100 

R5 III 

R2 

RI 

 o 

 o 

BASE R 
1 CHOKE   TO BASE 

Buts 
o 

AC. 
MILLI VOLTMETER 

Fig. 22-141C. Basic cc balance circuit for AVO in-circuit transistor tester. 

COLLECTOR NPN 
EMITTER PNP 

TRANSISTOR 

COLLECTOR PNP 
EMITTER NPN 

VE 

Fig. 22-141D. Basic circuit for measuring dc leakage current in AVO in-circuit 
transistor tester. 
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Fig. 22-141E. Heathkit Model IM-30 transistor tester. 

BIAS 
CONTROL 

GAIN 
TEST 

CONTROL 

METER 

Fig. 22-141F. Base current measurement. 

center tapped to provide 10 volts on 
either side. 

With switch SI in position 1, the 
shunt paths are represented by resistors 
R1, R2, and R3, which are balanced out 
with the transistor not functioning. 
After balancing, the switch is placed in 

position 2 and the collector current is 
adjusted. 

Referring to the ac bridge circuit in 
Fig. 22-141C, the circuit is balanced first 
with S1 open, using control minimum-1, 
and the transistor inoperative. This is 
to nullify the effect of shunt paths 
around the transistor. With switch SI 
closed, the bridge is again balanced, 
using the minimum-2 control and with 
the transistor operating normally. Ac 
base current is balanced out in this op-

GAIN 
TEST 

CONTROL 

R24 
MAX. 
GAIN 

R6 
BIAS 
CONTROL 

ZERO GAIN 

HIGH-LOW 
+ SWITCH 

METER 

Fig. 22-141G. Gain test (dc Beta and dc 
Alpha). 

eration by measuring the voltage drop 
across the 100-ohm resistor R4. The 
ratio of the voltage across the 100-ohm 
resistor to the voltage across 1-ohm re-
sistor R5 in the collector circuit is a 
measure of current gain. 

Leakage-current measurements em-
ploy a simple amplifier, as shown in Fig. 

22-141D. Germanium diode DI together 
with resistor R5 applies a forward bias 
voltage of approximately 0.5 volt to the 
base of high-gain transistor Ql. This 
ensures not only the linearity of the in-
strument calibration, but also that the 
calibration starts at zero. The zero set-
ting is a factory adjustment; however, 
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an internal potentiometer provides a 
zero adjustment should readjustment be 
necessary. Preset potentiometers Pl and 
P2 provide adjustment for the leakage-
current ranges. 
A second transistor tester, manufac-

tured by Heathkit, is shown in Fig. 22-

BIAS 
CONTROL 

R7 -RIS 

Fig. 22-141H. Collector voltage test. 
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141E. This instrument tests transistors 
and diodes under conditions corre-
sponding to actual operating conditions. 
Ac operating conditions are readily 
found by testing the transistor for two 
different values of bias, and then calcu-
lating the ac operating conditions. The 

DIODE 

RS 
 'VW  

1.811 

0.7V 

I.5V 

Fig. 22-1411. Diode test. 

Fig. 22-141J. Schematic diagram of Heathkit Model IM-30 transistor tester. 
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various diagrams show the basic cir-
cuits which are automatically set up by 
the operation of certain designated 
switches. 

Fig. 22-141F is the basic circuit for 
measuring base current (Ib) and is in-
dicated by the meter connected directly 
in the base circuit. Gain (dc beta and 
de alpha) is measured by the circuitry 

in Fig. 22-141G. Here the meter mea-

sures the voltage drop across resistor Rs 
and that across gain test control R24. By 
adjustment of R24 for a null indication 
on the meter, the voltage drop across Rs 
equals the voltage drop across R24. 
Therefore L (collector current) times 

Rs equals Ib (base current) times R24. 
Gain and beta are directly proportional 
to the value of R24, which is calibrated 
to read values of alpha or beta directly. 

Alpha equals beta divided by 1 plus 
beta. 

Collector voltage E. (Fig. 22-141H) 
is the voltage between collector and 
emitter. This voltage is selected by the 
collector voltage switch. Resistors R1 to 
R5 represent the meter multipliers. This 
voltage is also measured under operat-
ing conditions. Other tests include col-

lector current (I,), collector-emitter 
leakage (L..), diode leakage tests, col-
lector-to-base leakage (L.), and in-
ternal short tests. 

The various operating conditions may 
be calculated: 

voltage of 1.5 volts and using 0.8-volt 
drop, R = E/I. Thus, for a diode rated 
500 mA, the series resistance would be 
0.8/0.5, which equals 1.6 ohms. The re-
sistor may be left in the circuit when 
measuring reverse currents as its value 
compared to the reverse current resist-
ance is negligible. The schematic dia-
gram for this tester is given in Fig. 22-
141J. 

22.142 Describe the basic principles 
of a solid-state electronic counter.—Fre-
quency counters are extremely useful 
in the laboratory and for general cali-
bration work. Heretofore such instru-
ments have been quite bulky because 
of the large number of vacuum tubes or 
transistors required for their operation. 
The counter pictured in Fig. 22-142 is a 
Model 5215A, 12.5-MHz solid-state gen-

eral-purpose counter manufactured by 
Hewlett-Packard. The circuitry of this 
instrument employs integrated cir-
cuits (IC) for its principal components, 
thereby reducing the physical size, cost, 
weight and power consumption. The 
total power required for this instru-
ment is 20 watts, or less than one-tenth 
that previously required for vacuum-
tube models. The weight of this instru-
ment is 7 pounds as compared with 50 
to 150 pounds for older models. 

The counter shown displays the read-
out using seven digits made visual by 
seven cold-cathode Nixie display tubes 

De current gain ht. = I./Ib = ht. = Pd. a =114./ (Pd., -I- 1) 

AL 1,1 —  
Ac current gain = (E,, held constant) or (at the same value of E.) 

LAIb ib, — Lb! 

Dc transconductance Gt. = I./Eb 

AI, 
Ac transconductance Gt. = (E, held constant) or 

De base resistance = Eb/Ib 

Ac base resistance = Eb/Ib (E, held constant) or 

De collector resistance = 

Ac collector resistance = E,/I. (Ib held constant) or 

Symbols for transistor characteristics 
are given in Question 11.115. 

The circuitry for testing diodes is 
given in Fig. 22-1411. Resistance R. is a 

current-limiting resistance and must al-
ways be connected externally in series 
with the diode. Its value depends on the 
current rating of the diode. Silicon di-
odes generally have an internal voltage 
drop of about 0.7 volt. Using a battery 

I21 

Ebt E62 

Etel E2 

Ibl •-• 162 

E„, —  

I.1— 122 

manufactured by the Burroughs Corp. 
When the unit is in operation a blank-
ing circuit suppresses the display of un-
wanted zeros to the left of the most sig-
nificant digit. An internal 10-MHz crys-
tal controlled self-checking oscillator is 
included as a time base to ensure that 
the decade counters, gates, function se-
lector, amplifier, and time base are al-
ways operating satisfactorily. The nor-
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- -- 
Fig.  22-1.42. Front panel view of Hewlett-Packard Model 5215A 12.5-MHz 

electronic counter. 

mal display time ranges from 50 milli-
seconds to 5 seconds and may be held 
until reset. The accuracy is plus or 
minus 1 count, plus or minus the time-
base accuracy. Gate times range from 
0.01 to 10 seconds. Input impedance is 
approximately 1 megohm shunted by 
50 pF. Sensitivity is 10 millivolts, rms 
sine wave. The input signal may be at-
tenuated in decade steps ranging from 
0.01 to 10 volts, with the triggering volt-
age continuously variable. 

In addition to the counting operation, 
time intervals of 10 gs to 10 seconds 
may be measured, or periods averaged. 
By the substitution of an external signal 
source (L) for the internal time base, 
and connecting a second source (f2) to 
the counter input, the frequency ratio 
fi/f2 can be measured. Terminals are 
provided on the rear apron for a 1-MHz, 
3-volt output frequency as well as a 
four-line BCD code as a standard, with 
assigned weights of 1, 2, 4, 8 (1 state 
positive respect to 0 state). 

In operation the instrument is con-
nected directly across the circuit of 
which the frequency is to be measured 
and read in either kilohertz or mega-
hertz. A reset push button on the front 
panel resets the display to zero. The 
counter is then ready for counting a 
new cycle. 

Also included on the rear apron is a 
switch for disabling the storage feature. 
The display storage provides a continu-
ous visual display while the instrument 
is totalizing a count. Only if the count 
differs from the previous count will the 

display change. The storage switch also 
disables the zero blanking circuits. 

22.143 Describe the circuitry of a 

solid-state digital multimeter.—Fig. 22-
143A is a front-panel view of a Fair-
child Instrument Division Model 7050 
solid-state digital multimeter, with an 
interior view of its construction given 
in Fig. 22-143B. The instrument consists 
of a single chassis housing a power sup-
ply, counting circuits, and readout tubes. 
It may be operated from a line voltage 
of 117 Vac, 50 to 400 Hz. The instru-
ment measures both dc voltages and re-
sistance. For current measurement, ex-
ternal shunt resistances are required. 

Four voltage ranges are provided, 
ranging from 1.500, 15.00, 150.0, and 
1000 volts full-scale. The 1.5-volt scale 
has a resolution of 1 mV. Resistance 
measurements range from 1.500K, 
15.00K, 150.0K, and 15.00 megohms. The 
1.500 kilohm scale has a resolution of 1 
ohm. For normal room temperatures, 

Fig. 22-143A. Front panel view of Fair-
child Instrumentation Model 7050 solid-
state digital multimeter, using dual-
slope integration techniques with 0.1-

percent accuracy. 
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the scale accuracy is plus or minus 0.1 
percent of the reading plus or minus 1 
digit; for the kilohm scale, plus or minus 
0.2 percent of reading plus or minus 1 
digit. Three digital readout indicators 

are provided with one overrange digit, 
decimal-point indicators, and a plus or 
minus polarity indicator. The readout 
display is steady without blinking. The 
average instrument of this type requires 
about 60 solid-state devices for its op-
eration. 

Each measurement cycle consists of 
two parts. During the first part, current 

is drained from an integrating capacitor 
by the unknown current, while clock 
pluses feed continuously into the 
counter. At 4000 counts from the clock 
the counter overspills to 0000 and the 

second part of the measurement cycle 
begins. At overspill (t, on the timing 
waveforms of Fig. 22-143C) a full-scale 
pulse is emitted. This pulse triggers 
flip-flop FF1 which in turn closes a ref-

erence-current solid-state switch. The 
integrating capacitor now recharges at a 
rate proportional to the reference cur-
rent minus the unknown current (t, to 

td). When the voltage across the inte-
grating capacitor reaches zero (t), the 
level detector changes the state of FF1, 

then turns off the reference-current 
switch and activates a strobe one-shot 

multivibrator. These actions temporarily 
disable the clock circuit and gate the 
buffer storage units, permitting the 
count stored at that particular instant to 
be applied to the readout tubes for dis-

play. The input, measurement, and clock 
circuitry are calibrated to result in a 
direct visual readout of the unknown 
voltage. The clock circuit delayed just 
long enough to prevent a count during 
the strobe pulse. By placing a short be-
tween the hold terminals, the readout 
voltage may be held until the short is 
remove d. 

Referring to both the block and sche-
matic diagrams of Figs. 22-143C and D, 
the voltage to be measured is applied 
between the volts and common termi-
nals on the front panel. Input signals 
are routed to a function/range switch 
consisting of six-ganged wafers. Wafer 
S1C switches the input common when 
the function switch is actuated. Wafer 
S1F sets the range indication by 

grounding the cathode element of the 
proper decimal-point indicator in the 
readout tubes. Section SID grounds the 
cathodes of the polarity indicating 
lamps when the function/range switch 
is in any voltage range. The remaining 
wafers A, B, and E route the input 
signal voltage through a group of at-
tenuating resistors to the input ampli-
fier. Potentiometer R45 is for calibrat-
ing the 1000-volt range; R36, the 150-
volt range; and R28, the 15-volt range. 
The attenuated input signal is ap-

plied to a chopper-stabilized amplifier. 
The chopper is driven at 120 Hz from 
solid-state switch Q13. The drain ele-
ment of Q16, a 2N4142 MOSFET is tied 
to the input of the ac carrier amplifier, 
with the source element connected to 

— - 
Fig. 22-14313. Interior view showing the construction of Fairchild Instrument Model 
7050 solid-state digital multimeter. The three tubes at the front are the digital 

readout tubes. 
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Fig. 22-143C. Block diagram for Fairchild Instrumentation Model 7050 solid-state 

digital multimeter. 
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. . ,OE ,. 

Fig. 22-143D. Schematic diagram for Fairchild Instrumentation, Model 7050 solid-
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the output of the dc amplifier for a 
closed loop. When the chopper is oper-
ating, any potential difference that ex-

ists between the amplifier input and 
output is coupled through capacitor C5 
to the amplifier input as an error-signal 

voltage. This voltage is amplified and 
fed back in phase to the source element 
of Q16. When the voltages at the dc am-

plifier output and ac carrier amplifier 

FROM 
CHOPPER 
AMPLIFIER 

RESET 
o  

+25V 

CR DIFF. 
I AUFL. 

Fig. 22-143E. Dc amplifier circuit. 
z 22 24 

POSITIVE 
  CLAMP 

CRIe 

CRIS 

Rov 

014 

o o 

input reach the same level, the amplifier 
is stabilized and the total equivalent un-
known input voltage is impressed across 
10,000-ohm resistor R47. The current 
through R47 is drawn from the charge 
on integrating capacitor C10. 
When chopper transistor Q16 is in 

the on position, the voltage at its drain 
element (V10) is chopped to the level of 
its source. The voltage step (positive or 

az 

POLARITY 
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E. F. 

CLOSED 
FOR VOLTS 
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NEGATIVE 
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POSITIVE CURRENT PATTI 

Z 8 

o 

FF 

GOD 

BASE CONNECTIONS 

Fig. 22-143F. FS CUL 958 counter and base connection. 
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Fig. 22-143G. Chopper-amplifier circuit. 

R33 

100K 

Fig. 22-143H. Chopper-drive circuit. 

negative, depending on the polarity of 
the input signal) is coupled through ca-
pacitor C5, amplified and inverted in 
Q10, Q11, Q12, and then coupled through 
C2 to the collector of Q13. At this time 
QI3 is off, so the voltage step is inte-
grated (filtered) by R15 and C6 and ap-
plied to the input of the de amplifier. 
When Q16 goes from on to off, any volt-
age change at the drain element is am-
plified and appears inverted at the col-
lector of Q13. However, at this time Q13 
is turned on, and, therefore, the signal is 
grounded. 

Transistors Q7 and Q8 (Fig. 22-143E) 
constitute a differential amplifier. The 
voltage at the base of Q8 follows the 
voltage at the base of Q7. Emitter fol-
lowers QI4 and Q17 conduct (Q14 con-
ducts for positive input signals; Q17 for 
those of negative polarity) and the volt-
age step is fed back to the source ele-

R33 

- v 

+1 2V -u-Ln_ _1 6V 

CROPPER DRIVE 

ment of Q16. The step is in phase with 
the input signal; therefore, the voltage 
across the chopper approaches zero. Di-
odes CR18 and CR19 compose a clamp-
ing circuit for positive-polarity input 
signals. Resistor R.95 and diode C1120 
form a clamp for negative-polarity in-
put signals. 

The polarity indicators consist of 
lamps DS1 and DS2. When ionized, DS1 
presents a horizontal bar of light at the 
readout panel, and DS2 presents a ver-
tical bar. The two lamps function to-
gether to produce a positive-polarity 
image, or DS1 on and DS2 off to indi-
cate a negative polarity. When a voltage 
range is selected, the cathodes of DS1 
and DS2 are grounded through switch 
S1D. The anodes are connected through 
resistors RI and R86 to plus 200 volts. 
In addition the anode of DS2 is con-
nected to the collector of Q3 in the dc 
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Fig. 22-1431. Ohms-converter circuit. 
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Fig. 22-143J. Power-supply circuit. 

amplifier. For de voltage inputs of neg-
ative polarity, Q3 is turned on and DS2 
held off. Thus, DS1 remains ionized and 
a negative indication results. For posi-
tive indication, Q3 is turned off by 
solid-state switch Q2. The voltage at the 
anode of DS2 rises and allows the lamp 

441111 

e kta ADJ 
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+25V 

DIFE 
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025 

1R57 

026 

 e 

024 

VIN + IV 

M.- V IN +10V 

4220v 

425v (REG> 

43 eVtREGA 

av IRV» 

to light, indicating the vertical bar por-
tion of the plus indication. 

The recharging of integrating capaci-
tor C10 is provided by transistor Q9 
(Fig. 22-143D). This current generator 
is switched off when the zero detector 
is activated, and held off until a full-
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scale pulse is emitted. Reference for the 
current source is established by zener 
diode CR!. When Q9 is off, current 
through CR1 is drained through CR2 to 
ground. With Q9 in the on position, the 
6.8-volt zener diode across CR1 breaks 
down and fixes the voltage at the base 
of Q9. Transistor Q9 then conducts to 
produce a stable reference current. Po-
tentiometer R5 provides a means of ad-
justing the current amplitude. 

Note that one side of integrating ca-
pacitor C10 is connected to a voltage 
divider (R26 and R39) that fixes the 
voltage at a value of plus 12 volts. The 
voltage on the opposite side of C10 is 
discharged during the first part of a 
measurement. During the second por-
tion of the cycle, it is recharged by a 
current equal to the reference current 
minus the input current. When the 
voltage returns to plus 12 volts( plus a 
small off-set voltage), the level detector 
is triggered. 

The level detector consists of transis-
tors Q18 and Q19 connected in a Dar-
lington configuration. When the volt-
age across the integrating capacitor 
reaches 0 volts (12.5 volts each side) 
plus a small off-set voltage, the base-
emitter junctions of Q18 and Q19 be-
come forward biased. The voltage at 
the collector of Q19 drops, and the flip-
flop steering transistor Q43 is turned on. 

Flip-flop transistors Q5 and Q6 con-
trol the action of the current-reference 
switch and the strobe generator. Each 
time the counter reaches full scale, the 
last counting unit emits a positive spike 
(full-scale pulse). This pulse triggers 
the flip-flop via steering diode CR6. 
The positive pulse turns Q5 off, and Q6 
is turned on through regeneration cou-

pling. With Q5 off, current-reference 
switch Q9 conducts, and current from 
the reference source flows to the inte-
grating capacitor. When C10 is re-
charged, the zero detector is activated 
and produces a negative-going output 
pulse which turns on switch Q43. This 
action turns Q6 off. With Q6 off, Q5 
turns on through regenerative coupling. 
With Q5 on, the voltage at its collector 
is high and the positive spike turns cur-
rent-reference switch Q9 off and trig-
gers the strobe one-shot multivibrator. 

The strobe multivibrator consists of 
transistor Q20 and RC network R40 to 
R42 and C11. At time t, (Fig. 22-143C) 
in the measurement cycle, Q5 in the 
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flip-flop is turned on and produces a 
positive pulse output. This pulse is 
coupled through C11 to turn Q20 off. 
Values of C11 and R40 to R42 are chosen 
to hold Q20 in the off position for 5 irs. 
Hence the strobe pulse (A) is a pulse 
of minus 0.5 volt of 5-iss duration. 
Strobe pulse A turns off the clock tem-
porarily and B gates the buffer storage 
units, displaying the counting units. 

The time base (QA12) is a 24,000-Hz 
oscillator, consisting of a Fairchild UL 
914 dual two-input gate whose outputs 
have been cross connected to form a bi-
stable oscillator. Resistors R79 and R85 
and capacitors C20 and C22 are chosen 
to produce an output frequency of 
24,000 Hz. 

The clock output drives three cas-
caded decade counters (CUL 958 ele-
ments) and one binary counter UL 926. 
Each UL 958 element consists of four 
binary triggered flip-flops modified by 
feedback loop to count 1, 2, 4, 8 in bi-
nary-coded decimal. A block diagram 
of this micrologic component is given in 
Fig. 22-143F. The BCD count (Fig. 22-
143C) produced in the decade counters 
is stored in CUL 959 buffer storage ele-
ments until a strobe pulse occurs. 
Strobe pulses trigger the storage ele-
ments, permitting each to transfer its 
BCD data to a CUL 960 decimal de-
coder/driver. 

Buffer storage units CUL 959 consist 
of four gated latch circuits and a com-
mon gate driver. The input characteris-
tics of the latch circuitry match the 
CUL 958 decade counter output char-
acteristics. The buffer stage permits the 
state of the counter outputs to be sam-
pled and held for an indefinite time. 
Each time a strobe pulse occurs, the 
CUL 958 counter outputs are trans-
ferred into the buffer stages. 

The decimal decoder/driver units ac-
cept the 1, 2, 4, 8 BCD output from 
their respective storage elements and 

transform the BCD count into ten mu-
tually exclusive outputs which directly 
control the ionizing potentials of gas-
filled cold-cathode display tubes V1, V2, 
and V3. Ten individual lines between 

each driver-tube pair provide for a one-
digit display of any number from zero 
to nine. 
When the count exceeds 999, the 

eight output from the last CUL 958 ele-
ment is high and drives Q35. The col-
lector is connected to pin 3 of QA7. 
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With Q35 on, the voltage at its collector 
is low and QA7 is triggered. Element 
QA7 is a flip-flop and controls bistable 
multivibrator Q31 and Q32, which oper-
ates DS3. Transistors Q31 and Q32 nor-

mally are held off and CR10 and CR11 
are back biased. During the strobe 
pulse, the voltage at the emitters of Q31 
and Q32 drops, thus permitting the out-
put state of Q47 to be sampled. If pin 7 
is high and pin 9 is low, CR11 becomes 
forward biased; Q31 is turned on, and 
Q32 off. With Q32 in the on state, Q40 
conducts, creating a voltage drop across 
DS3 and the number 1 appears as the 

most significant digit in the readout. 
The chopper (Fig. 22-143G) is a 

F1100 MOSFET. The gate must be bi-
ased to approximately 4 volts negative 

with respect to its source element be-
fore the device will turn on. The chop-
per drive circuit (Fig. 22-143H) pro-
duces a square-wave signal that alter-
nates between plus 1.2 and minus 6 

volts. The positive 1.2-volt signal is 
necessary because of the voltage drop 
across diode CR2 and transistor Q13. 

Element QA8 (Fig. 22-143D) is the 
third CUL 958 element in the series 
decade counters. The first two counter 
elements divide the 24,000-Hz clock sig-
nal by 100. Flip-flop circuit QA8 divides 
the 240-Hz input by two. The resulting 
120-Hz signal at pin 3 of QA8 triggers 
driver transistor Q38. The square wave-
form appearing at the collector of Q38 
alternates between plus 1.2 and minus 

6 volts. This output signal drives chop-
per transistor Q16 and solid-state 
switch Q13. 

The ohms converter (Fig. 22-1431) is 
switched into the circuitry when an 
ohms range is selected by the function 
switch. This circuit consists of a boot-
strap amplifier that produces two out-

puts. One output is used for a 15-meg-
ohm range only. This output adds 1 volt 
to the voltage at the amplifier input. The 
second output is used for all other 
ranges except 15 megohms. This second 
output adds 10 volts to the amplifier in-
put. The appropriate output voltage is 
connected to the low end of the attenu-
ator for a given range. The attenuator 
network programs a test current 
through the unknown resistance. Test 
currents are: 0.1 OELA for the 15-megohm 
range, 1 µA for the 1.5-megohm range, 
0.01 mA for the 150,000-ohms range, 0.1 
mA for the 15,000-ohm range, and 1 mA 

for 1500-ohm range. The voltage drop 
across the unknown resistance is mea-
sured with the de voltage-measuring 
portion of the instrument. 

Transistor Q4 is a current source for 
the ohms converter. The zener break-
down potential of CR1 provides a refer-
ence for the current source. Current 
from Q4 flows through R52, R54, R55, 
and Q30. Elements Q27 and Q28 com-
pose a differential amplifier. The base 
voltage of Q27 is always directly pro-
portional to the value of the unknown 
resistance. An increase in VI. causes 
Q27 to conduct less and Q28 to conduct 
more, thus causing Q25 to conduct 
harder because of the increased voltage 
appearing at R52. The base voltage of 
Q26 rises to follow the voltage at the 
base of Q25 and hence to remain 10 volts 
above the voltage at the input to the 
ohms converter (Q27). Therefore, the 
output at the base of Q26 is always 
equal to the voltage at the base of Q27 
plus 10 volts. The output for the 15-
megohm range appears on the arm of 
R55. Because of the bootstrap action, 
the output voltage is always 1 volt 
above the voltage that is present at the 
base of Q27. 
A solid-state power supply (Fig. 22-

143J) provides voltage levels of plus 
220 volts, plus 25 volts, plus 3.8 volts, 
and minus 8 volts. The 220 volts sup-
plies the anode potential for the display 
tubes and lamps. The plus 25-volt and 
minus 8-volt supplies are used with the 
control logic and the analog-to-digital 
(A to D) converter. The plus 3.8-volt 

supply is used in connection with the 
micrologic elements. 

Reference for the plus 25-volt, 3.8-
volt, and minus 8-volt outputs is estab-
lished by the zener breakdown of CR14, 
a transistor that has its collector lead 

open circuited and its base and emitter 
terminals connected as shown in detail 
in Fig. 22-143H. The emitter-to-base 
breakdown potential of CR14 establishes 
reference voltage for the emitter of Q37. 

The base lead is connected to the junc-
tion of sensing resistors R74 and R80. If 

the output voltage decreases because of 
a load change, the decrease causes Q37 
to conduct less. The voltage at the base 
of series regulator Q33 rises, and Q33 
conducts harder to compensate for the 
drop in output voltage. Capacitor C26 
is a filter capacitor for the plus 25-volt 
supply. 
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Reference voltage for the minus 8-
volt supply is taken from the plus 25-
volt supply. Sensing resistors R84 and 

R85 are connected between the plus 
25-volt output and the minus 8-volt 
terminals. Assuming that the plus 25-

volt output is absolutely stable, the 
slightest variation in the minus 8-volt 
output will be sensed across R84 and 
R85. This variation is sensed at the base 
of Q39. For a drop in output voltage 
(less negative) the base voltage of Q39 
will rise and Q39 conduct less. The volt-
age at the base of Q41 drops and Q41 

1427 

conducts harder to accomplish regula-
tion. 

Diode CR15 rectifies the transformer 

output and C23 filters the rectified in-
put signal. Resistors R73 and R75 form 
a voltage divider that fixes the voltage 
at the base of Q36. Q36 acts as a con-
stant-current source and fixes the volt-
age at the base of Q34. When the volt-
age at the emitter of Q34 tends to drop, 
Q34 conducts harder and compensates 
for the voltage drop. The plus 3.8-volt 
output is also dependent on the plus 
25-volt supply. 

REFERENCES 

Periodicals 

22.11 Diodati, Carmen J. "Effective 
Use of the Volt-Ohmmeter," 
Electronics World, April 1966. 

22.50 Owen, Robert E. "Solid State 
R-C Oscillator Design for Au-
dio Use," Journal of the AES, 

Jan. 1966. 
22.54 Moss, Marvin J. "Square-Wave 

Generator," Electrcmics World, 
Feb. 1966. 

22.56 Edwards, Lon. "White Noise, its 
Nature, Generation, and Appli-

22.65 

22.90 

22./21 

22./42 

cations," Electronics World, 
Nov. 1962. 
Pippen, David L. "Ceramic I.F. 
Filters," Electronics World, Nov. 

1965. 
Buchsbaum, Walter H. "Oscil-
loscope Probes," Electronics 
World, Aug. 1966. 
Anderson, Elton W. "Transistor 
Characteristic Curve Tracer," 
Electronics World, May 1962. 
Edwards, A. W. "Frequency 

Measurements with the Elec-
tronic Counter," Electronics 
World, Jan. 1967. 



‚. 



Section 23 

Audio-Frequency 

Measurements 

Lord Kelvin once said, "I often say that when you can measure what you are 
speaking about, and can express it in numbers, you know something about it; but 
when you cannot measure it, when you cannot express it in numbers, your knowl-
edge is of meager and unsatisfactory kind." A measurement, however, is only as 
good as the equipment and method used in extracting this knowledge. The USASI 
(ASA) has specified the characteristics of certain test instruments, and set forth 
standards to be met by equipment under test, but it often fails to specify the man-
ner in which the measurement is to be made. The generally accepted methods of 
such measurements are delineated herein. Although a given device has been 
selected to facilitate discussion of certain types of measurements, the information 
is usually applicable to other such instruments and similar measurements. Methods 
of calculating and plotting the results, correction factors to be observed where 
indicated, and proper load terminations are included in the discussions. 

23.1 How are the frequency charac-
teristics of an audio amplifier measured? 
—Four circuits commonly used for the 
measurement of amplifier characteris-
tics are shown in Figs. 23-1A to D. 
The simplest form of measuring the 

gain or frequency response of an am-
plifier is to connect an audio oscillator 
to the input of the amplifier through a 
suitable attenuator network and send 
frequencies of constant amplitude into 
the amplifier, measuring the current at 
the input with a sensitive current-indi-
cating meter (Fig. 23-1A). A second 
meter is used in the output or load cir-
cuit. The ratio of the input to output 
currents is then used to compute the 
gain of the amplifier at the frequencies 
of interest. 

This method of measurement is not 
without its difficulties, however, due 
primarily to the fact that most audio-

OSCILLATOR 

II 

frequency, current-indicating instru-
ments are generally insensitive to very 
small values of current. Therefore, it is 
customary to employ instruments indi-
cating voltage rather than current. In 
Fig. 23-1B is shown a similar circuit 
using a single vacuum-tube voltmeter 
for measuring the voltage applied to the 
input and the voltage developed by the 
amplifier at its output. The ratio of the 
input voltage to the output voltage is 
then used to compute the frequency 
characteristics. 

The only disadvantage of this circuit 
is that when the meter is switched from 
input to output, the multiplier of the 
meter must be changed to a higher scale 
to prevent damage to the meter move-
ment. 

One advantage of the preceding 
method of measurement is that fre-
quency errors in the meter are cancelled 

AMPLIFIER 

12 

M 2 

RECEIVE RL 

Fig. 23-1A. Measuring the frequency response of an amplifier by using two sensitive 
milliammeters. 
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OSCILLATOR Z AMPLIFIER 

VTVM 

o  

Fig. 23-1B. Measuring the frequency response of an amplif er by using a single 
vacuum-tube voltmeter. 

Fig. 23-1C. Using two voltmeters to measure the frequency response of on amplifier. 
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METER 
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RECEIVING 
TERMINATION 

RECEIVE SECTION  

Fig. 23-1D. Basic circuit of a two-meter gain set using on unbalanced configuration. 

out because the same meter is used to 
measure both the input and output cir-
cuits. (See Question 23.25.) 

The meter at the input is always con-
nected at the oscillator output ahead of 
the network to provide a high output 
voltage to facilitate reading of the meter, 
because the voltage at the input of the 
average amplifier will be rather low. As 
an example, if the voltage at the oscil-
lator output is 1 volt and the attenuator 
has a loss of 40 dB, the voltage at the 
input of the amplifier is 0.01 volt, or a 
ratio of 100/1. Reading the input voltage 

at the output of the oscillator increases 
the signal-to-noise ratio of the readings. 

Fig. 23-1C shows a similar circuit 
but with two meters, one connected at 
the input and the other across the load 
resistance. In this instance the input 
meter is held to a given voltage for all 
frequencies and the difference is read 
on the output meter. The disadvantage 
of this circuit is that the two meters 
must have similar frequency character-
istics over the frequency range to be 
measured. If the frequency characteris-
tics of the meters differ, the true fre-
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Fig. 23-1E. Block diagram for a 
typical gain set (also called a 

transmission set). 

AMPLIFIER 

SEND 
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OSCILLATOR 

GAIN SET 

OSCILLATOR 
  OUTPUT 
CONTROL 

quency response will not be obtained. 
(See Question 23.25.) 
The fourth method of measuring the 

frequency response of an amplifier is 
by the use of a gain set, as described in 
Questions 22.122 to 22.124. The basic 
block diagram of a gain set is shown in 
Fig. 23-1D. Here, two meters are again 
used; however, in this instance, they are 
standard VU meters as described in 
Question 10.3. 

The configuration of the attenuator 
network used at the input of the am-
plifier will depend on the configuration 
of the amplifier input. The network may 
be balanced or unbalanced, variable or 
fixed in loss; however, it must supply 
an impedance match between the oscil-
lator output and the input of the am-
plifier. 

The insertion of an attenuator net-
work between the output of the oscilla-
tor and the input of the amplifier serves 
a triple purpose: (1) It attenuates the 
signal voltage to a level suitable for the 
input of the amplifier; (2) it provides 
an impedance match between the oscil-
lator and the amplifier; and (3) it in-
creases the signal-to-noise ratio of the 
oscillator signal by attenuating the in-
ternal noise and hum of the oscillator, 
which is constant. 

The basic circuits shown in this ques-
tion may also be used for measurement 
of overload, power, and distortion. To 
simplify the block diagrams of the vari-
ous measurements to be discussed in 
this section, the basic block diagram of 
a gain set will be used, as it presupposes 
that an oscillator, send attenuators, in-
put and output meters, and load termi-

RECEIVE 

'TRANSMISSION 
GROUND 

nation are available and that all im-
pedance matches are satisfied. 

Fig. 23-1E is a basic block diagram of 
a typical gain set and is the one which 
will be used for illustrating the various 
methods of measurement. 

23.2 At what level output should 
a frequency-response measurement be 
made on an amplifier?-11 the normal 
characteristics of the amplifier are rea-
sonably flat, measurements are made 
8 to 10 dB below the maximum output 
level. If the characteristics are not flat, 
the procedure as outlined in Question 
23.13 is followed. 

23.3 Describe the procedure for 
making a frequency-response measure-
ment using a gain set. — To illustrate 
the procedure for making a gain-ver-
sus-frequency measurement using a 
gain set, it will be assumed that the 
measurement is to be made on a sim-
ple amplifier having symmetrical (un-
grounded) 600-ohm input and output 
impedances. The gain set to be used will 
be similar to that described in Question 
22.122. 
The amplifier input, being symmet-

rical, may be directly connected to the 
gain-set send terminals, as shown in 
Fig. 23-15A. To prevent possible dam-
age to the gain set and to the equip-
ment under measurement, the maxi-
mum loss of the gain-set attenuators is 
inserted before the measurement is 
started. 

Next, the send and receive imped-
ance switches of the gain set are set 
to 600 ohms and the amplifier chassis 
is grounded to the transmission ground. 
(See Question 23.24.) The amplifier may 
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now be turned on and permitted to 
warm up to bring the tubes to their 

normal operating temperatures before 
proceeding with the measurements. 

If the audio oscillator is of the beat-
frequency type (see Question 22.51), it 
will also require a warm-up period to 
prevent it from drifting off frequency 
during the measurement. If the oscilla-
tor is of the Wien-bridge type (see 
Question 22.50, it will require only a few 
minutes of warm-up time. 

The send VU meter attenuator on the 
gain set is set to its plus 4-dBm position. 

The receive VU meter attenuator is set 
to its highest position for protection un-
til the actual measurement is started. 

Set the oscillator to 1000 Hz and adjust 
its output for an indication of plus 4 
dBm on the send VU meter. Turn the 
attenuator of the receive VU meter to 

plus 4 dBm and start the measurement 
by removing loss from the gain-set at-
tenuators in small steps until a reading 
of plus 4 dBm is obtained on the receive 
VU meter. With the send and receive 
meters both reading plus 4 dBm, the 
gain of the amplifier is equal to the loss 

in the gain-set attenuators. 
If the receive meter indicates a frac-

tional part of a decibel below the zero 
calibration mark, remove 1 dB from the 

attenuators and read the fractional part 
on the plus side of the zero calibration 
mark. The gain of the amplifier is now 
read as the total loss of the attenuators 
plus the fractional part on the receive 
VU meter. 
To illustrate: If the gain-set attenu-

ator loss adds up to 43 dB and the re-
ceive meter indicates 0.5 dB above the 
zero mark, the gain of the amplifier is 
43.5 dB. 

When a fractional part of a dB on 
the plus side of the zero mark is read, it 
is added to the loss of the attenuators, 
and when read on the minus side of the 
zero mark, it is subtracted from the at-

tenuator loss. 
In some gain sets, the send imped-

ance switch induces a resistive network 

which causes an additional loss. This 
loss must be added to the loss of the 
variable attenuators to arrive at the 
true gain of the amplifier. The loss in-
duced by the input network is indicated 
on the dial of the selector switch. If an 
external attenuator is being used, its 
loss must also be included in the final 
summing up. 

The same procedure is used for mea-
suring each frequency of interest. It is 
important that the send signal be main-

tained at the same level for all frequen-
cies. 

The basic principles of gain-set op-
eration may be summed up as follows: 

A known signal level is sent into the 
input of the gain-set attenuator net-
work and sufficient loss is induced by 
the gain-set attenuators to obtain a 
level at the receive VU meter equal to 
that of the send VU meter (assuming 
all impedance matches have been satis-
fied). Therefore, under these conditions 
and these conditions alone will the gain 
of the amplifier be equal to the loss of 

the gain-set attenuators in decibels. 
(See Question 23.4.) 

23.4 How are the dials and meters 
of a gain set read?—To illustrate the 
procedure for reading the attenuator 
loss and meter indications of a gain set, 
a typical two-meter, two-dial gain set 
is shown in Fig. 23-4. Suppose that the 
dials indicate 40-dB loss on the first 
dial and 3-dB loss on the second dial. 
This is a total loss of 43 dB. The re-
ceive VU meter is shown indicating 
plus 0.5 dB above the zero calibration 
mark. How is this fractional part added 
to the dial readings? 

Referring to the illustration in Fig. 
23-4, an amplifier under these condi-
tions would have a gain of 43.5 dB. Be-
cause the attenuators read in even steps 
of 1 dB and the amplifier has a gain of 
43.5 dB, the fractional part of the gain 
will be indicated on the receive meter. 

If the fractional part appears on the 
minus side of the receive-meter zero, 
1 dB is removed from the attenuators 
and the fractional part read on the plus 
side of the zero mark as shown. If the 
fractional part is read on the minus side 
of zero, it is subtracted from the loss 
of the attenuators (44 minus 0.5 equals 
43.5 dB). In either instance the total 
gain is the same; however, it is more 
convenient to read fractional parts on 
the plus side when adding up the dials. 
To illustrate how the attenuators 

function to indicate gain, the signal 
from the oscillator is reduced by the 
attenuators by exactly the same amount 
as the amplifier has amplified it, except 
for the fractional parts read on the 
receive VU meter. This is illustrated by 
the heavy line in Fig. 23-4. In reading 
gain, the loss of the attenuators is con-
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4dBm  OSCILLATOR OUTPUT 
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AMPLIFIER OUTPUT  
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Fig. 23-4. Voltage reduction by the attenuators in a gain set for an amplifier of 
43.5 dB gain. 

sidered to be a positive value. If the 
gain set includes an attenuator cali-
brated in 0.10-dB steps, it is adjusted 
to bring the receive VU meter to the 
zero mark. The reading of the fractional 
attenuator dial is then added to that of 
the other dials. 
The same procedure is followed for 

the measurement of each frequency of 
interest. The second (oscillator) signal 
level is maintained at the same value 
for all frequencies. A gain set may also 
be used to read insertion loss and 
power-output levels and to indicate the 
overload point of an amplifier. These 
subjects are discussed elsewhere in this 
section. 

23.5 If a gain set includes a 0.10-
dB attenuator, how is it read?—lt is ad-
justed to bring the receive meter to 
zero. Its loss is then added to the other 
attenuators. 

23.6 How is a frequency-response 
measurement tabulated when using a 
gain set?—If a large number of fre-
quency runs are to be made daily, a 
tabulation sheet similar to that shown 
in Fig. 23-6 is prepared. The frequency 
column starts at 30 Hz and progresses 
to 15,000 Hz. Other frequencies may be 
used. However, the ones shown will 
generally cover most measurements in-
volving recording and reproducing 
equipment. Space is provided at the 
bottom of the sheet for entering the 
noise, distortion, and power output of 

the various devices measured. The val-
ues of loss, as read from the gain-set 
attenuators, are entered in the Run col-
umn. Later these values will be used to 
convert the measurements to a refer-
ence frequency which is entered in the 
Delta (ä) column. 
A typical gain run has been entered 

in the Run column to illustrate how the 
settings of the gain-set attenuators are 
tabulated. The values in the Delta col-
umn have been converted to a reference 
frequency of 1000 Hz. It is customary to 
enter on the reverse side of the sheet 
a block diagram of how the measure-
ment was made, indicating the various 
pieces of test equipment, operating lev-
els, impedance values, terminations, and 
any other pertinent data that would as-
sist in duplicating the setup at a later 
date. To illustrate how the gain run 
shown is converted to a reference fre-
quency, assume that 1000 Hz is to be 
used as the reference frequency. The 
attenuator loss at 1000 Hz is 40 dB and 
remains at this value up to 6000 Hz. At 
7000 Hz the attenuator loss is 39.9 dB, 
and at 10,000 Hz it is 37 dB. Going 
downward in frequency, the attenuator 
loss remains 40 dB until 60 Hz is 
reached, at which point the loss in-
creases to 40.5 dB; at 30 Hz, it increases 
to 43 dB. 

Inspection of the attenuator loss in-
dicates that at frequencies above 6000 
Hz, the gain of the amplifier must fall 
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TRANSMISSION MEASUREMENT DATA 

Date  Equipment Engineer   

Frequency Run A Run ä Remarks 

30 Hz 43.0 +3.0 

40 Hz 41.8 +1.8 

50 Hz 41.0 +1.0 

60 Hz 40.5 +0.5 

80 Hz 40.0 0.0 

100 Hz 40.0 0.0 

150 Hz 40.0 0.0 

200 Hz 40.0 0.0 

300 Hz 40.0 0.0 

400 Hz 40.0 0.0 

800 Hz 40.0 0.0 

1 kHz 40.0 0.0 

1.5 kHz 40.0 0.0 

2 kHz 40.0 0.0 

2.5 kHz 40.0 0.0 

3 kHz 40.0 0.0 

4 kHz 40.0 0.0 

5 kHz 40.0 0.0 

6 kHz 40.0 0.0 

7 kHz 39.9 -0.1 

8 kHz 39.6 -0.4 

9 kHz 38.5 -1.5 

10 kHz 37.0 -3.0 

11 kHz 

12 kHz 

13 kHz 

14 kHz 

15 kHz 

NOISE -60 dBm. 

DISTORTION 0.5% at +4 dBm. 

MAX. POWER +10.0 dBm. 

Note: Attach a complete block diagram of the test setup used. Show all imped-

ance values, operating levels, gain, and equipment type numbers. 

Fig. 23-6. Typical transmission-run data sheet. 

off, because less attenuator loss is re-
quired to maintain a constant level at 
the receive meter. At the low frequen-
cies, the amplifier gain must rise, be-
cause more attenuation is required to 
maintain a constant output level. 

Keeping the above facts in mind, the 
attenuator loss may now be converted 
to a reference frequency to show the 
rise and fall of the frequency charac-
teristic above and below the reference 
frequency. 
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The attenuator loss, being the same 
for frequencies between 80 and 6000 Hz, 
indicates the amplifier frequency re-
sponse over this range is flat. This fact 
is entered in the Delta column as 0.0 dB. 
Moving upward in frequency to 7000 Hz, 
the attenuator loss at this frequency is 
subtracted from the attenuator loss at 
1000 Hz, and the difference is entered 
in Delta column as minus 0.10 dB. At 
10,000 Hz the loss is 37 dB, or 3 dB less 
than the value at 1000 Hz. Therefore, the 
amplifier has a loss of 3 dB at 10,000 Hz. 
This is noted as minus 3 dB in the Delta 
column. The fractional decibel values 
are read on the receive VU meter, as 
described in Question 23.3, if the gain 
set does not include an attenuator cali-
brated in fractional parts of a decibel. 

At the lower frequencies the reverse 
takes place. At 30 Hz, 43 dB of loss is 
required; therefore, the amplifier has a 
rise of 3 dB at 30 Hz. The rule to re-
member when converting attenuator 
loss to a reference frequency is: If the 
attenuator loss is less than that at the 
reference frequency, the device under 
measurement shows a loss in frequency 
response, and if the loss is greater than 
that at the reference frequency, the de-
vice shows a rise in frequency response. 
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A typical plot using a reference fre-
quency of 1000 Hz is shown in Fig. 
23-7A. In some instances it may be de-
sirable to plot the frequency character-
istic in gain rather than by referring to 
a reference frequency. In this latter type 
of plot, the actual values of loss are en-
tered on the graph (which represents 
gain) as shown in Fig. 23-7B. 

23.7 State the general rules per-
taining to the measurement and plotting 
of amplifier characteristics.—In accord-
ance with IHF Standard A-200-1966, 
amplifiers are to be tested at a line volt-
age of 120 volts plus or minus 1 percent, 
at 60 Hz, or within 2 percent of the low-
est supply frequency given by the man-
ufacturer. The waveform of the line 
voltage is to be sinusoidal, with a THD 
of less than 2 percent. The ac line input 
is to be connected to the power trans-
former primary tap that results in mini-
mum gain on the highest gain input, 
and the connection is not to be changed 
during any other test performed on the 
amplifier. One side of the ac line is to be 
at ground potential. 

Before the tests are started, the am-
plifier is to be preconditioned by op-
erating all channels at one-tenth the 
highest reference power into its stated 

100Hz zoc 50Hz 50Hz 

Fig. 23-7A. Frequency 
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Fig. 23-76. Frequency response of an amplifier plotted as frequency 

gain in decibels with reference to 1000 Hz. 
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response of typical amplifier plotted in decibels with refer-
ence to 1000 Hz. 
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Fig. 23-7C. Frequency response of the amplifier considered in Fig. 23-7A plotted in 
voltage gain, with reference to 1000 Hz. 
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Fig. 23-7D. Frequency response of amplifier considered in Fig. 23-7A plotted in 
percent gain of 1000 Hz. 

load resistance for at least 1 hour at an 
ambient temperature of 25°C plus or 
minus 3°C in still air, in its normal op-
erating position, with all shields and 
bottom plates in position. 

Gain or other controls affecting the 
output level are to be preset to their 
maximum gain positions. Tone and any 
other controls affecting the frequency 
response are to be set for the most uni-
form response. Stereophonic balance 
controls are to be set to the normal 
position as specified by the manufac-
turer. Automatic control circuits actu-
ated by the input signal are to be dis-
connected. 

The harmonic distortion of the input 
signal (oscillator) shall not be greater 
than 20 percent of the measured distor-
tion of the amplifier to be tested. This 
means, for an amplifier of 1-percent 
total harmonic distortion, the THD of 
the oscillator can not exceed 020 per-

cent. Test frequencies are to be plus or 
minus 2 percent of the specified value. 

The output of the amplifier is termi-
nated in a resistive load with not more 
than a 10-percent reactive component 
at any frequency up to five times the 
highest test frequency and capable of 
dissipating the full load of the amplifier 
while maintaining its resistive value 
within 1 percent of the rated value. 
Unless otherwise specified, the amplifier 
is to be terminated in an 8-ohm resis-
tive load. Preamplifier outputs are to be 
terminated in 0.1 megohrn shunted by a 
1000-pF (0.001-14.F) capacitor, plus or 
minus 5 percent unless otherwise speci-
fied by the manufacturer. 

To show the complete characteristics 
of an amplifier, several different mea-
surements are required. Among these 
are frequency response, continuous 
sine-wave power output, harmonic and 
intermodulation distortion, music power 
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Fig. 23-7E. lntermodulation distortion curve of a 20-watt amplifier. 
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OUTPUT 

Fig. 23-71. Linearity characteristics of 
an ideal amplifier. 

output, transient distortion, linearity, 
hum and noise, internal output ůnped-
ance, damping, phase shift, sensitivity, 
and stability. If the amplifier is for 
stereo, additional tests for separation 
(crosstalk) and tracking error are to be 
included. These measurements are made 
with the input signal applied to both 
sides simultaneously. Plotting of these 
characteristics are given in Figs. 23-7A 
through K. 

The frequency response of an ampli-
fier may be plotted several different 
ways. Fig. 23-7A shows the most com-
mon method, using semilog graph paper. 
Frequency response may also be plotted 
as in Fig. 23-7B, showing the actual gain 
in decibels at each frequency. The plot 
in Fig. 23-7C is that of the amplifier in 
Fig. 23-7A except that it is plotted 

+40 

+37 

+30 

2kHz 3kHz 5kHz 10kHz 

the 

voltage versus frequency, and again in 

Fig. 23-7D as percent gain versus fre-
quency. 

Harmonic or intermodulation distor-
tion is plotted as given in Fig. 23-7E, 
and with phase distortion it is plotted 
as shown in Fig. 23-7F. Figs. 23-7G and 
H illustrate two methods of plotting the 
amplitude of harmonics, using a har-
monic wave analyzer. Linearity charac-
teristics are plotted in Fig. 23-71. The 
power bandwidth of an amplifier is de-
termined by plotting a power curve 
(Fig. 23-7J), and spotting the points 
where the response is down 3 dB. The 
plot in Fig. 23-7K, using 3 X 5 log-log 
paper, is that given in IHF Standard 
A-201-1966. (See Questions 23.207 and 
23.208.) 

Step-generator measurements are 
made by photographing the input and 
output signals simultaneously on a 
dual-trace oscilloscope. The amplifier 
departs from a linear device when the 
output step pattern departs from the 
waveshape of the input signal. The in-
ternal output impedance is plotted as 
shown in Fig. 23-138B. 

23.8 ln what position is the send 
meter generally set for a normal gain 
run on an amplifier?—The send-meter 
attenuator is, as a rule, set to a plus 
4-dBm position. The same signal level 
is then maintained for all frequencies. 
The relationship of the zero calibration 

-Lill  
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Fig. 23-7J. Power bandwidth curve for a typical 10-watt amplifier showing the half-
power points versus frequency. 
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lower levels to be more easily observed. 

to the actual signal level indicated by a 
VU meter is fully described in Ques-
tions 10.17 and 1024. 

23.9 Is it permissible to set the re-
ceive meter at a higher level than a plus 
4 non or gene—Yes, the receiving 
meter may be set to any level. However, 
for normal frequency-response mea-
surements, it is generally set to the phis 
4-dBm level. If so desired, the measure-
ment may be made at a higher output 
level such as a plus 40 dBm (10 watts), 
in which case, it is made in exactly the 
same manner as if it were run at a 
lower level. 

Precautions must be taken that the 
input and output leads to the amplifier 
are properly separated to prevent feed-
back and that the amplifier chassis is 
grounded to the transmission-ground 
system. If this is not observed, oscil-
lation may take place and damage the 
receive meter of the gain set. 

23.10 Can the signal level at the 
send VU meter be set to a lower or 
higher level than plus 4 dBm?—Yes. 
When the meter attenuator is set to 
plus 4 dBm, the signal level at the in-
put of the attenuator network of the 
gain set is a plus 4 dBm and then is 
reduced to a lower level by the attenu-
ator network. At times it may be de-
sirable to increase the send signal level 
or, in some instances, to reduce it below 
a plus 4 dBm. 

If a bridging amplifier of low gain is 
being measured, it may be necessary to 
increase the send level by several deci-

bels to permit a measurement to be 
made. If this is necessary, the increased 
level at the send end must be taken into 
consideration when computing the final 
gain of the amplifier. As an example, 
if the send meter is set for a plus 10 
dBm, the receive meter is set to a plus 
4 dBm, and the attenuator loss is 20 dB, 
the actual gain of the amplifier is 14 dB. 
(See Question 23.16.) 
To analyze this statement, note that 

the send level is plus 10 dBm. The at-
tenuator loss is 20 dB. Therefore the 
signal at the amplifier input has a level 
of minus 10 dBm. If the output meter 
indicates a level of plus 4 dBm, the gain 
of the amplifier must be 14 dB, because 
the input signal was raised from a 
minus 10 dBm to a plus 4 dBm, for a 
total increase of 14 dB. To further illus-
trate how the attenuators and meters 
are used, assume the send VU meter 
reads a minus 2 dBm, the attenuator 
loss is 34 dB, and the receive meter 
reads minus 2 dBm. What is the ampli-
fier gain under those conditions? With a 
minus 2-dBm signal at the input of the 
gain set, the level at the amplifier input 
will be minus 36 dBm. To raise a minus 
36-dBm signal to a minus 2-dBm level 
will require an amplifier gain of 34 dB. 
The rule for such measurements is: 
Whenever the send VU meter reads 
higher than the receive meter, the dif-
ference between the two levels is sub-
tracted from the attenuator dial read-
ings. If the level of the send meter is 
lower than the receive meter, the dif-
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ference is added to the loss of the at-
tenuator dials. If the send and receive 
meter levels are the same, only the loss 
of the attenuators, which is equal to the 
amplifier gain, is considered. 

23.11 If the send meter is set to a 
level below plus 4 dam, how is the gain 
of an amplifier computed?—Assume the 
send meter is set to minus 4 dBm (see 
Questions 10.17 and 10.24) and the re-
ceive meter reads a plus 4 dBm, with 
20-dB loss in the gain-set attenuators. 
What is the gain of the amplifier? The 
true gain is 28 dB. 

This statement may be analyzed as 
follows: The send signal is a minus 
4 dBm. The loss of the attenuators is 
20 dB. This makes the signal level at 
the input of the amplifier minus 24 dBm. 
The receive meter reads plus 4 dBm. 
To increase the signal level from a 
minus 24 dBm to a plus 4 dBm requires 
a gain of 28 dB. Therefore, the amplifier 
gain must be 28 dB. It is assumed that 
all impedance matches are satisfied and 
no correction factors are required for 
either meter. 

23.12 What relationship does the 
attenuator loss in a gain set bear to the 
input signal of a device under measure-
ment?—If the send VU meter is set to 
indicate a true 1-milliwatt reference 
level, or 0 dBm, the input level is the 
level indicated by the loss of the at-
tenuators. As an example, if the level 
indicated by the send VU meter is zero 
dBm and 40 dB of loss is inserted in the 
attenuators, the signal level at the gain-
set send terminals will be minus 40 
dBm. However, this will only be true if 
the gain-set send terminals are termi-
nated in their characteristic impedance. 
If the send VU meter is indicating a 
plus 4 dBm, then the level at the send 
terminals (properly terminated) for 40-
dB loss would be minus 36 dBm. (See 
Question 10.17.) 

23.13 What precautions should be 
taken when measuring the frequency re-
sponse of an amplifier having a consid-
erable amount of equalization?—The 
frequency of maximum rise should be 
determined by sweeping the oscillator 
across the frequency band and noting 
the frequency of maximum rise. This 
frequency is then used for a reference 
frequency. 
To illustrate the procedure, suppose 

that an amplifier indicates a 20-dB rise 
at 80 Hz with respect to 1000 Hz (a 

typical magnetic-tape playback ampli-
fier response). If a frequency of 1000 Hz 
is used for the reference frequency, the 
amplifier output must rise 20 dB, which, 
depending on the amplifier design, 
might cause serious overload and re-
sult in an erroneous frequency response. 

If a frequency of 80 Hz is taken for 
the reference frequency, the frequency 
response will fall off as 1000 Hz is ap-
proached. Thus, the amplifier is pre-
vented from being driven into overload. 
After the frequency response has been 
obtained in the preceding manner, it is 
replotted with reference to 1000 Hz. 

The foregoing statement is particu-
larly true for amplifiers used in mag-
netic-tape recorders where the equali-
zation at the high and low ends may 
rise 15 to 22 dB with reference to 1000 
Hz. (See Fig. 23-52A.) 

23./4 Show the different types of 
input circuits used with balanced gain 
set.—A balanced gain set consists of a 
group of balanced attenuators using 
either a T, bridged-T, or H-type config-
uration. As explained in Question 22-
123, the center tap of each of these con-
figurations is grounded. Therefore, if a 
balanced gain set is used with an un-
balanced input circuit, it is possible to 
short out a portion of the attenuators 
or a portion of the input circuit of the 
device under test. To prevent this, a 
repeat coil is connected between the 
send terminals of the gain set and the 
input terminals of the device being 
tested. (See Fig. 23-14A.) Three types 
of input circuits commonly used with 

Fig. 23-14A. Repeat coil connected be-
tween the send terminals of a gain set 
and the input of a device under test. 

o 
Fig. 23-14B. Input circuits commonly 
used in audio equipment. (a) Symmetri-
cal input. (b) Grounded input. (c) Bal-

anced to ground input. 
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(b) Balanced to unbalanced input 

Fig. 23-14C. How an improperly isolated 
input circuit is shorted out by the gain-

set ground. 

audio-frequency equipment are shown 
in Fig. 23-14B. 

Fig. 23-14C illustrates how the input 
of a device being tested could be shorted 
out by improper isolation of the two 
circuits. The proper terminology and 
use of input circuits is discussed in 
Question 8.25. 
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In (a) to (h) of Fig. 23-14D are 
shown circuits suitable for use between 
the send terminals of a balanced gain 
set and the input circuit of a device 
with one of the three circuits illustrated 
in Fig. 23-14B. It will be noted that 
many of the circuits make use of a 
repeat coil for isolation. When sending 
into the circuits in (a) and (e) of Fig. 
23-14D, where two ground connections 
are involved, it might be necessary to 
impose a repeat coil in the circuit to 
prevent ground noise, particularly if the 
physical separation of the two ground 
points covers a considerable distance. 
An excellent rule to remember is: When 
in doubt, use a repeat coil. Repeat coils, 
as a rule, have wide frequency ranges 
and produce little or no effect on the 
circuits in which they are connected if 
the impedance match is satisfied. The 
insertion loss is generally between 0.10 
and 0.50 dB. An electrostatic shield is 
interposed between the primary and the 
secondary windings and brought out to 
a separate terminal for grounding. This 
electrostatic shield permits transmission 
only by inductive coupling between 
windings. Electrostatic noises such as 
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Fig. 23-14D. External send circuits for a balanced gain set. 
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Fig. 23-15. External send circuits 

the breaking of power circuits and 
radio signals are shunted to ground by 
the shield. (See Question 23.199.) 

23.75 Show the different types of 
input circuits used with an unbalanced 
gain set.—In Fig. 23-15 are shown sev-
eral circuits suitable for use with an 
unbalanced gain set when sending into 
input circuits such as shown in Fig. 
23-14B. Other input circuits are also 
shown in Fig. 23-15. 

23.16 How is a device with a bridg-
ing input impedance measured?—When 
a device which employs a bridging in-
put impedance is measured, the send 
section of the gain set must be termi-
nated in its normal send impedance 
with a terminating resistor, as shown in 
(e) of Fig. 23-14D and in (D) of Fig. 
23-15, to provide the proper load for the 
gain-set attenuators. 
As a rule, a terminating resistor is 

provided in the gain-set send section 
and may be switched in as required. If 
the send section is not terminated when 
measuring a bridging input impedance, 
the gain set sees only the high imped-
ance of the bridging input. The loss or 

THE AUDIO CYCLOPEDIA 
MATCHED INPUT 

GROUNDED 

1 BALANCED 
TO GROUND 

BRIDGING 
INPUT 

L  

LOSS PAD 

TERMINATING 
RESISTOR 

BRIDGING INPUT 

MATCHED 
INPUT 

for an unbalanced gain set. 

actual level indicated by the attenuator 
dials will not be correct; also, the loss 
of the attenuators will not increase or 
decrease in exact 1-dB steps when the 
loss is less than 6 dB. 

The terminating resistor also pro-
vides the terminating impedance for the 
bridging circuit. Bridging impedances, 
as a rule, have values between 10,000 
and 30,000 ohms and are designed to 
operate from a circuit impedance of 500 
or 600 ohms. Thus, with the correct ter-
minating resistor at the send terminals 

of the gain set, the bridging impedance 
is measured under its normal operating 
conditions and a true measurement of 
the gain (if it is an amplifier) is ob-
tained. 

At times the bridging impedance of 
an amplifier may be specified to be 150 
ohms. If so, the gain set is set for 150 
ohms and then terminated in 150 ohms. 
The device is then measured in the nor-
mal manner. Many times bridging am-
plifiers are used across different circuit 
impedances. The expected gain for each 
value of terminating impedance may be 
measured by the previous method. As 
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the terminating impedance is lowered 
in value, the measured gain of the am-
plifier is also lowered. A terminating 
impedance of extremely low value 
should not be employed without con-
sulting the manufacturer's data sheet 
for the device, as the frequency re-
sponse may be materially affected by a 
low value of terminating impedance. 

23.17 What are the different terms 
used to express the gain of an amplifier? 
—The term "gain" as used in electronics 
is rather a loose term. It is usually un-
derstood to mean voltage gain, unless 
specifically stated otherwise. Other 
terms are power gain and current gain. 
If the term "gain" is generalized to 
"transfer," it can then include voltage-
to-current gain (transacimittance) and 
current-to-voltage gain (transimped-
ance). The following symbols could 
then be used: T., voltage transfer or 
e./e1.; Ti, current transfer i./i'.; and 
T, power gain. Thus an amplifier whose 
T. equals 10" is a transimpedance-type 
amplifier. It requires a current input 
and gives a voltage output, the values of 
which are determined by multiplying 
the input current by 10e. Given in the 
table below are four possible ways to 
arrange voltages and currents as inputs 
and outputs for devices. 

23.18 Can an impedance-matching 
transformer be connected in the send 
section of a gain set?—Yes, provided its 
frequency characteristics are such that 
it does not induce a frequency charac-
teristic of its own. A coil used with a 
gain set should have a frequency re-
sponse wider than the bandwidth to be 
measured. Very often an impedance-
matching transformer is permanently 
connected at the send terminals of the 
gain set for convenience of operation. If 
the absolute input signal level must be 
known, the insertion loss of the coil 
must be included in the summing up of 
the attenuator losses. Gain sets using 
unbalanced configurations often include 
a repeat coil in the design to eliminate 
the need for an external coil. 
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As a rule, repeat coils are not used 
in the output circuit of a device devel-
oping any amount of power. However, 
it is not uncommon to use a repeat coil 
in the output of an equalizer or filter, 
when it is followed by an amplifier or 
attenuator to isolate an unbalanced cir-
cuit from a balanced circuit or to elimi-
nate a ground loop. If it is necessary to 
use a coil in the output of an amplifier, 
precautions must be taken to ensure 
that it is not overloaded, because this 
would affect the frequency response of 
the device being measured. The Daven 
gain set, described in Question 22.122, 
has a built-in repeat coil as a part of its 
normal configuration. 

23./9 lf a repeat coil is used with 
a bridging input, where is the terminat-
ing resistor connected?—The terminating 
resistor is always connected on the side 
of the coil nearest the device being 
tested, as shown in (d) of Fig. 23-14D, 
and Fig. 23-15E. This ensures that the 
frequency response of the coil will not 
be affected by improper coil loading. 

23.20 If an external repeat coil is 
used with a gain set, how is its insertion 
loss accounted for?—The insertion loss 
is added to the loss of the attenuators. 
As a rule, the average high-quality re-
peat coil has an insertion loss of 0.25 dB 
at 1000 Hz. 

23.21 If an external attenuator is 
used with a gain set, how is its insertion 
loss accounted for?—The insertion loss 
of the attenuator is added to that of the 
gain-set attenuators. This is assuming 
that the far end of the attenuator is 
terminated in its correct load imped-
ance. If the attenuator is not loaded 
properly, its loss will not be the stated 
loss. (See Fig. 23-21.) 

23.22 If the zero calibration mark 
on a VU meter represents a plus 4 dBm, 
where is 0 dBm on the scale?—At the 
minus 4-dBm calibration mark. The 
reason for this is described in detail in 
Question 10.17. 

23.23 When equipment is measured 
at a distant point, how is the formation 

INPUT 

Signal Impedance 

OUTPUT 

Signal Impedance 

Equation 

dr Symbols 

Voltage 
Current 
Voltage 
Current 

High 
Low 
High 
Low 

Voltage 
Current 
Current 
Voltage 

Low 
High 
High 
Low 

Voltage Gain e./e'. = Ty 
Current Gain i./i,. = T1 
Trans-admittance LAI. = T, 
Trans-impedance eon'. = T. 
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REMOTE 
EQUIPMENT 

EXTERNAL 
ATTENUATOR 

Fig. 23-21. Use of an external °Henan-
tor with o gain set. The loss of the ex-
ternal network is added to the loss of 

the gain-set attenuators. 

of ground loops prevented?—By the use 
of a repeat coil in the transmission line 
at the send end. This separates the 

physical grounds at the two ends of the 
measurement, thus preventing a return 
circuit via the ground. (See Fig. 22-23.) 

In some instances a second repeat 
coil is connected at the receive end. In 
this latter type of connection, the center 
taps of the repeat coils are grounded to 
prevent the flow of longitudinal cur-
rents, as explained in Question 8.42. 

23.24 What does the term "trans-
mission ground" refer to?— To the 
ground connection of the transmission-
measuring equipment. Equipment to be 
tested is connected to this ground to 
ensure that the ground potential will 
be the same for the equipment under 

test as for the transmission-measuring 
equipment. 

The transmission ground is connected 
to a water main or to a special ground 
consisting of a copper plate buried in 

moist ground. No other equipment is 
connected to this ground except the 

transmission equipment and that under 
test. The installation of transmission 
and system grounds is discussed in 
Question 24.33. 

23.25 Why is it necessary that the 
meters in a two-meter gain set have 
identical frequency characteristics?— 
Suppose an amplifier is measured and 
that it has a frequency response known 
to be uniform over a frequency range 
of 20 to 20,000 Hz. It will be further as-
sumed that the send meter has uniform 
frequency characteristics, but the re-
ceive meter connected across the output 
of the amplifier (Fig. 23-25) has a loss 
of 2 dB at 15 kHz compared to a refer-
ence frequency of 1000 Hz. If frequen-
cies are applied to the input of the am-
plifier at a constant amplitude as read 
on the send meter at the output of the 
oscillator, the frequency response indi-
cated by the receive meter will show a 
loss of 2 dB at 15 kHz. 

Now, if the positions of the two me-
ters are reversed and the same mea-
surement is again made, it will be noted 
the amplifier frequency response will 

REPEAT COILS 

: 7 TRANSMISSION 
1 LINE 

GRO. ONO. 

Fig. 23-23. The use of repeat coils in a transmission line to prevent the formation of 
a ground loop via the ground. 

OSCILLATOR 

OSCILLATOR 

A SEND 
T  

y RECEIVE 

AMPUTIER 

AMPLIFIER 

yRECEIVE 

y  SEND 

Fig. 23-25. Basic circuits of a two-meter gain set to show how the frequency char-
acteristics of the meters will affect the measured response. The frequency response 

of each meter is indicated by the line above each meter. 
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show a rise of 2 dB at 15 kHz. The dis-
crepancy between the two measure-
ments is due to the fact that in the first 
measurement the send meter had a uni-
form frequency characteristic and all 
frequencies at the output of the oscilla-
tor were sent at exactly the same am-
plitude; however, the receiving meter 
had a loss of 2 dB at 15 kHz, so the am-
plifier response appeared to be down 2 
dB at 15 kHz. 

In the second measurement the re-
ceive meter is connected across the 
oscillator output and the send meter 
across the amplifier output. Because of 
the 2-dB loss at 15 kHz which is now in 
the send meter, the amplitude at the 
higher frequencies is increased 2 dB at 
15 kHz. Under these conditions the am-
plifier will show a rising characteristic 
as the higher frequencies are ap-
proached. 

If both meters have exactly the same 
loss at the higher frequencies, the error 
is cancelled; however, the actual sig-
nal voltage at the input to the amplifier 
will be higher at 15 kHz than at the 
lower frequencies. This is not too im-
portant, unless the increase of voltage 
at the amplifier input overloads the first 
stage. It should also be pointed out that 
if a rectifier-type meter is used with a 
vacuum-tube voltmeter, there can be a 
wide frequency discrepancy between 
the two meters, because of the limited 
frequency range of the rectifier-type 
meter compared to that of the vacuum-
tube voltmeter. Also, rectifier-type me-
ters are affected by the magnitude of 
harmonic frequencies contained in the 
signal under measurement and, in many 
instances, will not read the correct volt-
age. (See Question 22.103.) 

23.26 How is the tracking of a two-
meter gain set checked?-.--The gain-set 
600-ohm send terminals are patched to 
the 600-ohm receive terminals, both VU-
meter attenuators are set to plus 4 dBm, 
and all loss is removed from the gain-
set attenuators. Now, adjust the level at 
the send VU meter to plus 4 dBm. This 
should bring the receive meter to a plus 
4 dBm. The difference in level between 
the two meters should not exceed 02 dB 
at any frequency between 20 and 15,000 
Hz. Usually commercially made gain 
sets provide an adjustment for setting 
the meters to absolute zero dBm and for 
tracking the meters with respect to each 
other. 
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23.27 How are the attenuators in a 
gain set checked for different combina-
tions of loss?—By connecting an ampli-
fier with a variable-gain control be-
tween the send and receive sections, as 
for a normal gain versus frequency 
measurement. The attenuators are set 
for different combinations of loss for 
a given setting of the amplifier gain 
control. 

If the attenuators are operating prop-
erly, the gain will be measured the 
same regardless of the combination of 
loss setting for the attenuators. This 
test should be made at frequencies of 
20 and 15,000 Hz (or the maximum fre-
quency of measurement specified by the 
manufacturer). It is to be expected that 
some variation will be indicated, the 
amount depending on the accuracy of 
the attenuators. As a rule, the variation 
in a well-designed gain set is not more 
than 0.10 dB. 

23.28 How is the frequency response 
of a gain set checked?—In the manner 
described in Question 23.27. The atten-
uators are set for different values of 
loss, and the frequency response is 
checked at 20 and 15,000 Hz. If the gain 
set is operating properly, the variation 
will be on the order of 0.10 dB. How-
ever, it should be pointed out that diffi-
culties may arise when making such 
measurements because of unbalance in 
the amplifier circuit, ground loops, leak-
age, and other sources. All these possi-
bilities must be explored before assum-
ing that the difficulty is in the gain set. 

Discrepancies are likely to show up 
above 5000 Hz, if any of the previously 
mentioned troubles are apparent. The 
first test should be a 10,000-Hz turn-
over test at medium gain as described 
in Question 23.58. 

23.29 What frequency is generally 
used for a reference frequency when 
audio-frequency measurement data are 
plotted?—For most work, 1000 Hz; how-
ever, 400 and 800 Hz are often used for 
equalizer plotting. 

23.30 What are the standard im-
pedance values used for input circuits? 
—50, 150, 250, and 600 ohms. In some 
older equipment, 30, 200 and 500 ohms 
were also used. 

23.31 What are the standard im-
pedance values used for output circuits? 
—4, 8, 16, 150, and 600 ohms. For older 
equipment, 10, 250, and 500 ohms may 
also be included. 
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23.32 If an amplifier input circuit is 
rated at 600 ohms, can it be assumed 
that it will supply a 600-ohm termina-
tion to the source feeding it?--No, be-
cause many input circuits, though rated 
to work from a 600-ohm source, do not 
necessarily present 600 ohms to the 
source impedance. This may be checked 
by noting whether the secondary of the 
input transformer is terminated by a 
resistance. If it is terminated, it may 
more than likely present a 600-ohm 
impedance to the source. If the trans-
former is not terminated on the second-
ary side, it is treated as an open-circuit 
input, as described in Questions 4.75, 
8.30, 8.48, and 23.50. 

23.33 If the secondary of an input 
transformer is unterminated, how does 
the primary impedance appear?—It ap-
pears as the reactance of the primary 
winding, paralleled by the reflected 
loading of the tube input capacitance 
and the reflected characteristics of the 
secondary winding. 

23.34 How are output circuits 
treated with respect to grounding when 
using a gain see—Four output circuits, 
the most commonly encountered in 
audio-frequency equipment, are shown 
in (a) to (d) of Fig. 23-34. At (a) of 

(a) (b) 

c) (d) 

Fig. 23-34. Output circuits most com-
monly encountered in audio-frequency 
equipment. (a) Symmetrical. (b) Grounded 
(unbalanced). (c) Center tap to ground 
(balanced). (d) Grounded with negative-
feedback loop taken from output tap 

(unbalanced). 

Fig. 23-34 is shown a symmetrical or 
ungrounded output circuit. It may be 
measured with or without a ground 
connection. However, if the amplifier 
gain is 60 dB or more, it might be ad-
visable to ground the lower end of the 
output winding to insure stability and 
reduce leakage at the high frequencies. 
The circuit in (b) of Fig. 23-34 is a 
grounded and unbalanced one. As the 
ground shown is generally connected 
internally in the amplifier, only the 
normal chassis-ground connection is re-
quired when measuring this circuit. 

In (c) of Fig. 23-34, the output trans-
former winding is center-tapped to 
ground and is a balanced circuit. Only 
the normal chassis ground is used. In 
(d) of Fig. 23-34 is shown the output 
circuit most commonly used in negative-
feedback amplifiers. The feedback loop 
is connected to one of the output taps. 
In this type of connection, the circuit 
is unbalanced and can only be mea-
sured using a chassis ground as shown, 
because a ground connection on the 
gain-set receive terminals may ground 
out the output signal. 

The best rule to follow is: Leave the 
gain-set receive section ungrounded and 
apply a ground as required. When the 
output circuit of the device under test 
is grounded, use only the chassis 
ground. Operating in this manner en-
sures that ground loops will not be 
formed and that the output will not be 
grounded out by a second ground con-
nection. 

23.35 How can the gain of an am-
plifier be measured without an external 
pad, if the gain exceeds the maximum 
attenuator loss of the gain setP—If the 
total loss of the attenuators in the gain 
set is only 100 dB and the amplifier 
gain is 130 dB with a rated power out-
put of 10 watts (plus 40 dBm), the gain 
could be measured by setting the re-
ceive-meter attenuator to a plus 30 
dBm. This would require a loss of 100 
dB in the gain-set attenuators. The level 
at the receive meter would read a plus 
30 dBm. Adding the loss of the atten-
uators to the indication on the receive 
meter results in a total of 130-dB gain. 

Very often, when making measure-
ments as previously described, difficul-
ties arise because of internal feedback 
in the gain set due to coupling between 
the send and receive sections. However, 
most gain sets are designed to measure 
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at least 110 dB with an output power 
level of 20 watts (plus 43 dBm). 
A better way of measuring the pre-

ceding amplifier is to connect an ex-
ternal pad of 20- to 40-dB loss between 
the send terminals of the gain set and 
the input of the amplifier; thus, the sig-
nal level is reduced. Using a 40-dB pad 
with a 0-dBm signal from the gain-set 
send section would require only 86 dB 
of loss in the attenuators for an output 
level at the receive section of plus 
4 dBm. 

If the amplifier output power exceeds 
that specified for the gain set, an ex-
ternal termination is used and the gain 
is computed on the basis of the loss of 
the gain-set attenuators plus the output 
level of the amplifier. 

23.36 What is a power gain versus 
frequency measurementP—To properly 
evaluate the frequency and power out-
put capabilities of an amplifier, it is 
necessary to make three frequency 
measurements: one near the maximum 
power output, a second at 0 dBm, and 
a third at 20 dB below 0 dBm. Two 
methods may be used to determine the 
point of maximum power output. 

In the first method the amplifier is 
terminated in its normal load imped-
ance, an oscilloscope is connected across 
the load termination, and a 400-Hz sig-
nal is applied to the input (Fig. 23-
36A). The output waveform is observed 
as the input signal level is increased. At 
the first indication of a departure from 
a sine wave, the power developed is 
noted and taken as the maximum 
power-output level. 

AUDIO 
OSCILLATOR 

AUDIO 
OSCILLATOR 

?AMPLIFIER 

m,M  
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The second method of determining 
the maximum power output requires 
the use of an attenuator, calibrated in 
decibels, connected in the input (Fig. 
23-36B). Assume the amplifier is cap-
able of producing a power output of 10 
watts (plus 40 dBm). Set the meter 
across the output termination to read 
a plus 40 dBm. Remove loss from the 
attenuators until a plus 40 dBm is ob-
tained. Insert 3 dB of loss in the attenu-
ators. The amplifier output should drop 
3 dB (half power), or to plus 37 dBm. 
Now remove 1 dB of loss from the at-
tenuators. The output level should in-
crease exactly 1 dB. Remove an addi-
tional 1 dB of loss. The output should 
again increase 1 dB. A third 1-dB step is 
removed. If the amplifier is not being 
driven into overload, the output will in-
crease exactly 1 dB. However, as this is 
near the maximum power output of the 
amplifier, it may be driven into over-
load. Overloading will be indicated by 
an increase of slightly less than 1 dB at 
the output for an increase of 1 dB at the 
input. (See Question 23.14.) 

In the average amplifier the maxi-
mum power output will increase about 
0.8 dB. If the amplifier is driven very 
far into overload, the output will show 
an increase of only 0.5 dB or less. The 
harder the amplifier is driven into over-
load, the less will the output level in-
crease. (This takes place because the 
amplifier is incapable of producing any 
more power.) 

As a rule, when determining the 
maximum power point as described, the 
maximum power output is taken at the 

s 
171_ (Id VTVM 

(a) Using an oscilloscope. 

TTVM 

ATTENUATOR 
PANEL 

AMPLIFIER 

-.......  

OSCILLOSCOP 

L, 

(:)VTVM 

(b) Using an attenuatcrr panel. 

Fig. 23-36. Test circuits that are used for measuring the overload characteristics of 
a power amplifier. 
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• output level where the amplifier in-
creases 0.8 dB for an increase of 1 dB 
at the input. A frequency measure-
ment is then made holding the input 
voltage constant over the frequencies 
of interest. Distortion is now measured, 
and the maximum power rating is then 
set from the results of these two mea-
surements, stating that the amplifier 
has a maximum power output of 10 
watts with a total rms harmonic distor-
tion at 400 Hz of a given percentage. If 
the maximum power output is to be 
rated in percent intermodulation, the 
rating must be made in accordance with 
the data given in Question 23.113. 

If an external load resistance is used, 
the power across the load resistance R. 
may be computed: 

Watts =E2/114. 
where, 
E is the voltage developed across load 

resistor RI,. 

If a VU meter is used rather than a 
vacuum-tube voltmeter across the load 
resistance, and the value of RI. is differ-
ent from that for which the VU meter is 
calibrated, a correction factor must be 
applied to the meter to obtain the true 
value of output power. The correction 
factor may be computed: 

dB = 10 Logio (Z1/Z2) 
where, 

Z, is the meter impedance, 
Z2, is the load impedance. 

The use of the correction factors and 
values most commonly employed are 
given in Question 10.32. (See Question 
23.38.) 

23.37 How is the gain of a recording 
system computed?—Starting at a given 
input of the system, the losses induced 
by the mixer controls and networks, 
coils, filters, and other devices are added. 
The gain, including the preamplifiers, 
booster, and line, and recording ampli-
fiers, is then added. The total loss is 
then subtracted from the total gain. The 
remainder is the new gain of the system. 
As an example, if the total gain of the 
system is 170 dB and the loss used dur-
ing normal operation is 86 dB, the net 
gain of the system is 84 dB. Thus, if a 
bridging bus level of plus 14 dBm is 
required, the lowest-level signal that 
can be applied to the input for a bridg-
ing bus level of plus 14 dBm is minus 
70 dBm. 

23.38 How is the power output of 
a high-power amplifier measured?—By 
using a resistive voltage divider across 
the output of the amplifier as shown in 
Fig. 23-38. 

Suppose that an amplifier rated at 
100 watts of output and having a 16-
ohm output winding is to be measured. 
Four 16-ohm, 50-watt resistors are con-
nected in series-parallel across the 16-
ohm output winding as shown. A vac-
uum-tube voltmeter is connected across 
one of the 16-ohm resistors. The mea-
sured power is multiplied by four to 
obtain the true power. Thus, for an am-
plifier with a 100-watt output, a power 
of 25 watts will be indicated. Using the 
circuit shown, the power output of the 
amplifier is carried by the terminating 
resistors and only the voltage drop 
across the resistor is measured by the 
meter. The accuracy of the measure-
ment will depend on the accuracy of 
the resistors. The circuit shown may 
also be used for making a power ver-
sus frequency run as described in 
Question 23.36. 

23.39 At what power-output level 
should transistor amplifiers be measured? 
—The measurement of harmonic and 
intermodulation distortion in transistor 
amplifiers is treated somewhat differ-
ently than that for vacuum-tube ampli-
fiers. It is customary when measuring a 
tube amplifier to terminate it in a speci-
fied resistive load and then measure 
the distortion at the half-power and 
full-power points. The amplifier is then 
rated at these two points. The same pro-
cedure is measured in equivalent sine-
wave power. (See Question 26.36.) 

Transistor amplifiers are also mea-
sured using a resistive termination. 
However, since transistor amplifiers 
generally employ class-B push-pull 
output stages, they are measured at 
several different power-output levels. 
This procedure is necessary because of 
the crossover or notch distortion in-
duced by operating the output stage 
class-B. (See Question 12227.) There-
fore, distortion measurements are made 

INPUT 
100-WATT 
AMPLIFIER RI' 

166".1 

16N 

6n VTVM 

Fig. 23-38. Method of measuring the 
power output of a high-power audio 

amplifier. 
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at 3, 7, 10, 13, 17, and 20 dB below the 
reference power output, for frequencies 
between 20 and 20,000 Hz. 

If the input stage does not include a 

capacitor, one must be connected in 
series with the test circuit to prevent 
the low dc resistance of the test circuit 
from shorting out the input stage bias 
voltage. Similar precautions should be 

taken with the output stage as the out-
put transistors may be damaged. 

Measurements are not required 
above five times the reference distor-
tion or lower than 30 dB above the 
residual hum and noise. Reference 
power and distortion are defined as the 
values stated by the manufacturers of 
the equipment. Power bandwidth is de-
fined by the two frequencies where the 
curve of distortion versus frequency 
taken 3 dB below the reference power 
output crosses the line of reference 
distortion. (See Question 23.7.) 

23.40 How is a resistance-coupled 
amplifier input measured using a gain 
set?—As shown in (h) of Fig. 23-14D, 
and Fig. 23-151. If the input of the am-
plifier circuit includes a bias battery, 
a capacitor is connected in series with 
the grid side to prevent the shorting of 
the battery by the dc resistance of the 
repeat coil. 
A resistance-coupled amplifier stage 

measured in the manner just explained 
will not show the actual gain of the 
stage, because the high impedance of 
the input is considered to be a bridging 
input fed from a low-impedance source. 
Therefore a correction factor is applied 
to the apparent gain to obtain the mea-
sure of true gain. The correction factor 
may be calculated: 

Z2 
dB = 10 Logurz 

where, 
z' is the gain-set send impedance, 
Z., is the input resistance of the am-

plifier (grid-resistor value). 

A typical example would be a gain-set 
send impedance of 500 ohms bridged by 
an amplifier with an input resistance of 
500,000 ohms: 

500 000 
10 Log. ' — 1000 

500 

10 Log.1000 = 10 x 3 = 30 dB. 

Thus, an amplifier which has an appar-
ent gain of 20 dB has a true gain of 
50 dB. 
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23.41 If the power-output level of 
an amplifier is given in decibels, how is 
this converted into watts? 

Power in Watts = 

Antilog —dB x Reference Level 
10 

where, 
dB is the output level, 
reference level is 1 or 6 milliwatts. 

23.42 If the power output of an 
amplifier is stated in watts, how is it 
converted to decibels? Answer: 

P 
dB = 10 Log., F,.—. 

where, 
P, is the stated power output in watts, 

is the reference level in watts. 

23.43 How is the voltage gain cal-
culated for an amplifier of equal input 
and output impedances? Answer: 

2 
dB 20 Log.. E 

where, 
E, is the voltage at the input, 
E2 is the voltage across the output 
load termination. 

23.44 How is the voltage gain cal-
culated for an amplifier of unequal in-
put and output impedances? Answer: 

dB = 20 Log. E, Vi; 

where, 
E, is the voltage at the input, 
Eas the voltage across the output 
load termination, 

Zi is the input impedance, 
Z,. is the output load impedance. 

23.45 What effect does unbalance 
in a push-pull amplifier stage have on 
the amount of harmonic distortion, and 
how is it measured?— Unbalance in a 
push-pull stage has little effect on the 
harmonic distortion above 100 Hz. How-
ever, below this frequency the distor-
tion rises quite rapidly as the degree of 
unbalance is increased, as shown graph-
ically in Fig. 23-45A. The measure-
ment data shown were made on a Wil-
liamson Ultralinear amplifier using KT-
66 tubes in the output with a balancing 
control in the cathode circuit, as shown 
in Fig. 23-45B. To balance the push-pull 
stage, a de voltmeter is connected be-
tween the upper ends of the cathodes, 
and balancing potentiometer P1 is ad-
justed for a zero indication on the 
meter. This balance is made with the 
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Fig. 23-45A. Harmonic distortion in 
push-pull output stage due to unbalance 

of plate current. 

input of the amplifier terminated to 
prevent noise pickup. After a balance 
has been obtained, a distortion measure-
ment is made at a given power output. 
To measure the effect of unbalance, 
balancing pot Pl is set for different 
values of unbalance as indicated on the 
voltmeter across the cathodes. Distortion 
is measured at 20, 50, and 100 Hz for 
different settings of the balancing pot, 

1.0 

PI 
BALANCE 
CONTROL 

1.0 

using exactly the same power output as 
was used for the balanced condition. 
The results are plotted as shown in Fig. 
23-45A. 

23.46 How may a phase inverter 
driving a push-pull output stage be bal-
anced for minimum distortion?—It is the 
general belief that if the two tubes of a 
push-pull amplifier stage are similar in 
characteristics, the stage is in balance 
and that a condition of lowest distortion 
(second harmonic) exists. However, this 
is not always true because of discrepan-
cies in components and a difference in 
the gain between the two sides of the 
phase inverter driving the push-pull 
stage. Considerable unbalance can also 
exist in the push-pull stage because of 
the difference in transconductance of 
the tubes and differences in the coupling 
capacitors, grid resistors, and the two 

KT 66 

Fig. 23-45B. Output stage and cathode-balancing circuit for Williamson Ultralinear 
amplifier employing KT-66 tubes. 
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Fig. 23-46A. Phase-inverter and push-pull amplifier stage. Minimum distortion is 
achieved by the adjustment of the variable resistor in the cathode circuit of the 

phase-splitter tube. 
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halves of the output transformer. It 
then appears that some method of bal-
ancing the phase inverter should be 
provided so that the push-pull stage 
and the phase inverter can be balanced 
for minimum distortion. Such a balance 
may be achieved by making a portion 
of the load resistance of one side of the 
phase inverter variable, as shown in the 
circuit of Fig. 23-46A, a split-load phase 
inverter. To balance the circuit for 
minimum distortion, a signal is applied 
to the input of the phase-inverter stage 
and the output stage driven to near its 
maximum output level but not into 
overload. A distortion-factor meter or 
intermodulation analyzer is connected 
across the normal load resistor of the 
push-pull stage and the variable resistor 
in the cathode of the phase-inverter 
stage adjusted while the magnitude of 
the distortion in the output is observed. 
Any given adjustment will hold true 

only for a particular pair or combina-
tion of tubes. The circuit will require 
rebalancing each time the tubes are re-
placed or their positions changed. The 
cathode resistor may be readjusted from 
time to time to keep the distortion at a 
minimum during the normal life of the 
tubes. Tubes for both the phase-inver-
ter and the push-pull stages should be 
selected for the closest possible match 
by means of a transconductance (mu-
tual-conductance) tube tester. 

In the absence of an intermodulation 
or distortion analyzer, a 100-ohm re-

(a) Balanced. 

(b) Unbalanced. 

Fig. 23-46B. Character of waveforms ob-
served across a 100-ohm resistor con-
nected in the B + lead of a push-pull 
output transformer while adjusting the 
balance of the phase inverter for mini-

mum distortion. 
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sistor may be connected in the common 
B+ lead of the push-pull output stage 
shown in Fig. 23-46A. A cathode-ray 
oscilloscope is connected in series with 
two 1-µF paper or oil capacitors, Cl 
and C2, across the 100-ohm resistor to 
permit the observation of the waveform 
in the push-pull stage as the balance 
of the phase inverter is adjusted. 

The foregoing method is not quite as 
satisfactory as measuring the distortion 
at the output of the push-pull stage; 
however, a condition of balance can be 
determined fairly well by the character 
of the waveform observed across the 
100-ohm resistor. When the distortion is 
at a minimum, the waveform will ap-
pear as in (a) of Fig. 23-46B, and when 
at a higher value than minimum, it will 
appear as in (b) of Fig. 23-46B. 

Although a condition of minimum 
distortion can be determined fairly 
closely by the use of an oscilloscope, 
it is not always true that the distortion 
is at a minimum when the peaks of the 
waveform are equal. However, since the 
difference in distortion will be quite 
small, it may be assumed that if the 
peaks appear to be of equal height, the 
phase-inverter stage is in balance and 
the distortion is at a minimum. 

23.47 Show the effects of a cath-
ode-bypass capacitor in o push-pull stage. 
—In Fig. 23-47 are shown the results of 
intermodulation measurements made on 
a conventional negative-feedback am-
plifier for conditions of no capacitance 
and for values of 50 and 100 µF across 
the common cathode resistor. It will be 
noted that without the bypass capacitor, 
the amplifier produced a power output 

of 14 watts with 18-percent intermodu-
lation distortion. Connecting a 50-µF 
capacitor across the cathode resistor re-
sulted in increasing the power output 
to 16.10 watts for approximately the 
same amount of distortion. Increasing 
the size of the capacitor to 100 ILF in-
creases the power output to only 16.4 
watts for the same value of distortion. 
No attempt was made to select the 

tubes or to balance the phase-inverter 
stage. The measurement was made as 
described in Question 23.113 for making 
conventional intermodulation measure-
ments. 

23.48 What peculiarity will be noted 
when testing the linearity of a dass-A8 
amplifier? — When testing a class-AB 
amplifier for linearity, it will be noted 
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Fig. 23-47. lntermodulation distortion measurements of a conventional negative-
feedback amplifier with and without a cathode bypass capacitor in the push-pull 

output stage. 

that a linear response will be obtained 
up to about one-half the power output. 
Then the output will increase at the 
rate of approximately 0.8 dB for a 
change of 1 dB at the input. (See Ques-
tion 23.36.) This action will continue to 
the point where the amplifier is driven 
into overload, at which point a sharp 
departure from this almost linear re-
point and then function as class-AB. 

This is typical of many class-AB am-
plifiers, as they function as a class-A 
amplifier up to about the half-power 
point and then function as class-AB. 

23.49 What is the procedure for 
making transient tests?—Transient mea-

SINE 
WAVE 

OSCILLATOR 

PULSE 
GENERATOR 

surements may be made in a number of 
different ways. In one method a square-
wave signal is applied to the input of 
the amplifier and pulsed. A second 
method also uses a square wave, but 
changes the amplitude and time dura-
tion of the pulses. The third method as 
given in IHF Standard A-201-1966 is 
discussed in Question 23.209. 

The test circuit of Fig. 23-49A em-
ploys a special pulse generator that gen-
erates a signal waveform as shown in 
Fig. 23-49B. The input and output sig-
nals are monitored by a dual-trace 
oscilloscope. Any departure from the 
waveshape of the input signal appear-

AMPLIFIER 

DUAL TRACE 
OSCILLOSCOPE 

Fig. 23-49A. Block diagram for transient tests, using a pulse or tone-burst generator. 
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audio amplifier. 
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ing in the output signal is considered to 
be distortion. No hard and fast rules 
can be given for transient measure-
ments since the circuit components have 
a great effect on the output waveform. 
Considerably more transient distortion 
may be expected if the amplifier em-
ploys transformers. 

A 10,000-Hz signal of constant am-
plitude is applied to the amplifier at a 
given input level well below the over-
load point. The level of the input signal 
is suddenly increased to a value that 
will simulate a reasonable overloaded 
condition. This sudden increase at the 
output is observed on the oscilloscope 
connected at the load termination. Any 
distortion of the original waveform will 
indicate ringing or hangover of the am-
plifier. It is highly important that the 
increase in level at the input be fast 
and with as little rise time as possible. 
At the end of the overloaded portion 

of the signal, the system is permitted 
to return to its normal input level for 
a short time. The level is again in-
creased, only this time for a short 
period. This short overload signal close 
on the long overload period checks the 
ability of the amplifier to recover after 
a long overloaded period. The signal is 
again returned to its normal level and 
the cycle repeated. The sequencing and 
time intervals are illustrated in Fig. 
23-49B. 

Originally, the term "transient" was 
employed to describe what took place 
when a piece of equipment was. turned 
off or on, or when some unusual dis-
turbance took place in a piece of equip-
ment or on a power line. It is present-
day practice to use the term "transient" 

to indicate any type of nonsinusoidal 
disturbance. 

23.50 Describe an injection circuit 
for measuring the frequency characteris-
tics of a microphone preamplifier. — In 
measuring the frequency response of 
an amplifier using an input transformer 
with an unterminated secondary (open 
circuit) specified to operate from a 
given source impedance, the trans-
former primary is, in reality, terminated 
by the source impedance. 

(The following discussion applies to 
ribbon-velocity, moving-coil, or other 
microphones of similar design.) 

In a microphone preamplifier oper-
ating as an open-circuit device, the mi-
crophone supplies the termination for 
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the primary. Therefore, if the amplifier 
response is measured by injecting a sig-
nal in series with the terminating im-
pedance (microphone), the actual fre-
quency response of the amplifier when 
terminated by the microphone can be 
measured. To obtain such a measure-
ment, the equipment is connected as 
shown in Fig. 23-50. A resistor R1 of 
1-ohm resistance is connected in series 
with the output of the microphone and 
the primary of the impedance-matching 
transformer contained in the base of the 
microphone housing. A second resistor, 
R2, of 600 ohms or more is connected in 
series with the high side of the meas-
uring circuit (or gain-set send section). 
These two resistors form an L pad which 
injects the test signal in series with 
the primary of the impedance-matching 
transformer of the microphone. During 
these tests, the diaphragm of the mi-
crophone must be covered to prevent 
acoustic pickup. For microphones of 
250-ohm impedances, resistor R1 should 
not exceed 5 ohms. For impedances of 
50 ohms or less, R1 may vary between 
1 and 3 ohms. 
The loss created by the combination 

of R1 and R2 should be on the order of 
40 to 60 dB. The signal level injected 
into the microphone circuit should not 
exceed the normal voltage developed 
by the moving element, or the micro-
phone may be damaged. 

The gain versus frequency measure-
ment is made by sending frequencies 
from the oscillator of constant ampli-
tude as read on the VU meter. The gain 
variation is read on meter M at the 
output of the amplifier. If a second fre-

MICROPHONE 
MICROPHONE OUTPUT 
30-250 a TRANSFORMER 

Fig. 23-50. Injection circuit for measur-
ing the frequency characteristics of a 
microphone preamplifier using a micro-

phone for the primary termination. 
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resistive termination. 

quency measurement is made by feed-
ing the input of the amplifier from a 
resistive termination as normally used 
for such measurements, it will be found 
that the frequency response will be 
different from that obtained when the 
microphone is connected and the injec-
tion signal method of measurement is 
used. 

The true frequency response is that 
measured when the microphone termi-
nates the input to the amplifier. Equal-
ization may be induced in the amplifier 
to correct for any discrepancies caused 
by the microphone if they are of any 
consequence. 

23.51 Describe an injection circuit 
for measuring the frequency character-
istics of a phonograph pickup pream-
plifier.—The difference can be consider-
able, particularly at the low- and high-
frequency ends. 

Fig. 23-51A is the frequency response 
of a magnetic pickup working into a 
27,000-ohm resistive load and measured 
using an injection circuit employing a 

PICKUP 
PREAMP 

600 TO 1000 

VM 

Fig. 23-518. Injection circuit for mea-
suring the frequency characteristics of a 
pickup preamplifier using the pickup as 

a termination. 

resistor connected in series with the 
pickup head. 

Fig. 23-51B is an injection circuit 
suitable for measuring with magnetic 
pickups. A 10-ohm noninductive resis-
tor RI is connected in series with the 
pickup and input of the amplifier. Re-
sistor R2 is connected in series with the 
output of the oscillator and acts as an 
attenuator to provide a means of in-
jecting the signal in series with the 
pickup. Frequencies of constant ampli-
tude are applied to the injection circuit. 
The voltage applied across the 10-ohm 
resistor should not exceed the pickup 
output voltage normally developed, 
which averages 2 to 10 millivolts. 
From the frequency response in Fig. 

23-51A, it may be seen that the fre-
quency response varies considerably be-
tween the two methods of measure-
ment. 

23.52 Describe the use of an injec-
tion circuit for measuring the frequency 
characteristics of a magnetic reproducer 
preamplifier terminated by a magnetic 
head.—An injection circuit for this type 
if measurement is given in Fig. 23-52A, 
and it may be employed to measure the 
frequency characteristics of a pream-
plifier when it is terminated by a re-
producing head. The particular circuit 
shown is for a 30-ohm impedance head; 
however, it may be used also with high-
impedance heads. A resistive network 
consisting of two noninductive resistors 
EL and IL is connected in the head cir-
cuit as shown, with a vacuum-tube volt-
meter connected at the output of the 
oscillator for monitoring output voltage 
over the frequencies of interest. The 
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voltage across resistor R1 (10 ohms) is 
held constant at a value of 2 to 5 milli-
volts and the frequency response ob-
served on the voltmeter connected at 
the output of the preamplifier. A 1:1 
repeat coil is connected in the output of 
the oscillator to isolate it from the mea-
surement circuit. Series resistor R2 
(1000 ohms) permits the oscillator to be 
operated at a fairly high level, thus in-
creasing the signal-to-noise ratio. 

It will be assumed for this discussion 
that the preamplifier has been equalized 
for the desired transmission character-
istics (30 to 600 ohms) and the fre-
quency response plotted for reference. 
A ground is connected at the low-poten-
tial side of the input transformer to pre-
vent leakage at the high frequencies. If 
this ground is not employed, serious 
unbalance will be encountered at fre-
quencies above 500 Hz. 

MAGNETIC 
HEAD 

(30/5011) 

\ 
MUMETAL 
SHIELD 

Id REPEAT =— 
COIL 

1455 

The measurement is started by first 
adjusting the voltage from the oscillator 
across resistor R1 to, say, 4 millivolts at 
a frequency of 1000 Hz, and the output 
level of the preamplifier adjusted for a 
value 20 dB below the amplitude of the 
peak frequency of the low-frequency 
equalization to prevent overloading of 
the amplifier. A turnover test is then 
made at 10,000 Hz by reversing the out-
put from the repeat coil and noting any 
change in the amplitude of the signal at 
the output of the preamplifier. If this 
test indicates more than a 0.20-dB un-
balance, the unbalance must be cleared 
before continuing the tests. The output 
of the preamplifier is tested in a similar 
manner. 
When conducting injection tests on a 

bench, the magnetic head is placed in a 
grounded Mumetal container, then ro-
tated for the minimum pickup from 

PREAMPLIFIER 
INPUT TRANSFORMER 
ZR=3011/50,00011 

RL 
VTVM 

GND 

60011 

osc. 

Fig. 23-52A. Injection circuit for measuring the frequency characteristics of a mag-
netic reproducing preamplifier, using the magnetic head as a termination. 
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stray magnetic fields. The pickup as 
indicated at the output of the preampli-
fier should be on the order of minus 50 
to 60 dBm. Pickup effects may also be 
reduced by rotating the amplifier posi-
tion relative to other equipment on the 
bench. Shielded leads must be used be-

tween connections from the test equip-
ment and the network, with the shield 
grounded at one end only, and to a com-
mon ground point. 

After the above tests have been com-
pleted, the actual frequency measure-
ment is made by starting at 1000 Hz and 
continuing at a constant voltage down-
ward in frequency. As the lower fre-
quencies are approached the vacuum-
tube voltmeter sensitivity will have to 
be decreased to compensate for the 
rising frequency characteristic of the 
preamplifier at the lower frequencies. 
(This may be 15 to 25 dB with refer-
ence to 1000 Hz.) After the low-fre-
quency response is measured, the oscil-
lator is returned to 1000 Hz and the 

measurement continued up to 12,000 Hz. 
In this area the voltmeter at the output 
of the preamplifier will require that its 

sensitivity be increased to allow for the 
decreasing high-frequency response. 
When the measurement is completed, 

it is plotted against the transmission 

measurement (30 to 600 ohms) and 
compared (Fig. 23-52B). If necessary, 
the equalization is corrected to offset 
the discrepancies between the two 
curves. As a rule, they are held to with-
in plus or minus 0.25 dB of each other. 

After the installation of the head in 
the recorder and the azimuth and other 
basic adjustments have been made, a 

standard tape or magnetic film is played 
back and the high-frequency end is 
adjusted by connecting resistor R3 ac-
cross the head. For a 30-ohm impedance 
head the value of R3 may vary from 
100 to 800 ohms and will permit the ad-
justment of the frequency response be-
tween 500 and 12,000 Hz, over a range 
from minus 2 dB to plus 4 dB around 
12,000 Hz. 

If during the injection measurement 
resonant effects are indicated above 
5000 Hz, they may be caused by reflec-
tions from the secondary due to the 
input capacitance of the tube and the 
inherent distributed capacitance of the 
transformer secondary. This is particu-
larly true if the secondary impedance is 
on the order of 100,000 ohms. To prevent 

these effects, secondary impedances of 
25,000 to 50,000 ohms are generally em-
ployed. It might be well to mention at 
this point that the input transformer 

must be of the hum-bucking type, and 
it must be enclosed in a nested shield. 
(See Questions 8.51 and 8.98 and 23.58.) 

Generally, preamplifiers designed for 
reproducing magnetic sound track have 
a maximum output level of about plus 

20 dBm. Therefore, it is extremely im-
portant that it be operated at a 1000-Hz 
reference level to prevent overloading 
at the peak frequency of the low-fre-
quency equalization. 

23.53 Describe the procedure for 
measuring transistor input and output 
impedances.— A typical transistor QI 
whose input and output impedances are 
to be measured is shown in Fig. 23-53, 
with a second transistor Q2 being used 
as a current regulator. The voltage and 

component values are for a typical 
transistor and can be altered to fit the 
particular transistor under test. 

It is a well-known fact that maximum 
power is transferred from a generator 

to its external load when the external 
load impedance equals the generator 
impedance. Therefore the maximum 

power in a transistor circuit is trans-
ferred when the external load equals 
the internal output impedance of the 
transistor. 

Referring to Fig. 23-53, the current-
regulating circuit of Q2 offers an im-
pedance of over 1 megohm at the audio 
frequencies. Resistors R3 and R4 form a 
bias voltage divider to stabilize the 
operation of transistor Ql. The proce-
dure for measurement is: 

1. Set resistor R1 in the emitter cir-
cuit of Q2 to its maximum value 
of 10,000 ohms. 

2. Adjust current control R2 for the 
proper collector current in Q2 
(about 1 mA). 

3. Adjust RI for the proper collector 
current through Ql. 

4. Close S1 and apply a 1000-Hz sig-
nal from the signal generator (El) 
to the input of Ql, with resistor 
R5 set to zero resistance and load 
resistor R6 open. Measure voltage 
E2. 

5. Adjust resistor R6 to reduce the 
value of voltage E2 to one-half its 
value. Leave resistor R6 at this 
setting. 
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Fig. 23-53. Circuit for measuring the input and output impedance of a transistor. 
The values given ore typical and will require some alteration for a given transistor. 

6. Measure input voltage El with S1 
open. 

7. Close switch S1 and readjust re-
sistor R5 until voltage El is re-
duced to one-half its value. 

8. With R5 at this new setting and 
R6 open, read the output voltage 
E2. 

9. Readjust R6 to reduce E2 to one-
half its value. 

10. Repeat Steps 6 and 7. 
11. Record the values of R5, R6, El, 

and E2. 

While the measurements are in prog-
ress, the oscilloscope display must be 
continuously monitored for overloading 
and subsequent distortion of the signal. 
Input and output impedances may be 
calculated: 

RI. = R5 + Z. R.., = R6 = R.,, 
where, 
RI. is the input impedance, 
R5 is the value of the input resistor, 
Z. is the impedance of the signal gen-

erator, 
R... is the output impedance, 
R6 is the load impedance. 

The power gain may now be calcu-
lated: 

(E.), (R5 + z.) 
Pic = ri X R6 / 

where, 
E, and E. are the input and output 

voltages respectively. 

Power gain may be converted into de-
cibels: 

dB = 10 Login (P..e/Fi.) 

where, 
Pli, and P.iit are the input and output 
powers respectively. 

Input and output powers may be ex-
pressed: 

, Ehil 
1I., = it-5 Pont = 

R6 
EMI.' 

23.54 How can the attenuator sec-
tion of a gain set be used to supply a 
known voltage?—The send section of a 
gain set is an attenuator network simi-
lar to that shown in Fig. 23-54A. If a 
known voltage is applied to the input 
of the network, a known voltage may 
be obtained at the send terminals by 
converting the attenuator loss to a volt-
age ratio. This may be done by refer-
ring to the graph in Fig. 23-54B. 
To obtain a correct value of voltage 

at the output terminals of the network, 
the network must be terminated in a 
resistive load, as shown, which is equal 
in value to the attenuator resistance 
which, for this illustration, is 600 ohms. 
As an example, if 1 volt is applied to 
the input of the network and 40 dB of 
loss is inserted in the attenuators, the 
voltage at the output terminals will be 
0.01 volt, or a ratio of 100:1. If 60 dB of 

loss is inserted, the voltage at the out-
put will be 0.001 volt, or a ratio of 1000:1. 

The VU meter in the send section of 
a gain set is, in reality, a voltmeter 
calibrated in decibels. By referring to a 
decibel versus voltage chart, such as 
the one in Fig. 23-54B, the VU meter 
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Fig. 23-54B. Voltage at the output terminals of an attenuator panel for a given 
voltage at the input. 

may be set to indicate a known source 
of voltage at the input of the attenuator 
group. As an example, a level of plus 
2 dBm is equal to 0.975 volt. 

23.55 How is the insertion loss of 
a device measured using a gain sett— 
The device to be measured is connected 
as shown in Fig. 23-55A. The send- and 
receive-meter attenuators are both set 
to the same level. All loss is removed 
from the gain-set attenuators. A signal 
is sent into the device and the reduced 
output level caused by the insertion loss 
of the device is read on the receive 
meter. If the insertion loss is beyond the 
range of the meters, the sending level 
is increased and the loss read on the 
lower figures of the receive meter. In 
either instance, the insertion loss is the 
difference in decibels between the two 
meter readings. As an example, if the 
send meter reads a plus 10 dBm and 
the receive meter reads a minus 10 
dBm the insertion loss is 20 dB. 

If the insertion loss is too great to be 
read by either of these methods, an 
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Z 

Fig. 23-55A. Measuring low insertion 
loss using a gain set. 
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Fig. 23-55B. Measuring high insertion 
loss using a gain set. 
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Fig. 23-55C. Measuring of insertion loss 
using two vacuum-tube voltmeters. 
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amplifier of known gain is connected in 
the circuit, as shown in Fig. 23-55B. The 
gain of the amplifier is measured first; 
then the device with the insertion loss 
is connected in the circuit, and the gain 
is measured again. The difference in 
gain for the two measurements is the 
insertion loss of the device under mea-
surement. It is extremely important that 
all impedance matches be satisfied when 
making insertion-loss measurements; 
otherwise, the measurement will be in 
error. 

Insertion loss may also be measured 
using one or two vacuum-tube volt-
meters as shown in Fig. 23-55C. The in-
sertion loss is the ratio of the input to 
output voltage: 

Insertion loss (dB) = 20 Log,,,  

where, 
E, is the voltage at the input, 
E2 is the voltage at the output. 

When insertion loss is measured, the 
signal frequency must be such that it 
passes through the center of the pass-
band of the device. As an example, if 
the insertion loss of a 400-Hz bandpass 
filter is to be measured, the oscillator 
signal is swept through the passband 
and set for the lowest loss (highest out-
put). In the case of a high-pass filter the 
oscillator frequency must be well above 
the cutoff frequency. The same reason-
ing holds true for any device to be 
measured. 

23.56 What type of resistors are 
most suitable for termination purposes? 
—The most convenient and economical 
terminating resistor is the wirewound 
vitreous noninductive type, since they 
can be obtained in almost any value of 
resistance and with up to several hun-
dred watts of dissipative capacity. Al-
though these resistors are called non-
inductive, some small part of inductive 
reactance is always present; however, at 
audio frequencies it may generally be 
ignored. The two cardinal points in the 
selection of such resistors are the watt-
age rating and the resistance value. 

Terminating resistors used for pre-
cise measurements must be noninduc-
tive and within plus or minus 1 percent 
of the desired resistance. Before puttiirg 
the resistance to use, two measurements 
are made of its resistance value: one at 
normal room temperature and a second 
after it has operated at half its wattage 
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rating for 5 minutes. For example, a 
50-watt, 16-ohm resistor was measured 
to be 15.80 ohms when cold. After oper-
ating at 25 watts for 5 minutes, its re-
sistance dropped to 15.60 ohms. When 
such a resistance is used for a power 
measurement, the power dissipated in 
the resistance is computed on the basis 
of the hot resistance. 

It is true that the small change in 
resistance will amount to only a frac-
tional change in the output power. 
However, if the amplifier is being tested 
close to its overload point, the small in-
crease in output power could cause it 
to overload and increase the distor-
tion, particularly the interznodulation 
products. 

To reduce the effects of heating in a 
resistor, it is good engineering practice 
to select a resistor that has a wattage 
rating at least 50 percent greater than 
the maximum power to be dissipated. 

Regular wirewound vitreous resistors 
may also be used for terminations, al-
though they are not entirely noninduc-
tive. The inductance, however, is still 
quite small, on the order of 2 to 25 
microhenries for values of 10 to 600 
ohms, with wattage ratings of 10 to 50 
watts. Typical resistors of this type are 
illustrated in Fig. 5-87. 

It is worthwhile to note a few pre-
cautions to be taken in the selection of 
resistors for terminating the input of an 
amplifier. As a rule, the resistance can 
be of the composition type, although in 
some instances such resistors can gen-
erate considerable internal noise, and 
when they are used with an amplifier 
system of high gain the generated noise 
appears in the output as amplifier noise. 
Also, some of these resistors appear to 
be of the composition type when they 
are actually wirewound and have con-
siderable inductance. This latter type of 
resistor should be avoided unless it is 
known to be noninductive. Resistors 
used for input terminations are gen-
erally mounted in a shield, and the 
shield grounded to the amplifier chassis. 
Five-percent accuracy is acceptable for 
input terminations. (See Question 
23218.) 
IHF Standard A-201-1966 for termi-

nating resistors specifies that the resis-
tor is to have not more than 10-percent 
reactive component at any frequency up 
to five times the highest frequency of 
interest. Also, the resistor is to be 
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capable of dissipating the full output 
power of the device under test while 
maintaining its resistance within 1 per-
cent of its rated value. (See Question 
23.56.) 

23.57 What does the term "double 
termination" mean, and what is its 
effect?— A double termination occurs 
when a device has been terminated in 
its normal load impedance and is ter-
minated a second time, either acciden-
tally or intentionally, as shown in Fig. 
23-57. 
A double termination connected at 

the output of an amplifier will cause 
the amplifier to overload and increase 
its distortion products. Also, a double 
termination will often cause the fre-
quency response to be altered as well 
as reduce the power output. 

For certain types of devices a double 
termination may be used intentionally 
to obtain a particular effect or char-
acteristic. However, generally speaking, 
double terminations are to be avoided. 

23.58 What is a turnover test?—It 
is customary, before making a transmis-
sion measurement, to make a turnover 
test to determine whether any unbal-
ance exists in the system to be tested 
or in the test setup. This is particularly 
important if the system contains a num-
ber of amplifiers and unbalanced or bal-
anced circuits such as are to be found 
in a recording channel. 

The test is made by sending a signal 
of 10,000 Hz through the system and 
noting the gain. The send circuit of the 
gain set is then reversed and the gain 
measured. If the gain increases or de-
creases by more than 0.5 dB, the system 
shows indication of an unbalance which 
should be eliminated, if possible, be-
cause the gain versus frequency char-
acteristics are not the same for the two 
phases and, if a turnover in the connec-
tions between the units should occur, 
the frequency response will not be the 
same. Many times, unbalance in a cir-
cuit can be eliminated by connecting a 
repeat coil in the input of the device 
under test, although the input circuit 

AMPLIFIER 
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Fig. 23-57. Double termination applied 
to the output of an amplifier. 

does not normally require one. Although 
the following information mentions the 
use of a gain set, the basic rules are 
applicable to any gain-measuring cir-
cuit. 

If no turnover is indicated when the 
input connections are reversed, invert 
the output connection to the gain-set 
receive section. If the output of the de-
vice being measured is designed to op-
erate with one side grounded (such as 
negative-feedback amplifiers), it can-
not be operated in the reverse direc-
tion. However, if the circuit is of a level 
in which a repeat coil can be used, a 
coil may clear the difficulty. Good 
transmission practice dictates that if 
the turnover is 0.5 dB or greater, it 
should be eliminated before proceeding 
with the measurement. 

If the insertion of a repeat coil in the 
gain-set send circuit does not correct 
the difficulty, the turnover may be in 
the system under measurement. This 
can be determined by checking for im-
proper grounding of a balanced or un-
balanced circuit, or by grounding an 
unbalanced circuit, by checking the 
phasing of input and ouput circuits 
between the several different pieces of 
equipment in the system and by patch-
ing out certain units, such as an equal-
izer or filter. 

Turnover is caused by the distributed 
capacity to ground of a circuit or piece 
of apparatus in the system. Applying 
10,000 Hz to the system facilitates the 
measurement of unbalance because the 
reactance of the distributed capacity is 
lower than if measured at a frequency 
of, say, 100. As a rule, turnover cannot 
be detected at a frequency below 6000 
Hz. Many times when an amplifier of 
high gain is measured, it will indicate 
considerable turnover. This is generally 
caused by unbalance between the mea-
suring circuit and the input of the am-
plifier. The connection of a repeat coil 
in the input will generally clear up the 
difficulty. 

If the gain-set receive section is 
grounded and the system being tested 
is also grounded, the ground should be 
removed from the gain-set receive sec-
tion. The ground connection of the at-
tenuator section (send) should never be 
removed for any measurement, because 
to do so would cause serious leakage 
in the attenuator section, resulting in 
erroneous measurements. 
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23.59 How is magnetic coupling 
measured in an amplifier? — Magnetic 
coupling in an amplifier is caused by 
the close proximity of the power trans-
former and filter chokes of the power 
supply to other components of the cir-
cuit. Also, magnetic coupling takes place 
due to magnetic lines of force induced 
in the metal chassis by the power trans-
former and chokes. These lines of force 
couple with the internal wiring and 
cause hum frequencies of 60 and 120 
Hz to be induced into the signal fre-
quencies. 
A simple method of measuring the 

degree of magnetic coupling caused by 
magnetic lines of force in the chassis 
is to remove all tubes from the circuit, 
including the rectifier tube. Terminate 
the output winding of the output trans-
former in its normal load resistance. 
Connect a vacuum-tube voltmeter in 
parallel with the load resistor. Apply 
the ac voltage to the primary of the 
power transformer. The primary of the 
power transformer will now be ener-
gized along with the ac high voltage of 
the rectifier circuit. Also, the heater 
circuit will be energized. 

Set the vacuum-tube voltmeter to a 
scale that will result in a convenient 
reading. (This will generally be on the 
order of minus 30 to 40 dBm.) Loosen 
the mounting screws of the power 
transformer and rotate it for a minimum 
reading on the vacuum-tube voltmeter. 
If more convenient, the power trans-
former may be left as is, and the output 
or interstage (if used) transformers 
may be rotated. 

After noting the position of the trans-
formers, install all the tubes and again 
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measure the hum level at the output. 
Some revision of the transformer posi-
tion may be necessary. In this latter 
measurement, both the magnetic coup-
ling and other magnetic fields due to 
current are measured. As a rule, high-
quality input and interstage trans-
formers are well shielded and are de-
signed to be rotated for minimum hum 
pickup. 

The use of a single-point ground sys-
tem will often eliminate many difficul-
ties due to hum-frequency pickup. Such 
ground systems are discussed in Section 
24. 

23.60 What are the procedures for 
measuring the frequency characteristics 
of wave filters?--Referring to Fig. 23-
60A, the input of the filter is fed from 
a resistive network of an impedance 
that matches the input impedance of 
the filter. The output of the filter is 
terminated in a resistive load paralleled 
with a vacuum-tube voltmeter. If the 
configuration of the filter is unbalanced, 
it must be grounded as shown. If the 
filter is of a balanced configuration, it 
must be grounded using a balanced re-
sistive network as shown in Fig. 23-60B. 

Frequencies of constant amplitude are 
applied from the oscillator to the input 
of the filter and the resulting frequency 
response is measured at the output of 
the filter across the load termination. 
The meter used across the output ter-
mination must have a rather large 
range of sensitivity to allow the mea-
surement of frequencies beyond the 
cutoff frequency of the filter. 

If two vacuum-tube voltmeters are 
used as shown, they must have identi-
cal frequency characteristics; otherwise, 

FILTER 

VTVIA 

Fig. 23-60A. Circuit for measuring the frequency response of an unbalanced wave 
filter fed from a resistive network. 

FILTER 

Fig. 23-60B. Circuit for measuring the frequency response of a balanced wave filter. 



1462 THE AUDIO CYCLOPEDIA 

10,000 AMPLIFER  ev-rvit 
OE. 

Fig. 23-60C. Amplifier used with volt-
meter to increase the sensitivity. 

FILTER 
6 to 10dB 
LOSS 

'Aet, ę %AP. 

Fig. 23-60D. A 6- to 10-dB pod con-
nected in the output of a filter to isolate 
the effects of the measuring circuit. 

a true frequency response will not be 
possible. The subject of frequency dis-
crimination in meters is discussed in 
Question 23.25. If there is any doubt 
as to the frequency response of the 
two meters, one meter may be used by 
switching it from input to output. 

The input meter must be connected 
as shown and not across. the input of 
the filter, because the reactive elements 
in the filter network will affect the 
meter readings, resulting in an errone-
ous frequency characteristic. Because 
of the characteristic of the iron cores 
used in filter coils, it is important that 
the filter be measured at a signal level 
commensurate with the manufacturer's 
specifications for the particular filter. 

If the sensitivity of the output meter 
is not sufficient to read the levels be-
yond the cutoff frequency, an amplifier 
of known gain may be connected be-
tween the output of the filter and the 
input of the meter, as shown in Fig. 
23-60C. The amplifier should have a 
bridging input impedance of 10,000 ohms 
or greater, with flat frequency charac-
teristics. This will permit the filter to 
be terminated in a resistive load rather 
than an inductive one as when an am-
plifier of the same impedance as the 
filter is used. The circuits shown may be 
used to measure any type of filter con-
figuration. 

If the oscillator employs a grounded 
output, a repeat coil should be con-
nected between it and the resistive net-
work when measuring balanced filters. 
A ground may or may not be neces-
sary with a balanced filter configura-
tion. This can be determined by the 
turnover test described in Question 
23.58. If the difference in turnover is 

greater than 020 dB, it is an indication 
of leakage, and the circuit should be 
grounded at the exact electrical center 
of the shunt resistor of the input net-
work. 

In some instances, it might be de-
sirable to connect a 6- to 10-dB pad be-
tween the output of the filter and the 
input of an amplifier or vacuum-tube 
voltmeter as shown in Fig. 23-60D to 
isolate any effects of the amplifier or 
vacuum-tube voltmeter. For this type of 
measurement the terminating resistor 
is connected at the output of the pad. 
The attenuator resistance must match 
the output impedance of the filter. The 
measurement is made in the usual 
manner. 

23.61 What is the procedure for 
measuring the frequency characteristics 
of a high-or low-pan filter by using a 
gain set?—The filter and gain set are 
connected as shown in Fig. 23-61. The 
output of the filter is terminated in a 
resistive termination and a bridging 
amplifier is connected in parallel with 
the termination. The bridging imped-
ance of the amplifier should be at least 
10,000 ohms and of flat frequency re-
sponse. The gain of the amplifier is 
adjusted for a value that will permit the 
frequency characteristic beyond the 
cutoff frequency to be measured down 
to the noise level, which will be appar-
ant when the measurement appears to 
flatten off. 

If the amplifier input impedance 
matches the output impedance of the 
filter, an attenuator of at least 6 dB, 
and preferably 10 dB, should be con-
nected between the output of the filter 
and the input of the amplifier to isolate 
inductive effects of the input trans-
former. 

If the gain set employs a balanced 
configuration, a repeat coil will be 
necessary in the input, as shown in 
(c) of Fig. 23-14D. A ground is then 
connected to the low side of the filter. 

If the filter has a high-pass config-
uration as shown in Fig. 23-61, the fre-
quency run is started at the upper end 
of the passband. If it is a low-pass filter, 
the run is started at the low end of the 
passband. If it is necessary to increase 
the gain of the amplifier to measure 
the frequency response in the cutoff 
region, the increase of gain must be 
subtracted from, or added to, the mea-
sured loss. 
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GAIN SET RECEIVE 
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Fig. 23-61. Circuit for measuring the frequency characteristics of a high-pass filter, 
using o gain set. 

Bandpass filters are measured in a 
similar manner, except that the mea-
surement is started by finding the center 
frequency and then measuring first in 
one direction and then measuring in the 
other direction. 

Band-elimination filters are started 
by finding the center frequency and 
then measured similarly to the band-
pass filter. 

23.62 How are the frequency char-
acteristics of an equalizer measured by 
using a gain set?--As shown in Fig. 
23-62A. If the gain set has a balanced 
configuration, a repeat coil is necessary 
in the send circuit to isolate the bal-
anced circuit of the gain set from the 
unbalanced equalizer circuit and, also, 

to permit the equalizer to be grounded. 
As a rule, an amplifier is connected 

at the output of the equalizer network 
for the purpose of providing enough 
gain to permit a reasonable amount of 
loss to be inserted in the gain-set at-
tenuators. If the amplifier has a bridg-
ing input, the ouput of the equalizer 
is terminated by a resistor. 
The measurement is started by mak-

ing a turnover test as described in 
Question 23.58, by checking the maxi-
mum rise (or dip) of the equalizer, and 
then by setting the gain of the ampli-
fier. If the equalizer has a rise, the 
gain of the amplifier is set at the peak 
of the rise and the measurement made. 
This ensures that the amplifier will not 

TERMINATING 

RESISTOR FOR 
BRIDGING - 
INPUT ONLY 

••• 

RECEIVE 
22 

Fig. 23-62A. Circuit for measuring the frequency response of an equalizer, using a 
gain set. 
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EQUALIZER 

OSCILLATOR 

I0dB 

! 

Fig. 23-62B. Circuit for measuring the frequency characteristics of an unbalanced 
equalizer, using an isolating pad and vacuum-tube voltmeters. 

OSCILLATOR 

10dB 

VTVM 

L.  TYPE EQUALIZER 

61010 de 

LOSS 

RI 

R2 

VTVM 

Fig. 23-62C. Circuit for measuring the frequency response of on "L" type equalizer. 
A 6- to 10-dB pad is connected in the output to supply the proper termination. 

be overloaded as the rising character-
istic of the equalizer is aproached. 
As an example, if the equalizer has 

a rise of 10 dB at its resonant fre-
quency, the gain of the amplifier is 
adjusted for a given amount of attenua-
tion loss in the gain set. The gain con-
trol is left at this particular setting and 
is not changed throughout the rest of 
the measurement. 

It will be noted that other frequen-
cies will be lower in amplitude by the 
amount of the rise (10 dB). Therefore, 
the amplifier cannot be overloaded by 
the rising response of the equalizer. The 
response is then plotted with respect to 
either 400 or 1000 Hz, depending on the 
purpose for which the equalizer is 
designed. 

If a gain set is not available, the fre-
quency response may be measured by 
using one of the two circuits shown in 
Figs. 23-62B and C. The procedure and 
precautions are the same as described 
for the measurement of a filter in 
Question 23.60. 

23.63 How are the frequency char-
acteristics of wave filters and equalizers 
plotted?--As shown in Figs. 23-63A and 
B. For wave filters the reference fre-
quency is generally 1000 Hz. For equal-
izers either 400 or 1000 Hz is employed, 
depending on the use of the equalizer. 

Filters or equalizers may be plotted 
to show their insertion loss or their 
transmission characteristics as shown in 

Fig. 6-29A and B. Generally the trans-
mission characteristic is used because it 
pictures the action of the device in a 
transmission circuit. Insertion-loss plots 
are used in design procedures. 

As a rule, the characteristics of 
equalizers and wave filters are plotted 
using the major lines on the graph 
paper to represent 5 dB and each minor 
line representing 1 dB. In special cases 
where it is necessary to expand a cer-
tain area, the plot of each major division 
can be used to represent 1 dB and the 
minor lines can represent 0.2 dB. 

Equalizer and filter characteristics 
are discussed in detail in Sections 6 and 
7, respectively. 

e 

(a) High-pass. (b) Low-pass. 

fc 

9 1  431  

(c) Bandpass. 

fc 

(d) Band-elimi-
nation. 

Fig. 23-63A. Frequency-response charac-
teristics of wave filters. 
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fc 
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(a) High-frequency peaking. 

(b) Low-frequency boost. 

(c) High-frequency . pre-equalizer. 

(d) High-frequency post-equalizer. 

Fig. 23-63B. Frequency-response charac-
teristics of equalizers. 

23.64 Describe the procedure for 
measuring the ' characteristics of a 

speaker crossover network.—Crossover 
networks employing air-core coils (as 
most are) may be measured as given in 

Fig. 23-64A. Since the coils are air core, 
they may be measured at a low level 
because the characteristics of such coils 
are not affected by the power level. For 
this example of measurement it will be 
assumed that a 450-Hz parallel-type 
crossover network of 16-ohm impedance 
is to be measured. An impedance-
matching network of 600/16 ohms is 
connected between the oscillator and 
the input of the network. The output 
terminals of the network are termi-

15-dR 
ISOLATION 
NETWORK 
600/I6n 

nated in 16 ohms, with a vacuum-tube 

voltmeter connected in parallel. It will 
be observed that the input voltmeter is 
connected on the high side of the net-
work to prevent reflections from the 
active elements of the network from 
affecting its readings. 

The measurement is started with the 
low-pass section. The oscillator is set to 
a frequency of 30 Hz as a reference fre-
quency. The output meter readings are 
noted and tabulated. The high-fre-
quency side is now measured by setting 
the oscillator to 10,000 Hz as a reference 
frequency. Frequencies down to 3 oc-
taves below the crossover frequency are 
applied and their amplitudes noted. The 
results of the measurements are then 
plotted as given in Fig. 23-64B. For a 
properly designed network the cross-
over frequency will be down 3 dB from 
the reference frequency. 

Series-type crossover networks are 
measured as given in Fig. 23-64C. The 
same measurement procedure is fol-
lowed as is used for parallel networks. 

Insertion loss may be measured by 
noting the voltage at the input and out-
put of a given section, at a frequency 
somewhat near the center of the pass-
band. The loss is then computed: 

dB = 20 Log,. (EI/E2) 

Power = IL = E2/R,. 

where, 
E, is the voltage at the input of the 
network, 

E.: is the voltage across the output 
termination of the section under 
measurement, 
is the terminating resistance. 

The characteristics of crossover net-
works can also be measured by using 
the amplifier normally employed for 
driving the speaker system. For such 
measurements the test circuit of Fig. 
23-64D is used. Some difference in the 

CROSSOVER 
NETWORK 

VTVM 

VTVM 

Fig. 23-64A. Test setup for measuring characteristics of a parallel crossover network. 
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Fig. 23-64B. Frequency response of a parallel crossover network. 
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Fig. 23-64C. Test setup for measuring characteristics of a series crossover network. 

OSCILLATOR 

Fig. 23-64D. 

AMPLIFIER IBA 

E2 
V TVM 

C OE LHF 16.n. E2 
<2' C VTVM 

r It  x. 
r7-

Test circuit for measuring the characteristics of a crossover network, 
using its normal driving amplifier. 

characteristics of the network may be 
expected when measured in this man-
ner, since the internal ouput impedance 
of the amplifier is not a perfect match 
to the crossover network input, as is 
the impedance-matching network. The 
first measurement is an actual measure-
ment of the network characteristics, 

while the measurement with the driving 
amplifier is a practical or operational 
measurement. (See Question 20.90.) 

Networks employing more than two 
sections are measured in a similar man-
ner (Fig. 23-64E), taking care that all 
unused sections of the network are 
properly terminated and that the mea-
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VTVM 

Fig. 23-64E. Method of measuring the frequency response of a three-section, 16-ohm 
crossover network. 

surement is made in a portion of the 
passband removed from the crossover 
frequency. The insertion loss variation 
between sections should be very small. 
This will be indicated by the difference 
between the input voltage and the out-
put voltage of the various sections in the 
passbands. The design of crossover net-
works is discussed in Section 7. 

23.65 How are the overall frequency 
characteristics of a recording channel 
plotted?— The frequency characteristic 
is measured from the input of the mi-
crophone preamplifier to the output of 
the amplifier driving the recorder. A 
plot of a typical magnetic recording 

+5 

o 

- 5 

channel with the high- and low-pass 
filters removed is given in Fig. 23-65A. 
Fig. 23-65B shows the same channel 
using high- and low-pass filters. 

In addition to the overall frequency 
response, it is customary to make fre-
quency measurements of each individ-
ual piece of equipment in the channel, 
to facilitate the servicing of individual 
units. These plots should include, be-
sides the frequency response, the gain 
for a given set of conditions, the maxi-
mum power output, the harmonic or 
intermodulation distortion, the signal-
to-noise ratio, the equalization, the 
compression ratio and breakaway 

+ 5 

o 

20 50 100 200 500 I kHz 2 kHz 

FREQUENCY IN HERTZ 

Fig. 23-65A. Method of plotting the overall frequency response of a magnetic 
recording channel. 
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Fig. 23-658. Frequency characteristics of a typical recording channel using high-
and low-pass filters. 
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Points, and any other measurements 
that may be used for reference. A stan-
dard method of plotting should be 
adopted for the preceding character-
istics, so that the various graphs can be 
laid over each other for comparison. 

One of the major lines (counting up 
from the bottom) of semilogarithmic 
graph paper such as is used through-
out this book is referred to as the zero 
line. Each major division represents 5 
dB and each minor line 1 dB. The fre-
quency range of the paper is 20 to 20,000 
Hz. The usual plotting range for a 
motion-picture recording channel is 40 
to 10,000 Hz. 

23.66 How are the frequency char-
acteristics of a mixer network meas-
ured?—The mixer is connected as shown 
in Fig. 23-66. If the gain set is the bal-
anced type, a repeat coil is connected 
in the send circuit and the mixer net-
work is grounded as shown. An am-
plifier is connected at the output of the 
network and returned to the gain-set 
receive terminals. If the amplifier has a 
bridging input, the output of the net-
work is terminated in its normal oper-
ating impedance by means of a resistor. 

The mixer input control used for the 
measurement is set for about 15 to 20 
dB of loss. This is about the normal 
operating position for the average 
mixer. All other controls are set to their 

REPEAT 
COIL 

MIXER NETWORK 

THE AUDIO CYCLOPEDIA 

maximum loss positions or off positions. 
The gain of the amplifier is set for a 
convenient measuring level at the gain-
set receive terminals. Usually 30 dB of 
gain will suffice. 

After the measurements of the net-
work characteristics have been made, 
the response of any equalizers or high-
or low-frequency attenuators is then 
made. 

For motion-picture production and 
rerecording, the frequency response is 
generally plus or minus 1 dB from 40 
to 10,000 Hz. For radio broadcasting, it 
is 30 to 16,000 Hz, plus or minus 1 dB. 

23.67 How is the leakage between 
positions of a mixer network measured? 
—The mixer network is connected as 
shown in Fig. 23-67. Suppose the leak-
age of a four-position mixer is to be 
measured at a frequency of 10,000 Hz. 
Positions 2 and 3 are terminated in their 
normal input impedances using a re-
sistive termination. Position 4 is also 
terminated and a vacuum-tube volt-
meter connected in parallel with the 
termination. The attenuators of posi-
tions 2, 3, and 4 are set to their maxi-
mum loss or the off position. An audio 
oscillator is connected to position 1, and 
the attenuator of that position is set to 
approximately 20 dB of loss (this is 
about the loss that would be used in 
the average mixer pot). The output of 

OUTPUT 
RB TRANSFORMER 

9 8 a a s3 a SEND 

 o 

GAIN SET 

o  

35 o  

VOLTAGE 
AMPLIFIER 

za 

Ea 

RECEIVE 

Fig. 23-66. Circuit for measuring the frequency response of a mixer network. 
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Fig. 23-67. Circuit for measur-
ing the leakage between the 
various positions of a • mixer 

network. 

AUDIO OSCILLATOR 
10kHz 

Z 

TERM. 

TERM. 

VTVM 

the oscillator is set for a level compar-
able to the highest signal level that will 
be used under normal operating condi-
tions. For motion-picture rerecording, 
this will range from minus 24 to minus 
10 dBm. For normal microphone pick-
ups using a conventional preamplifier, 
the level will range from minus 25 to 
minus 12 dBm. 

With the test signal applied to input 
1, the leakage is read on the vacuum-
tube voltmeter across position 4, with 
that attenuator set to maximum loss. 
For a well-designed mixer, the leakage 
will be at least 70 dB or greater. If the 
leakage is less than 70 dB, it is gener-
ally caused by multiple grounds, ground 
loops, or inadequate shielding between 
the pairs connecting the input and out-
put circuits of the mixer controls. 

The lowest leakage is obtained by the 
use of a single-point ground system of 
wiring as described in Question 9.37. It 
is essential, when a leakage measure-
ment is made, that the mixer network 

TERMINATION 

PI 

P2 OFF 

P3 
OFF 

P4 OFF 

SET TO ABOUT 20-dB LOSS 

TERMINATION 

OUTPUT 
VTVM I 

IGROUND 

SET TO OFF OR MAXIMUM ATTENUATION POSITION. 

be grounded to the transmission ground 
of the measuring circuit. 

The leakage between the output cir-
cuit and a given control is measured in 
a similar manner, except the fourth 
control is terminated and the vacuum-
tube voltmeter is connected across the 
output terminating resistor. The oscilla-
tor is set for a level comparable to that 
normally applied to the input circuits 
and is connected to each input (with 
the control closed and the other con-
trols in the off position), and the leak-
age is measured at the output. 

The attenuation of the various con-
trols may be measured by setting them 
to various positions of loss and noting 
the reduction in level at the output. 
(See Question 23.66.) 
23.68 How is the insertion loss of 

o mixer network measured?—The mixer 
network is connected as shown in Fig. 
23-68. Mixer networks have two losses: 
one variable and the other fixed. The 
variable loss is dependent on the setting 

4' TERMINATION 

Fig. 23-68. Method of measuring the insertion loss of o mixer network. 
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of the mixer control; the fixed loss, the 
value of the building-out resistors, and 
the type of controls used. 

The fixed insertion loss is measured 
between a given input and the output 
of the mixer network. The difference 
between the input signal level and the 
output level is the insertion loss of the 
network. The measurement is made 
with the mixer control of the input 
under measurement set to its minimum-
loss position (wide open) and the con-
trols of all other positions set to their 
maximum loss or off positions. 

The only loss measured under these 
conditions will be the loss induced by 
network components R0 (building-out 
resistors). However, this statement is 
true only for networks using plain-T 
or bridged-T attenuators. For networks 
using ladder potentiometers, the meas-
ured loss will be 6 dB greater (the in-
sertion loss of a ladder potentiometer) 

AUDIO 
OSCILLATOR 

TI 

mA 
M3 

than that measured with a mixer of the 
same number of positions using T or 
bridged-T potentiometers. 
As an example, a six-position, 250-

ohm network using bridged-T attenua-
tors has an insertion loss of 15.6 dB. 
The same network using ladder poten-
tiometers will have a loss of 21.6 dB. 
The path of the test signal is shown by 
the dotted lines in the diagram. Inser-
tion losses for configurations of different 
impedances and numbers of positions 
are given in Fig. 9-44. 

The insertion loss of any mixer net-
work may be calculated; 

dB loss = 20 Log. N 
where, 
N is the number of input positions. 

If the network uses ladder pots, 6 dB 
is added to the calculated insertion loss. 

23.69 How are the frequency char-
acteristics of an audio transformer mea-

Fig. 23-69A. Circuit for measuring the frequency characteristics of a single-ended 
audio transformer. 
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Fig. 23-69B. Circuit for measuring the frequency characteristics of a push-pull inter-
stage transformer. 
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Fig. 23-69C. Method of measuring the frequency characteristics of a repeat or 
isolation coil. 

suredT—As shown in Fig. 23-69A for 
single-ended transformers, and as 
shown in Fig. 23-69B for push-pull 
transformers. R1 is a noninductive re-
sistor equal in value to the plate im-
pedance that the transformer is de-
signed to match. IL. is the secondary 
load impedance, and C is a large capa-
citor with a reactance sufficient to pass 
the lowest frequency to be measured. 
A dc power supply applies a current 
equal to the normal plate current that 
will be passed by the primary of the 
transformer. 

The actual measurement is made by 
applying frequencies of a constant am-
plitude to the primary of transformer 
T2. This amplitude is read on vacuum-
tube voltmeter Ml. The frequency re-
sponse is read on vacuum-tube volt-
meter M2. If two meters are used as 
shown, they must have similar fre-
quency characteristics for the reasons 
explained in Question 23.25. Trans-
former Ti has a low-impedance sec-
ondary on the order of 30 to 50 ohms. 
When measuring a push-pull inter-

stage transformer, only one-half of the 
secondary winding is measured at a 
time. This will avoid shunting the total 
secondary winding with the input ca-
pacitance of meter M2, which may af-
fect the response at the higher frequen-
cies. 

Output transformers may be mea-
sured in a similar manner; however, it 
is generally better to measure such 
transformers in an amplifier with char-
acteristics similar to those in which it 
is to be used. 

Fig. 23-69C shows the method used 
for measuring the frequency response 
of a repeat or isolation coil. The output 
of the oscillator at the left is matched 
to the input impedance of the coil by 
means of a balanced or unbalanced at-
tenuator network. The secondary side 
is terminated in a resistive load, FL. 

Frequencies of constant amplitude 
are fed into the primary side, and the 
response is measured by a vacuum-tube 

voltmeter connected across load resistor 
RL. 

The insertion loss is measured by 
noting the voltage across the primary 
and the secondary for a given frequency 
(generally 1000 Hz). The loss in deci-
bels is then 20 Log,, of the ratio of the 
primary to the secondary voltage. 

23.70 How may the frequency re-
sponse of a transformer be calculated at 
the lower frequencies if the primary re-
actance is known?—The equation given 
below is based on the amount of low-
frequency voltage that will appear 
across the primary turns of a trans-
former when it is connected in series 
with a resistance equivalent to the rated 
primary impedance. The expression for 
each frequency is: 

Insertion loss in dB = 

1  
20 Log.   

VI -I- (R./(014)1 
where, 
L, is the primary inductance in hen-

ries at the selected frequency, 
co equals 27rf, 
f is the frequency in hertz, 
R, is the rated primary impedance 
with the following correction. 

For transformers such as an input or 
interstage working into an open circuit 
(no secondary termination except for 
the input capacitance of the tube): 

R. = R.= -F R, 
where, 
R. is the dc resistance of the primary 
winding, 
R. is the rated primary impedance. 

For transformers loaded on the second-
ary side, such as a driver or output 
transformer: 

R. = 1+ R./R2 

R. = (R, + R,) 

R2= (R. R.)(-N-11) 
N. 

where, 
R. is the de resistance of the sec-
ondary, 
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Fig. 23-71A. Method of measuring the 
insertion loss of an output transformer. 

R. is the secondary load resistance, 
N. is the turns in the primary, 
N. is the turns in the secondary 
winding. 

23.71 How may the insertion loss of 
an output transformer be measured?— 
As shown in Fig. 23-71A. A signal is 
applied to the output stage with the 
transformer secondary terminated in its 
normal load impedance. If the amplifier 
employs negative feedback, the feed-
back loop is disconnected. The voltage 
is measured across the total primary 
winding, and the power is computed: 

P = — 
Z 

where, 
z is the plate impedance. 

(For a push-pull stage, the voltage is 
measured from plate to plate.) 

The power in the secondary is com-
puted in a similar manner. The ratio of 
the two powers may then be converted 
to decibels: 

P 
dB = 10 Log» i - 

f°2 

where, 
Pi is the power at the primary, 
P2 is the power at the secondary. 

s 

+5 

o 

Fig. 23-71B shows the insertion-loss 
curves for a conventional output trans-
former, and Fig. 23-71C shows those 
for an ultralinear transformer used in 
a Williamson-type amplifier. 

The foregoing insertion-loss curves 
should not be confused with a power-
versus-frequency response curve. Such 
curves are run with the negative-feed-
back loop connected. 

23.72 What is the procedure for 
balancing a hybrid coi/?—Referring to 
Fig. 23-72, the secondary (Z.) and the 
two primary windings (Z1 and Z2) are 
each terminated with a resistor equal to 
the recommended impedance. A vac-
uum-tube voltmeter is connected across 
the terminating resistor of primary 7.2, 
and a signal of 1000 Hz is applied across 
primary Zi. Resistor Z. is made variable 
during the test and for the average coil 
will be about 250 ohms. Later, this re-
sistor is replaced with a fixed resistor. 

The signal level from the oscillator at 
Zi may be set at a level of 0 dBm or at 
the normal operating level. The vac-
uum-tube voltmeter is set for a con-
venient reading, and variable resistor 
7.2 is adjusted for a minimum reading 
on the meter across Z.. The meter sen-
sitivity is adjusted as the resistor is 
adjusted. The opposite side (although 
balanced) may be checked for balance 
by reversing the procedure. A good 
coil will generally show about 45 dB of 
isolation at frequencies between 30 and 
10,000 Hz. The value of resistor Z. is 

+41dBm • I .5WATTS 

+40dBm • 0 WATTS 

+37dBm • 5WATTS 

1  
+30dBm • 

* 
WATT 

20Hz 30Hz 50H 100Hz 200Hz 300Hz 500Hz ‚kHz 

FREQUENCY 

2kHz 3kHz 5kHz 0kHz 20kHz 

Fig. 23-71B. Insertion loss in dB for  tional push-pull output transformer. 
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Fig. 23-71C. Insertion loss in dB for ultralinear 

generally quite critical and is only ef-
fective when the terminating impedance 
across the primaries is constant. If a 
meter is bridged across resistor Z., the 
signals in windings ZOE and Z. may be 
monitored simultaneously. 

The degree of isolation between 
windings Z, and Z2 is stated in refer-
ence to 1 milliwatt or 0 dBm; however, 
it may be stated with reference to the 
signal level at the opposite primary 
winding. A typical coil of this type is 
the LS-141 hybrid coil manufactured 
by the United Transformer Co. The 
losses encountered in a hybrid coil and 
other data are discussed in Questions 
8.66 to 8.71. 

OQ  Zo  RL 

Fig. 23-72. Circuit for balancing a hy-
brid coil. 

OSCILLATOR 

MI 

2kHz 3kHz 5kHz 10kHz 20kHz 

output transformer. 

23.73 How are the frequency char-
acteristics of a magnetic recorder mea-
sured?—As shown in Fig. 23-73. The sig-
nal level from the oscillator is adjusted 
for a recording level at least 10 dB 
(preferably 20 dB) below the normal 
recording level, as indicated by the 
level-indicating device of the recorder. 
Making the frequency-response mea-
surement in this manner prevents over-
loading of the magnetic tape. 

If possible, a 20,000-Hz low-pass fil-
ter, similar to that described in Question 
7.107 should be connected in the output 
of the playback amplifier to remove the 
effects of the high-frequency bias cur-
rent on the meter employed to read the 
frequency response. The filter is used 
only when frequency and noise mea-
surements are made. It should be re-
moved when a distortion measurement 
is made. The frequency response of the 
filter is such that frequencies up to 
18,000 Hz are passed without discrimi-
nation. 

If the machine is equipped with a 
separate playback head, the frequency 

VTVM 
RECORD 

MAGNETIC 
RECORDER 

20kHz 

LOW-PASS 
FILTER 

o 

M2 

PLAYBACK 

RL 
VTVM 

Fig. 23-73. Circuit for measuring the frequency response of a magnetic recorder. 
The 20-kHz low-pass filter is used to remove the effect of the high-frequency bias 

current on the meter M2. 
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400Hz 

OSCILLATOR 

VTVM FOR 

MEASURING 

BIAS CURRENT 

RECORD 
MAGNETIC 

RECORDER 

PLAY 
BACK RL 

Fig. 23-74A. Circuit connection for making 
ments on magnetic 

response may be observed as the oscil-
lator frequencies are applied. If not, the 
tape is recorded and then played back. 
Before a frequency measurement is at-
tempted, the heads should be aligned 
as described in Questions 17.104, 17.109, 
17.110, and 17.111. A frequency-response 
measurement made in this manner is 
called a record/playback frequency re-
sponse and includes the frequency re-
sponse of the record and playback am-
plifiers. 

In some recorders the record and 
playback equalization can be individu-
ally adjusted for the best response. If 
such controls are available, they should 
be adjusted to the manufacturer's speci-
fications; if not, serious overloading of 
the amplifiers may result. 

It is advisable to demagnetize both 
the recording and reproducing heads 
before making any adjustments, because 
a magnetized head will increase the dis-
tortion, reduce the signal-to-noise ratio, 
and may partially erase the high fre-
quencies. (See Question 7.107.) 

23.74 Describe the procedure for 
making distortion measurements on mag-
netic recording and reproducing equip-
ment.—The equipment is connected as 
shown in Fig. 23-74A. The principal 
reason for making distortion measure-

Bias 
Current 
in mA 

Percent Distortion 
+8 +10 +12 

20 
22 
24 
26 
28 
30 
S/N 

1.0 1.6 2.55 
0.9 1.5 2.4 
0.7 1.35 2.2 

0.6 1.2 2.0 
0.55 1.1 1.75 
0.50 1.0 1.5 

—59 dB —61.5 dB —62 dB 

Fig. 23-74B. Tabulation of percent dis-
tortion. Bias current, versus recording 

level (in dBm). 

DFM 

distortion and bias-current measure-

equipment. 

ments on magnetic recording equipment 
is to establish the correct operating bias 
current, the maximum operating levels, 
and the signal-to-noise ratio for a given 
operating level. 

Both the motion picture industry 
and manufacturers of professional mag-
netic recording equipment have estab-
lished 1 percent as maximum total har-
monic distortion (THD) for recording 
and reproduction. The 1-percent THD 
represents 100-percent sine-wave mod-
ulation of the system. In earlier equip-
ment a 3-percent THD was used and in 
some instances the distortion was stated 
in terms of intermodulation distortion. 
However, to date no standards have 
been established for intermodulation 
testing of magnetic recording equip-
ment. The following tests to be de-
scribed are applicable to both magnetic 
film and tape. 

Harmonic-distortion measurements 
are made by applying a signal from a 
low-distortion oscillator to the record-
ing channel and then measuring the 

amount of harmonic distortion at the 
output of the playback amplifier. Dis-
tortion measurements should be made 
at several levels above and below the 
normally specified recording level for 
several different values of bias current. 
These tracks are then played back and 
the distortion and signal-to-noise ratio 

4.14 

+10 

20 22 24 26 28 30 32 
BAS CURRENT IN mA 

Fig. 23-74C. Harmonic distortion versus 
bias current for magnetic film recorder 

(30 to 12,000 Hz). 
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measured. The combination of bias cur-
rent and recording level resulting in the 
greatest signal-to-noise ratio with the 
lowest distortion and best frequency 
response is the correct recording level. 
(See Questions 17.48, 17.49, and 17.52.) 
The procedure for making the mea-

surements is as follows. Assume a mag-
netic film recorder is specified to oper-
ate at a recording level of plus 12 dBm 
at the recording head with a bias cur-
rent of 25 mA. A vacuum-tube volt-
meter is connected at the output of the 
recording amplifier (or where specified 
by the manufacturer), and sound tracks 
are recorded (at 400 Hz) at levels of 
plus 8, 10, 12, and 14 dBm with bias 
currents of 20, 22, 24, 26, 28, 30, and 32 
mA. A few feet of unmodulated sound 
track is left at the end of each record-
ing to permit the signal-to-noise ratio 
to be measured. The tracks are played 
back, and the harmonic distortion and 
signal-to-noise ratios are measured. 
These are then tabulated as in Fig. 
23-74B, and, when plotted, will appear 
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of 1/4 " magnetic tope recorder at 40 and 
2000 Hz and tope speed of 7Y2 ips. 
Plotted as bias current versus intermod-

ulation distortion and output level. 
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Plotted as bias current versus intermod-
ulation distortion and output level. 
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Fig. 23-74G. Frequency response of Vs" magnetic tope recorder. 
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as a family of bias curves such as those 
shown in Fig. 23-74C. 

After selecting a set of conditions 
that appears to have the best signal-
to-noise ratio with the lowest distortion, 
a frequency-response measurement is 
made using the selected bias current 
and recording level. If the value of 
bias current is too high, it may erase 
the high frequencies as they are being 
recorded. Therefore, it is important that 
the frequency response be measured 
before settling for a given set of con-
ditions. 

As a rule, a compromise is generally 
made. If the signal-to-noise ratio is 60 
dB for a given set of conditions and the 
frequency response is better for a sig-
nal-to-noise ratio of 58 dB, the 2-dB 
difference in noise level would be negli-
gible if the frequency response were 
materially improved. It is assumed that 
before the foregoing group of measure-
ments is made, the head alignment will 
have been checked and the heads thor-
oughly degaussed. (See Question 17.91.) 

Although the value of 1-percent THD 
maximum is specified, operating the 
equipment at a slight amount above 
1 percent will have little effect. Also, if 
the signal-to-noise ratio will permit, 
operating the equipment below a 1-per-
cent THD is permissible. In the family 
of bias curves, Fig. 23-74C, the point of 
operation has been selected for a dis-
tortion value of 1.20 percent, with a 
signal-to-noise ratio of 61.5 dB. 

It will be noted that for a recording 
level of plus 10 dBm, using a bias cur-
rent of 28 tA-.) 30 mA, the distortion is 
approximately 1 percent. This would be 
a good point at which to operate if 
the frequency response is satisfactory. 
However, with a bias current of 28 to 
30 mA, some difficulty may be experi-
enced with erasure at the higher fre-
quencies. If difficulty is experienced 
with the high-frequency bias current 
leaking into the output and affecting 
the measurements, a capacitor of 0.25 
IA' may be connected across the output 
of the playback circuit, if the output is 
of 600-ohms impedance. 

Fig. 23-74D depicts the record/play-
back harmonic distortion measured on 
a professional %-inch magnetic-tape 
recorder to show the total rms har-
monic distortion for different values of 
bias current. The bias current was mea-
sured by connecting a 1-ohm resistor 

in series with the recording head and 
a vacuum-tube voltmeter in parallel 
with the resistor. The results were 
plotted as harmonic distortion versus 
bias current. The upper curve is the 
variation in output level due to changes 
in bias current. 

Fig. 23-74E shows a similar group 
of measurements obtained by the use 
of an intermodulation analyzer. The fre-
quencies used for the intermodulation 
measurements were 40 and 2000 Hz 
mixed in a ratio of 4:1 (low frequency 
12 dB higher in amplitude than the high 
frequency). 

Fig. 23-74F is the same recorder using 
40 and 7000 Hz for a similar group of 
measurements. A record/playback fre-
quency response is shown in Fig. 
23-74G. 
One of the attractive features of 

magnetic recording is that it is inher-
ently free of even-harmonic distortion. 
The magnetic characteristic is not nec-
essarily linear but is symmetrical for 
opposite directions of magnetization. In 
practice, however, wave analysis of the 
playback of a sine-wave recorded from 
a distortion-free source will frequently 
show appreciable second and higher 
even-order harmonic distortion. When 
this situation is encountered, it is usu-
ally indicative of some malfunctioning 
of the recording equipment. 

If the amplifier system when mea-
sured by itself shows negligible distor-
tion, it may be assumed that the ob-
served distortion from the tape is being 
caused by the recording process itself. 

Distortion in the recording process 
is caused by a direct-current component 
or magnetization which prevents the re-
cording heads from modulating the tape 
around a point of symmetry. The asym-
metric influences may be clearly visu-
alized at the recording head; but if the 
erase head leaves the tape in a mag-
netized condition the same result can 
occur. High harmonic distortion can, as 
a rule, be traced to the erase, recording, 
or reproducing heads magnetized by 
coming in contact with magnetized tools, 
or to excessive transient currents gen-
erated in the switching circuits. Mag-
netization of the heads can also occur 
from leaky coupling capacitors, permit-
ting direct current to flow through the 
head in question. 

If no direct current is present, then 
the observed distortion may be caused 
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by high distortion of the bias oscillator 
waveform or a badly overloaded re-
cording amplifier. External stray dc 
fields will also have the same effect as 
a direct current through the head cir-
cuit. 

To test for the existence of an asym-
metrical field, a small permanent mag-
net is held near the recording head. If 
a given position of the magnet causes a 
reduction of the even-harmonic distor-
tion, the polarity of the magnet is noted. 
The polarity is reversed, and the distor-
tion measured again. If the distortion 
value is increased or decreased, second-
harmonic distortion is indicated. The 
heads should be demagnetized by using 
a degausser as described in Question 
17.90. 

It will be noted that when the source 
of distortion is removed, the signal-to-
noise ratio will be increased. 

23.75 Describe the procedures for 
recording dise-record light patterns and 
their measurement. —The making of 
light patterns for plotting the frequency 
characteristics of cutting heads and 
disc-recording channels was first de-
vised by Buchman and Meyer. Light 
patterns are recorded by applying fre-
quencies of constant amplitude to the 
recording channel and then recording 
them on a disc record. Each frequency 
is recorded for approximately 10 sec-
onds with an unmodulated groove of 
5 seconds between each frequency. The 
recording is started with the highest 
frequency on the outside of the record 
to reduce the effect of lower groove 
velocities at the smaller diameters. A 
typical light pattern made with a mag-
netic cutting head using a modified con-
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stant-amplitude, constant-velocity re-
cording characteristic (see Question 
14.6) is shown in Fig. 23-75A. 
The usual manner of reading a light 

pattern is to view it in sunlight or by 
means of a small light located some 
distance away from the disc so that the 
light rays strike the disc nearly parallel 
to its surface. The pattern is then ob-
served from a distance of about 4 feet, 
using one eye, or it may be photo-
graphed and read. Light patterns are a 
simple and effective means of making 
an overall calibration of a recording 
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Fig. 23-75A. Typical monophonic light' 
pattern made with a magnetic cutting 
head using a modified constant-ampli-
tude, constant-velocity recording char-
acteristic (RIAA). Speed 33 1/4  rpm. 
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FREQUENCY IN HERTZ 

Fig. 23-75D. Frequency response of a magnetic cutting head plotted from measure-
" meats of frequency-band amplitudes. 
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channel or checking the frequency 
characteristics of a cutting head. The 
theory of the light pattern may be ex-
plained as follows. At the center of the 
pattern, an unmodulated groove makes 
an angle of 90 degrees with the incident 
ray and reflects a beam of light to the 
eye. Other parts of the groove appear 
dark. When the groove is modulated, 

reflections are visible despite the de-
parture of the groove axis from the 
90-degree direction. A point will exist 
on each waveform where the angle due 
to the modulation cancels the 90-degree 
angle because of the change in mean 
direction. 

Again, for a short distance within 
each waveform, the groove is at the 

Fig. 23-75C: Monophonic light pattern of a pre-equalized recording channel showing 
the results of either improper equalization or improper cutting-head frequency re-

sponse. Pattern made at 33 1/z rpm. 

Fig. 23-75D: Monophonic light pattern of a cutting head made at 78 rpm showing a 
midrange frequency peak and a loss at the high frequencies. The response from this 

head would be accentuated in the midrange frequencies with a loss at the high 

frequencies. 
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Fig. 23-75E. Circuit for measuring the frequency characteristics of a magnetic cut-
ting head. The RC network is the normal recording network specified for the head. 

90-degree position or parallel to the 
tangent at the center of the pattern. At 
a given distance from the center, the 
groove angle becomes so large that the 
cancellation of angles no longer occurs. 
This is the edge of the pattern. 

As the groove diameters become 
smaller, the mean curvature increases, 
but the waveforms are becoming shorter 
and the modulation slope for a given 
frequency and amplitude increases in 
the same proportion. Thus, the width 

of the pattern is not affected by the 
changing groove diameter. A light pat-
tern is principally a method of com-
paring the width of various frequency 

bands with each other, one band being 
a reference frequency. Light patterns 
may also be measured by playing back 

the pattern using a magnetic pickup. 
The results are plotted as frequency 
versus decibels as for any frequency 
characteristic. The width of the pattern 
is proportional to the voltage output 
from a constant-velocity pickup. If the 
amplitude of the frequency bands is 
measured mechanically, either by pho-
tographing or by viewing, variations 
from the reference frequency may be 
plotted in decibels: 

A, 
dB = 20 Logy, --A 

where, 
Al is the reference frequency, 
A, is any frequency of interest. 

A light pattern recorded using a modi-
fied constant-amplitude, constant-ve-
locity recording characteristic will show 
whether the velocity is constant, by its 

having straight sides between the turn-
over frequency and the highest fre-
quency at the outside of the disc. Below 
the turnover frequency, the frequency 
characteristic slopes off at a rate of 6 dB 
per octave, if amplitude is constant. 
(See Question 14.6.) 
The light pattern in Fig. 23-75A was 

made with a magnetic cutting head 

'using a modified constant-amplitude, 
constant-velocity recording character-
istic and is typical of a well-adjusted 
cutting head. The recorded frequencies 
are indicated at the left of the pattern. 
The reference frequency is 1000 Hz, and 

the turnover frequency is 500 Hz. Vari-
ations in the amplitudes of the fre-
quency bands are due to slight varia-
tions in the frequency response of the 
head. The variations are in the order 
of a few tenths of a decibel. 

Fig. 23-75B shows a light-pattern 
frequency characteristic plotted from 
information obtained by measuring the 
amplitudes of the frequency bands. The 
reference frequency is 600 Hz. 

If the frequency response of a cutting 
head appears to be satisfactory, a sec-
ond pattern may be made of the com-
plete recording channel to determine 
whether the recording characteristic 
(including the equalization) is correct. 
This is made in a manner similar to that 
used for the cutting-head light pattern, 
except that the equalization normally 
employed during recording is left in the 
circuit. 
A light pattern made using pre-

equalization in the recording circuits is 
shown in Fig. 23-75C. It may be seen 
the frequency response is not correct 
because the high frequencies fall off 
quite rapidly. To be correct, the high 
frequencies should continue to increase 
in amplitude. 

Fig. 23-75D depicts a light pattern of 

a cutting-head response at a speed of 78 
rpm. In this pattern, the middle fre-
quency range is increased while the 
higher frequencies drop off, resulting in 
a peaked frequency characteristic. 
Some difference must be expected in 

the frequency response of a cutting 
head made at speeds of 33% and 45 rpm. 
Therefore, a compromise is made if it 
is to be used at both speeds. 

Recording characteristics may vary 
with different styli. Therefore, the styli 
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should be spot checked by recording a 
reference frequency band, then one at 
the high frequencies and one at the low 
frequencies. 

The circuit for making a light pattern 
of the frequency response of a cutting 
head is shown in Fig. 23-75E. Only the 
recording amplifier that is normally 
used and the RC network permanently 
connected in the cutting head are used. 
The initial recording level is set to the 
reference frequency (100-percent mod-
ulation) and all other frequencies to be 
recorded are sent into the recording 
amplifier at the same amplitude. The 
amplifier must have a uniform fre-
quency response to slightly below and 
slightly above the frequency range to 
be recorded by the head in order to 
prevent frequency variations in the 
light pattern due to frequency discrep-
ancies in the amplifier. 
When a light pattern of a complete 

recording channel is to be made using 
pre-equalization in the recording cir-
cuits, the initial level (100-percent 
modulation) must be set at the ampli-
tude of the highest equalized frequency. 
If this precaution is not observed, the 
cutting head will be overloaded and 
possibly damaged. 

If the recording channel is pre-
equalized to complement the RIAA and 
NAB Standard (17.17 dB at 15,000 Hz) 
this frequency is used as the reference 
frequency. As this frequency has the 
maximum amplitude, all other frequen-
cies will be lower in amplitude. How-
ever, if the recording channel and cut-
ting-head characteristics are correct, the 
pattern will appear on the disc as would 
the RIAA frequency response of Fig. 
13-95. 

Since the advent of hot-stylus re-
cording (see Question 15.59) the prob-
lem of getting the correct frequency re-
sponse on the disc has diminished. 

If diameter equalization is used, it is 
measured separately and added alge-
braically to the characteristic of the 
cutting head. 
An overall pattern of the two fore-

PIMP 

fl 

It 

PREAPAP 

going characteristics may be recorded, 
provided the reference frequency is 
taken at the point of maximum equali-
zation for the two forms of equalization 
to prevent damage to the cutting head. 

Although the described light patterns 
were made using a monophonic cutting 
head, the procedure is the same for 
stereophonic light patterns. Corrections 
to the frequency response are made by 
adjustment of the negative feedback in 
the stereo cutting-head driving ampli-
fier. (See Questions 14.2, 17.228, 18.330, 
and 18.331.) 

23.76 What is the procedure for 
measuring turntable rumble and high-
frequency noise?--The NAB Standard 
of March 1964 specifies that for a mono-
phonic disc reproducing system, the 
low-frequency noise (rumble) gener-
ated by the turntable, pickup, and pre-
amplifier, when playing back an essen-
tially rumble-free silent groove, shall 
be at least 40 dB below a reference level 
of 1.4 centimeters per-second peak ve-
locity at 100 Hz. The electrical response 
of the preamplifier is to conform to the 
standard NAB reproducing curve (Fig. 
13-95), and as Question 13.103. 
The test circuit in Fig. 23-76A is used. 

The test amplifier and indicating meter 
are to have uniform response within 
plus or minus 1 dB between 10 and 250 
Hz, with 500 Hz being 3 dB below the 
100-Hz response, and an attenuation 
rate of at least 12 dB per octave at fre-
quencies above 500 Hz. The amplifier 
and meter are to decrease at the rate of 
6 dB per octave below 10 Hz. The meter 
is to have the ballistics of a standard 
VU meter. If the meter fluctuates, max-
imum values are to conform to this re-
quirement. The pickup-arm resonance 
must fall outside the passband or be 
sufficiently damped as to not affect the 
measurement. 
The measurement reflects the elec-

trical effect, not the aural annoyance 
value, of low-frequency noise. Experi-
ence indicates that a strong low-fre-
quency noise (rumble) at a frequency 
below audibility will cause severe in-

FILTER AMP. 

Fig. 23-76A. Test circuit for measuring low-frequency noise (rumble) of a turntable.-



AUDIO-FREQUENCY MEASUREMENTS 1481 

Fig. 23-768. Filter for measuring the 
relative rumble loudness level (BRIJ) 

(after Baurer). 

termodulation products to be generated 
and is more serious in a wide-range 
reproducing system than is an audible 
low-frequency noise. The reference 
level of 1.4 centimeters per second at 
100 Hz corresponds to an amplitude of 

7 centimeters per second at 500 Hz; thus, 
this falls in the constant-amplitude sec-
tion of the recording characteristic. 
As a rule, the rumble or low-fre-

quency noise developed in a profes-
sional turntable will be at least 50 dB 
or more below the signal. Rumble can 
generally be traced to bearings, gears, 
motor-drive systems, pucks, and motor 
vibration. Rumble will be greater at the 
larger diameters than at a smaller ra-
dius. The waveform error of the am-
plifier measurement tnust be negligible 
down to 10 Hz, as rumble frequencies 
are of steep wavefront configuration 
and fall below 20 Hz. 

High-frequency noise is measured on 
a flat velocity basis over a range of 500 
Hz to 15,000 Hz, and it is to be at least 
55 dB below the level obtained under 
the same conditions of reproduction, 
using a reference tone of 1000 Hz, re-
corded at a peak velocity of 7 centi-
meters per second. The response of the 
measuring system at 500 Hz is to be 3 
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Fig. 23-76C. Frequency response of filter network for measuring relative rumble 
loudness level (after Baurer). 

dB below that of 1000 Hz, and fall off 
at a rate of 12 dB per octave, or more, 
below 500 Hz. The response at 15,000 Hz 
is to be 3 dB below the response at 
1000 Hz, and then to fall off at a rate of 
12 dB or more, above 15,000 Hz. 

For stereophonic noise measurements, 

the electrical requirements for the mea-
suring equipment are the same, except 
that the low-frequency noise (rumble) 
is to be not less than 35 dB below a ref-
erence level of 1 cm per second peak 
velocity at 100 Hz in either plane of 
modulation. This corresponds to an am-

plitude of 5 centimeters per second 
peak velocity at 500 Hz, operating in 
the constant-amplitude portion of the 
recording characteristic. High-fre-
quency noise is to be at least 50 dB be-
low 100 Hz, at a peak velocity of 5 cen-
timeters per second. 
A method of measuring turntable 

rumble, suggested by Baurer of the 
CBS Laboratories, includes the use of a 
filter network which compares the level 
of a 1000-Hz, 5 cm/s rms lateral tone 
on a test record with a level of the 
turntable rumble weighted with a 6-dB 
per octave network having a 500-Hz 
turnover point. This conforms to the 
NAB practice of attenuating frequen-
cies above 500 Hz at the rate of 12 dB 
per octave to eliminate the surface 
noise. The configuration of the relative 

rumble loudness level (RRLL) is given 
in Fig. 23-76B, and its frequency char-
acteristic is shown in Fig. 23-76C. The 
procedure for such measurements fol-
lows. The system is first adjusted for 
the conventional NAB-RIAA frequency 
response, and the output of the system 
is set for a convenient level indication, 

using a 1000-Hz test frequency with a 
lateral displacement of 5 cm/s rms. 

2kHz 5kHz OkHz 
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After noting the level, the network is 
inserted in the circuit, terminated, and 
the output voltage again is read using 
an urunodulated groove. The RRLL may 

now be computed as 20 Log., times the 
ratio of the two voltages. 

For stereophonic reproduction, two 
readings are required: one with the 
pickup connected for lateral reproduc-
tion and the other with the pickup in 
the vertical mode. The total rumble is 
then the square root of the lateral and 
vertical voltages. The RRLL is the quo-
tient of the overall rumble voltage and 
the 1000-Hz tone voltage expressed in 
decibels. It is important that the net-
work be properly terminated at both 
the input and output sides. 

23.77 What is an H-A beam test 
record?—A special test record developed 
by the Cook Laboratories for testing the 
percentage of intermodulation distor-
tion of a record reproducing system. If 
the system has 2-percent intermodula-
tion distortion or greater, the listener 
will hear a code letter, N (— If the 
intermodulation is less than 2 percent, a 
letter A is heard (• —). 

The test record consists of two fre-
quencies which sweep the audio band 
while maintaining a constant 1000-Hz 
separation. One signal sweeps a coded 
letter N signal from 19,000 Hz down to 
3000 Hz, while the second signal (un-
coded) sweeps from 20,000 Hz down-
ward to 4000 Hz. During the sweep 
period of the above frequencies, a 1000-
Hz constant-frequency coded A, with 
an amplitude of 2 percent of the aver-
age carrier envelope, is used as a ref-
erence for the 1000-Hz difference be-
tween the two sweep frequencies. 

If the intermodulation distortion is 
2 percent, the 1000-Hz frequency A pre-
dominates. Over 2 percent, the A signal 
overrides the 1000-Hz frequency and 
becomes the letter N. 

23.78 How is a cutting head stylus 
tested for noise so as to obtain the 
greatest signal-to-noise ratio?— As 
shown in Fig. 23-78. A vtvm is con-

AMPLIFIER 
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Fig. 23-78. Circuit used for aligning a 
recording stylus for the greatest signal-

to-noise ratio. 

nected across the cutting head. The re-

corder is started and an unmodulated 
groove is cut while the noise generated 
by the stylus as it cuts the recording 
medium is observed. Many times a very 
slight realignment of the recording sty-
lus will reduce the cutting noise by 

several decibels. The noise level be-
tween different styli may be measured 
in a similar manner. It is not uncom-
mon to find new styli with unacceptable 
noise levels. It is common practice in 
recording activities to make this test 

at the outside diameter of the record 
before each recording by switching the 

necessary equipment into the circuit 
before the start of each take. 

23.79 How is the translation loss 
due to decreasing groove velocity mea-
sured?—By recording a frequency of 
10,000 Hz of constant amplitude, start-
ing at the outside diameter of the disc 
and continuing down to the smallest 
diameter normally recorded. The disc is 
then played back and the signal level is 

measured as the pickup travels across 
the disc. The grooves at the outer edge 
are used as a reference level. To obtain 
a true measurement of translation loss 
in the preceding manner, the signal to 
the recording system must be carefully 
maintained at a constant amplitude. 
(See Question 13.49.) 

23.80 How may the acoustical fre-
quency response of a microphone be 
measured if an anechoic chamber is not 
available?—Unless an anechoic cham-
ber is available, the true acoustic fre-
quency response of a microphone can-
not be measured. (See Question 2.83.) 
However, if a standard microphone or 
one of known frequency characteristics 
is available and it is of the same design 
as the one to be tested, a comparison 
measurement may be made, which, for 
all practical purposes, will be accepta-
ble. The equipment for measurement is 
set up as shown in Fig. 23-80A. 
A speaker of good frequency re-

sponse and low distortion is supported 
on a stand, with the microphone to be 
used as a standard set at a distance of 
about 12 to 18 inches from the speaker 
and on the axis of the speaker voice coil. 
The speaker is driven by an amplifier 
of low distortion connected to an audio 
oscillator and attenuator. A vacuum-
tube voltmeter is connected across the 
output of the amplifier and is used to 
maintain a constant input voltage to the 
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speaker. The output of the microphone 
is connected to a preamplifier, attenua-
tor, and voltage amplifier to which a 
vacuum-tube voltmeter or VU meter is 
connected. 

The measurement is started by set-
ting the oscillator to 1000 Hz and adjust-
ing the level of the speaker output to 
a plus 10 dBm. The voltage amplifier at 
the output of the microphone is then 
adjusted for a reading of 0 dBm on the 
meter. This reading is then used as a 
reference level. The desired frequencies 
are applied to the speaker while a con-
stant voltage is maintained across the 
output of the driving amplifier. The 
variation in frequency response is read 
at the output of the voltage amplifier 
and is the frequency response of the 
microphone plus the speaker and the 
room acoustics. If the microphone is 
placed within 12 to 18 inches of the 
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speaker diaphragm, the room acoustics 
will have little effect on the frequency 
response, because the majority of the 
sound picked up by the microphone will 
be direct rather than reflected sound. 

After a measurement of the standard 
microphone has been made, it is re-
moved and the microphone to be com-
pared is connected in its place. A sec-
ond measurement is then made in a 
similar manner. 

It may be necessary to increase or 
decrease the gain of the voltage ampli-
fier to obtain the same output level as 
was used with the standard. If a large 
group of microphones similar in design 
to the standard is available, a compari-
son of their sensitivities may be made. 
If the output level appears to be down 
several decibels compared to the stan-
dard, it is an indication that the mag-
nets may need recharging. 

OSCILLOSCOPE 
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Fig. 23-80A. Method for measuring the frequency response of a microphone using a 
standard microphone for comparison. 
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Fig. 23-8013. True curve of a dynamic microphone and a curve made using the com-
parative method. 
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Fig. 23-80C. Frequency response of two microphones measured 
determination. method for 

Measurements plotted using the com-
parison method appear quite different 
from those supplied by the manufac-
turer of the microphone. However, this 
is of no particular consequence because 
the suspected microphone is being di-
rectly compared to one of known qual-
ity. Any variations noted between the 

standard and the suspected microphone 
are an indication that the suspected mi-
crophone does not meet the character-
istics of the standard. Under no circum-
stances should the frequency response 
obtained using the comparison method 
be construed as a true frequency re-
sponse of either microphone. 

In Fig. 23-80B is shown the true 
curve (supplied by the manufacturer) 
of a standard microphone of the dy-
namic type (moving coil) and a curve 
of the same microphone plotted with the 
comparative method of measurement. It 
will be noted there is a considerable 
difference in the characteristics between 
the two methods of measurement, al-
though the two curves are representa-
tive of the true characteristics. The 
peaks and valleys of the comparison 
curve are due to the microphone char-
acteristics, room acoustics, and speaker 
frequency response. 

Fig. 23-80C plots the standard micro-
phone of Fig. 23-80B and a microphone 
suspected of needing repair. This micro-
phone appears to have lost its sensitivity 
at both the low- and high-frequency 
ends. 
The principal points of importance 

in making comparative measurements 
are that the microphone under test must 

5kHz 10 kHz 20 kHz 

using the comparison 

be placed in the exact position the 
standard microphone occupied, and the 
levels to the speaker must be the same. 
The acoustics of the room in which the 
tests are conducted must not be dis-
turbed by objects which would add to 
or reduce the reflections as originally 
measured using the standard micro-
phone. 

The results of the measurements are 
plotted as shown. The graphs are then 
laid over each other, and then 1000-Hz 
levels matched. The two graphs are 
next placed over a light box or held 
up to a light and the differences be-

tween the standard and the suspected 
microphone are compared. 

23.81 How can a microphone be 
tested for extraneous magnetic field 
pickup?—By placing the microphone in 
a large loop of wire excited by a source 
of 115-volt, 60-Hz current as shown in 
Fig. 23-81, to test the effectiveness of 
the magnetic shielding used around the 
impedance-matching transformer in the 
microphone. 
A coil of large diameter and small 

cross section appears to be the best 
design for this type of test because of 
the greater uniformity of the magnetic 
field close to the center of the coil. This 
assists in positioning the microphone as 
the position is then less critical. 
The measurement of magnetic field 

pickup is made by placing a standard 
microphone, or one of known sensitivity 
to magnetic fields, in the exact center of 
the coil and rotating it for a maximum 
deflection on a vacuum-tube voltmeter 
connected across the output of the mi-
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FIELD COIL 

75 TO 100 TURNS 
OF No. 16 WIRE 
5 FOOT DIAMETER 

Fig. 23-81. Test for measuring the 

crophone. The output of the microphone 
is measured open circuit, by using a 
vacuum-tube voltmeter with an input 
impedance of 1 megolun or greater. 
Other microphones are then placed in 
the coil and their sensitivity to mag-
netic pickup compared to the standard 
microphone. 

This device is quite helpful when a 
large number of microphones are to 
be measured for magnetic pickup. The 
intensity of the magnetic field picked 
up by the microphone may be calcu-
lated as: 

H 0.2rNI — 

where, 
H is the magnetizing force in oer-

steds, 
N is the number of turns in the coil, 
I is the current in the coil, . 
r is the radius of the coil in centi-
meters. 

The magnetizing force of the test coil 
should be kept between 0.10 and 0.50 
oersted to assure that the field being 
measured is that of the coil and not the 
ambient field strength of the location 
where the measurement is being con-
ducted. 

In some instances, it might be advis-
able to excite the field coil with 120 or 
even 180 Hz because this frequency is 
many times encountered around power 
supplies and is the cause of considera-
ble interference. 

23.82 What are the different meth-
ods used for measuring the distortion of 
an amplifier?--The distortion products 
of an amplifier may be measured in 
several different ways. They are: 

(a) Single-frequency harmonic dis-
tortion—A single frequency is ap-
plied to the input of the amplifier 
and the amplitude of the harmonics 
generated within the amplifier is 
measured at the output by means of 

VARIAC 
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ac field pickup of a microphone. 

a distortion-measuring set as de-
scribed in Questions 22.62 and 22.63. 
The audio-frequency oscillator used 
for such measurements must have 
low harmonic distortion. 
(b) Harmonic analysis—This mea-
surement is made by the use of a 
harmonic wave analyzer, such as that 
described in Question 22.65, con-
nected across the output of the am-
plifier. The amplitude of each indi-
vidual harmonic generated within the 
amplifier is measured relative to the 
fundamental frequency. The total 
harmonic distortion is then computed 
in percent of the fundamental fre-
quency. 
(c) Intermodulation distortion—Two 
frequencies, one high and one low 
and mixed in a given ratio, are ap-
plied to the input of the amplifier. 
Sum and difference frequencies are 
measured at the output of the am-
plifier with an intermodulation ana-
lyzer, as described in Question 22.129. 
(d) Difference-frequency intermodu-
lation—Two frequencies, one low and 
one high and mixed in a ratio of 1:1, 
are applied to the input of the ampli-
fier and varied in frequency while a 
constant difference frequency is 
maintained between them. The sum 
and difference frequencies in the am-
plifier output are measured by means 
of an intermodulation analyzer, de-
scribed in Question 22.133. 
(e) Square-wave response—A square 
wave having a fast rise time is ap-
plied to the input of the amplifier. 
The distortion of the square wave 
caused by passage through the am-
plifier is observed by means of an 
oscilloscope. With a square wave ap-
plied to the input, both distortion and 
transient effects may be observed. 
Square-wave generators are dis-
cussed in Question 22.54. 
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(f) Transient distortion — Transient 
distortion is measured by applying a 

series of sine-wave pulses to the in-
put of the amplifier as described in 
Question 23.49. The effect of these 
pulses is observed at the output of 
the amplifier by means of an oscillo-

scope connected across the load ter-
mination. The method given in the 
IFH-A-201-1966 Standard is dis-
cussed in Question 23.208. 
(g) Linearity—A signal of constant 
amplitude is applied to the input of 
the amplifier. The input level is in-

creased in steps of exactly 1 dB. If 
the amplifier is linear, the output 

level will increase in steps of exactly 
1 dB. At the level where the ampli-
fier output does not increase 1 dB for 
an increase of 1 dB at the input, it is 
departing from its linear character-
istic. Linearity measurements may be 
made by the method described in 
Question 23.36 or by means of a step 
generator described in Question 
22.135. 

(h) Phase distortion—This measure-
ment can be made several different 
ways. The most common way is by 
the use of a dual-trace oscilloscope, 
a single-trace oscilloscope in combi-
nation with an electronic switch, or 
a phase meter as described in Ques-
tion 22.108. Phase distortion can also 
be measured using Lissajous pat-
terns, as described in Question 23.111. 
23.83 What is the procedure for 

making a harmonic distortion measure-

ment on an amplifierP—The amplifier is 
connected as shown in Fig. 23-83. The 
signal may be applied from an oscillator 
and attenuator or from a gain set. The 
proper input circuit is selected from 
Fig. 23-14 or 23-15. The output of the 
amplifier is terminated in the recom-
mended load impedance. 
A distortion-factor meter of any one 

of the several different types described 
in Section 22 and a VU meter or vac-

uum-tube voltmeter are connected 
across the output termination of the 
amplifier. The signal at the input of the 
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amplifier is increased to develop a given 
output level, or power, at the output of 

the amplifier. The distortion is then 
measured and tabulated as power out-
put versus harmonic distortion. The 
foregoing procedure is used for several 
different output powers below the max-

imum rated power output and slightly 
above the rated output. 

The results of these measurements 
are plotted as shown in Fig. 23-7G. The 
same procedure is used for a recording 
channel or other amplifying device. 
However, in the instance of a magnetic 
recorder, if the distortion is being mea-
sured while the machine is recording, 
a 20-kHz, low-pass filter must be con-
nected in the output, as shown in Fig. 

23-73, to eliminate the effect of the 
high-frequency bias current. (See 
Question 23.74.) 

23.84 Show the waveform of an 
overloaded single- and double-ended 
amplifier.—Fig. 23-84A shows the ap-
pearance of a 400-Hz waveform in an 

overloaded, single-ended amplifier. It 
will be noted the upper side of the 
waveform is flattened off while the 

lower side, although driven into over-
load, is only partially flattened off. The 
distortion of the amplifier was approx-
imately 20 percent and contained prin-
cipally even-order harmonics. 

Fig. 23-84B is the appearance of a 
400-Hz signal at the output of a low-
wattage amplifier producing a power 
output of 12.5 watts. The distortion was 
approximately 12 percent and consisted 

of odd-order harmonics. The waveform 
in Fig. 23-84C is the appearance of the 
signal in the cathode circuit for the 
amplifier in Fig. 23-84B. 

The trace in Fig. 23-84D is the ap-
pearance of the distortion of a push-
pull amplifier measured to show the 
change in the linearity of the amplifier 
as it is driven into overload. Although 
this amplifier is overloaded, it is being 
driven into overload in a symmetrical 
manner; that is, it is being overloaded 
by being driven into saturation and cut-
off by equal amounts. The distortion 

AMPLIFIER 

M2 

7 TERMINATION 
DISTORTION 
FACTOR 
METER 

Fig. 23-83. Block diagram for measuring the harmonic distortion of on amplifier. 
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Fig. 23-84A. Single-ended amplifier 
driven into overload. Bias voltage high. 
Even-order harmonics are indicated. 

\ANV 
Fig. 23-84B. Output signal of an over-' 
loaded push-pull amplifier. Odd-order 

harmonics are indicated. 

Fig. 23-84C. Waveform of a 400-Hz' 

signal at the cathodes of an overloaded 
push-pull amplifier. 

Fig. 23-84D. Symmetrical overloading of • 
o push-pull amplifier. Curvatures at the 
ends of the trace indicate odd-harmonic 
distortion, but the amplifier is being 
driven equal amounts into saturation 

and cutoff. 

shown is approximately 5 percent. The 
circuit in Fig. 23-92A was used to 
obtain the trace shown. 

23.85 If a sine wave is flattened on 
one peak only, what order harmonics 

are indicated?—Even-order harmonics. 
(See Fig. 23-MA.) 

23.86 If a sine wave is flattened on 
both peaks, what order harmonics are 
indicated?—Odd-order harmonics. (See 
Fig. 23-84B.) 

23.87 If two amplifiers, one having 

3-percent harmonic distortion and the 
other having 1 percent, are connected in 
tandem, is the total harmonic distortion 
4 percent?—No. The distortion products 
cannot be directly added. However, the 
total distortion may be calculated, if the 
percentages of the individual harmonics 
are known. If the amplitude of the in-
dividual harmonics is measured using a 
harmonic wave analyzer as described 
in Question 22.65, the total harmonic 
distortion for the two amplifiers can be 
computed. A more practical way is to 
connect the two amplifiers in tandem 
and measure the total harmonic distor-
tion as described in Question 23.83. 

23.88 What is a weighted distortion 
factor?—A harmonic measurement in 
which the harmonics are weighted in 
proportion to the harmonic relationship. 

23.89 What causes cross-modulation 
products in an amplifier?—When a tone 
of constant amplitude is present with 
one which is varying in both amplitude 
and frequency, the constant-amplitude 
tone is modulated by the second tone 
and is distorted. This is called cross 
modulation. 

23.90 What is scale distortion?— 
Frequency discrimination noted when 
program material is reproduced at a 
level greater or lower than that at 
which it was originally recorded. Scale 
distortion may be corrected for by the 
use of a loudness control, as described 
in Question 5.65. 

23.91 What are combination tones? 
—Combination tones are frequencies 
produced in a nonlinear device, such 
as an audio amplifier, having an ap-
preciable amount of harmonic distor-
tion. Frequencies generated in the am-
plifier because of nonlinearity consist 
of the original and sum and difference 
frequencies between the fundamental 
and the harmonic frequencies of the 
original frequencies. This type of dis-
tortion is commonly known as inter-
modulation distortion and is described 
in Question 23.113. (Also see Question 
22.129.) 

23.92 Con an oscilloscope be used 
for the measurement of harmonic distar-
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measuring harmonic distortion using a cathode-ray 
oscilloscope. 

tion?—Yes, except it is rather difficult 
to see small values of distortion unless 

the oscilloscope has a magnifier for 
spreading the image. As a rule about 
3- to 5-percent distortion is about the 
least that can be seen on a 5-inch 
screen. However for higher-order har-

monics, this limit may extend down-
ward to 3 or even 2 percent under cer-
tain conditions. It is highly important 
that the vertical and horizontal amplifi-
ers have equal phase-shift characteris-
tics. If this is not known, it should be 
measured and corrected before such 

measurements are made. (See Question 
23.110.) 

To check harmonic distortion using 
an oscilloscope, the oscilloscope is con-

nected across the amplifier output load 
termination. The gain of the amplifier 
is increased to a point where the wave-
form shows the first indication of de-

parture from the true sine-wave pat-
tern. A frequency of 40 to 60 Hz is gen-
erally used for this test, although other 
frequencies may be used, depending on 
the circumstances. 
A method of measuring harmonic 

distortion with an oscilloscope is shown 
in Fig. 23-92A. The vertical input of the 
oscilloscope is connected across the am-
plifier load termination. The horizontal 
input of the oscilloscope is connected to 
the signal source ahead of the attenua-
tor network at the input of the ampli-
fier. The internal sweep oscillator of the 
oscilloscope is turned off. 

For output levels below the overload 

(a) (b) (c) 

Fig. 23-926. Distortion patterns seen on 
an oscilloscope using the connections in 
Fig. 23-92A. (a) Initial adjustment. (Is) 
Even-harmonic distortion. (c) Odd-har-

monic distortion. 

point of the amplifier, the pattern will 
appear as a straight line, as in (a) of Fig. 
23-92B, and leaning either to the left 
or right, depending on the number of 
stages in the amplifier. When a straight 
line has been obtained at a low level by 
adjusting of the oscilloscope controls, 
the input signal to the amplifier is in-

creased until the trace starts to show a 
curvature at either top or bottom, or 
both, as in (b) and (c) of Fig. 23-92B. 

If the curvature is at the top of the 
line (b) of Fig. 23-92B, even-harmonic 
distortion is indicated, and if it is curved 
at both ends (c) of Fig. 23-92B, odd-
harmonic distortion is indicated. 

The only drawback to this measure-
ment is that it is difficult to judge the 
percent harmonic distortion and, at 
best, it is only an indication that distor-
tion is present and consists of a given-
order harmonic. 

23.93 What effect does a rectifier-
type meter have on harmonic-distortion 
measurements?—If, when making a har-
monic-distortion measurement, a VU or 
volume indicator meter employing a 
rectifier element such as copper oxide 
or selenium is used for setting the out-
put level, the meter attenuator must be 
turned to its highest setting after ad-
justing the output level. If this precau-
tion is not taken, harmonic distortion 
may be added to the measurement, re-
sulting in erroneous values. 

The added distortion is caused by the 
rectifier element clipping or squaring 
off the peaks of the sine-wave signal 
used for the distortion measurement. As 
the squaring off of the sine-wave peaks 
causes the generation of harmonics, the 
total measured harmonic distortion is 
increased. The effect of the meter may 
be easily demonstrated by measuring 
the distortion of a low-powered ampli-
fier such as a preamplifier at an output 
level of plus 4 dBm, leaving the VU 
meter attenuator set to the plus 4-dBm 
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position. A second measurement is made 
at the same output level, except this 
time the VU meter attenuator is set to 
its highest point, or around 30 dBm. It 
will be noted the harmonic distortion 
has been reduced by several tenths of 
a percent. 

Setting the meter attenuator to a 
higher level after adjusting the output 
level inserts a higher value of resist-
ance in the attenuator network and iso-
lates the rectifier element of the meter 
from the output circuit of the 'amplifier. 

23.94 How is the linearity of an 
amplifier measured?—By setting up the 
amplifier as for a normal distortion 
measurement, as described in Question 
23.83. The output level is set for a value 
approximately 20 dB below the rated 
maximum power output. Loss is re-
moved from the input attenuators in 
1-dB steps. For each step removed, the 
output should increase exactly 1 dB. 
This procedure is continued until the 
removal of 1 dB (or less) results in a 
change of 0.10 to 0.20 dB at the output. 

The level where the amplifier just 
starts to become nonlinear is the point 
where the output does not increase 1 
dB for a change of 1 dB at the input. 
As a rule, this test requires an input 
attenuator that may be varied in 0.10-
dB steps to arrive at the exact point of 
departure from linearity. (See Question 
23.36.) 

23.95 How are the characteristics of 
a motion picture projection system mea-
sured?—Special test films for both mag-
netic and photographic sound-track re-
producers are available for measuring 
the frequency response, overload, and 
distortion. These films are run through 
the projection system, using the test 
circuit shown in Fig. 23-95. Overload 
is measured by using a constant-am-

MAGNETIC 
OR OPTICAL 
TEST FILM 

• 

MAGNETIC 
HEAD ° 

PRE AMP 
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plitude sound track, recorded to in-
crease in 1-dB steps from a fairly low 
level to 100-percent modulation of the 
sound track. (Test films are available 
from the SMPTE.) 

The output of the projection system 
is terminated in a resistive load, and 
the gain control is set for a level ap-
proximately 10 dB below the maximum 
rated power output level. The test film 
is run through the projection system, 
and the point of overload is observed 
on an output meter connected across 
the resistive termination, as in Fig. 
23-95. 

In a normal system, the output level 
should increase in 1-dB steps in a linear 
manner up to the point of overload. The 
overload point is that level where the 
output does not increase 1 dB for an 
increase of 1 dB from the test film. The 
frequency response is measured as for 
any amplifier system, using a test film 
of the type described in Question 19.68. 

23.96 What is the procedure for 
measuring the frequency characteristics 
of a telephone or transmission line?— 
The line is terminated at both ends, 
using a balanced attenuator network 
with 6 to 10 dB of loss. The purpose of 
the pad is to supply a solid termination 
to the line and to isolate the measuring 
equipment from the line. Frequencies 
of constant amplitude are sent from an 
oscillator at the far end of the line, as 
in Fig. 23-96. After establishing a ref-
erence level at the receiving end, read-
ings are made for each frequency and 
plotted with reference to 1000 Hz. 

If the line is to be equalized, series 
resistance R of the equalizer configura-
tion is adjusted for a uniform frequency 
response. The equalizer is always con-
nected at the receiving end of line as 
shown. Design of telephone-line equal-

VU MTR. 

Fig. 23-95. Test setup for measuring the frequency response, overload, and distortion 
characteristics of o motion picture projection system for both magnetic and optical 

sound track. 
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Fig. 23-96. Circuit for measuring the frequency response of o telephone or trans-
mission line. 

izers is discussed in Questions 6.37 to 
6.43. 

23.97 What is cross talk and what 
is its cause?—Cross talk is the intro-
duction of an unwanted signal into one 
circuit by another, causing interference. 
Such interference is caused by induc-
tive or capacitive coupling between cir-
cuits, as in Figs. 23-97A and B. Cross 
talk may also be caused by leakage be-
tween pairs. 

The strength of a magnetic field 
around a wire varies with the square 
of the distance from the wire. The mag-
netic field has the same waveform as 
the current which is producing it. If 
the current is alternating, the magnetic 
field will also alternate. If the field cuts 
an adjacent conductor, an alternating 
emf will be induced in the second wire. 
The magnitude of this induced emf will 
vary inversely as the distance between 
the two conductors. This is termed in-
ductive coupling (Fig. 23-97A). Ca-

PAIR 1 PAIR 2 

Fig. 23-97A. Causes of inductive cross 
talk. 

Fig. 23-97B. Causes of capacitive cross 
talk. 

pacitive coupling causes unbalance by 
inducing an end into another circuit by 
virtue of the capacities existing be-
tween pairs 1 and 2 and ground, as 
shown in Fig. 23-97B. The capacitance 
to ground is shown by the two dotted 
capacitors, CI and C2. These two capac-
itors may be considered to be in series. 
Therefore a voltage exists across each 
capacitor. Assuming that the capacitors 
have equal capacitance, the voltage 
drop across each is of the same magni-
tude but opposite in polarity. 

In a second circuit, pair 2 is running 
adjacent to pair 1. As shown, each wire 
of its pair is linked by the field existing 
at that point. The inner wire of pair 2 
will have a stronger induced field than 
the outer wire. This causes the inner 
wire to be raised to a higher potential 
than the outer wire, and this unbalance 
of potentials causes cross talk in pair 2. 

The unit for expressing cross talk is 
the cross-talk unit (CU). As this unit 
generally involves the use of small val-
ues of current, the values are multiplied 
by 10° if the circuits are of equal im-
pedance, using the ratio of the currents 
in the circuits. When the circuit imped-
ances are different, the amount of cou-
pling is expressed by using the square 
root of the power ratio between the two 
circuits. Cross talk is directly propor-
tional to the amount of coupling, ex-
pressed in CU between circuits. The 
greater the value of CU, the greater 
will be the cross talk. 

Coupling between circuits can also 
be related to the strength of the signal 
in the disturbed circuit and the power 
in the disturbing circuit, by stating 
the ratio of the two powers in decibels. 
As this will result in a negative power 
gain, it is stated as a positive value and 
designated coupling loss in decibels. 
Therefore, coupling loss in dB is in-
versely proportional to the amount of 
cross talk. 
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Fig. 23-97C. Relationship among Cu, dB, and dBx. 

Cross talk is also stated in dBx, 
which takes into account the interfer-
ing signal effect on a 1000-Hz reference 
signal. As a rule, cross talk measure-
ments are made using a standard test 
set employing a given weighting char-
acteristic. (See Questions 2.93 and 
10.36.) The relationship between cross 
talk and coupling in CU, dB, and dBx 
is shown in the graph of Fig. 23-97. 

23.98 How is   talk reduced in 
a transmission line?--By transposition 
of the pairs as shown in Fig. 23-98. It 
will be noted pair 2 has been trans-
posed or crossed over. This induces a 
greater emf in sections A and B. Simi-
larly, a smaller emf is induced in wires 
C and D. This makes the resultant emf 
induced in the whole circuit nearly 
equal. Because unbalance has been re-
duced, the cross talk is at a minimum. 
In actual practice, pair 1 would also be 
transposed. 

23.99 What is the maximum cross-
talk level that can be tolerated in a 
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cable pair?—About 40 dB below the 
maximum signal level transmitted over 
the line. 

23.100 What is the equation for 
calculating the loss of an audio-fre-
quency line, neglecting the phase angle? 

-F Z1 +  ZOE 
dB = 20 Log,. z  

where, 
Z, is the source impedance, 
Z.2 is the terminating impedance, 

is the de resistance of the line in 
ohms per loop-mile. 

Thus, for a loop one-mile long having 
a de resistance of 4.02 ohms with a 
250-ohm source and terminating im-
pedance, the loss is: 

dB = 20 Log» 25° -f- 250 -F 4.02 
250 -F 250 

20 Log» 5-4—)5°04 

= 20 Log,. 1.01 

= 20 X 0.0043 

= 0.086 

PAIR I PAIR 2 

Fig. 23-98. Reduction of cross talk by transposition of pairs. 
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23.101 What is near-end cross-talk 
and how is it measured?— Near-end 
cross talk is interference between two 
transmission lines which is propagated 
in the disturbed pair in a direction op-
posite to that of the transmission of the 
disturbing pair. If a signal is sent into 
pair 1 at Station A in Fig. 23-101, and 
the cross talk measured at Station A in 
pair 2, it is called near-end cross talk. 

Fig. 23-101. Measuring near-end cross 
talk in a cable pair. 

Fig. 23-102. Measuring far-end cross 
talk in a cable pair. 
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23.102 What is far-end cross talk 
and how is it measured?—Far-end cross 
talk is interference which travels along 
the disturbed circuit in the direction in 
which the signal normally travels in the 
circuit. To measure far-end cross talk, 
the test signal is transmitted on pair 1 
at Station A and the cross-talk level 
measured on pair 2 at Station B as 
shown in Fig. 23-102. 

23.703 What effects does the type 
of terminating impedance have on a long 
transmission line?—Fig. 23-103 shows 
the effect of terminating a long line 
with two different values of terminat-
ing impedances and the effect when the 
line is terminated using a 600-ohm pad 
of 10-dB loss at each end of the line. 
The best characteristic is obtained when 
the line is terminated using the pads, 
as may be seen by the wide variation 
of impedance when only a terminating 
resistance is used. 

Terminating the same line with a 
6-dB pad resulted in the impedance 
rising to 700 ohms at 50 Hz and drop-
ping to 450 ohms at 10,000 Hz (not 
shown). 

23.104 What is the purpose of phas-
ing an amplifier and how is it accom-
plished?—It is the practice in large in-
stallations such as recording and broad-
cast networks to completely phase the 
system from the microphone to the 
transmission line or recording equip-
ment. This is particularly important in 

—600A.. TERM. 

-- 150n TERM. 

0-0 10 dB PAD 600A. 
DC RESISTANCE 540n 

100 200 300 500 IkHz 2kHz 3kHz 5kHz 10kHz 20kHz 

FREQUENCY IN HERTZ 

Fig. 23-103. Characteristic impedance of a long line when terminated using a pad 
and a terminating resistor. 
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Fig. 23-104. Amplifier connected for 
phasing input and output circuits. 

a system employing optical film-record-
ing systems using noise-reduction am-
plifiers. Phasing the various units of a 
transmission system facilitates patching 
of equipment, with the assurance that 
equipment may be substituted in an 
emergency without running a complete 
test to determine whether the system is 
functioning properly. 

Amplifiers may be tested for phasing 
by connecting the input and output 
terminals in parallel with a set of head-
phones as shown in Fig. 23-104. If a 
high-pitched squeal or no sound is 
heard, the amplifier input and output 
are out of phase. If a low-frequency 
motorboating type of sound (putt-putt) 
is heard, the amplifier is in phase. Out-
of-phase conditions may be corrected 
by reversing the leads to either the 
input or output, but not both. When 
proper phasing has been established, 
the upper terminals of both the input 
and output are marked with a plus-or-
minus sign (t:). 

OPTICAL u•  
REPRO.   

MAGNETIC 
REPRO 

BUZZER 

MIXER 

BOOSTER 
AMP. 

23.105 How is o complete recording 
system checked for phasing?—By apply-
ing an unsymmetrical waveform to the 
input of the system and observing the 
waveform at the output of the system 
by means of an oscilloscope as shown 
in Fig. 23-105A. 

In an optical recording system used 
for the recording of speech, it must be 
so phased that the noise-reduction sys-
tem of the optical film recorder is at 
its position of maximum opening when 
the long side of the pressure wave 
(acoustic) at the microphone is applied 
to the light modulator. This is particu-
larly true for a variable-area film re-
corder, because if this is not observed, 
the peaks of the modulation may be 
clipped. 

The most practical way of phasing a 
recording channel is to place a common 
door buzzer in front of the microphone 
and observe its waveform on an oscillo-

TTITTITYMTMMMYYTI 
111111111i11111111.111111411 

Fig. 23-105B. Nonsymmetrical photo-' 
graphic sound track used for phasing 

sound heads and recording systems. 
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Fig. 23-105A. Procedure for checking the phasing of a recording channel. The dis-
torted image of the buzzer at the microphone, or o distorted sound track must all 

appear to have the some phasing from points A to D. 



1494 THE AUDIO CYCLOPEDIA 

scope connected at the output of the 
system. If the waveform is not suffi-
ciently unsymmetrical, the adjusting 
screw on the buzzer is turned until the 
waveform on the oscilloscope appears 
similar to that in Fig. 23-105A. 

With such a waveform applied to the 
microphone, the pressure wave (when 
the microphone diaphragm moves in-
ward) will be in the correct phase. The 
noise-reduction amplifier is phased by 
reversing the audio input leads to ob-
tain a maximum opening when the light 
modulator is deflected to 80-percent 
modulation. 

To phase a group of optical sound-
track reproducers, such as are used for 
rerecording, an optical sound track of 
1000 Hz and of nonsyrnmetrical wave-
form is required. 

This nonsymmetrical sound track can 
be made by connecting an oscilloscope 
across the output of a single-ended am-
plifier and overloading the amplifier 
until a nonsymmetrical waveform is 
obtained, as shown in Fig. 23-105B. The 
distorted waveform is recorded on a 
photographic film recorder at 80-per-
cent modulation. Since only the nega-
tive will be used, no prints are made. 

The distorted sound track is repro-
ducect on each sound head in the in-
stallation, while the attitude of the 
waveform is observed on an oscilloscope 
connected across the bridging bus. The 
attitude of the waveform must be the 
saine for each sound head; that is, the 
peak of the distorted waveform should 
be either above or below the oscillo-
scope reference line for all machines. 
The attitude of the waveform may be 
reversed by interchanging the leads 
from the photocell-amplifier output. 

o  

o  

PREAMPLIFIER 

ol 3 
o  

It is equally important that magnetic 
recording and reproducing equipment 
be in phase with the optical equipment. 
This is necessary to ensure that when 
magnetic sound tracks are transferred 
to optical, the signal voltage will be of 
the correct phase to open the noise-
reduction equipment to its maximum, 
relative to the long side of the wave-
form. 
To accomplish this latter phasing 

operation, the distorted optical sound 
track is played back and a magnetic 
sound track recorded. This sound track 
is then played back on each magnetic 
reproducer. The waveform must be of 
the same attitude as that of the optical 
reproducers. If not, the phase may be 
reversed by turning over the lead to the 
magnetic reproducer head, or the leads 
at the output of the reproducer am-
plifier, but not both. 
The magnetic recorders are phased 

by playing back the magnetic sound 
track from a reproducer known to be in 
phase with the optical sound heads. If 
the waveform from the magnetic re-
corder is reversed, it may be corrected 
by reversing the leads to the recording 
head or the input of the recording 
amplifier. 
As a final check, the distorted 1000-

Hz sound track is again played back 
from an optical reproducer and the 
oscilloscope patched to the output of 
each individual piece of equipment in 
the system. The waveform must have 
the same attitude for each piece of 
equipment. If the channel is also used 
for dialogue, the microphone input must 
be phased to correspond. This is accom-
plished as described in the beginning 
of this Question. 
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Fig. 23-106. Phasing procedure for monophonic mixer console. 
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Amplifier phasing is accomplished 
as described in Question 23.104. 

The -polarity of the oscilloscope can 
be determined by the used of a flash-
light cell as described in Question 

23.192. The polarity of the oscilloscope 
must be maintained the same through-

out the phasing operations. 
As a rule, most professional record-

ing equipment is phased in advance by 
the manufacturer and, if the polarity 
markings are observed at the input and 
output terminals, the system will auto-
matically be in phase. 

23.106 How are mixer networks 
phased?— Mixer networks are first 
wired in phase; that is, the mixer pots 

and associated equipment are phased 
by color code, making certain that the 
grounds are connected to the same sides 
of the circuits. After the wiring has 
been completed (unless the network in-
cludes a coil), it should be possible to 
buzz from the ground terminal of each 
input to the ground side of the output 
circuit. 

If the mixer network includes trans-
formers, it is phased using the tech-
niques outlined in Question 23.105. (See 
Fig. 23-106.) 

Mixer inputs must be in phase with 
each other; otherwise, microphones 
which are in phase will be out of phase 
when used close to each other, result-
ing in a loss of level and increased dis-
tortion. The phasing of microphones is 

further discussed in Questions 4.84 and 
4.85. 

23.107 Describe the procedure for 
phasing a multiple or split-section mixer 
network.—For multiple or split-section 
mixer networks phasing of the individ-
ual sections and their components is 
essential for proper operation. Suppose 
that a three-section mixer network, de-
scribed in Question 9.47, is to be phased. 
Refer to Fig. 23-107A, a simplified dia-
gram of the mixing network. It will be 
assumed that the components have been 
phased by observing color codes and 
terminal markings, amplifier gains have 
been adjusted, and all equalizers and 
filters have been keyed out of the cir-
cuit. An oscillator test signal of 400 Hz 
is applied to mixer controls 1, 5, and 9, 

through a resistive combining network 
consisting of four branches. Mixer con-
trols 1 to 12 are turned to their off posi-
tions (maximum attenuation). The at-
tenuators of the four VU meters at the 
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bridging buses are set for plus 14 dBm. 
Before starting the tests, precautions 

must be taken to ensure that the four 

branches of the combining network and 
its patch cords are in electrical phase. 
A suitable network with a 600-ohm 
impedance is given in Fig. 23-107B. 

The tests are started by opening 
mixer control 1 to a position where the 
levels at bridging buses 1 and 4 (com-
posite) indicate a plus 14 dBm. Leaving 
control 1, set control 5 (section 2) for a 
plus 14 dBm at bridging buses 2 and 4. 
The signal level at bus 4 will increase 
slightly or remain essentially the same. 
If the level at bus 4 decreases, the sec-
tions are out of phase with each other. 

Applying the test signal to controls 2 to 
4, and 6 to 8, in turn, will determine if 
the turnover is in a single control, or if 
it is a complete section. If a control or 
section is found to be out of phase, the 
difficulty must be corrected before con-
tinuing the tests. The test signal is now 
applied to inputs 1 and 9 in section 3, 

and similar group tests for phasing are 
made. 
The three sections are now tested by 

applying the test signal to mixer con-
trols 1, 5, and 9. First, the level is set to 
plus 14 dBm for section 1, then for sec-
tion 2, and finally for section 3. If the 
three sections are in phase, the signal 
will increase at bus 4 as each section 
input is opened. With the three sections 
operating, the signal will increase from 
2 to 4 dB (above 14 dBm), with slight 
fluctuations because the different phase 
delays between the sections, cause a 
beat between the three signals. This is 

quite normal. If the sections are out of 
phase, the level will decrease when the 
out-of-phase input is opened. 

After completion of the phasing tests, 
the oscillator is set to a frequency in 
the center of the passband of each filter 
and the filters are keyed in and out of 
the circuit. Some small irregular action 
of the meter across bus 4 may be ex-
pected as the three sections are tested 
together since the delay time is slightly 
different for each filter section. Equal-
izers, however, present a somewhat dif-
ferent problem. Although each equal-
izer may be set to the same frequency 
and value of equalization, because of 
manufacturing tolerances a slightly dif-
ferent phase shift is presented to bridg-
ing bus 4, and a beating effect will be 
noted. 
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.1 

Fig. 23-107A. Simplified diagram of three-section mixer network used for the 
phasing example. 
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Fig. 23-107B. Combining network for 
phasing tests. 

It should be remembered that when 
the mixer network is being used the 
three sections are independent of each 
other. This is important, since each sec-
tion must be in phase within itself and 
in phase with respect to the other sec-
tions. If not, cancellation will affect the 
recording of single tracks from bridg-
ing bus 4, as all three input sections of 
the network feed this bus through the 
combining networks at the input of am-
plifier 28. This is the reason why the 
three head tones (one for each track) 
when applied to a three-track recorder 
are recorded in sequence rather than 
simultaneously. If they were recorded 
simultaneously, the level at bridging 
bus 4 would vary from 2 to 4 dB with a 
beat effect between the three tones. The 
tone would then be useless for setting 
future levels, such as could be required 
for transfer or for the matching of ad-
ditional sound tracks. 

23.108 How ore stereophonic mixer 
networks phasedT—The same general 
procedures as outlined in Questions 
23.106 and 23.107 are followed. Each in-
dividual channel must be in phase 
within itself and in phase with the 
other channels. The best procedure to 
follow after the wiring has been buzzed 
out is to apply an unsymmetrical wave-
form to the input of the channel and to 
check the phasing at each individual 
component. After installation, each 
channel is to be checked against the 
other channels, the several sections 
being checked for similar phasing. 

23.109 What precautions must be 
observed when making phase-shift mea-
surements with an oscilloscope?-11 the 
internal amplifiers of the instrument 
are to be used, they must have identi-
cal frequency and phase-shift charac-
teristics. As a rule, the manufacturer 
states in the instruction manual the 

phase-shift characteristics for each 
amplifier. 

With older-model oscilloscopes, the 
phase-shift characteristics were not al-
ways the same, and therefore phase-
shift measurements were made by con-
necting directly to the deflection plates 
inside the tube. However, unless con-
siderable signal voltage is available, 
this method is not recommended. 

23./ 10 How are the phase-shift 
characteristics of an oscilloscope mea-
sured?— When phase-shift measure-
ments are made on an unknown piece 
of equipment, both the horizontal and 
vertical amplifier of the oscilloscope 
being used for the measurement must 
have the same phase-shift characteris-
tics. If the phase-shift characteristics 
are unknown, they may be measured 
by connecting the inputs of the two 
amplifiers in parallel, as shown in Fig. 
22-110. 

First, the signal is applied to the 
horizontal amplifier and its gain is ad-
justed for a convenient deflection of 
the signal (6 centimeters pk-pk) with 
the beam centered on the graticule ver-
tical and horizontal lines. Leaving the 
gain control set, the signal is then ap-
plied to the vertical amplifier, and its 
gain control adjusted for a similar de-
flection. The signal is then applied to 
both amplifiers simultaneously. If the 
amplifiers have similar phase shift, the 
display will be a 45-degree straight 
line. The amount of phase shift in de-
grees can be determined as discussed 
in Question 23.111. 

If the oscilloscope is of dual-trace 
design, the two traces may be super-
imposed, one on the other, and com-
pared. This same measurement should 
be made at various settings of the input 
attenuators, and for both the vertical 
and horizontal attenuators, particularly 
for the positions of high attenuation. As 

Fig. 23-110. Connections for checking 
the unknown phase-shift characteristics 

of an oscilloscope. 
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Fig. 23-111A. Block diagram for measuring the phase shift of an amplifier by using 
the internal amplifiers of a cathode-ray oscilloscope. 

a rule, in modern oscilloscopes the 
phase shift between amplifiers is 1 de-
gree or less. 

23.111 How is the phase shift of an 
amplifier measured with an oscilloscope? 
—The amplifier is connected to the ver-
tical and horizontal amplifiers of an 
oscilloscope, as shown in Fig. 23-111A. 
With the sweep circuit off, the mea-
surement is started by sending a 400-
or 1000-Hz signal from the oscillator 
into the amplifier and adjusting the gain 
for a given output level. The vertical 
amplifier of the oscilloscope is turned 
to its off position and the horizontal 
gain is adjusted for a convenient de-
flection (the larger, the better). The 
signal to the horizontal amplifier is re-
moved without disturbing the controls. 
The signal from the oscillator is now 
applied to the vertical amplifier and 
the vertical gain is adjusted for exactly 
the same deflection as was used for the 
horizontal circuit. Both signals are now 
applied simultaneously to the horizon-
tal and vertical amplifiers. The result is 
a 45-degree diagonal-line display. 

For a condition of zero phase shift, 
the line is straight and of normal width. 
As the phase shift increases, the line 
will separate into two traces until it 
becomes an elliptical or circular pat-
tern. Changing the frequency of the 

8 
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Fig. 23-111B. Phase displacement be-
tween two signals. 

oscillator from a low to high frequency 
will generally tend to increase the in-
phase shift. 

Fig. 23-111B shows a typical ellipti-
cal display arrived at with the method 
given for calculating phase shift. If the 
width of the display is measured along 
the horizontal line indicated A and the 
vertical line B, the phase shift for the 
pattern shown is: 

A 6.8 
Sin fle = h = = 0.85 = 121.5° 

It will be noted that when phase-shift 
measurements are made with an oscil-
loscope, two displays are obtained for 
each degree of phase shift. The ques-
tion then becomes one of determining 
whether the shift is lagging or leading. 
This may be determined by inducing a 
small amount of phase shift in series 
with the lead from the oscillator out-
put. As an example, a 40-degree ellipse 
will become rounded and tend to be-
come a circle as the induced delay is 
increased, while a similar 320-degree 
pattern will shift toward a straight line 
as delay is added. 
When the initial measurements are 

made, the delay component in the leads 
from the oscillator must be out of the 
circuit; otherwise, the phase-shift dis-
play will be in error. The induced delay 
is used only for determining the final 
phase angle. Each time the frequency 
of the oscillator is changed, both the 
vertical and horizontal deflections must 
be rechecked and the beam centered. 
If the oscilloscope amplifiers are within 
1-degree phase shift of each other, the 
measurements are easily made. 

23.112 How is phase shift measured 
using a calibrated phase-shift network? 
—The equipment is connected as shown 
in Fig. 23-112. The signal is applied to 
the phase-shifting network and then to 
the input of the amplifier. The oscillo-
scope is adjusted as described in Ques-
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TERM 

OSCILLATOR 
CALIBRATED 
PHASE - SHIFT 
NETWORK 

Fig. 23-112. Phase-shift measurement 

Uon 23.111. After the pattern on the os-
cilloscope is obtained, the phase-shifting 
network is adjusted to bring the pat-
tern to zero phase shift. The phase shift 
may now be read directly from the cal-
ibrated dial of the phase-shifting net-
work. 

This method of measurement is con-
siderably faster than that described in 
Question 23.111, particularly if a large 
number of measurements is required. 
A given measurement is good only for 
a given output level of the amplifier 
under test. Each time the level is 
changed, the oscilloscope will require 
readj ustment. 

23.113 What is the procedure for 
measuring the intermodulation distor-
tion of an amplifier?—The amplifier is 
connected to an intermodulation ana-
lyzer, as shown in Fig. 23-113A and de-
scribed in Questions 22.129 and 22.130. 
The output section of the intermodula-
tion signal generator is connected to the 
input of the amplifier to be measured, 
using a repeat coil if necessary. If a 
repeat coil is required it should be 
meavred individually to determine 
whether it contributes any intermodu-
lation to the measurement. (See Ques-
tion 23.114.) As a rule, the amount is 
negligible and may be ignored. 

AMPLIFIER 

TERMINATION 

VTVM 

IM 

SIGNAL 
GENER-
ATOR 

IM 

ANALYZER 

Fig. 23-1 13A. Amplifier connected for 
intermodulation distortion measurement. 

SCOPE 

V 

AMP (2) VTVM 

H 

using a calibrated phase-shift network. 

The output of the amplifier is ter-
minated and connected to the input of 
the intermodulation analyzer section. 
The analyzer section is generally de-
signed for bridging the output termina-
tion of the device under test to absorb 
as little power as possible. However, in 
some types of analyzers, the input cir-
cuit is designed to supply a 600-ohm 
power termination. This feature may be 
checked by referring to the manufac-
turer's data sheet for the instrument. 

The procedure for measuring the in-
termodulation distortion of a typical 
amplifier is as follows: The signal gen-
erator section is set to the desired com-
bination of frequencies, which, for this 
discussion, will be assumed to be 40 
and 2000 Hz in a ratio of 4:1; that is, 
the low frequency is 12 dB higher in 
amplitude than the high frequency. This 
combination signal is applied to the in-
put of the amplifier at a level which 
will result in the desired output level. 
The gain of the analyzer is then ad-
vanced for the proper carrier-current 
level, and the percent of intermodula-
tion is measured in the manner de-
scribed for the particular analyzer be-
ing used. 

If a rectifier-type meter is employed 
for measuring the output level of the 
amplifier, its attenuator should be ad-
vanced (after the output level is set) 
to a setting at least 10 dB higher than 
the measured level. This will prevent 
the rectifier element from affecting the 
waveform of the output signal and add-
ing to the distortion. This subject of 
rectifier distortion is discussed in Ques-
tion 23.93. If a vacuum-tube voltmeter 
is used to set the output level, its at-
tenuator may be left at any setting 
without fear of affecting the measure-
ment. 
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Level 

(dB) 

Equiv. 

Watts 4 . 8 16 

Impedance 

150 250 500 600 

+20.0 0.1 .519 .734 1.04 3.18 4.10 5.80 6.35 

23.01 0.2 .774 1.04 1.47 4.49 5.80 8.20 8.98 

26.99 0.5 1.16 1.64 2.32 7.12 9.17 13.0 14.2 

28.45 0.7 1.37 1.94 2.75 8.41 10.9 15.4 16.8 

30.0 1.0 1.64 2.32 3.28 10.1 13.0 18.3 20.1 

33.01 2. 2.32 3.28 4.64 14.1 18.4 25.9 28.4 

34.67 3. 2.84 4.02 5.68 17.4 22.5 31.8 34.8 

36.02 4. 3.28 4.64 6.56 20.1 25.9 38.7 40.2 

36.99 5. 3.67 5.19 7.34 22.5 29.0 41.0 44.9 

37.78 6. 4.02 5.68 8.04 24.6 31.8 44.9 49.2 

38.45 7. 4.34 6.14 8.68 26.6 34.3 48.5 53.2 

39.03 8. 4.64 6.57 9.29 28.4 36.7 51.9 56.9 

39.54 9. 4.92 6.96 9.84 30.2 38.9 55.0 60.3 

40.0 10. 5.19 7.34 10.4 31.8 41.0 58.0 63.5 

40.42 11. 5.44 7.69 10.9 33.3 43.0 60.8 66.6 

40.79 12. 5.68 8.04 11.4 34.8 44.9 63.5 69.6 

41.14 13. 5.91 8.36 11.8 362 46.8 66.1 72.4 

41.46 14. 6.14 8.68 12.3 37.6 48.5 68.6 752 

41.76 15. 6.35 8.98 12.7 38.9 50.2 71.0 77.8 

43.01 20. 7.34 10.4 14.7 44.9 58.0 82.0 89.8 

43.98 25. 820 11.6 16.4 50.2 64.8 91.7 101. 

44.67 30. 8.98 12.7 18.0 55.0 71.0 101. 110. 

45.44 35. 9.70 13.7 19.4 59.5 76.7 109. 119. 

46.02 40. 10.4 14.7 20.8 63.6 82.0 116. 127. 

46.53 45. 11.0 15.6 22.0 67.4 87.0 123. 135. 

46.99 50. 11.6 16.4 222 71.1 91.7 130. 142. 

47.78 60. 12.7 18.0 25.4 77.8 101. 142. 156. 

48.45 70. 13.7 19.4 27.5 84.1 109. 154. 168. 

49.03 80. 14.7 20.8 29.4 89.9 116. 164. 180. 

49.54 90. 15.6 22.0 31.1 95.3 123. 174. 191. 

50.0 100. 16.4 23.2 32.8 101. 130. 183. 201. 

Fig. 23-1138. Equivalent sine-wave voltage for intermodulation measurements. 
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Fig. 23-113C. Graph for converting sine-wave power to equivalent power for two 
frequencies mixed in a radio of 4:1. Equivalent sine-wave power equals sine-wave 

power times 1.47. 
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Gain-set terminations using an auto-
transformer in the receiving section 
should not be used to terminate the 
output of a device when intermodula-
tion measurements are made, as they 
often add intermodulation distortion 
due to overloading of the autotrans-
former core material. As a rule, a high-
wattage, vitreous, wirewound resistor 
will function quite satisfactorily for a 
termination because its inductance is 
small; therefore, it may be considered 
to be noninductive. 

The amount of low-frequency inter-
modulation distortion measured is gov-
erned by the frequency of the lowest 
test signal, and the high-frequency dis-
tortion is governed by the frequency 
of the higher signal. For amplifiers of 
wide frequency range, 40 Hz and 7000 
Hz are generally used. For medium fre-
quency range, 60 Hz and 2000 Hz are 
used; and for limited frequency range, 
100 and 2000 Hz are used. The low-
frequency test signal should approxi-
mate the low-frequency cutoff fre-
quency of the amplifier. 
One of the most important points of 

an intermodulation measurement is to 
evaluate the developed output power 
in terms of equivalent sine-wave power. 
If this factor is not taken into con-
sideration, the amplifier may easily be 
misrated relative to its output power 
capabilities. When an intermodulation 
measurement is made, the input signal 
level is adjusted for a value that will 
result in the same output voltage for a 
single-frequency distortion measure-
ment. The power output is then calcu-
lated from the rms voltage developed 
across the load termination. Using a 4:1 
ratio for the test signals, the indicated 
power is multiplied by a factor of 1.47. 

INTER-
MODULATION 

SIGNAL 
GENERATOR 

1501 

This new power level is called the 
"equivalent sine-wave" power output. 
As an example, an amplifier develop-

ing 10 watts of power with two input 
signals in a ratio of 4:1 will have an 
equivalent sine-wave power output of 
14.70 watts. The power output is then 
plotted, using the equivalent sine-wave 
power output values, similar to that 
shown in Fig. 23-7E. 

For convenience of measurement, a 
table of sine-wave power and equiv-
alent sine-wave power for impedances 
of 16 ohms and 600 ohms is given in 
Fig. 23-113B. Fig. 23-113C shows the 
relationship graphically. It should be 
pointed out there is no simple way of 
expressing a mathematical relationship 
between an intermodulation and a har-
monic-distortion measurement. A rough 
approximation indicates the ratio of 
intermodulation distortion to harmonic 
distortion falls between 3.2 and 4.0. 
One of the advantages of an inter-

modulation measurement is that such 
measurements can be made in the face 
of considerable flutter, such as could 
be encountered in the measurement of 
a turntable or magnetic recorder. Inter-
modulation distortion in high-quality; 
amplifiers generally measures between. 
0.10 and 1 percent, and up to 5 percent 
in a fairly good amplifier. 

23.114 How may the intermodula-
Non distortion contributed by a repeat 
coil or transformer be measured?—The 
coil is connected, as shown in Fig. 23-
114, between the send terminals of an 
intermodulation signal generator and 
the receive terminals of the analyzer 
section. If the coil has a high-impedance 
winding, it must be properly terminated 
as shown. The send level to the coil 
will depend on the purpose for which 

I:I REPEAT 
COIL 

COE 

8 

INTER-
MODULATION 

SIGNAL 
GENERATOR 

G 
e RL 

(a) Repeat coil. 

10K TRANSFORMER 500K 

10 ..-60K 60K 
c> 

INTER-
MODULATION 
ANALYZER 

INTER-

MODULATION 
ANALYZER 

(b) High-impedance transformer. 

Fig. 23-114. Circuits for measuring the intermodulation distortion of transformers. 
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it was designed and must not be 
exceeded. 

Output transformers should not be 
measured in this manner since they 
are required to handle considerable 
power. Therefore they are measured in 
the output of an amplifier similar to 
the one in which they are to be oper-
ated. Input transformers are best meas-
ured connected in the input of a single-
stage amplifier of low distortion. 
As a rule, a high-quality coil will 

add little distortion to the measurement. 
Tests on typical repeat coils used for 
transmission measurements reveal that, 
with the coil in the circuit, the inter-
modulation distortion is increased ap-
proximately 0.01 percent. 

23.115 How should the intermodu-
lotion characteristics of an amplifier be 
stated?—In the following form: The 
amplifier has 1-percent intermodulation 
distortion at a power output of 10 watts, 
using two frequencies of 40 and 2000 
Hz mixed in a ratio of 4:1 (or other), 

the amplitude of the low frequency 
being 12 dB greater than the high fre-
quency. The characteristic shown is 
equivalent sine-wave power output. 

23.116 How is intermodulation dis-
tortion related to harmonic distortion? 
—A very rough approximation assumes 
the relationship to be: 

IM/HD = 3.2 for single-ended amplifiers 

= 3.8 for push-pull amplifiers 

An intermodulation measurement should 
be considered to be a separate and dis-
tinct measurement of a certain type of 
distortion and should not be compared 
to a single-frequency measurement. 
There is no simple mathematical rela-

NONLINEAR 

PORTION OF 
PLATE CURVE 

L.P. DISTORTED 
INTERMODULATION 

SIGNAL AT PLATE 

H.F. 

INTERMODULATION 
"TEST SIGNAL AT GRID 

Fig. 23-117A. The generation of inter-
modulation distortion in a vacuum tube 
operating on the nonlinear portion of the 

characteristic curve. 

tionship between the two types of 
measurement. 

23.117 Describe how intermodula-
tion distortion is generated in a vacuum 
tube.—Basically, the generation of in-
termodulation distortion in a vacuum 
tube is similar to the generation of 
harmonic distortion as described in 

Question 12.114. The difference between 
intermodulation and harmonic-distor-
tion measurement is that the harmonic 
measurement employs only one fre-
quency and intermodulation testing 
makes use of two frequencies. 

For illustration the intermodulation 
distortion of a single-ended triode am-
plifier stage operating class-A with nor-
mal operating voltages and load im-
pedance will be investigated (Fig. 23-
117A). Two frequencies of 40 and 2000 

Hz, as shown in Fig. 23-117B, will be 

'Fig. 23-117B. Two frequencies of 40 and 
2000 Hz in a mixed ratio of 4:1. 

Fig. 23-117C. Distorted intermodulation 
signal. 

100% 

75% 

50% 

25% 

o 
OE 
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Fig. 23-117D. Intermodulation spectrum 
with sum and difference frequencies. 
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PERCENT 1NTERNODULATION 
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Fig. 23-117E. Relation.of intermodulation to harmonic generation. 

used in a mixed ratio of 4:1. The ratio 
of 4:1 is obtained by setting the low 
frequency 12 dB higher than the high 
frequency. It will be assumed the com-
bined output signal of these two fre-
quencies is sufficient to drive the plate-
circuit signal into the toe region of the 
plate-current characteristic. 

Because of the curvature of the toe 
end of the transfer characteristic, the 
symmetrical test-signal waveform will 
be distorted at the output. Since the 
low-frequency component of the test 
signal is of greater amplitude than the 
high-frequency component, it is dis-
torted to a greater extent due• to the 
deviation in the slope of the transfer 
characteristic. Thus, the high-frequency 
component is modulated by the low 
frequency at a rate of 40 Hz. Modula-
tion of the high-frequency component 
by the low-frequency component causes 
a flattening off of the high-frequency 
peaks in the output (Fig. 23-117C) and 
a generation of sum and difference fre-
quencies (Fig. 23-117D). 

Percent intermodulation distortion 
may be defined as the ratio of the aver-
age deviation of the amplitude of the 
high-frequency signal above and below 
the mean value to a mean value ex-
pressed in percent. Any mathematical 
relationship between readings of per-
cent intermodulation and percent har-
monic distortion must be made to only 
a second or a third harmonic. There-
fore: 

IM distortion — percent intermodulation 
percent 2nd harmonic 

4m, 
M I -I- 1112 

where, 
mi is the amplitude of the lower fre-
quency, 

m, is the amplitude of the higher fre-
quency. 

When m, (second harmonic) is small 
in comparison to mi (low frequency), 
and the ratio is 4:1, the theoretical in-
termodulation percentage is 3.2 times 
that of the second-harmonic percentage. 
Where mi equals 4m,, the theoretical 
intermodulation is 3.84 times that of the 
percentage third harmonic for reason-
ably low values of distortion. Therefore: 

IM distortion = percent intermodulation 
percent 3rd harmonic 

(mi + 
where, 
mi is the amplitude of the lower fre-
quency, 

in, is the amplitude of the higher fre-
quency. 

For an average set of conditions, the 
numerical relationship between percent 
intermodulation and percent harmonic 
distortion lies somewhere between the 
ratios of 3.2:1 and .4:1. A graphic rela-
tionship of these two types of distortion 
is shown in Fig. 23-117E. The foregoing 
discussion applies only to the SMPTE 
method of measuring intermodulation 
distortion. 

23.1/8 If the power falls off ap-
preciably at the low frequencies when 
an intermodulation distortion measure-
ment is being made, what component 
should be suspected?— As a rule, the 
output transformer is the cause of low 
power output at the lower frequencies. 
It is more difficult for a transformer to 
develop a given power output at the 
lower frequencies using an intermodu-
lated signal than it is to produce an 
equivalent amount of power using a 
single frequency. 

23.119 What frequencies are rec-
ommended for intermodulation measure-
ments of a lateral disc recorder?— 400 
and 4000 Hz. A low frequency of 400 
Hz is in the constant amplitude portion 
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of the recording characteristic; there-
fore, it is subject to maximum displace-
ment. 

23.120 When one is listening for 
distortion, at what level should the 
program material be reproducedT—Be-
cause the characteristics of the human 
ear are such that it produces internal 
distortion which tends to mask distor-
tion products in the program material, 
a given percent of distortion is more 
easily observed at the lower listening 
levels. This applies equally well to both 
intermodulation and harmonic distor-
tion. Therefore, it is somewhat easier 
to judge the reproduction qualities of 
a reproducing system if played at a 
medium-low level. 

Intermodulation distortion will be 
found to be more irritating than har-
monic distortion. 

23.121 What effect will hum fre-
quencies in an amplifier have on an 
intermodulation distortion measurement? 
—If the ac ripple frequency is excessive 
in the output of the amplifier, inter-
modulation-distortion products are 
generated. As an example, if the power 
supply employs a 60-Hz full-wave 
rectifier, the 120-Hz ripple frequency 
will beat with a 1000-Hz signal fre-
quency and produce intermodulation 
distortion products at 1120 and 880 Hz 
as well as other frequencies. These fre-
quencies will be in addition to any dis-
tortion generated by the actual amplifier 
stages. It is important in a high-quality 
amplifier that hum frequencies be re-
duced to an absolute minimum. 
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23.122 How can an amplifier be 
tested for hum modulation?—By cutting 
off the low-frequency intermodulation 
test signal and measuring the inter-
modulation distortion, using the 120-Hz 
ripple frequency of the amplifier power 
supply for the low-frequency com-
ponent of the intermodulation signal 
generator. 

Because the hum-frequency ampli-
tude will not be correct for the usual 
ratio of 4:1 employed in the conven-
tional intermodulation analyzer, the 
measure of the intermodulation distor-
tion will not be correct. However, this 
test will determine whether hum modu-
lation is present. 

23./23 When is a one-to-one test 
signal ratio used for intermodulation 
measurements?—When a more stringent 
test is required. However, in tests to 
determine the power-carrying char-
acteristics of the output transformer in 
an amplifier, the 4:1 ratio is preferred. 

23./24 Show the difference between 
an intermodulation and a harmonic dis-
tortion characteristic for a given am-
plifier.—Fig. 23-124 shows two curves 
plotted for the same amplifier. One 
curve is for a single frequency of 400 
Hz, and the other, an intermodulation 
curve, is for 40 and 2000 Hz. 

It will be noted that up to about 5.5 
watts the amplifier being tested with 
two frequencies performs fairly well 
with 2-percent interrnodulation. Using 
a single frequency of 400 Hz, the am-
plifier produces approximately 7 watts 
of power with 2.5 percent total rms 

 I/M  
40/2000 H 

H/D 400 Hz 

2 3 4 5 6 7 

POWER OUTPUT IN WATTS 

9 10 

Fig. 23.124. Intermodulation and harmonic distortion curves for on inexpensive 
10-watt amplifier. 
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harmonic distortion. This clearly illus-

trates the performance difference of this 
amplifier when measured with an in-

termodulation analyzer. No doubt the 
reason for the reduced output power 
when measuring by the intermodulation 
method is that the output transformer 
will not handle the power at a fre-
quency of 40 Hz. This is typical of what 
may be expected in an inexpensive 
amplifier. 

23.125 How does a capacitive load 
affect the intermodulation - distortion 
characteristics and stability of an am-
plified—A considerable amount, if the 
amplifier is of unstable design. Fig. 

(a) 

1505 

23-125A shows the intermodulation dis-
tortion characteristics of a 20-watt am-
plifier of the Williamson ultralinear 
type when terminated with a 16-ohm 
resistive load. The waveforms were 
traced from photographs taken at the 
oscilloscope terminals of an intermod-
ulation analyzer similar to the one de-
scribed in Questions 22.129 and 22.130, 
using frequencies of 40 and 2000 Hz 
mixed in a ratio of 4:1. The equivalent 
sine-wave power output and percent 
intermodulation distortion measured is 
indicated under each tracing. 

Waveforms from the same amplifier 
but with a capacitive load of 0.025 ILE' 

(b) (e) 

Fig. 23-125A. Intermodulation products of a Williamson ultralinear amplifier with 
16-ohm resistive termination. (a) 10 watts output, IM = 0.15%. (b) 20 watts out-

put, IM = 0.55%. (c) 22 watts output, IM = 3.2%. 

(a) (b) 

Fig. 23-1258. Intermodulation products of the Williamson ultralinear amplifier with 
an 0.025-AF capacitor  ted in parallel with a 16-ohm resistive termination. 
(a) 10 watts output, IM = 0.75%. (b) 20 watts output, IM = 1.25%. (c) 22 watts 

output, IM = 3.75%. 

olY7') 
(a) (b) (c) 

Fig. 23-125C. Intermodulation products of the Williamson ultralinear amplifier with 
an 0.06-µF capacitor connected in parallel with a 16-ohm load resistor. (a) 10 watts 
output, IM = 0.75%. (b) 20 watts output, IM = 1.5%. (c) 22 watts output, 

IM = 4%. 

Vs"\f--• 
(e) (cl) (e) 

Fig. 23-125D. Intermodulation products of a McIntosh MC-30 amplifier with 16-ohm 
resistive load termination. The connection of a capacitor across the load termination 
makes no change in the distortion components. (a) 10 watts output, IM = 0.14%. 
(b) 20 watts output, IM = 0.20%. (c) 25 watts output, IM = 0.20%. (d) IM = 

0.21%. (e) IM = 0.25%. 
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connected in parallel with the 16-ohm 
resistive termination are shown in Fig. 
23-125B. In (a) of Fig. 23-125B, the 
distortion products have increased from 
0.15 percent to 0.75 percent, or five 
times the value measured with only a 
resistive termination. At a 20-watt out-
put, the distortion is 1 percent; but the 
distortion products have increased and 
are of different frequency. Fig. 23-125C 
shows what happens when the capaci-
tive loading is increased to 0.06 F. The 
distortion patterns vary considerably 
from those previously discussed. The 
values of capacitance of 0.025 to 0.06 
are representative of the capacitive 
loading an amplifier is subjected to 
when an electrostatic speaker and a 
conventional speaker system with 50 
feet of interconnecting cable are used. 
When a capacitive load is connected 

across the output winding of an ampli-
fier, a large value of capacitive react-
ance is reflected to the plates (or plate) 
of the output stage. In some instances, 
this capacitive reactance may reach the 
equivalent of several microfarads. The 
magnitude of the reflected capacitive 
reactance is dependent on the turns ra-
tio of the output transformer. (See 
Question 8.34). 

Fig. 23-125E. Waveform at output of an 
unstable negative-feedback amplifier 
when o capacitive load is connected in 
parallel with the resistive load termina-
tion. Waveform shown is a 40/2000 Hz 
intermodulation signal with a 4:1 ratio. 

Fig. 23-I25F. Waveform at output of un-' 
stable negative-feedback amplifier with 
an 0.01 -pf capacitor  ted across o 
16-ohm resistive termination. Waveform 
is an intermodulation signal of 40 and 
2000 Hz. The wide white bond is high-
frequency oscillation superimposed on 

the low-frequency signal. 

The tracings shown in Fig. 23-125D 
illustrate similar measurements on a 
McIntosh MC-40 amplifier (rated 40 
watts) using 6L6B beam-power tubes 
in push-pull in the output stage, as 
described in Question 12.231. Adding a 
capacitive load of up to several micro-
farads across the load termination had 
no effect on the intermodulation-distor-
tion characteristics. From the foregoing 
discussion it may be assumed that in-
termodulation-distortion products vary 
with circuit design and the capacitive 
reactive component of the load im-
pedance. 

In some instances, the amplifier may 
oscillate as shown in Figs. 23-125E, F, 
G, and H, which are photographs of 
measurements made on a negative feed-
back amplifier of mediocre design. The 
tracings shown were made under the 
same conditions as for the previously 
described experiments. Using a resistive 
termination, the amplifier appears to be 
quite stable. However, when a capaci-
tive load was connected in parallel with 
the resistive termination, the amplifier 
oscillated. A well-designed amplifier 
should not oscillate when a capacitor is 
connected in parallel with the normal 
load resistance. The effects of speaker 
load for transistor and tube-type am-

• Fig. 23-125G. Waveform at output of an 
unstable negative-feedback amplifier 
with an 0.05-µF capacitor  ted in 
parallel with a 16-ohm resistive termi-
nation. The light line is 40/2000 Hz in-
termodulation signal. Heavy portion of 

signal is high-frequency oscillation. 

Fig. 23-125H. Waveform at output of an 
unstable negative-feedback amplifier 
with on 0.10-µF capacitor connected in 
parallel with a 16-ohm resistive termi-
nation. lntermodulation signal of 40 and 
2000 Hz. Large peaks are high-frequency 

oscillation. 
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Fig. 23-126. Effect of a variable damping control on the intermodulation distortion 
of a 20-watt amplifier. 

plifiers are discussed in Questions 20.90 
and 20.91. 

23.126 How are the distortion char-
acteristics of an amplifier affected by 
the use of a variable damping control? 
—Fig. 23-126 shows two intermodula-

tion-distortion measurements made on 
an amplifier having variable damping 
and working into its normal load 
resistance. The curve designated 0.10 is 
the minimum setting of the damping 
control, while the curve designated 15 
is the maximum setting. As may be 
seen, the power output and distortion 
are both affected by the position of the 
damping control. 

Variable damping control is discussed 
in Question 12.242. 

23.127 How may a speaker be 

tested for intermodulation distortion?— 
As a rule, the speaker is set up and 
excited by an intermodulation gener-

ator. The sound from the speaker is 
picked up on a calibrated microphone 
and the intermodulation distortion is 
measured, using an intermodulation 
analyzer similar to that described in 
Questions 22.129 and 22.130. In the 
absence of the foregoing equipment, a 
simple test may be made by applying 
60 Hz to the voice coil for a full deflec-
tion of the diaphragm. A frequency of 
2000 or 6000 Hz is then added to the 60-
Hz signal. If, by listening, a low-fre-
quency warble is heard, intermodula-
tion distortion is present because of the 

nordinearity of the cone movement. 
(See Question 20.96.) 
23.128 How are cross-modulation 

or intermodulation measurements made 

on an optical film recording channel?— 
A cross-modulation or intermodulation 
analyzer is generally used with a pho-
tographic film recording channel for the 
express purpose of determining the 
optimum negative and print densities 
and for the quality control of optical 
sound tracks. The cross or intermodu-
lation signal generator is connected to 
the input of the recording channel or 
directly to the recording amplifier, and 
a series of negative sound tracks are 
made at several different negative den-
sities. Prints of a given density are then 

made from these negatives and the 
intermodulation or cross modulation is 
measured. The results of these mea-

Fig. 23-128. Block diagram for making 
intermodulation sound tracks, using a 
photographic film recorder. The inter-
modulation signal is fed directly to the 
recording amplifier which is driving the 

film recorder. 
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surements are then plotted as described 
in Section 18. 
A block diagram for such measure-

ments is shown in Fig. 23-128. The ex-
act procedure will depend on the type 
equipment used for the measurements. 
The measurement of intermodulation 
distortion from an optical sound track 
is similar to the measurement of an 
amplifier with the sound track replacing 
the signal generator section of the 
analyzer. The measurement includes 
any intermodulation induced by the 
photocell preamplifier and other am-
plifiers used for the reproduction of the 
sound track. 

23.129 How is the intermodulation 
distortion of a magnetic tape recorder 
measured?—It is measured in a manner 
similar to that described in Question 
23.74. An intermodulation measurement 
is the ideal way of determining the 
correct bias-current value, because it 
will permit the measurement in the 
face of considerable flutter. 

Single-frequency harmonic distortion 
measurements on magnetic tape record-
ers are at times rather difficult, par-
ticularly if an appreciable amount of 
flutter is present, because the oscillator 
signal floats in and out as the balance 
is adjusted on the distortion analyzer. 
The final results are plotted as shown 
In Figs. 23-74E and F. The block dia-
gram of the test setup is shown in Fig. 
23-129. The purpose of the 0.10-µF ca-
pacitor is to remove the residual bias 
signal from the measuring device. 

23.130 How is the signal-to-noise 
ratio of a system or device measured?— 
In the case of a disc-recording chan-
nel, 400 Hz is applied to the input of 
the system and several grooves are re-
corded at 100-percent modulation, fol-

Fig. 23-129. Block diagram for measur-
ing the intermodulation distortion of a 

magnetic recorder. 

lowed by several urunodulated grooves 
cut using the normal groove dimen-
sions. The recorded 400 Hz is played 
back and the level noted. The unmod-
ulated grooves are then played back 
and the noise level measured. The dif-
ference between the two measurements 
in decibels is the signal-to-noise ratio 
of the system. 

For optical film recording systems, a 
400-Hz, 100-percent modulated sound 
track is recorded, followed by an un-
modulated sound track. These tracks 
are processed in the normal manner for 
the system. The tracks are played back 
and the noise level of the unmodulated 
sound track is compared with the level 
of the 400-Hz signal. The difference 
between the two, in decibels, is the 
signal-to-noise ratio. Magnetic film or 
tape-recording systems are measured 
in a similar manner, with reference to 
a given value of distortion. 

Amplifiers are generally measured 
with reference to 1 milliwatt (0 dBm). 
However, some manufacturers rate 
their products with reference to the 
maximum power output. (See Questions 
12.207, 13.96, 13.97, and 17.139.) 

23./31 How are noise measurement 
values added?—To combine two electri-
cal noise measurements is sometimes 
rather difficult. As a rule, the noise 
values are converted to noise powers, 
added, and then reconverted to dBa. 
(See Question 10.36). To eliminate such 

procedure, the chart in Fig. 1-88 may 
be used. 

The decibel difference between the 
two known noise levels is located on 
the horizontal axis of the chart. The 
point on the curve on the vertical axis 
corresponding to this difference is the 
number of decibels to be added to the 
larger noise quantity to obtain the com-
bined value of the noise. 

As an example, if the amplitude of 
one source of noise is 18 dBa and the 
second 23 dBa, the difference is 5 dBa. 
Referring to the chart for a difference 
of 5 dBa, 12 dBa is added to the larger 
value of noise which results in a com-
bined noise level of 242 dBa. This same 
method of combining noise is also used 
for devices connected in tandem. 

23./32 What is the equation for 
calculating the theoretical noise level 
of an amplifier when the bandwidth is 
known?—The theoretical noise level is 
equal to: 
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dB = —198 -I- 10 Log,,,R -F 10 Logic, f, — 

where, 
R is the output impedance in ohms, 
1, —f, is the bandwidth in Hz at 5 dB 
down. 

The reference level is 1 volt at the out-
put. Thus, an amplifier with a band-
width extending from 30 to 15,000 Hz 
with an output impedance of 600 ohms 
would have a theoretical noise level of: 

—198 ± 10 Log«, 600 

-I- 10 Log,. 15,000 — 30 

= —198 -I- 27.78 -I- 41.74 

= —128.48 dB/1 volt 

23.133 Show a simple method of 
increasing the signal-to-noise ratio of 
an amplifier.—The signal-to-noise ratio 
may be increased by connecting an at-
tenuator of the correct configuration in 
the output circuit as shown in Fig. 
23-133. The increase of the signal-to-
noise ratio is possible because the in-
ternal noise of an amplifier is constant, 
although the signal varies in amplitude. 
As an example, suppose an amplifier is 
operating at an output level of 0 dBm. 
A 20-dB pad is connected in the output 
as shown. The insertion loss of the pad 
lowers the internal noise of the ampli-
fier 20 dB. However, this also decreases 
the signal level by 20 dB. Now, to return 
the signal to its original level of O dBm 
will require that the amplifier be 
capable of operating at a level of plus 
20 dBm without overloading. As can 
be seen, the signal-to-noise ratio was 
increased 20 dB because the signal level 
was increased 20 dB above the noise, 

which is at a constant level. Thus, if the 
amplifier originally had a signal-to-
noise ratio of 40 dB, it has now been 
increased to 60 dB. The use of a pad in 
the output of a voltage amplifier is 
generally quite satisfactory as the out-
put levels are low, and most small am-
plifiers will deliver more than a plus 

ZERO 
dB'., 

+20 di>. 

20dB 
LOSS ZERO 

"«. dB.", 

RL 

(a) (b) 

Fig. 23-133. Attenuator connected in the 
output of an amplifier to increase the 
signal-to-noise ratio. (a) No pad in out-

put. (b) Pad in output. 
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20-dBm output signal. However, pads 
should not be used in the output of a 
power amplifier unless the amplifier is 
capable of producing a considerable 
amount of power. 

It should be remembered that every 
time 3 dB of loss is inserted in the out-
put of an amplifier, the power must be 
doubled to obtain the same output level 
that was available before the pad was 
connected. Thus, if a pad with 6 dB of 
loss is connected in the output of an 
amplifier, four times the power is re-
quired to compensate for the insertion 
loss of the pad and to bring the signal 
level to its original value. 

23.134 What is the appearance of 
a signal with external or internal noise 
superimposed?—Figs. 23-134A to D show 
waveforms containing hum and noise; 

plvnittlIfttUttitteenerfe% 

° 

Fig. 23-134A. A 1000-Hz signal with 
60-Hz hum modulation superimposed. 

Fig. 23-134B. A single cycle of a 400-Hz 
waveform with noise superimposed. The 
width of the waveform is caused by the 

noise present. 

Fig. 23-134C. A 60-Hz hum pattern 
caused by cathode leakage in a low-level 

amplifier stage. 

Fig. 23-134D. A 400-Hz waveform with 
high-frequency oscillation superimposed. 
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Fig. 23-134D *shows a 400-Hz signal 
with a high-frequency oscillation super-
imposed. 

23./35 How is a white-noise gen-
erator used to measure the frequency 
characteristics of a speaker?—It may be 
connected as shown in Fig. 23-135A. 
However, for these types of measure-
ments a pink-noise filter is generally 
connected at the output of the white-
noise generator to result in a straight-
line response, when the response is 
measured using a constant-percentage 
octave-band analyzer. 
A second method uses the white-

noise generator, power amplifier, and 
speaker (Fig. 23-135B). The response 
is amplified and displayed on an oscillo-
scope. The microphone must be of 
known characteristics, otherwise the 
measurements may show peaks and 
valleys not actually in the speaker 
characteristics. 

23.136 How may the noise and 
attenuation of a mixer control be mea-

WHITE 
NOISE 
GEN 

PINK 
  * NOISE 

fILTER 

WHITE 
NOISE 
GEN 

THE AUDIO CYCLOPEDIA 

sured?— The control is connected as 
shown in Fig. 23-136. As a rule, a well-
designed mixer control will have a 
noise level of minus 120 to 140 dBm. As 
this is beyond the normal range of a 
vacuum-tube voltmeter, a decade am-
plifier will be required to extend the 
meter range. The noise may be moni-
tored by using headphones and by con-
necting a very low level signal of 40 
to 60 Hz to the input of the control. 
When the noise is measured using 

the voltmeter, the input of the control 
is terminated with a shielded resistor 
and the noise generated is observed on 
the meter as the wiper arm passes over 
the control contacts. 

Contact noise is best removed by 
burnishing the contacts by rapidly ro-
tating the wiper arm. A light mineral 
oil such as Nujol will prevent the con-
tacts from becoming oxidized. 
When listening to contact noise, a 

signal is necessary to produce a minute 
current; otherwise, the noise cannot 

evvvvve PWR AMP L/S 

s's 

VVYVo  VV% 
1/3 OCTAVE 

BANO 
MIC IANALYZER 

Fig. 23-135A. White-noise generator with pink-noise filter. 

-  
MIC 

OSCILLOSCOPE 

Fig. 23-135B. White-noise generator without pink-noise filter. 

Fig. 23-136. Circuit for measuring or monitoring the noise of a mixer control. 
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readily be heard. A low frequency of 
40 to 60 Hz is not very easily heard in 

the headphones; thus, the contact noise 
can be made to predominate. The atten-

uation per step may be measured by 
applying a signal to the input of the 
control and noting the change of level 

on the vacuum-tube voltmeter. (See 
Question 5.85.) 

23.137 Describe the procedure for 
measuring input impedance.—Input im-
pedance may be Measured by several 
different methods, the simplest being 
the use of an impedance bridge. The 
bridge must be capable of being oper-
ated over a frequency range of 20 to 
20,000 Hz, and the effects of extraneous 
magnetic fields reduced to a value 
where they have no effect on the mea-
surements. 
A second method that may be em-

ployed in lieu of an immdance bridge 
is given in Fig. 23-137/OEPA calibrated 
noninductive resistor or decade box is 
connected in series with the high side 
of the input circuit of an oscillator. The 
oscillator is set to a reference frequency 
of 1000 Hz. The measurement is started 
by first establishing a reference voltage 
of say 10 volts across load resistor RI., 
with resistor R1 out of the circuit. Next, 
resistor R1 is adjusted to decrease the 
amplifier output reference voltage to 5 
volts, or a decrease of 6 dB. The input 
impedance is then equal to the value of 
resistor Rl. This is true because the 
input voltage is now equally divided 
across resistor R1 and the internal im-
pedance of the amplifier input circuit. 
Therefore, the output voltage drops 50 
percent, or 6 dB. Under these condi-
tions the input resistance will be ap-
proximately 5 percent high, and the 
input impedance approximately 5 per-
cent low. The same procedures are used 
for all frequencies of interest. 

RI 

LOON Ro RR Min 
m Mr 

1 RI  mho 

Mu, My= 

,.--.....--. 

Fig. 23-137A. Circuit for measuring in-
put impedance below 10,000 ohms. 

OSOL-
LATOS 
3011: 

---

Device 
UN 
Tee 

Fig. 23-137B. Circuit for measuring in-
put impedance above 10,000 ohms. 
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For amplifiers having an input im-
pedance of 10,000 ohms or greater, the 
circuit in Fig. 23-137B is used. Here a 

fixed resistor R1 of approximately the 
estimated input impedance is connected 
in series with the input, and a second 

resistor R2 in shunt with the input. 
The purpose of resistor R1 in this in-
stance is to isolate the oscillator output 
from the amplifier, thus removing the 
effect of its low impedance. The refer-
ence voltage is established without R2 
in the circuit. Then R2 is connected and 
adjusted to decrease the output refer-
ence voltage 50 percent (5 volts). To 
reduce the effects of hand capacitance 
and pickup from extraneous fields, the 
interconnecting wiring must be well 
shielded and a single ground point used 
if high frequencies and high-impedance 
inputs are under measurement. 

The method of measuring input im-
pedance, specified in Institute of High 
Fidelity (IHF) Standard A-201-1966, is 
similar to that shown in Fig. 23-137A, 
except that the procedure is slightly 
different. The amplifier is set for a 
reference level as previously explained, 
with R1 out of the circuit. Resistor R1 
is then adjusted for a value that will 
permit the input voltage to be increased 
21 dB (10.5:1 ratio) to return the out-
put reference voltage to its original 
value. The input impedance is then the 
value of R1 divided by 10. 

23.138 How can the internal output 
impedance of an amplifier be measured? 
—By the use of a calibrated resistor and 
voltmeter connected across the output 
of the amplifier as shown in Fig. 23-
138A. A 400-Hz signal is applied to the 
input of the amplifier and the open-
circuit voltage (unterminated) mea-
sured at the output. After a reference 
voltage is obtained, resistor R,. is con-
nected across the output and its value 
reduced to obtain a voltage reading 
one-half that of the unterminated refer-
ence voltage. The internal output im-
pedance is then equal to the value of 
resistor R1. in ohms. 
A complete series of measurements 

is then made by applying different fre-
quencies and measuring the impedance 
for each frequency. The results are 

plotted as shown in Fig. 23-138B, which 
is an actual measurement made on a 
push-pull amplifier using 14 dB of 
negative feedback and designed for a 
16-ohm load termination. (See Ques-
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400Hz AMPIJFIER VTVM RL 

Fig. 23-138A. Circuit that is used for 
measuring the internal output impedance 

of an amplifier. 

tion 12.142). It may at times be difficult 
to obtain a satisfactory impedance mea-
surement using the method just de-
scribed because of the dc resistance of 
the output winding of the transformer. 
When this occurs, the internal output 
impedance may be computed using the 
following formula: 

RL X Emit  
Zout =  R. 

ERL 
where, 
FL is the load impedance in ohms, 
E..1 is the unterrninated output volt-

age, 
EN. is the voltage obtained with the 

specified load resistance. 

23.139 How is the internal output 
impedance of an amplifier using vari-
able damping measured?—The damping 
control is set for several different val-
ues of damping and the internal out-
put impedance measured as described 
in Question 23.138. 

Fig. 23-139 is a plot of the internal 
output impedance of an amplifier em-
ploying variable damping in the output. 

The distortion characteristics of an 
amplifier are also affected by the posi-
tion of the damping control. Its effect 
is shown in Fig. 23-126. 

23.140 How is the internal imped-
ance of a speaker or system measured? 
—As a rule, the impedance characteris-
tics of a speaker or system are mea-
sured in the enclosure used with the 
system. A simple method of measuring 
the impedance of any speaker or system 
is shown in Fig. 23-140A. A variable 
resistor R is connected in series with 
the output of the amplifier used to 
drive the speaker. If the speaker em-
ploys a crossover network, it is con-
nected in the circuit as normally used, 
as in Fig. 23-140B. The common termi-
nal of the vacuum-tube voltmeter is 
connected to the lower side of the mea-
suring circuit and the high side of the 
meter is left free for connection to 
points A and B as the measurement 
progresses. 

With a signal of 400 Hz applied to 
the input of the amplifier, the vacuum-
tube voltmeter is connected to point A 
and the voltage is measured. The meter 
is then connected to point B and the 

20Hz 30Hz 50Hz 00Hz 200Hz 300Hz 500Hz I kHz 
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Fig. 23-1388. Internal output impedance of a negative-feedback, push-pull amplifier. 
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Fig. 23-139. Internal output impedance versus damping-control settings from 
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Fig. 23-140A. Circuit for measuring the 
internal impedance of a speaker system 
with a single speaker not using a cross-

over network. 

resistor R adjusted for a voltage drop 
equal to one-half of the voltage mea-
sured at point A. (It may be necessary 
to switch the meter back and forth be-
tween points A and B several times un-
til the voltage at point B is equal to 
one-half that at point A.) When the 
voltage at point B is equal to one-half 
the voltage at point A, the impedance 
of the system is equal to the value of 
R in ohms. The amplifier output im-
pedance will in no way affect the mea-
surement, as it is used only as a voltage 
source. 

Measurements are made at frequen-
cies of interest and plotted on semilog 
paper, as shown in Fig. 23-140C, or they 
may be plotted using 3 x 5 log-log 
graph paper. Referring to Fig. 20-89, it 
will be noted that a speaker presents 
only its rated impedance value over a 
small portion of the frequency spec-
trum; therefore, a uniform impedance 
cannot be expected. For best results, 
amplifiers used for driving a speaker or 
system with a low internal output im-
pedance should employ a relatively 
large amount of negative feedback. 

AMPLIFIER 

ct)  R  t me< 

Fig. 23-140D. Visual method of display-
ing changes in loudspeaker impedance 

with frequency (after Crowhurst). 

A visual method of observing im-
pedance changes with frequency in a 
speaker may be accomplished by the 
use of the circuit in Fig. 23-140D. A 
frequency of 400 Hz is applied to the 
speaker through resistor R1, whose 
value is equal to the rated impedance 
of the speaker. The vertical and hori-
zontal controls of the oscilloscope are 
adjusted for equal deflection of the 
beam in both the vertical and horizon-
tal planes. If the impedance is equal to 
Ill, the display will be a 45-degree 
diagonal line. If it is not, the oscillator 
frequency is adjusted until a 45-degree 
line is obtained (the line may tilt in 
either direction). Note the frequency 
and vary it above and below the refer-
ence frequency. As the impedance of 
the speaker decreases, the display will 
shift toward the vertical axis. With an 
increase of impedance, it shifts toward 
the horizontal axis. As long as the im-

CROSS-
OVER 
NET 

Fig. 23-140B. Circuit for measuring the internal mpedance of a speaker system 
with a crossover network. 
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Fig. 23-140C. Impedance variation of a 10-inch single-cone speaker housed in an 
open-back cabinet. 
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pedance remains equal to Rl, the trace 
remains at a' 45-degree angle. When the 
impedance becomes reactive, the display 
becomes an ellipse. (See Question 
20.103.) 

23.741 Describe a sweep record and 
how it is used.—The record is played 
back through the system to be tested, 

SWEEP 

FREQUENCY 
TEST 
RECORD 

11 TT 

Fig. 23-141A. Method of using sweep-
frequency record. 

Fig. 23-141B. Frequency response pat-
tern with a turntable that has excessive 

vibration. 

V 

Fig. 23-141C. Frequency response when 
low frequencies have been accentuated. 

Fig. 23-141D. Frequency response when 
high frequencies have been accentuated. 

with an oscilloscope connected at the 
output, as shown in Fig. 23-141A. 
Sweep-frequency records, as explained 
and illustrated in Question 16.49 cover 
a frequency range from 50 to 15,000 Hz 
and are swept over this band at a rate 
of 20 times per second. The frequency 

characteristics of such records are the 
standard RIAA reproducing character-
istics (Fig. 13-95). 

The record is played back using the 
normal system equalization and, if 
equalized for use with the RIAA re-
cording characteristic, the display on 
the oscilloscope should be uniform 
within plus or minus dB over a fre-

quency range of 50 to 15,000 Hz. If not, 
the equalization is adjusted until a uni-
form characteristic is obtained. 

Variations in the frequency response 
may be computed in decibels: 

E, 
dB = 20 Logio 

where, 
Ei is the reference frequency height 

displayed by the oscilloscope, 
E. is any frequency of interest. 

The turnover frequency of the system 
must be the same as that of the sweep-
frequency record. This information is 
supplied by the manufacturer of the 
record. 

Various frequency-response patterns 
for different types of tests are shown in 
Figs. 23-141B to D. Fig. 23-141B shows 

how the response appears on the oscil-
loscope when a turntable has excessive 
vibration, although the frequency re-
sponse of the system is flat. In Fig. 
23-141C the low frequencies have been 
accentuated, and in Fig. 23-141D the 
high frequencies have been accentuated. 

Sweep-frequency records are, in 
some respects, similar to the sweep-
frequency generator described in Ques-
tion 22.53, because similar response pat-
terns are obtained. 

23.142 What is the procedure for 
measuring the frequency response of a 
pickup?—The first step is to ensure that 
the arm alignment and stylus angle are 
correct. The output of the pickup is 
terminated in its specified load resis-
tance and played back through an 
equalized preamplifier, using one of the 
several standard test records. The am-
plifier equalization must meet the stan-
dard reproducing response as specified 
by the RIAA Standard shown in Fig. 
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PICKUP 

T.T. 

VTVM 

EQUALIZED 
PRE AMP 

Fig. 23-142A. Measuring the character-
istics of a pickup using on equalized 

preamplifier. 

13-95. Frequency-response measure-
ments are then made by establishing a 
reference frequency, and all other fre-
quencies are plotted with reference to 
this frequency. The instructions for a 
given test record must be adhered to, 
since the method in which they are 
recorded varies somewhat. The test 
circuit appears in Fig. 23-142A. 

If the actual characteristics of the 
pickup are to be measured, the pre-
amplifier is omitted and the vacuum-
tube voltmeter is connected across the 
load resistor (Fig. 23-142B). As a rule, 
only the first circuit is necessary. The 
test records most commonly used are 
the CBS STR-100 and the CBS STR-
100-111. 

23.743 How is stylus force (verti-
cal pressure) determined?—The average 
high-quality phonograph pickup re-
quires a stylus force (vertical pressure) 
ranging from 0.75 to 1.5 grams. The 
pickup is tested with an intermodula-
tion test record and analyzer. The cor-
rect pressure is that pressure which re-
sults in the lowest intermodulation dis-
tortion in keeping with good tracking. 

The amount of intermodulation dis-
tortion is not a true reading of the 
pickup, but rather a combination read-
ing of record, pickup, and preamplifier. 
If an intermodulation test record is not 
available, the stylus force may be ad-
justed using a record similar to the 
CBS STR-100 or CBS STR-100-111, or 
by the use of an N-A record, described 
in Question 23.77. The instructions for 
the test record must be adhered to for 
best results. An oscilloscope should be 

PICKUP 

IT. 

connected across the load resistance for 
observing the waveform. 

23./44 How may the actual voltage 
output of a pickup be measured?—If the 
pickup is designed only for monophonic 
reproduction, a test frequency of 1000 
Hz, recorded at a peak velocity of 7 
centimeters per second is used. The 
output voltage is measured across the 
load terminations as shown in Fig. 23-
142B. If it is a stereophonic design, both 
sides are terminated and the voltage is 
measured across each side (Fig. 23-
144). In this instance the test frequency 
is also 1000 Hz, but recorded at a peak 
velocity of 5 centimeters per second. 

23.145 How may a reproducer 
stylus be tested for wear?—By the use 
of a special intermodulation or the CBS 
STR-100 test record. A typical measure-
ment shown in Fig. 23-145 was made 
using a new and a worn sapphire stylus, 
and record diameter was plotted versus 
intermodulation distortion. It will be 
observed the distortion products rise 
quite rapidly for diameters less than 
8.5 inches. The test frequencies used 
were 100 and 7000 Hz, mixed in a ratio 
of 4:1, the lower frequency being 12 dB 
greater in amplitude than the higher 
frequency. 

VTVM 

Fig. 23-144. Circuit for measuring the 
voltage developed by a stereophonic 
pickup, using o standard test record. 
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Fig. 23-142B. Measuring the character-
istics of a pickup without preamplifier. 

Fig. 23-145. Intermodulation distortion 
caused by stylus wear. 
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23./46 How is pickup-arm resonance 
measured?—Test records such as the 
CBS STR-100 and STR 100-111 both 
have bands for testing pickup-arm 
resonance. Since pickup resonance is a 
function of both the pickup cartridge 

and the arm, this test is a combination 
test of both components. Pickup-arm 
resonance is of low-frequency char-
acter, being in the range of less than 

10 Hz. The circuit for making such 
tests is given in Fig. 23-146. Test record 

band consists of a glide-tone sweeping 
downward from 200 Hz to 10 Hz. Arm 
resonance is indicated by an excessive 
indication of the meter, generally 
accompanied by a rattling noise as the 
stylus tends to momentarily leave the 
groove walls. It is possible by changing 
to a different pickup for the resonance 
frequency to change or disappear com-
pletely. Pickup arms should be selected 
with the resonant frequency below 10 
Hz if possible. 

If for testing purposes frequencies 
below 10 Hz are required, they may be 
generated by playing a test record of 
33% rpm at reduced speeds. A 33%-rpm 
recording of 40 Hz played back at a 
speed of 18 rpm becomes a frequency 
of 2.16 Hz as given below. 

40 40 F   „, „ 
— .10 riz. = T = = 4,./T. 33.3/18 1.85 

where, 
F. is the new frequency, 
f is the known frequency, 
T, is the normal speed of the test 

record in rpm, 
T. is the new speed in rpm. 

The 300-Hz low-pass filter is not 
absolutely necessary; however, if one is 
available it will be of help in eliminat-
ing the effects of surface noise from the 
measurements. 

23.147 How is the sensitivity of a 
pickup to extraneous magnetic fields 
measured?—By the method similar to 
that described for measuring the effec-
tiveness of magnetic shielding in Ques-

tion 23.81. The pickup to be measured 

PICKUP 

T. TABLE 

Fig. 23-146. Circuit for measuring pickup 
arm resonance using a low-frequency 

test record. 

is terminated in its normal load resist-
ance and placed in the center of the 
field helix. The effect of the field on the 
pickup unit is measured at the output 
terminals of the pickup with a vacuum-
tube voltmeter. 

This type of measurement is very 
helpful for comparing the effect of mag-
netic fields on pickups of different de-
sign and manufacture. The foregoing 
measurement is a comparative one only. 

To determine the absolute level of 
pickup for a given unit under measure-
ment, the strength of the magnetic field, 
as well as several other factors, must 
be known. 

23.148 How is stylus force of o 
pickup measured using a scale?—By 
suspending the front end of the pickup 
(mounted in its arm) by means of a 
small spring scale calibrated in grams. 
A scale calibrated from 0 to 10 grams 
will be satisfactory, because most mod-
ern pickups use a vertical force of 0.5 
to 1.5 grams. 

Several small scales are available 
which are designed to be placed on the 
record surface, with the pickup stylus 
resting on a spring. The weight of the 
pickup depresses the spring and the 
pickup weight is indicated in grams on 
a calibrated weight scale at the rear of 
the spring. 

23.149 What is the procedure for 
making flutter measurements? — Two 
methods are used for the measurement 
of flutter, the method depending on the 
type of equipment to be measured. 

If the device is a magnetic-tape re-
corder, a 3000-Hz signal of constant 
amplitude with fairly low harmonic dis-

tortion is recorded, then played back, 
and the total rms percent flutter mea-
sured using a flutter meter or bridge 
as described in Question 22.41. The 

connections are shown in Fig. 23-149A. 
If the machine includes a separate play-

RECORD 
3000 Hz 
SIGNAL 

FLUTTER 
METER 

MAGNETIC 
TAPE 

RECORDER 

Fig. 23-149A. Circuit for measuring the 
percentage flutter of a magnetic tope or 

film recorder. 
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Fig. 23-149B. A typical fluttergram mode using an automatic 
tien with a flutter meter. 

back head, the percentage of flutter 
may be measured as the 300-Hz flutter 
signal is recorded. 

For measuring the flutter of a photo-
graphic film recorder, a 3000-Hz sound 
track is recorded and the negative proc-
essed in the prescribed manner for the 
system of recording. The negative is 
played back and the percent flutter 
measured on a sound head for which 
the flutter has previously been mea-
sured. This latter measurement includes 
both the flutter of the playback sound 
head and the recorder. The percent of 
flutter of the sound head is subtracted 
from the measured flutter. As a rule, a 
professional film recorder will have 
about 0.05 percent of flutter. 

The flutter of a disc-recording ma-
chine is measured by recording a 3000-
Hz signal, and then playing it back on 
the same machine or one one of known 
flutter characteristics. Special disc rec-
ords for measuring flutter are available 
from several manufacturers of test 
records. Motion - picture projection 
equipment is measured using a special 
3000-Hz flutter test film. (See Question 
19.63.) 

For any type of flutter test, the use of 
flutter-measuring equipment is similar 
to that described for the magnetic re-
corder. Either the signal is recorded 
and played back or the flutter is mea-
sured using a special flutter tape, film, 
or disc. The output of the equipment 
under measurement should be properly 
terminated and run at a level which 
will not cause overload in any form. 
Many times it is desirable to know 

in which frequency band flutter is being 
generated, such as in the transport or 
drive system. For this type of measure-
ment, the flutter signal is broken down 
into several different frequency bands 

recorder in conjunc-

by the use of a flutter meter as dis-
cussed in Question 22.41. 

In this instrument the flutter is 
broken down into four bands covering 
0.5 to 30 Hz, 30 to 300 Hz, 300 to 5000 Hz, 
and direct current to 5000 Hz. Thus, if 
the flutter is being generated by a 
capstan, sprocket, tape contact, magnetic 
head, gearbox, or motor, it may be 
isolated by noting the flutter rate. 
The first instrument described in 

Question 22.41 is quite satisfactory for 
the maintenance of existing equipment, 
while the second instrument is used for 
development work. 

Fig. 23-149B shows a typical flutter-
gram recorded on an automatic re-
corder. The various frequency bands in 
which the flutter was measured are 
indicated on the left-hand margin. The 
total rins flutter shown is 0.15 percent. 

23.150 In what terms are flutter 
meters calibrated?—As a rule, flutter 
meters are calibrated to read the rms 
value; however, some of the older types 
read peak-to-peak values. The latter 
reading may be converted to rms by 
multiplying the reading by 0.707. 

For many years flutter meters (or 
bridges) have been calibrated to read 
in terms of rms voltage, which is quite 
satisfactory for audio-frequency use. 
However, for instrumentation recorders 
and reproducers, peak-to-peak readings 
are generally employed. Actually, a true 
rms value of flutter is quite difficult to 
obtain, since the flutter signal contains 
a de component, noise, and sine-wave 
components. As a rough approximation, 
the rms value can be assumed to be 
one-sixth to one-fourth the measured 
peak-to-peak value. (See Question 
22.41.) 

The standards are clearly defined in 
the USASI (ASA) Standard Z.57.1-1954. 
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23.151 How is the frequency re-
sponse of a light valve or galvanometer 
measured?—Three methods are avail-
able. The first method uses a constant-
amplitude signal of different frequen-
cies which is applied to the recording 
amplifier. The deflection of the light 
valve or galvanometer is then observed 
by means of a calibrated monitor card 
or periscope placed in the optical sys-
tem of the recorder. 

In the second method the peak fre-
quency of the light modulator is found 
by sweeping an oscillator across the 
recording band. If the light modulator 
shows a rise at the high frequencies, 
the gain of the recording system is 
lowered an amount equal to or slightly 
less than the rise at the peak frequency. 
Frequencies of constant amplitude are 
then recorded, starting at 40 Hz. The 
negative sound track is processed, and 
the amplitude of the recorded frequen-
cies is measured and then compared to 
a reference frequency of 1000 Hz by 
means of a calibrated microscope. 

Lowering the gain of the recording 
system by an amount equivalent to the 
rise at the peak frequency of the light 
modulator will prevent the modulator 
from being overloaded when the peak 
frequency is approached. 

The third system of measurement 
requires the use of a gain set or cali-
brated attenuator. A reference fre-
quency of 1000 Hz is established for 
100-percent modulation of the light 
modulator, by observing the deflection 
by means of a monitor card or peri-
scope in the optical system. After the 
reference level has been established, 
2000 Hz is applied. If the modulator 
shows a rise, loss is inserted in the 
gain-set attenuators to bring the mod-
ulator back to the reference frequency 
level. A 3000-Hz frequency is now ap-
plied and the deflection noted. If the 
deflection continues to rise, loss is again 
inserted to return the modulator to the 
reference level. This procedure is con-
tinued up to the highest frequency of 
interest. 
The final frequency response is plot-

ted by noting the increase, or decrease, 
in the amount of attenuator loss re-
quired to maintain a constant deflection 
of the light modulator. 

If the loss of the attenuators increases 
with frequency, the light modulator has 
a rising characteristic. Conversely, if the 

loss decreases, a loss at the higher fre-
quencies is indicated. 

23.152 How is the harmonic dis-
tortion of a light modulator measured? 
—By deflecting the modulator to a 
given percent of modulation and then 
measuring the harmonic distortion by 
means of a photocell situated in such 
a manner that a portion of the modu-
lated light beam is deflected to the 
photocell for measurement. 

It is obvious that, in a measurement 
of this nature, a certain amount of 
harmonic distortion is contributed by 
both the photocell and its amplifier. 
However, if the photocell and amplifier 
are properly designed, the distortion 
added ot the measurements is generally 
quite small and may be ignored, as the 
distortion from the light modulator as 
a rule is on the order of 1.0 to 1.5 
percent. 

23.153 How is the harmonic distor-
tion of a film-recording channel mea-
sured?—The distortion in terms of either 
harmonic or intermodulation distortion 
may be measured by applying the sig-
nal frequency (or frequencies) to the 
input of a recording channel. A sound 
track is recorded at 80-percent modu-
lation and a print made at the optimum 
density. This sound track is played back 
from a sound head, and the distortion 
is read. The sound-head distortion may 
be measured by the use of a special 
harmonic-distortion measuring film 

23.154 How it the square-wave re-
sponse of an amplifier measured? — The 
square-wave generator is connected to 
the amplifier as shown in Fig. 23-154A. 
One precaution should be observed: 
The output of the square-wave gen-
erator cannot be sent through the 
attenuator or send section of a gain set 
because of the wide frequency band of 
a square wave. Also, the gain set might 
include a coil which would affect the 
square-wave form. Interconnecting ca-
bles must be of a type that will not 
affect the frequency response, and any 
attenuator networks used to attenuate 
the signal before it is applied to the 
input of the amplifier must be designed 
to have a minimum of leakage to 
ground. 
To reproduce a fundamental square 

wave without distortion, the amplifier 
must be capable of passing frequencies 
of 1/10 and f x10. This means that, if 
a fundamental square wave of 100 Hz 
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Fig. 23-1549. Reproduction of a 40-Hz 
fundamental square wave by a 20-watt 
amplifier. Slant of output display indi-
cates good low-frequency response but 

with phase shift. 

Fig. 23-154C. Reproduction of 10-kHz 
fundamental square wave by a 20-watt 
amplifier. Output waveform indicates 

slight ringing. 

o 

Fig. 23-154D. Reproduction of a 10-kHz 
fundamental square wave by a 20-watt 
amplifier. Shape of output waveform in-
dicates excessive high-frequency response 

with slight ringing. 

the input. 

is applied to an amplifier, the amplifier 
must have a bandwidth of 10 to 1000 
Hz. If a fundamental frequency of 1000 
Hz is applied, the bandwidth must be 
100 to 10,000 Hz. Therefore, the funda-
mental frequency must be selected with 
care. 

To ensure that the square wave is not 
being distorted by external equipment, 
a nonhiductive resistor must be used 
for the load termination. The oscillo-
scope used for displaying the waveform 
must be capable of passing a band-
width wider than the bandwidth to be 
measured. 

Many of the older and smaller-type 
oscilloscopes will not satisfactorily pass 
a square wave without considerable dis-
tortion. Therefore, before starting the 
measurement, check the square-wave 
response of the oscilloscope. 

The images in Fig. 23-154B, C, and D 
show square-wave images obtained at 
the output of a 20-watt tube amplifier. 
Such displays may be obtained by the 
use of an electronic switch, as described 
in Question 23.184, or a dual-trace 
oscilloscope. The upper trace is the 
input signal from the square-wave 
generator and the lower trace, the out-
put of the amplifier. It will be observed 
the input signal shows a rounding off 
at the leading edge. This can be due to 
the frequency response of the oscillo-
scope or' due to the shunt capacitance 
of the interconnecting cables. This is a 
good illustration of why the input sig-
nal must be monitored for comparison 
with the output signal of the amplifier. 

Fig. 23-154E shows typical square-
wave patterns with an interpretation of 
their shapes. 

The transient characteristic of a cir-
cuit is defined as the output waveshape 
which results from a suddenly applied 
voltage at the input. The transient char-
acteristic is limited by the ability of the 
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Waveform LF Gain LF Delay HF Gain HF Delay Damping 

- - Ideal Ideal Ideal Ideal Ideal 

-Eli  Insufficient Good Excessive Good High 

-r- 3- Excessive Good Insufficient Good High 

_(. 2_ Good Excessive Good Insufficient High 

- -- -- - Good Insufficient Good Excessive High 

- - Excessive Excessive Insufficient Insufficient High 

Excessive Insufficient Insufficient Excessive High 

- - - Insufficient Excessive Excessive Insufficient High 

Good Good Excessive Good Medium 

-1% -j- - Good Good Excessive Good Low 

Good Good Excessive Good Negligent 

fe-we- Good Good Sharp Good Low 

ir awl Cutoff 
or Peaked 

Fig. 23-154E. Square-wave images. 

circuit to transmit both high- and low-
frequency signals simultaneously with-
out distortion. The high-frequency re-
sponse will determine the shape of the 
transient for a short time after its ap-
plication, and the low-frequency re-

sponse will determine the waveshape 
after a longer time has elapsed. In 
most instances, a square-wave test 
using two different frequencies will 
suffice. However, the high-frequency 
test should be high enough to eliminate 



AUDIO-FREQUENCY MEASUREMENTS 

low-frequency effects; and the low-
frequency test should be low enough 
to include them. 

Circuit damping is indicated by the 
shape at the top of the rise of the wave-
form. A circuit which is highly damped 
is indicated by a waveform which ap-
proaches its final maximum without 
overshooting, whereas an underdamped 
circuit will manifest itself by producing 
a train of oscillations after the initial 
rise. The natural frequency of the cir-
cuit producing the oscillations may be 
determined approximately by counting 
the number of maxima that occur in 
any one cycle. 

Insufficient delay at the high fre-
quencies is indicated by the rounding 
off of the corners of the waveshape 
diagonally opposite each other. If the 
circuit presents the same delay for all 
frequencies, this will be indicated by all 
four corners of the waveshape being 
the same. If the output waveshape 
shows signs of oscillation, it is always 
the result of a circuit containing fre-
quency and delay characteristics which 
change sharply. 
An output waveform which is sym-

metrical with time but whose positive 
and negative excursions are unsym-
metrical indicates nonlinear distortion. 
If the amplitudes of the waveform at 
the top and bottom are unequal, non-
linear distortion is also indicated. Satu-
ration of a component in the circuit is 
indicated by oscillation in one-half of 
the waveform. 

If a perfectly square waveform is 
passed by the device under test, the 
device has excellent transient, fre-
quency-response, and distortion char-
acteristics. 

23.155 Describe the composition of 
a square wave.—A square wave is com-
posed of a fundamental frequency and 
an infinite number of odd-harmonic 
frequencies. The even harmonics (2, 4, 
6, 8, etc.) as equal to zero; only the odd 
harmonics are contained in the wave-
form as may be seen in Fig. 23-155. 
These illustrations have been plotted to 
show the different harmonic frequencies 
and how they combine to produce a 
square waveform (indicated by the 
straight lines). 
When a square wave is passed 

through a device, the bandwidth is the 
limiting factor and determines the num-
ber of harmonic frequencies that will be 
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passed. The greater the number of odd 
harmonics that are passed, the more 
rectangular will be the waveform. 

The upper frequencies depend on the 
fastest change occurring in the wave-
form. The lowest frequency depends on 
the repetition rate of the waveform. 

23.156 At what level are square 
wave measurements made on an ampli-
fier?—At a level well below the overload 
point of the amplifier. Due to the nature 
of square waves, an amplifier can be 
readily overloaded and the square wave 
response made to appear better. (See 
Questions 22.103 and 22.104.) 

23.157 How should the fundamen-
tal frequency of a square wave be se-
lected for testing an amplifier?—As a 
rule, two fundamental frequencies are 
used. One frequency must be low 
enough to indicate phase shift and fre-
quency attenuation at the low frequen-
cies, and the second must be high 
enough in frequency to show the at-
tenuation of the high frequencies. (See 
Fig. 23-154E.) 

Square-wave testing is quite useful 
in certain types of production testing. 
The frequency response of a device 
may be checked by the application of 
a square wave observed on a calibrated 
oscilloscope graticule. 

FUNDAMENTAL 

SQUAR 
WAVE 

3RD 
HARMONIC 

(a) Fundamental frequency and 3rd 
harmonic. 

FUNDAMENTAL PLUS 
3 RD HARMONIC FUNDAMENTAL 

PLUS 3RD AND 
5TH HARMONICS 

5TH 
HARMONIC 

(b) Fundamental frequency plus 3rd 
and 5th harmonics. 

FUNDAMENTAL PLUS 
PLUS 3RD AND 5TH. 
HARMONICS 

SQUARE 
WAVE 

7TH HARMONIC 

FUNDAMENTAL PLUS 
3RD, 5TH, AND 7TH 
HARMONICS. 

(c) Fundamental frequency plus 3rd, 
5th, and 7th harmonics. 

Fig. 23-155. Development of a square 
wave from sine waves. 
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Fig. 23-158A. Circuit for obtaining a hysteresis or B-H curve of a transformer. 

23.158 How are the hysteresis char-
acteristics of a power transformer mea-
surod?—A circuit suitable for measur-
ing the hysteresis characteristics of a 
power transformer, using an oscillo-

scope to trace a B/H curve, is shown in 
Fig. 23-158A. 

To obtain such a pattern, two volt-

ages are necessary. One voltage is taken 
from across resistor Ri connected in 
series with the primary of the trans-
former. The voltage drop across this 
resistor is proportional to the current 

Fig. 23-158B. Hysteresis curve of an 
unloaded power transformer. 

Fig. 23-158C. Hysteresis curve of a 
power transformer operating with a nor-

mal load. 

in the primary and, therefore, propor-
tional to the magnetizing force. This 
voltage •is applied to the horizontal 

plates of the oscilloscope. 
The second voltage is taken from the 

output of an integrating network con-
sisting of resistor R2 and capacitor Cl 
connected across the 6.3-volt second-
ary of the transformer. The voltage at 
the output of the network is propor-
tional to the turns ratio of the primary 
to the secondary as well as to the num-
ber of lines of force produced and the 
ratio of change of the magnetic lines 
of:force. This voltage is applied to the 
vertical plates of the oscilloscope. 

Because one side of the ac line is 
grounded, it is advisable to connect an 
isolating transformer between the line 
and the primary of the transformer 
under test, thus permitting the oscillo-
scope to be grounded. 
When the controls of the oscilloscope 

are properly adjusted, the pattern will 
appear similar to that of Fig. 23-158B, 
which is a pattern of the transformer 
operating without a load. The pattern 
of Fig. 23-158C is with a normal load 
current and that in Fig. 23-158D is 
with an overload. The power loss under 
these conditions would be excessive. 

Fig. 23-158D. Hysteresis curve of an 
overloaded power transformer. 
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Fig. 23-158E. Hysteresis curve versus 

The circuit shown is useful for dem-
onstrating different methods of stacking 
transformer cores and, also, the char-
acteristics of different types of core 
materials. 

Fig. 23-158E shows a typical mag-
netization curve for annealed sheet 
steel, commonly called electric metal, 
the material generally used for power-
transformer cores and for laminations 
in the construction of motors and gen-
erators. A sample of the material to be 
tested is placed in a coil of a given 
number of turns. The current through 
the coil is varied to obtain the required 
ratio of ampere turns. 
The graphical plot shown is the mag-

netomotive force expressed in ampere 
turns versus the flux density (gauss) 
per square inch. A hysteresis loop is 
the graphical presentation of this 
phenomenon. Inspection of the curve 
shows the flux density to be about 
95,000 lines of force per square inch. 
When the ampere turns for this par-
ticular metal are increased (current 

FLUX DENSITY 

MAGNETIZING 
FORCE 

Fig. 23-158F. Comparison of a typical 
hysteresis loop and the narrow-band loop 

found in grain-oriented steel cores. 

ampere turns for electric metal core iron. 

increased through the coil) from 20 to 
40, the density is increased to 108,000 
lines of force per inch. Increasing the 
ampere turns increases the flux density, 
but at a lesser rate. This is indicated 
by the fact that, if the ampere turns are 
increased four times, or to 160, the 
number of lines per square inch in-
creases only to about 120,000. 
The curve shown is not indicative 

of all magnetic metals but varies with 
different alloys. The portion of the 
curve where it begins to flatten out is 
the saturation point of the metal and is 
the point where an increase in current 
produces little or no change in the 
lines of force produced. 

Hysteresis is the lagging of the mag-
netizing effect behind the magnetizing 
force. If a given material is subjected 
to a magnetizing force and if the ma-
terial is in a neutral state (not mag-
netized), the flux density will increase 
as shown by the upper right-hand 
curve a-b (0 to 90 degrees on the sine 
wave) on the hysteresis curve. If the 
magnetizing current is reduced at point 
b, the core will start to lose its mag-
netization and will follow curve b-c. 
At c the force becomes zero (180 de-
grees on the sine wave). However, a 
closer inspection of the curve reveals 
that the flux density is still 50,000 lines, 
even though the magnetizing force has 
dropped to zero. This hysteresis or lag-
ging is caused by the magnetism re-
tained by the core material. If the mag-
netizing force is reversed in polarity, 
the material loses its magnetism as 
shown by the curve c-d. 
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Now, if a negative-magnetomotive 
force is applied at d and increased to a 
value equal to that at b, the core ma-
terial will magnetize in the opposite 
direction, curve d-i-e. Under these con-
ditions, the flux density at e will equal 
the flux density at b. Decreasing the 
negative magnetomotive force to zero 
varies the flux density as shown by 
curve e-g. At g, the flux density is zero 
again. The minus sign on the flux value 
is used only to indicate that the direc-
tion of the field below point e is op-
posite to the direction of the field at 
point b. 

Applying a positive magnetomotive 
force and gradually increasing it will 
cause the material to lose its magnetism 
along curve f-g-h, becoming completely 
demagnetized at point g and remagnet-
izing along curve g-h-b, thus complet-
ing the hysteresis-loop pattern. 

The area within the loop is propor-
tional to the amount of work done 
against the residual magnetism and dis-
sipated by the transformer core ma-
terial. Therefore, the hysteresis-loop 
characteristic of a transformer is an 
important factor of its design. 
The magnetomotive force required 

to overcome the residual magnetism of 
the core material represents a loss of 
power and is referred to as the hys-

AUTOTRANS 

115 V 
AC 

ISOLATION 
TRANSFORMER 

CORE 
SAMPLE 

teresis loop. When the loop area is 
small, the power losses are small; when 
large, the power losses are large. This 
is illustrated by the patterns in Figs. 
23-158B, C, and D. (See Question 
17.142.) 

In testing some of the newer metals, 
particularly the grain-oriented steels, 
the two curves are much straighter as 
may be seen by the comparison of a 
conventional electric metal and a grain-
oriented steel in Fig. 23-158F. 

23.159 How may core samples be 
tested for hysteresis characteristics?—ln 
a manner similar to that used for mea-
suring the hysteresis characteristics of 
a transformer as explained in Question 
23.158. 

Resistor R1 shown in series with the 
core sample in Fig. 23-159 will vary in 
value from 1 to 10 ohms, depending on 
the current through the primary wind-
ing. To prevent damage to the oscillo-
scope, a 1:1 isolation transformer is 
connected between the output of the 
autotransformer and the core sample, 
thus permitting the cathode-ray oscil-
loscope to be properly grounded. 

23.160 Describe a method for mea-
suring the internal noise of a capacitor. 
—The internal noise of paper, oil, mica, 
metalized, or any other type of capacitor 
except the electrolytic may be mea-

IOK 

Fig. 23-159. Circuit for measuring the hysteresis characteristics of core-iron samples. 

I/16" NONMETALLIC 
SEPARATOR COPPER OSCILLOSCOPE 

VOLTMETER 

HIGH PERMEABILITY IRON 

Fig. 23-160. Circuit for measuring the internal noise of a capacitor. The battery may 
be replaced with a noise-free and well-regulated power supply. 
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sured using the circuit of Fig. 23-160. 
The battery voltage shown in the 
shielded box is made equal to the nor-
mal working voltage of the capacitor. 
In actual practice the battery is re-
placed with a noise-free, well-regu-
lated power supply with rf chokes and 
filtering capacitors in or near the 
shielded container. Series resistor R 
must be noise free and is approximately 
1 megohm in value. Coupling capacitor 
Co must also be of the noise-free vari-
ety. The capacitor to be tested for noise 
is connected at C.. All elements of the 
test circuit must be mounted within the 
shield, consisting of a copper electro-
static shield and a high-permeability 
iron shield. The cable between the 
shielded box and the voltmeter is 
grounded at both ends as shown. The 
meter used must have a capability of 
measuring up to 1 megahertz and down 
to 1 millivolt, with an output connection 
for connecting an oscilloscope to display 
the characteristic of the noise. 
A satisfactory capacitor will show 

little or no movement of the meter, even 
in its most sensitive position. Nested 
shielding is discussed in Questions 8.50 
and 8.51. 

23.161 How may a power trans-
former be tested for shorted turns?—A 
115-volt, 10-watt lamp is connected in 
series with the primary of the sus-
pected transformer. With no load on 
the secondaries, the lamp will show a 
dull red glow. If there are no shorts in 
the windings, the lamp will show a 
considerable change in color when a 
short is applied to one of the second-
aries. If a short is applied to one of the 
secondaries and shorted turns are pres-
ent in one of the other secondaries, the 
lamp will show little or no change in 
color. The primary may be tested using 
the same procedure. 

23.162 How is the effectiveness of 

8-10 TURNS 
12« DIAMETER 

Fig. 23-162. Circuit for mea-
suring the effectiveness of a 
magnetic shield, using a mag-
netic field of known intensity. 
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transformer magnetic shielding mea-
sured?—Audio transformers employing 
nested shields or plain metal cases are 
often rated in decibels relative to the 
effectiveness of the magnetic shield 
surrounding the coils. Such statements 
imply that the case surrounding the 
coils is capable of reducing the effect 
of an external magnetic field a given 
number of decibels relative to a given 
magnetic field intensity. Thus, a trans-
former stated to have a 90-dB magnetic 
shield means that the intensity of the 
surrounding field will be reduced 90 dB 
before reaching the internal windings 
of the transformer. 

The transformer to be tested is re-
moved from its case and placed in the 
center of a field coil of 8 to 10 turns 
to which is connected a source of 60-
Hz current, as shown in Fig. 23-162. 
The transformer windings are termi-
nated in their normal load impedances 
using noninductive resistors. A vac-
uum-tube voltmeter is connected across 
one winding. 

The current through the field coil is 
adjusted for a given field intensity. The 
voltage induced in the transformer is 
read on the vacuum-tube voltmeter. 
The transformer is then returned to its 
case and a second measurement made 
at the same field intensity. The effec-
tiveness of the shielding may then be 
computed in decibels by: 

dB = 20 Logic. 
E2 

where, 
E, is the voltage measured without 

the shield, 
E. is the voltage measured with the 

shield. 

Transformers requiring extensive mag-
netic shielding make use of nested-
shield construction as described in 
Question 8.50. 

( ---1 AU TOTRA NS. 

II 5VAC 
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23.163 What is the procedure for 
measuring power-supply ripple voltage? 
—The measurement of the actual ripple 
voltage from a power supply is rather 
difficult because of the nonsinusoidal 
nature of the ripple. Generally the lat-
ter is read on a true-rins-responding 
voltmeter or a cathode-ray oscilloscope. 
In the latter instance the voltage is de-
termined by using an internal or exter-
nal voltage calibrator. As a rule, ripple 
voltage is measured simultaneously 

with the load-current measurements, as 
the ripple voltage will vary somewhat 
with the load current. Measurements 
are generally made at 100, 50, and 10 
percent of the load current ratings and 
for various values of line voltage. Care 
must be taken when one is measuring 
regulated power supplies employing 
automatic crossover or current-limiting 
circuits, that they remain in the in-
tended mode of regulation under all 
conditions of loading; otherwise, they 
appear to have poor regulation. 

Ripple voltage is measured in milli-
volts, and for a well-designed power 
supply (employing feedback), it is less 
than 1 millivolt, the ripple frequency 
appearing at 120 Hz, 240 Hz, and higher. 
If the frequency of the ripple is unre-
lated to the line-voltage frequency, the 
ripple is, as a rule, caused by inter-
ference from nearby equipment. 

The circuit in Fig. 23-163 is a typi-
cal unregulated power supply and has 
been selected to illustrate the various 
points where ripple voltage can be mea-
sured, and the equipment required to 
measure the ripple. 

Connected across the output of the 

OSCILLATOR 

LOUDSPEAKER 
ATTENUATOR 

AMPLIFIER 

power supply is a 600-volt, 0.1-OELF paper 
or oil capacitor, in series with a 100,000-
ohm resistor. The purpose of the ca-
pacitor is to give increased protection to 
the voltmeter input. The resistor ties 
the capacitor to ground. Since the rip-
ple voltage flows through the resistor 
to ground, the meter is connected across 
this resistor. This stabilizes the reading 
and is also of considerable help when 
ripple waveforms are photographed. 
Also connected across the output is a 
bleeder resistor, Rm. (normally a part 
of the power supply), variable load re-
sistor 111,, millianuneter IL, and volt-
meter Vd,, for measuring the output 
voltage under various load conditions. 

Slow drifts and transients may be 
expected in this type of power supply 
and are the result of line-voltage fluc-
tuations, which is perfectly normal for 
an unregulated power supply. For a 
regulated power supply the waveform 
images are quite steady. 

Ripple voltage may be calculated: 

ac volts 
Percent ripple voltage = dc volts 100 

where, 
ac volts is the measured ripple volt-

age, 
de volts is the measured output volt-

age. 

The amount of ripple voltage in deci-
bels below the maximum de voltage is: 

de voltage 
20 Log,« 

ac voltage 
where, 
dc voltage is the maximum voltage 
under normal load conditions, 

ac voltage is the ripple voltage under 
the same conditions. 

VU METER 

+10 CA 
dem 

600n 

ACOUSTIC CHAMBER 

LOUDSPEAKER 

TRANSFORMER 
600 TO en 

MICROPHONE 

MICROPHONE 
ATTENUATOR 

LOAD 
TERMINATION 

VU 
METER 

Fig. 23-163. Circuit for measuring the load characteristics and ripple voltage of a 
power supply. The filtering efficiency may be observed or measured at points A to C. 

Ripple voltage is measured at D. 
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Ripple voltage for a well-filtered 
supply is usually on the order of 80 to 
120 dB below the maximum dc voltage 
at the normal operating current. The 
ripple voltage is measured at points A, 
B and C. The waveform shape at these 
various points is indicated above the 
filter sections. It will be observed the 
waveform at the output of the rectifier 
(full wave) has sharp peaks, with a 
slight flattening off at the peak. At the 
output of the first choke (point B), the 
waveform arroaches a sine wave, but 
is rounded at the peaks. After being 
filtered by the second choke (point C), 
the ripple voltage is reduced to almost 
pure dc, or may have a very small pul-
sation. If the filtering efficiency is sus-
pected and electrolytic capacitors are 
used in the filter system, they should 
be disconnected and others substituted, 
and the ripple voltage measured again. 

Filtering efficiency varies with the 
type and number of filter sections. Dif-
ferent values of ripple voltage and 
waveform shape may differ from those 
indicated for this example. For elec-
tronically regulated supplies the wave-
form may contain spikes, which, when 
measured with an ordinary voltmeter, 
will not be indicated. Therefore, an os-
cilloscope must be used. Ripple voltage 
of this character is caused by the semi-
conductor rectifiers as they switch from 
nonconduction to conduction. For cur-
rent-regulating power supplies, the 
current ripple rather than the voltage 
ripple is of primary importance. 

Ripple factor is a term used to in-
dicate the amount of ripple voltage sup-
pression contributed by the filtering 
system or regulator, and it is a ratio 
expressed as a percent of the output 
ripple voltage to the input ripple volt-
age: 

VARIABLE 
AUTOTRANSFORMER 

AC INPUT 
(NONREGULATED) 
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E... 
Ripple factor = x 100 

Mint 

where, 
E... is the peak-to-peak ripple volt-
age at the output of the supply, 

E. is the peak-to-peak ripple voltage 
at the output of the rectifier. 

23.164 Describe a method for mea-
suring power-supply load characteristics. 
—In Fig. 23-164A is shown a method for 
measuring the load and line regulation 
of a constant-voltage power supply. In . 
setting up for measurement, several 
precautions must be observed. The ac-
curacy of the meters should be 1 per-
cent or better, and they must be con-
nected directly to the terminals of the 
power supply to eliminate any error 
caused by voltage drop in the connect-
ing leads. If clip leads are used, they 
must make good contact, as the internal 
impedance in a well-designed power 
supply may be on the order of 1 niilli-
ohm (0.001 ohm). Soldering the leads, 
where permissible, will eliminate high-
resistance connections. 

Load resistor RL must be wirewound 
and operated at about one-tenth its 
rated power dissipation. This is neces-
sary to prevent the surface temperature 
from rising to only a small amount 
above the ambient temperature. Failure 
to observe this precaution will result 
in a surface bubble on the resistor, with 
a corresponding change in the value of 
the resistance. This can cause short-
term variations in the measured volt-
age drop that are not the result of out-
put current changes. 

The voltmeter and ammeter (if ac 
operated) must be fed from a separate 
circuit or from one isolated from the 
line feeding the power supply, to elim-
inate line voltage variations to the in-
strument. The line should be nonregu-

METERS MUST BE 
CONNECTED DIRECTLY 
TO P/S TERMINALS 

DC- AMMETER SI 

DC- VM 

Fig. 23-1 64A. Circuit for measuring load and line regulation of a constant-voltage 
power supply. 
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VARIABLE 
AUTOTRANSFORMER 

4  

AC INPUT 
NONREGULATED 

METER MUST BE 

CONNECTED DIRECTLY 
TO THE PIS TERMINALS 

AC-VU 
POWER 

T SUPPLY 
o 

-I. 0  

Fig. 23-164B. Circuit for measuring load 
power 

lated and of good waveform. Failure to 
observe the latter precaution may re-
sult in distortion of the line voltage 
waveform fed to the power supply and 
thus affect the power-supply charac-
teristics. In the instance of a power sup-
ply employing a SCR regulator, serious 
malfunctioning of the firing circuit is 
possible. 

The line voltage is set to 117 volts 
and the dc load is adjusted for a refer-
ence current and voltage. The auto-
transformer is then varied from 105 Vac 
to 125 Vac, then back to 105 Vac again, 
and the variation is noted for different 
line voltage settings. For a well-regu-
lated supply, the output voltage will 
remain almost constant. 

Load regulation is measured by 
opening and closing switch S1 and not-
ing the change in output voltage while 
the line voltage is varied over the range 
of interest. Notice should be taken in 
which direction the output voltage 
changes. If the output voltage drops 
with an increase in load current, this is 

100 

0 
0 25 50 75 100 

PERCENT OF RATED OUTPUT VOLTAGE 

IDEAL 

ELECTRONICALLY 
REGULATED 

Fig. 23-164C. Comparison of regulation 
characteristics for power supplies. 

SI 

RI 

MONITORING METER MUST BE 
RESISTOR CONNECTED 

DIRECTLY TO THE 
  RESISTOR TERMINALS 

aL 

DC-AMMETER 

and line regulation of a constant-current 
supply. 

indicative of a positive resistance at 
direct current, whereas an increase of 
output voltage with an increase of load 
current indicates a negative output 
resistance. 

The measurement of constant-cur-
rent power supplies (Fig. 23-164B) is 
somewhat similar. However, series-cur-
rent monitoring resistor R1 must be 
small in value (about 1 ohm or less) in 
order that the voltage drop across it is 
only a fraction of the total output volt-
age. It must be wirewound and have an 
accuracy of 1 percent or better. 

The value of load resistance RI, is 
chosen so that a voltage drop across it, 
at the current level of the measurement, 
is equal to the voltage rating of the 
power supply minus the voltage drop 
across resistor R,. S1 is connected in 
parallel with load resistor RI. to mea-
sure the current regulation between a 
low voltage (equal to that across R,) 
and the maximum rated voltage of the 
supply. 

The de meter may be a differential 
or digital voltmeter, a dc oscilloscope, 
or any other type of instrument cap-
able of accurate measurement of the 
voltage drop across Rl. 
Load variations are measured by 

closing switch S1 and noting the change 
in output voltage as measured across 
R1 while the supply is operated at vari-
ous values of line voltage. Load regu-
lation is then: 

Volts across R1 
Lut 

R1 

Figure 23-164C compares typical reg-
ulation curves for different types of 
power supplies, both regulated and non-
regulated, plotted percent no-load ver-
sus percent output current. It is ap-
parent that the regulated type of power 
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Cs 

AC 2-1--
GRD   

CASE 

CASE 

OECGND 

POWER 
SUPPLY 

P/T 

OE 

1 

e 
COE 

RECTIFIER 
AND 

REGULATOR 
CIRCUITS 

DC OUTPUT 
TERMINALS 

+1 co 

Fig. 23-165A. Leakage 

OUT 

GND 

MEGGER OR 
MEGOKMMETER 

Fig. 23-165B. Measurement of leakage 
resistance between output and ground. 

CASE 

GND 

IMPEDANCE 
BRIDGE 

Fig. 23-165C. Measurement of shunt 
capacitance between output and ground. 
Impedance bridge must be isolated from 

power supply when it is activated. 

supply characteristic is quite superior 
to that of the unregulated type. 

23.165 Describe the procedure for 
measuring the isolation of a power sup-
ply.—To properly evaluate the isolation 
characteristics of a power supply, five 
different measurements are necessary. 
They are: leakage resistance between 

CASE 

RG 

• CG 

1G 

GND. 
O 

paths in a power supply. • 

output and ground, shunt capacitance 
between output and ground, noise be-
tween output and ground, capacitance 
between ac input and de output, and 
the insulation breakdown voltage to 
ground. Isolation measurements are 
necessary if it is desired to evaluate 
the power supply output potential above 
ground, reduce the effects of ground 
currents, or when the load requires a 
floating power supply. 
An elementary diagram of a typical 

power supply with its various leakage 
paths is given in Fig. 23-165A. Resistor 
FL; represents the leakage from both the 
positive and negative terminals to 
ground (case) and to other points in 
the circuitry. Capacitance C. is the 
stray capacitance from the primary side 
of the power transformer to all points 
associated with the de output. 

Measurements of the leakage resist-
ance between the output and ground 
are made with the power supply dc ac-
tivated. The ac input and ground ter-
minals are shorted, and the resistance 
is measured between the output termi-
nals and ground, using a megger or 
megohmmeter (Fig. 23-165B). If a 
group of power supplies are to be com-
pared, these measurements must be 
made at the same relative humidity. 

AC gy— CND.=   

 o 

AC 

GND 

POWER 
SUPPLY 

OUT 

OSCILLOSCOPE 

(,OE f 
RI NOIiSE 

o GND 

Fig. 23-165D. Measurement of noise current between output and ground. 
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OSCILLOSCOPE 

SIGNAL 
GENERATOR 

± 0  

GND 

 1 (-
Cs 

POWER 
SUPPLY 

OUT 

CGT. 

Fig. 23-165E. Measurement of capacitance between ac input and dc output. 

Measurements of shunt capacitance 
between output and ground are made 
in the same manner, except that an 
impedance bridge is used. It is possible 
for the shunt capacitance to be of a 
different value when the power supply 
is activated. This may be measured 
also by the use of an impedance bridge; 
however, the bridge must be isolated 
in such a manner the dc output from 
the power supply does not damage the 
bridge. At this time an oscilloscope 
should be employed for checking the 
existence of ground loop currents, 
which can affect the impedance bridge 
readings. With the supply unit acti-
vated, the bridge null may not be very 
sharp because of noise injected be-
tween the output terminals of the sup-
ply and ground. Connections for this 
test of shunt capacitance are given in 
Fig. 23-165C. 

Noise measurements are made as 
shown in Fig. 23-165D. Noise is gener-
ated mainly from capacitance coupling 
between the chassis and points in the 
circuitry having a large or high-fre-
quency potential. Because of the small 
equivalent capacitances and high volt-
ages associated with them, the noise 
source is generally represented as a 
high impedance or current source which 
injects noise from the chassis into the 
output terminals. Noise may be defined 
as the voltage appearing across a 1000-

CASE 

Fig. 23-165F. Measurement of break-
down voltage between ac input and dc 

output to ground. 

ohm resistor R1 connected from ei-
ther output terminal to ground while 
the power supply is activated. An ac 
meter or oscilloscope is connected 
across resistor R1 for monitoring pur-
poses. Similar measurements are also 
made using a 100-ohm and 10,000-ohm 
resistor. If I. is a constant-current 
source, the voltage measured across 
10,000 ohms will be ten times greater 
than that across the 1000-ohm resistor. 
If the supply or load circuit employs 
capacitors between the output termi-
nals and ground, it is likely that a 
linear relationship will not exist across 
resistor Rl. 

Transformer leakage is measured as 
shown in Fig. 23-165E. It represents the 
mechanism by which common-mode 
signals on the ac line are coupled lon-
gitudinally to the de output. Capaci-
tance C. cannot be measured by an 
impedance bridge, since it is not sep-
arable from the other existing capaci-
tances. Capacitance C. is measured by 
injecting a signal-generator voltage be-
tween the chassis ground and the 
shorted output terminals. Resistor R1 
(1000 ohms) is connected between the 
output terminals and ground. The os-
cilloscope is used for monitoring the 
signal and to detect any form of signal 
not connected with the measurement. 
A tuned voltmeter is useful in making 
this measurement. 

The final measurement consists of 
measuring the voltage breakdown to 
ground (Fig. 23-165F). The ac input 
terminals are shorted to ground, and a 
high-voltage test set is connected be-
tween the ac and the de output termi-
nals. The high-voltage test unit must 
have a high internal resistance so that 
when a voltage breakdown occurs in 
the power supply the insulation is not 
damaged. In most instances the mica 
washers separating the transistors from 
ground in a heat sink will withstand 
about 1000 volts per mil of thickness. 
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OSCILLOSCOPE 

BATTERY 10K 

117 VAC 

SW 

POTENTIOMETER 

1.1 TRANSFORM 

FUSE 

II 

(II) DC METER DC INPUT 

AUTOTRANSFORMER 

8 5K 

ALTERNATE 

Fig. 23-166A. Test circuit for calibrating an ac meter using a dc meter and battery. 
All grounds must be removed from the circuit or an isolating transformer used in 

the tic line. 

As a rule, a test voltage of 500 to 600 
volts is sufficient. 

23.166 How can an ac voltmeter be 
calibrated, using a dc source?-11 a de 
meter of sufficient accuracy and a cath-
ode-ray oscilloscope are available, ac 
voltmeters may be calibrated or re-
checked without the benefit of an ac 
standard meter. The oscilloscope is first 
calibrated, using a source of battery 
voltage as shown in Fig. 23-166A with 
the ac portion of the circuit discon-
nected. The input control of the oscillo-
scope is set for de input, and the sweep 
speed is adjusted for about 10 micro-
seconds, or a sweep without a flicker. 
The trace is centered on the graticule-
center reference line. If the oscilloscope 
has a dc balance control (usually a 
screwdriver control), it must be bal-
anced to remove any deflection of the 
beam when the input attenuator is ad-
justed. The attenuator is now adjusted 
for a convenient deflection of about 2 
centimeters above and below the ref-
erence line. Reversing the polarity of 
the battery, the deflection should be 
exactly the same amount in the other 
direction. The graticule is now ready 
for calibration. 

60Hz AC 
SIGNAL 

DC DEFLECTION 

REFERENCE LINE 

DC DEFLECTION 

Fig. 23-166B. Oscilloscope graticule with 
dc calibration lines and cc signal. 

Suppose that an ac voltmeter having 
a 10-volt scale is to be checked. Apply 
a dc voltage equal to the peak value of 
10 volts ac to the oscilloscope, or 14.141 
volts, using batteries or a regulated 
power supply. Mark both the upper and 
lower deflection points. Leaving all con-
trols set, disconnect the dc circuit, and 
substitute the ac circuit. Adjust the 
autotransformer for a deflection on the 
oscilloscope exactly equal to that ob-
tained with the de input signal. The ac 
meter should now read 10 volts. Other 
scales may be checked using the same 
procedure, always remembering that 
the de voltage must equal the peak 
voltage of the desired ac deflection. (See 
Question 25.149.) 

Although many vacuum-tube volt-
meters actually read peak-to-peak volt-
age, they are calibrated to read the rms 
value of a sine wave. (See Questions 
22.98 to 22.102.) As a matter of safety, 
if an autotransformer is used in the 
ac calibrating side of the circuit, a 1:1 
isolation transformer should be used to 
isolate the calibrating circuits. Also, the 
ground (if any) must be disconnected 
from the oscilloscope ac power cable 
by the use of an ac isolating plug. 
(The alternate method to this is to 
phase out the ground side to all equip-
ment, as shown.) If an isolating trans-
former is used, the ground may be left 
on the oscilloscope. 
For the calibration of ac scales of 5 

volts and below, four mercury cells 
connected in series may be used; how-
ever, there are some disadvantages 



1532 THE AUDIO CYCLOPEDIA 

when more than three cells in series 
are used. (See Question 25.8.) 

23.167 How is the voltage calcu-
lated for calibrating o VU or VI meter 
for a given reference powert—The me-
ter is connected in parallel with the 
source of calibrating voltage as shown 
in Fig. 23-167. The voltage for any ref-
erence power may be calculated by: 

Volts = NTTX R 

where, 
P is the reference power, 
R the impedance of the circuit for 
which the meter is to be calibrated. 

Thus, if a meter is to be calibrated for 
a reference power of 6 milliwatts in a 
600-ohm circuit: 

Volts = V.0.006 X 600 

=Vî 
= 1.89 

The calibrating source does not have to 
be equal to the impedance for which 
the meter is to be calibrated. Any im-
pedance will suffice if the voltage is 
equal to 1.89 volts. (See Question 10.42.) 

23.168 Can a 1000-ohms-per-volt 
meter be used to measure the operating 
voltages of transistor or resistance-cou-
pled amplifiers?—No, because of the 
current drawn by the meter, which in 
the instance of a 1000-ohms-per-volt 
meter, is 1 milliampere. In measuring 
the voltage of a transistor or resistance-
coupled amplifier stage, the increase in 
current due to the meter will increase 
the voltage drop across the circuit being 
measured, resulting in an erroneous 
reading, and in the case of transistors, 
possible damage. 

Consider a circuit to be measured 
containing a 47,000-ohm resistor with a 
true voltage drop across it of 155 volts, 
using a meter with a 10-megohm input 
resistance. If the same voltage is mea-
sured again, using a meter of 1000 ohms 
per volt (300-volt scale) the indicated 
voltage drop will be on the order of 

OSCILLATOR 
1000Hz 

1,89 V. (1)VM 4 .) VI 
METER 

Fig. 23-167. Circuit for calibrating a 
VU meter for a given reference level. 

146 volts; and if read on a 150-volt 
scale, 142 volts. Operating voltages in 
transistor and resistance-coupled de-
vices must be measured by a meter of 
at least 10 megohms of input resistance 
if a true reading of voltage is required. 
Such meters are discussed in Section 22. 

23.169 What is the proper way to 
connect o voltmeter and an ammeter in 
the same circuit?—Two methods may be 
used, as shown in Figs. 23-169A and B. 
The first method is used when the load 
current is large. The second method is 
used when the current load is small. 

In the first instance with the load 
current being large, the additional cur-
rent drawn by the voltmeter is of no 
consequence. However, if the load cur-
rent is small (on the order of a few 
milliamperes), the current drawn by 
the voltmeter might result in an erro-
neous indication. 

23.110 How can a simple capacitor 
tester be constructed using an cc volt-
meter or milliammetert—As shown in 
Fig. 23-170. An ac voltineter with either 
a copper-oxide or selenium rectifier is 
connected in series with a source of 
115 volts ac and the capacitor. Capaci-
tors of known value are connected as 
shown, and the meter scale is calibrated 
to read directly in capacitance. 
A second method is to connect an ac 

milliammeter of 1-milliampere range 
in place of the voltmeter. However, this 
will require a series resistor similar to 
a voltmeter multiplier. If the meter is 
calibrated for 60 Hz, it can only be used 
on that frequency; otherwise the cali-
bration will be in error. The value of 
an unknown capacitor may be calcu-
lated by reading the current through 

LOAD 

Fig. 23-169A. Method of connecting an 
ammeter and voltmeter when the load 

current is large. 

LOAD 

Fig. 23-1698. Method of connecting an 
ammeter and voltmeter when the load 

current is small. 
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HC .  
AC VOLT 

115 VAC METER 

(a) Using an ac voltmeter. 

C 

0-1 
115 VAC mA 

AC 

(b) Using an ac milliammeter. 

Fig. 23-170. Circuits for simple capaci-
tor meter. 

the milliammeter. The capacitance is 
then equal to: 

10° I 
C = 2arfE 

where, 
E is the line voltage, 
f is the frequency, 
I is the current as read on the milli-
ammeter. 

The foregoing test circuits are for oil-
or paper-type capacitors only. Electro-
lytic capacitors have high leakage and 
cannot be read by this method. Capaci-
tor testers suitable for use with electro-
lytic capacitors are discussed in Ques-
tion 22.34. 

23.171 What is the substitution 
method of measuring capacitance?—Be-
cause capacitance bridges have internal 
stray capacitance due to their design 
and circuitry, capacitors of 10 picofarads 
(0.00001 p.F) or smaller are sometimes 
difficult to measure due to the residual 
capacitance of the bridge being larger 
than the capacitance to be measured. 
When this situation is encountered, the 
substitution method of measurement is 
used. As an example, if a capacitor of 
5 picofarads is to be measured, connect 

fl f 2 

a 10-picofarad capacitor in parallel with 
it. Measure the combined capacitance, 
remove the 5-picofarad capacitor, and 
measure the 10-picofarad capacitor 
alone. The difference between the two 
measurements is the value of the 
smaller capacitor. When these measure-
ments are made, the capacitors must 
be directly connected to the terminals 
of the bridge to reduce the stray ca-
pacitance to an absolute minimum. 

The residual or stray capacitance of 
a bridge may be measured by balanc-
ing the bridge with the capacitance ter-
minals open. The value of capacitance 
read is the internal stray capacitance 
and is the factor that limits the lowest 
value of capacitance that can be mea-
sured with that particular bridge. In 
some types of measurements, the resi-
dual or stray capacitance is subtracted 
from the measurement; however, this 
would only be done in the case of an 
extremely small value of capacitance. 
Bridges such as those described in 
Question 22.33 as a rule have from 2 
to 5 picofarads of stray capacitance. 
When one is using a capacitance 

bridge for the first time, difficulty may 
be experienced when attempting to 
measure small values of capacitance. 
This difficulty can be overcome by 
grounding the shield of the bridge or 
by the use of a guard circuit which 
offsets the capacitance between the 
bridge and ground. 

If there is any doubt as to the accu-
racy of a bridge, standard capacitors 
may be connected and measured using 
different grounding methods to elimi-
nate the effect of stray capacitance. As 
a rule, the manufacturer of a particu-
lar bridge supplies information relative 
to grounding methods. 

23.172 How may complex wave-
forms be generated?--A simple method 
of generating complex waveforms is 
shown in Fig. 23-172A. For the precise 

f 3 

P3 e. 
o 

Fig. 23-172A Three oscillators connected in series 
complex waveforms. 

for the purpose of generating 



1534 THE AUDIO CYCLOPEDIA 

fl 

f2 

03 

Fig. 23-172B. Resulting complex wave-
form when three oscillators are con-
nected in series. Frequency fl is the 
fundamental; f2 and f3 are the second 

and third harmonics. 

production of such waveforms a rather 
complicated setup is required. However, 
for simple displays the circuit shown 
will suffice. The three oscillators are 
connected in series, with a gain control 
at each output. The final waveform is 
observed by means of an oscilloscope 
connected across the output of the last 
generator. 
By setting the oscillators to different 

frequencies and amplitudes, complex 
waveforms are generated. A typical 
waveform appears in Fig. 23-172B. 

23.173 Do oscillators generate sub-
harmonics?—No, not unless they are 
used in conjunction with a frequency 
divider which will generate subhar-
monies of the oscillator fundamental 
frequency. Frequency dividers are often 
used with frequency standards as de-
scribed in Question 22.40. 

23.174 How can the internal distor-
tion in an oscillator be reduced?—By 
the use of an external bandpass or low-
pass filter. However, as this method re-
quires a separate filter for each ire-
quency, it becomes rather impractical. 

If the oscillator is of the Wien-bridge 
type, the distortion can generally be 
reduced by adjusting the feedback loop 
to the bridge circuit and by the selec-
tion of tubes. If the instrument uses a 
lamp in the cathode circuit, a selected 

NULL 

INDICATOR 

lamp may help to reduce the distortion. 
Also, the more accurate the balance be-
tween the two sides of the bridge, the 
lower will be the harmonic distortion. 
(See Questions 22.47 and 22.48.) 

23.175 How may two audio oscilla-
tors be connected in parallel for calibra-
tion without pull-in?—By connecting 
them in parallel using a parallel-T net-
work as shown in Fig. 23-175. The out-
puts of the standard oscillator and the 
uncalibrated oscillator are set to the 
same output level by observation of the 
level on the null indicator. When the 
uncalibrated oscillator is tuned through 
the same frequency as the standard, the 
pointer of the meter will swing back 
and forth over a wide range. As the 
frequency of the uncalibrated oscillator 
is brought nearer to the frequency of 
the calibrated oscillator, the swing is 
reduced. When they are both at the 
same frequency, the pointer will be at 
a minimum deflection or at zero beat. 
(See Question 23.178.) 

Beat indications will be obtained at 
frequencies one-half and twice the fre-
quency of the standard. However, fre-
quencies beyond these will not be 
indicated. Submultiple or harmonic fre-
quencies will be of considerably less 
amplitude than the fundamental fre-
quencies. 

If an oscilloscope is connected as 
shown, the beat will be indicated by 
a winking or a change in amplitude of 
the observed signal. Zero beat is the 
point where the signal on the oscillo-
scope screen is at a standstill and of 
minimum amplitude. 
A much more satisfactory method of 

calibrating oscillators is explained in 
Question 23.176. 

23.176 How are Lissajous figures 
used for frequency calibration?—By con-

'Fig. 23-175; Parallel-T network connected in the outputs of two oscillators,. to pre. 
vent pull-in during calibration. 
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brating an oscillator again a 
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OSCILLATOR 
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fleeting a frequency standard or a cali-
brated oscillator to ethe vertical input 
of the oscilloscdpe and the oscillator to 
be calibrated to the horizontal input as 
shown in Fig. 23-176A. 

Suppose an oscillator is to be cali-
brated against a frequency standard 
similar to that described in Question 
22.40. The frequency standard is set to 
1000 Hz and the dial of the uncalibrated 
oscillator is rotated until a circular 
pattern as shown at (a) of Fig. 23-176B 
is obtained. This pattern indicates a 
ratio of 1:1 and is obtained when both 
the standard and the uncalibrated os-
cillator are set to exactly the same fre-
quency. It is the starting point for 
future calibrations. 

If the circular pattern slowly drifts 
toward an oval, then a diagonal line, 
and back again to an oval and then a 
circle, it has passed through one com-
plete cycle. The number of cycles the 
pattern passes through in 1 second is 

(X) 
(a) 1:1 (b) 2:1 

(f) 1:2 

 o 

UN CALIBRATED 
OSCILLATOR 

the number of cycles per second the 
uncalibrated oscillator is off calibration 
from the standard. If calibration is held 
to within 2 percent of standard fre-
quency, this is generally satisfactory. 
However, if oscillator is stable, it can 
be calibrated to within less than 1 per-
cent without too much difficulty. 
Assume the next frequency to be 

calibrated is 2000 Hz. If the frequency 
standard does not supply this frequency, 
a Lissajous figure indicating a fre-
quency ratio of 2:1 will be used, as in 
(b) of Fig. 23-176B. The pattern now 
has one loop in the vertical plane and 
two in the horizontal plane. For 3000 
Hz, a 3:1 configuration is used as shown 
in (c). For even multiples of the 1000-
Hz standard frequency, the ratios will 
be 4:1, 5:1, and so on. For frequencies 
that are not multiples of the standard 
ratios, patterns such as 3:2 and 4:3 are 
employed. The frequency of the uncali-
brated oscillator is determined from the 

(c) 3:1 

(g) 1:3 

(d) 3:2 

(i) 4:5 (j) Open loop. 

Fig. 23-176B. Lissajous figures. 

(h) 2:3 
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equations in Question 23.177. As the 
higher frequencies are approached, a 
higher frequency is employed for the 
standard to reduce the difficulty of 
counting the loops. 

For frequencies below the lowest 
standard frequency, say 500 Hz, a con-
figuration with two loops will be ob-
served, except the loops are now in the 
vertical plane rather than the hori-
zontal, as in (f) of Fig. 23-176B. 

Several patterns that are used for 
frequencies below the standard fre-
quency are shown in (g) to (i) of Fig. 
23-176B. If available, a low-frequency 
standard should be used to aid in 
counting the loops. 
An incomplete loop is shown in (j) 

of Fig. 23-176B and may be used when 
calibrating, if the ratio is definitely 
known. However, because incomplete 
loops are rather difficult to identify, the 
complete loop is generally used. 

23.177 What is the equation for 
calculating the frequency ratio from 
a Lissajous figure? —For frequencies 
greater than that of the standard fre-
quency: 

where, 
LiOE is the number of loops in the hor-

izontal plane, 
L. is the number of loops in the ver-

tical plane, 
F. is the frequency of the standard, 
F. is the unknown. 

For frequencies below the standard: 

F. 

A typical example is the 4:5 ratio at (i) 
of Fig. 23-176B. If the standard is 1000 
Hz, the unknown frequency is 1000/1.25, 
or 800 Hz. 

If the standard oscillator is replaced 
by a secondary frequency standard 
similar to those described in Question 
22.40, a different method is used for 
frequencies other than those normally 
supplied by the standard. As a rule, a 
secondary frequency standard supplies 
output frequencies which are multiples 
of a master crystal-controlled oscillator 
contained within the standard. For cal-
ibration of frequencies not supplied by 
the standard, Lissajous figures are em-
ployed in conjunction with an oscillo-
scope. 

Lissajous figures are not dependent 
on the applied frequency or frequen-
cies. The pattern indicates only the 
ratio existing between the applied fre-
quency and that of the standard. By 
proper interpretation of the patterns, 
various frequencies may be obtained 
using a single standard frequency. 
Headphones may be connected across 
the output of the uncalibrated oscilla-
tor to determine whether the output 
frequency is above or below that of 
the standard. This will be of help in 
the interpretation of the patterns. 

23./78 What does the term "zero 
beat" mean?—It is a well-known fact 
that when two frequencies are com-
bined or beat against each other, a 
third frequency called the difference or 
beat frequency is produced. The third 
frequency will vary if one oscillator is 
held constant and the frequency of the 
other is varied. 

Fig. 23-178A is a plot of the beat 
frequency against the audible range of 
frequencies. When the difference fre-
quency is above audibility, no sound is 
heard, as indicated by the shaded area 
of the graph. 

If the variable oscillator is varied 
from a low frequency, starting at the 
left and indicated by the letter (a), no 
sound is heard because the beat fre-
quency is above the range of audibility. 
Increasing the variable oscillator fre-
quency causes the difference or beat 
frequency to decrease until it reaches 
point (b). Here it is quite low in fre-
quency and sounds more like a series 
of clicks than a smooth tone. As the 
variable oscillator is continued toward 
the higher frequencies, the beat fre-
quency becomes lower and lower until 
it becomes inaudible. This is the point, 
called zero beat, at which the frequen-

:-.Ä130VE.`eubiBILITY_ 

r SLOW - BEATS i 

OSCILLATOR -1 
high' 

ZERO 
BEAT 

VARIABLE 

low 

AUDIBLE 
RANGE 

Fig. 23-178A. Relationship of a beat 
frequency to one fixed and one variable 

oscillator. 
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Fig. 23-1788. Two audio oscillators con-
nected in parallel to produce a differ-
ence frequency. The pads prevent the 
oscillators from pulling into the same 

frequency. 

cies of the two oscillators are exactly 
the saine. 

If the variable oscillator is passed 
through the zero point and its fre-
quency continues to be increased, the 
beat will be heard again and will in-
crease in frequency until it reaches 
point (d) and passes into the inaudible-
frequency area again. 

Oscillators may be calibrated using 
the beat method described by connect-
ing them in parallel and listening to 
their outputs with headphones. To pre-
vent the oscillators from being pulled 
in by each other, it is desirable to con-
nect a pad of 6- to 10-dB loss in the 
output of each oscillator, as shown in 
Fig. 23-178B. 

Beat-frequency oscillators are con-
structed using the previously described 
method of producing a difference fre-
quency, using radio-frequency oscil-
lators. Such oscillators are described 
in Question 22.51. 

23.179 What is an A/B test?—A 
comparison of two similar devices un-
der the same electrical, acoustical, or 
optical conditions, When such tests are 
made, as in the instance of speaker sys-
tems, the two speaker systems are con-
nected to a switching arrangement so 
that they may be switched while listen-
ing to program material using the same 
electrical or acoustical output levels. 

Generally, such tests are made under 
closely controlled conditions so that a 
direct comparison can be made and 
conclusions drawn. 

23.180 How can the null indication 
of an ac bridge be sharpened?—A poorly 
defined null indication is caused by the 
presence of a considerable amount of 
harmonics in the signal source being 

used to balance the bridge. The null 
indication can be sharpened by the use 
of a bandpass or low-pass filter in the 
signal source. 

23.181 How may an oscilloscope be 
used for measuring current?.—By mea-
suring the voltage drop across a shunt 
resistor connected in series with the 
circuit carrying the current to be mea-
sured. 
The screen of the scope is calibrated 

in voltage and the current calculated 
using the equation: 

E 
I = — 

R 
where, 
E is the voltage drop across the 

shunt, 
R is the resistance of the shunt in 
ohms, 

I is the current through the shunt. 

23.182 How may the sensitivity of 
a dc meter movement be measured?— 
By connecting the meter movement in 
series with a source of current, a vari-
able resistance and a milliammeter as 
shown in Fig. 23-182. The current is 
measured for a full-scale deflection of 
the unknown meter. 

23.183 Show a simplified method 
for measuring the impedance of a 
capacitor.—The capacitor to be mea-
sured is connected in parallel with a 
decade resistance box, a vacuum-tube 
voltmeter, and an oscillator as shown 
in Fig. 23-183. Resistor R of approxi-

R CAL.OEATR. 

UNKMCWN 
METER 

Fig. 23-182. Circuit for measuring the 
sensitivity of a dc meter movement. A 
milliammeter is connected in series with 
the unknown meter. The resistor R is ad-
justed for a full-scale deflection of the 

unknown movement. 

Fig. 23-183. Simplified circuit for mea-
suring the impedance of a capacitor. 
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rnately 10,000 ohms is connected in 
series with the output of the oscillator 
to raise its internal impedance. 
The measurement is made by first 

disconnecting the decade resistance box 
and setting the oscillator to 60 Hz for a 
convenient reading on the meter. The 
decade box is then connected and ad-
justed for a shunt value that will reduce 
the reading on the meter 3 dB below 
the reference point. The impedance of 
the capacitor is then equal to that of 
the decade box. 

The impedance measured in this 
manner is only at a frequency of 60 Hz. 
The impedance of the capacitor in-
creases with a decrease in frequency. If 
a number of capacitors are to be mea-
sured, the decade box must be discon-
nected, and the reference voltage re-
established for each capacitor. It will 
be noted that capacitors labeled to have 
the same capacitance will have slightly 
different impedances at the same fre-
quency. This is caused by variations in 
manufacturing tolerances. 

Electrolytic, paper, oil, and other 
types of capacitors also can be mea-
sured with this method. Approximate 
values of impedance at 60 Hz for capaci-
tors of different sizes are given below. 

Value Impedance Value Impedance 

(SF) (ohms) (PF) (ohms) 

0.10 26,500 40 66.5 

1.0 2655 100 26.5 

5.0 532 500 5.32 

10.0 265 2,000 1.33 

20.0 133 

23.184 How is an electronic switch 
connected to an oscilloscope for dis-
playing two signals simultaneously?—In 
the older-type oscilloscopes, dual-trace 

OSCILLATOR 

display was the exception rather than 
the rule. However, older instruments 
may be made to display multiple signals 
by the use of an electronic switch con-
nected to the vertical amplifier. 

If the input and output signals of an 
amplifier (or other device) are to be 
observed simultaneously, an electronic 
switch is connected to the input of the 
oscilloscope vertical amplifier, with a 
lead taken from the output of the signal 
under observation to the external trig-
ger circuit of the oscilloscope, to syn-
chronize and stabilize the display (Fig. 
23-184A). 
By proper adjustment of the elec-

tronic switch controls, the two wave-
forms can be separated for comparison 
and individual study. Three waveforms 
may be displayed by the use of two 
electronic switches, as shown in Fig. 
23-184B. 

Fig. 23-184C shows the appearance of 
a single waveform with a base line. This 
display is obtained by using one elec-
tronic switch. The two input gain con-
trols are set to zero, and the two hori-
zontal traces are superimposed by 
means of the position control. The gain 
control of the input signal to be ana-
lyzed is advanced for desired image size. 
The second gain control is left closed, 
providing the base line or trace. 

Fig. 23-184D shows two waveforms 
separated for comparison by adjusting 
the position control for the desired 
separation. 

Fig. 23-184E shows the appearance 
of two waveforms superimposed for 
direct comparison, while Fig. 23-184F 
shows two traces adjusted for phase 
difference measurement. The two traces 
are superimposed by means of the posi-
tion control, and then both gain controls 
are advanced until both of the wave-

SYNC SIGNAL 

AMPLIFIER 

ELECTRONIC 
SWITCH 

!OUT 

CRO 

o 

V 
o 

COMBINE 
A AND B 
SIGNAL 

Fig. 23-184A. Method of  tine an electronic switch for the simultaneous ob-
servation of two waveforms. 
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COMBINED 
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Fig. 23-184B. Method of  ting two electronic switches for the simultaneous 
observation of three waveforms. 

forms are clearly visible. The phase 
angle may be computed: 

= 180 — = degrees 
X3 

where, 
Xi is the distance between the lead-

ing edges of the two waveforms, 
X: is the distance between the two 
waveforms at their base line. 

Fig. 23-184G shows a pattern obtained 
by the use of two electronic switches 
connected in tandem for displaying 
three waveforms simultaneously. Two 
of the waveforms are superimposed by 
means of the position control of one 
instrument, while the other waveform is 
displayed by means of the position con-
trol of the second instrument. 

23.185 How may a cross-modula-
tion oscillator used for photographic-
film recording be tested for proper 
functioning?—The oscillator panel is ad-
justed for various output signal levels 
in a manner normally employed for re-
cording cross-modulation tests on film. 
The cross-modulation test panel con-
taining a 400-Hz bandpass filter is 
patched to the output of the oscillator 

Fig. 23-184D. Separation of two traces 
when using an electronic switch. 

Fig. 23-184E. Superimposition of two 
waveforms for direct comparison. 

Fig. 23-184C. Waveform with base line Fig. 23-184F. Measuring the phase angle 
when using an electronic switch. between two waveforms. 



1540 THE AUDIO CYCLOPEDIA 

Fig. 23-184G. Appearance of images 
when two electronic switches ore con-
nected in tandem for displaying three 

waveforms simultaneously. 

with a repeat coil between as shown 
in Fig. 23-185A. The repeat coil is a 
necessity to prevent leakage and the 
formation of ground loops. 

The cross-modulation products of 
the oscillator section are measured in 
the same manner prescribed for the 
measurement of sound tracks in Ques-
tion 18.233. A cross-modulation oscilla-
tor measured in this manner should 
show a cancellation of at least 60 dB or 
better. The harmonic distortion of the 
individual oscillators should not exceed 
2 percent. If the oscillator panel em-
ploys a fixed ratio of modulation be-
tween the oscillators, the percent of 
modulation may be measured by the 
use of an oscilloscope. The image on 
the oscilloscope screen, as in Fig. 23-
185B, is adjusted for a ten-line deflec-
tion above and below the center line of 

OSCILLOSCOPE 

Fig. 23-1858. Method used for the cal-
culation of percentage modulation of 
cross-modulation oscillator. This method 
of measuring percentage modulation may 
be applied to ony amplitude-modulated 

system. 

the graticule, or a total spread of 20 
lines. The percent of modulation may 
be computed: 

E... % modulation -I-  X 100 
— 

where, 
En... is the maximum swing of the 

carrier voltage, 
E.,,, is the minimum swing of the 

carrier voltage. 

If the percent of modulation is 75, the 
minimum swing will cover 2.86 lines, 
or a swing of 1.43 lines on each side 
of the center line. 

This method of measuring the per-
cent of modulation may be used for 
computing the percentage modulation 
for any amplitude-modulated system. 

23.186 How is the percent of modu-
lation of a radio transmitter measured? 
—The percent of modulation of a radio 
transmitter may be measured in two 
different ways. The first is to connect a 
coupling coil to the vertical amplifier of 
an oscilloscope and place it near the 
tank coil of the radio transmitter, as in 
Fig. 23-186A. A pattern of the modu-

Fig. 23-185A. C tions for measuring the cross-modulation products and per-
centage of modulation of a cross-modulation oscillator used for photographic film 

recording. 
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TRANSMITTER ANTENNA 
TANK CIRCUIT 

OSCILLOSCOPE 

Fig. 23-186A. Connections for measur-
ing the percentage modulation of a radio 
transmitter using a pickup coil near the 

tank circuit. 

E 
MAX. 

Fig. 23-1868. An rf carrier with modulo-
lion from setup of Fig. 23-186A. 

lated radio-frequency carrier will ap-
pear as shown in Fig. 23-186B. 

The second method consists of con-
necting the pickup coil to the vertical 
plates of the oscilloscope and connecting 
the horizontal plates to the modulation 
transformer of the radio transmitter to 
obtain an audio-frequency signal. (See 

MODULATOR 

FINAL 
AMP. 

RF PICKUP 

E 
MAX. 

-r-

_L 
E 

MIN. 

Fig. 23-186D. Trapezoidal modulation 
pattern from setup of Fig. 23-186C. 

Fig. 23-186C.) This results in a trape-
zoidal pattern as shown in Fig. 23-186D. 

23.187 How may the sound-trans-
mission loss of a motion picture screen 
be measured?--By placing the screen in 
front of a theater-type loudspeaker sys-
tem and measuring the acoustical sound 
level at a distance of 10 feet from the 
center of the screen, using a sound-
level meter such as described in Ques-
tion 22.94. 

After the level has been measured 
and noted, the screen is removed from 
in front of the speaker system and the 
acoustical level again measured. The 
difference between the two acoustical 
levels is the transmission loss of the 
screen at a particular frequency. 

Although there is no standard at the 
present time for such measurements, 
good engineering practice would indi-
cate that the loss at 6000 Hz should not 
exceed 2 dB with not more than 4 dB 
at 10,000 Hz, with reference to 1000 Hz. 
When such measurements are made, 
precautions must be taken to prevent 
the formation of standing waveforms 
in the area of measurement. 

23.188 How may the frequency re-
sponse of a loudspeaker be measured 

Fig. 23-186C. Connections for measuring the percentage modulation of a radio trans-
mitter using a trapezoidal pattern. 
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without an anechoic chamber?—ln the 
absence of an anechoic chamber, the 
loudspeaker to be used as a standard of 
comparison is set up in a room fairly 
free from reflections. (See Fig. 23-188.) 
A warbled tone from a warble oscil-

lator is applied to the amplifier driving 
the loudspeaker. The acoustic output of 
the speaker is picked up by a micro-
phone, amplified, and read on a VU me-
ter or vacuum-tube voltmeter. The mi-
crophone should be of good quality with 
a wide frequency response, preferably a 
ribbon-velocity or capacitor type. The 
microphone is mounted on the center 
axis of the speaker, approximately 2 
feet from the diaphragm. 

The amplifier system must be of uni-
form frequency response over a fre-
quency range greater than that to be 
measured from the loudspeaker. The 
acoustic level from the loudspeaker 
must be set to a value which does not 
overload the microphone acoustically or 
the preamplifier electrically. 

Frequencies of interest are applied at 
a constant level to the loudspeaker, as 
indicated by the meter across the output 
of the amplifier. The variations in the 
frequency response of the loudspeaker 
are picked up by the microphone and 
read on the meter connected across the 
output of the amplifier. The frequency 
response obtained thus is plotted with 
reference to 1000 Hz. 
The standard speaker is then re-

moved, the one to be compared is con-
nected in its place, and the same mea-
surement made again. The two response 
measurements are then compared by 
centering them on the 1000-Hz refer-
ence frequency. It should be borne in 
mind that a frequency-response mea-
surement obtained in this manner is 
not a true frequency response of either 
loudspeaker because of reflections from 
the walls of the room, variations.in the 
frequency response of the microphone, 
and other factors. However, if a loud-

WARBLE 
OSCIL-
LATOR 

VU 
METER , 

AMP   

• 

speaker of known quality is available, 
other loudspeakers may be compared to 
it and conclusions drawn. 
Somewhat better results may be ob-

tained if the measurements are made 
outdoors on a roof, pointing the speakers 
upward to prevent reflections. Distor-
tion and sensitivity measurements may 
be made with the same setup. Before 
attempting a measurement as described, 
the reader is referred to Question 23.80, 
which describes how the frequency re-
sponse of a microphone may be mea-
sured using the comparison method, as 
both have several factors in common. 
A relatively simple method, devised 

by D. E. L. Shorter and G. A. Briggs, is 
to place a microphone about 12 inches 
in front of the speaker or enclosure. The 
microphone is then covered with heavy 
woolen or blankets of Fiberglas. Fre-
quencies of interest are applied to the 
speaker and the response measured at 
the output of the microphone pream-
plifier. If the characteristics of the mi-
crophone are known, they may be 
taken into consideration when plotting 
the results. 

For frequencies of 1000 Hz or higher, 
the microphone is left at 12 inches. 
However, below this frequency the mi-
crophone is placed 36 inches away from 
the enclosure. It is claimed by the sug-
gesters that measurements made in this 
manner are within 1 dB above 1000 Hz 
and below this frequency within 2 dB 
of free-field measurements. 

23./89 What is the effect of 
making frequency, distortion, and power 
measurements with on inductive fermi-
notion?—Whenever an inductive termi-
nation is used for the preceding mea-
surements (such as a speaker), the 
frequency characteristics will show a 
rising characteristic, because of the in-
crease of the impedance of the termi-
nation with frequency. If such termi-
nations are used when a distortion mea-
surement is made, it is possible to have 

AMP 

ACOUSTIC CHAMBER j 

ATTEN. 

AMP 

TERM. 

 12) VU METER 

Fig. 23-188. Test setup for comparing one loudspeaker against another. This mea-
surement is a comparison only and should not be construed as a true measurement 

of the characteristics of either speaker. 
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(a) Series resonant. 

Fig. 23-190. Connections for 
exploring coil and meter for 
measuring magnetic fields. 

EXPLORING 
COIL 

TWISTED 
RNR 

erroneous measurements. If a capaci-
tive load is used, the terminating im-
pedance will show a decreasing output 
as the frequency is increased. Termi-
nating resistors must be noninductive 
and capable of carrying the full power 
output of the device under test. (See 
Question 23-56.) 

23.190 How can extraneous mag-
netic fields be explored?—By the use of 
an exploring coil and vacuum-tube 
voltmeter connected as shown in Fig. 
23-190. The exploring coil should con-
sist of a fairly large number of turns 
wound on an air core. The output from 
the coil is carried over a twisted pair 
in a shield which is grounded at the 
receiving end as shown. The step-up 
coil is required to bring the voltage 
from the coil to a level suitable for 
measurement by the vacuum-tube volt-
meter. A 30-ohm-to-50,000-ohm input 
transformer with 120-dB shielding 
makes a quite satisfactory transformer. 

23.191 How may the resonant fre-
quency of a parallel- or series-resonant 
circuit be measured1—As shown in Fig. 
23-191. The circuit to be measured is 
connected in parallel with the output of 

VTVP.4 

VTVM 

(b) Parallel resonant. 

Fig. 23-191. Method of measuring the 
resonant frequency of a series- or paral-

lel-resonant circuit. 

SHIELD 
30.n. r 

120 dB SHIELD 

50,000.n. 
,OE" 

an oscillator and a vacuum-tube volt-
meter. The frequency of the oscillator 
is varied until a dip or rise is noted 
on the meter. If the circuit is series 
resonant, the meter will dip, and if it is 
parallel resonant, the meter will rise to 
a peak. The resonant frequency is that 
frequency where the maximum rise or 
dip is obtained. 

23.192 How can it be determined 
which peak of a sine wave is being 
indicated on an oscilloscope?—By con-
necting a battery to the input terminals 
of the vertical amplifier and noting the 
deflection of the beam. If the beam is 
deflected upward when the positive pole 
of the battery is connected to the high 
side of the input, the instrument indi-
cates the positive peak of the sine wave 
when the trace is upwards. If the trace 
is deflected downward, the negative 
peak is indicated. 

23.193 If a sensitive meter is not 
available, how may the residual hum 
level of an amplifier be measured?—By 
measuring the hum voltage between 
the plate and ground of the final ampli-
fier stage, with the secondary of the 
transformer properly terminated. 

The hum voltage may be measured 
using a rectifier-type ac voltmeter, with 
a large capacitor connected in series 
with the meter to prevent it being 
damaged by the high dc voltage of the 
plate circuit. The hum power may then 
be calculated: 

E' 
Paum = X Zr 

where, 
E is the voltage measured between 

the high side of the primary and 
ground, 

Z1 is the primary impedance, 
ZOE, is the impedance ratio of the out-
put transformer. 

The result of the preceding measure-
ment is the hum level in milliwatts at 
the output-transformer primary wind-
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ing. The hum power is then converted 
to decibels: 

132 
dB = 10 Log» - 

P2 

where, 
PI is the hum level in milliwatts, 
P2 is a reference level (generally 1 

milliwatt). 

23./94 How may the internal noise 
of a vacuum tube be measured? — As 
shown in Fig. 23-194. Normal operating 
voltages and a resistive load are ap-
plied to the tube. The measurements 
may be made using either alternating 
or direct current on the heater. How-
ever, a higher noise level may be ex-
pected when alternating current is used. 

The vacuum-tube voltmeter is con-
nected to the plate circuit through a 
large coupling capacitor C to isolate 
the meter from the effects of the dc 
plate potential. The plate-load resist-
ance 14 is equal to the load resistance 
recommended by the manufacturer. The 
grid resistance Fir must not exceed that 
specified for the tube in question. The 
noise is measured in millivolts. 

23.195 Describe a standard voltage 
cell and its use.—The primary voltage 
standard is the Weston standard voltage 
cell, developed by Edward Weston in 
1892 and manufactured by the Weston 
Instrument Co. (Figs. 23-195A and B). 
The cell is of the saturated type, in-
tended for use under controlled con-
ditions as a primary standard of refer-
ence for the volt. Such cells are gen-
erally used in banks of five or more to 
permit crosschecking. The average vol-
tage for a single Weston saturated 
cadmium cell is 1.01863. Since the satu-
rated-type cell has a temperature co-
efficient of approximately 50 microvolts 
per degree centigrade, it is customary 
to hold the temperature to a selected 

RL 
(WIREWOUND) 

MILLIVOLT 
METER 

Fig. 23-194. Circuit for measuring the 
internal noise level of a vacuum tube. 

value around 30 degrees centigrade by 
means of an air or oil bath. Under these 
conditions the cell may be used as a 
precise standard with a high degree of 
stability. Voltage-correction tables for 

Fig. 23-195A. Weston Standard voltage 
cell, saturated cadmium type. 

WESTON STANDARD Cat 

Fig. 23-195B. Weston Standard voltage 
cell, unsaturated cadmium type. 
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Fig. 23-195C. Cross-sectional view of a 
Weston Standard cell showing the chem-
ical elements used in its construction. 
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temperatures between 20 degrees and 
40 degrees centigrade are furnished 
with each cell. 

Standard cells are labeled with their 
voltage, as determined in the laboratory 
before shipment, by comparison with a 
bank of similar cells, cross checked with 
a bank of cells at the United States Na-
tional Bureau of Standards. By inter-
national agreement, the 1.000330 is in 
absolute volts. 

In Fig. 23-195C is shown a cross-
sectional view of a cell, calling out the 
chemical elements used in its construc-
tion. When the cell is in use, it is bal-
anced against a variable voltage to pre-
vent the drawing of current from the 
cell. If an appreciable amount of cur-
rent is drawn from the cell (not more 
than 50 microamperes), it is left stand-
ing idle for several hours. The voltage 
will then return to normal. Also, if the 
cell is moved around, it must stand idle 
before being used. The internal resist-
ance of a single cell is 100 to 500 ohms. 
Any device calibrated from these stan-
dard cells is termed a secondary stan-
dard. (See Question 23.196.) 

23.196 How may a standard volt-
age be obtained for comparison pur-
poses?—In applications involving the 
standardization of ac and de voltages, 
two methods are available: the use of 
a standard voltage cell to which an un-
known voltage is compared, or the gen-
eration of a standard voltage accurate 
enough for the direct calibration of a 
meter. 

Calibration laboratories generally 
make use of a precision potentiometer 
device similar to that of Fig. 23-196 for 
voltage comparisons. By international 
agreement the absolute volt equals 
1.00030. Precision potentiometer boxes 
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R 

R2 

1000 A. 

AAA/ 
R3 
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used in the United States indicate inter-
national volts. 
To use the decade voltage box illus-

trated, the voltage across resistor R2 is 
first set to a value of exactly 1 volt by 
the calibration control Rl. The un-
known voltage is applied to the de input 
terminals and compared to the standard 
voltage by adjusting the decade resis-
tances R3 to R7 for a zero indication on 
the zero-center galvanometer M. The 
unknown voltage at null may be com-
puted by the formula: 

E— R2-1-14-1-R4-1-R4-1-R.+RT  

The push button in series with the 
meter is used only when the decades 
are adjusted for a null indication on 
the meter. Calibration resistor R.1 is a 
screwdriver adjustment and requires 
only infrequency adjustment. This con-
trol is set for exactly 1-volt drop across 
resistor R2 with the dc input terminals 
open. Input voltages up to 100 volts may 
be measured using the circuit shown. 
The accuracy of the measurement de-
pends on the accuracy of the decade box 
and the voltage across R2. 
A mercury cell may be used as a 

source of standard voltage, since the 
voltage of 1.345 volts remains fairly con-
stant throughout its useful life. (See 
Question 24.96.) 

Extremely accurate reference-voltage 
power supplies are also available for 
calibration purposes, having an ac-
curacy of 0.01 percent, with a stability 
of 0.001 percent per day, temperature 
coefficient of 3 ppm/"C from 0°C to 
+50°C, and with a hum and noise level 
of minus 100 dB. 

23.197 How may the characteristics 
of a vacuum tube be displayed on the 

DECADE RESISTANCE BOX 
10 STEPS EACH 

10 100 IN 

 MA, 
R4 R5 I R6 
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R7 
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INPUT 
 o-

Fig. 23-196. Standard voltage potentiometer box for determining an unknown volt-
age by comparing it against a standard source of voltage. 
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screen of a cathode-ray oscilloscope?— 
By the circuit shown in Figs. 23-197A 
and B. In Fig. 23-197A, the tube is self 
biased by means of fixed resistor Pik in 
the cathode circuit, with the correct 
value for the applied plate voltage. 
A source of variable bias voltage is 

applied to the control grid by means of 
a potentiometer, P. A small transformer 
with a secondary voltage of approxi-
mately 6 volts is connected in the 
ground side of potentiometer P. The 
internal sweep oscillator in the oscillo-
scope is turned to its off position. By 
holding the plate and control-grid vol-
tages constant and swinging the con-
trol grid to cutoff by injecting an ac 
voltage in series with the control grid, 
the tube characteristic is traced on the 
oscilloscope. 

Setting the dc control-grid bias 
voltage to different values will per-
mit a family of curves to be traced. 
Plate-voltage/plate-current characteris-
tic curves may be traced by holding the 
grid bias voltage constant and varying 
the plate voltage by means of an ac 
voltage, as shown in Fig. 23-197B. 

The ac voltage injected at the plate 
of the tube must be of such a value 
that the plate current is driven to zero 

on the negative swings of the ac vol-
tage. Pentode characteristics may be 
traced in a similar manner, except that 
a steady source of screen-grid voltage 
must be supplied. 

If a long-persistence type of cathode-
ray tube is used in the oscilloscope, 
several traces may be made at differ-
ent control-grid voltages and the traces 
held for several minutes for photo-
graphing. 

23.198 How is the frequency re-
sponse of a photocell measured using 
a chopper wheel?—As shown in Fig. 
23-198. A chopper wheel consists of a 
disc pierced near its periphery by a 
number of small holes. The wheel is 
placed between a source of light and 
the photocell which is connected to a 
preamplifier and a vacuum-tube volt-
meter. The chopper wheel is driven by 
a variable-speed motor. The number 
of holes in the wheel depends on the 
speed range of the motor and the fre-
quency bands to be covered. The light 
source should be fed from a source of 
regulated direct current. 

Precaution must be taken that the 
light source does not overload the 
photocell and that the voltage applied 
to the photocell is of the correct value. 

Fig. 23-197A. Circuit for displaying the grid-voltage versus plate-current character-
istics of a triode tube on an oscilloscope. 

AUTOFORMER 

Fig. 23-1978. Circuit for displaying the plate-voltage versus plate-current character-
istics of a triode vacuum tube on an oscilloscope. 
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CHOPPER 
WHEEL 

Fig. 23-198. Measuring the frequency response 
chopper wheel. 

The frequency measurements are made 
by establishing a reference frequency 
by regulating the speed of the motor 
to produce a given frequency. The bal-
ance of the measurements are made in 
a similar manner. The output voltage 
of a photocell is directly proportional 
to the amount of light falling on its 
elements. 

23./99 Give the design of an 
adapter for measuring the frequency 
characteristics of a phototube pream-
plifier.—Fig. 23-199 shows a circuit suit-
able for measuring the frequency re-
sponse of a preamplifier. The adapter 
consists of the two resistors and a ca-
pacitor contained within the dotted 
lines. The input of the adapter is fed 
from a 1:1 repeat coil. The output of 
the adapter plugs into the normal 
phototube connections to the amplifier 
as shown. 

Because of the high impedance and 
gain of a phototube amplifier, it is nec-
essary to place the resistors and capaci-
tor of the adapter in a shield. If the 
amplifier employs an input plug, the 

1:1 
REPEAT 
COIL 

of a photocell by the use of a 

circuit elements may be mounted in-
side the shell of a plug. 

The gain of an amplifier measured 
using the adapter with the values 
shown is not the true gain because of 
the voltage divider circuit formed by 
the two resistors R1 and R2. To obtain 
the true gain, a correction factor is 
used which may be calculated: 

dB = 10 Logio 

where, 
R1 is the shunt resistor, 
R9 is the series resistor. 

The value of R1 is always such that 
it supplies the correct termination for 
the repeat coil; thus, for a 250- or 600-
ohm coil, the terminating resistor would 
be one of these values. (See (g) of Fig. 
23-14D.) Resistor R2 is generally be-
tween 1 and 2 megoluns. 

The true gain of the amplifier is the 
measured gain using the adapter, plus 
the insertion loss of the adapter. The 
circuit shown may also be used for 

PHOTOTUBE 
ADAPTER 

.411. 

RI 

R2 

SHIELD 

Fig. 23-199. Input adapter used for measuring the frequency characteristics of a 
phototube preamplifier. 
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making harmonic or interrnodulation 
measurements. 

23.200 Describe the procedure for 
adjusting the frequency response of a 
record-reproducing channel using a fre-
quency test record.—Several different 
makes of test records are available for 
adjusting the frequency response of a 
reproducer chain. During the original 
recording of program material, the re-
cording channel is adjusted for a given 
recording characteristic known as the 
RIAA recording characteristic. (See 
Fig. 13-95 and Fig. 13-110.) Test records 
also use this characteristic. When this 
characteristic is reproduced, the repro-
ducer must have a frequency response 
inverse to the recording characteristic 
to produce a flat frequency response. 

The lateral velocity of a recording 
stylus may be expressed as: 

arrfa 
where, 
f is the frequency, 
a is the amplitude swing of the re-
cording stylus. 

Therefore a constant-velocity recording 
has increasing groove amplitude with 
decreasing frequency. Phonograph rec-
ords are normally recorded with the 
low frequencies reduced in velocity 
(constant-amplitude region) and the 
high frequencies increased in velocity 
(constant-velocity region). Decreasing 
the velocity of the lower frequencies 
during recording is done to limit exces-
sive lateral excursions of the recording 
stylus and to make more efficient use of 
the recorded area of the record. When 
such a record is reproduced, the low 
frequencies are restored to their origi-
nal amplitudes by a low-frequency 
post-equall7Pr. 

The increase of the velocity of the 
higher frequencies during recording in-
creases the signal-to-noise ratio during 
reproduction. When the record is repro-
duced, the amplitude of the high fre-
quencies is reduced by a high-frequency 
post-equalizer in the reproducer circuit. 

To properly equalize a reproducing 
channel, a VU meter or vacuum-tube 
voltmeter is connected across a resistive 
termination at the output of the repro-
ducing power amplifier (the termina-
tion must be resistive, not a speaker). 
The output level is adjusted for a nor-
mal listening level at the 1000-Hz refer-
ence frequency of the test record. 

As the record is played back, the 
equalizer controls of the reproducer 
system are adjusted for a flat response 
as read on the meter. If the overall 
frequency variation is within plus or 
minus 2 dB from the lowest to the high-
est frequency of the record, the re-
sponse may be considered to be satis-
factory. If a compromise must be made, 
the variation between 100 and 8000 Hz 
should, if possible, be held to within 
plus or minus 1 dB. After the correct 
frequency response has been obtained, 
the only deviation should be that re-
quired to compensate for room acous-
tics and speaker characteristics. 

For monitoring in commercial in-
stallations, the reproducer equalizers 
are fixed and are complementary to 
the recording characteristic. Corrections 
required for room acoustics or speaker 
characteristics are connected in the 
monitor system. This leaves the equal-
ization fixed and supplies a standard 
of listening quality. 

In home reproducing equipment the 
equalization is included in the pickup 
preamplifier and is therefore fixed. 
However, if the test record is played 
back with the variable controls set for 
a flat frequency response, the mea-
sured response should be well within 

the plus or minus 2-dB limits. 
23.201 What are the techniques for 

measuring the characteristics of equip-
ment located at a point remote from 
the transmission-measuring equipment? 
—If the power capabilities or distortion 
characteristics are to be measured on 
an amplifier located at a point some 
distance from the transmission equip-
ment, the output of the amplifier must 
be terminated in a noninductive load 
resistor at the output terminals of the 
amplifier. This will eliminate the dc 
resistance of the transmission line and 
prevent a power loss or a mismatch of 
Impedances. 

Transmission lines are, as a rule, 
composed of number 20 or 22 wire and 
are not designed to carry any amount 
of power. When the amplifier is termi-
nated as stated, only the voltage across 
the output termination appears on the 
transmission line and is measured by 
the VU meter of the transmission set. 
In some instances, the termination in 
the transmission set will cause the am-
plifier to oscillate because of the long 
line. Feedback between the transmis-
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sion-line pairs will also cause oscilla-
tion. 

If the input of the amplifier is 
grounded, a repeat coil should be con-
nected between the send terminals of 
the gain set and the amplifier (if the 
gain set does not contain one perma-
nently). If the amplifier is designed for 
bridging, a termination is connected at 
the input terminals of the amplifier. 
Connecting the termination at the am-
plifier is not always necessary if the 
amplifier is ‚measured frequently. It 
may be terminated at the transmission 
set after an initial measurement has 
been made to determine if the fre-
quency characteristics are affected. 

Before making any measurement at 
a remote point, a turnover test (see 
Question 23.58) should be made to de-
termine if any unbalance in the test 
setup exists. A good point to remember 
in making remote transmission mea-
surements is that the ground at the 
remote point must be separated from 
any grounds at the transmission equip-
ment. This is accomplished by inserting 
a repeat coil in the send circuit. 

Noise measurements are sometimes 
rather difficult to make on equipment 
at a distance from the noise-measuring 
set. If difficulty is experienced, the best 
way is to terminate the output of the 
equipment at its terminals and measure 
the noise with a vacuum-tube volt-
meter. 

Equalizers and filters are measured 
in the manner described in other parts 
of this section. Precautions must be 
taken to eliminate ground loops and 
to insert repeat coils where necessary, 
because such devices are prone to pick 
up a considerable amount of noise. 

The measurement of a complete re-
cording channel light modulator or a 
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similar device generally does not pre-
sent any particular problems and may 
be accomplished using the techniques 
described elsewhere in this section. 

23.202 How is the frequency re-
sponse of a wave filter affected if the 
test oscillator has a high percent of har-
monic distortion?—If an 80-Hz high-
pass filter is under test and the test os-
cillator has strong harmonics at 40Hz, 
the frequency response below 80 Hz 
will be affected. If the oscillator har-
monics at 40 Hz are appreciable, the 
response at 40 Hz will never be down 
more than the amplitude of the har-
monies at the 40-Hz frequency. 
To ensure the correct frequency re-

sponse being measured, the test oscil-
lator should not have more than 0.25 
percent total rms harmonic distortion. 

23.203 Describe a visual method for 
checking diode rectifier units.— The 
characteristics of zener diode and reg-
ulator diode rectifiers may be displayed 
on an oscilloscope as shown in Fig. 23-
203. The horizontal plane of the oscillo-
scope represents the voltage developed 
across the diode, while the junction 
voltage is displayed in the vertical 
plane. Typical displays for good and 
bad diodes are given below the cir-
cuitry. The forward conduction trace 
may be eliminated by connecting a gate 
diode in series with the 50-ohm resis-
tor. 

23.204 Describe the procedure for 
measuring the de breakdown voltage of 
a zener diode.—The diode is connected 
as shown in Fig. 23-204. The current 
through the diode is adjusted by means 
of resistors Rl and R2, which are fed 
from a source of constant-current. The 
diode current is read on meter MI. As 
the voltage is increased beyond the 
specified breakdown, the current in-

L 
LOW E HIGHZ 

POOR 
RECTIFICATION 

Fig. 23-203. Circuit for measuring the rectification qualities of a semiconductor 
diode rectifier. 
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Fig. 23-204. Circuit for measuring the 
dc breakdown voltage of a zener diode. 

creases rapidly with very small in-
creases of voltage. Therefore the break-
down voltage is nearly constant over a 
considerable current range. The cur-
rent is maintained through the diode at 
its rated value, and breakdown voltage 
is read on meter M2 across the diode. 

23.205 How is dynamic breakdown 
impedance of a zener diode measured?--
The breakdown or dynamic impedance 
of a zener diode is the small-signal im-
pedance at a specified value of direct 
current in the breakdown region of the 
diode. A small value of rills current is 
superimposed on the de current, and 
the resulting voltage drop across the 
diode is measured, as in Fig. 23-205. 
Dynamic impedance is an important 
consideration in diode regulators, since 
it establishes the reverse volt-ampere 
characteristics of a diode. A low imped-
ance ensures better regulating action. 
The value of the dynamic impedance 

varies with junction current and the 
diode rating. For example, a 27-volt, 
%-watt zener has a breakdown imped-
ance of 50 ohms, while one for the same 
voltage rating but with a 1-watt power 
rating has a breakdown impedance of 
28 ohms. 

In dynamic impedance measure-
ments, the diode current is set for 20 
percent of the maximum diode current 
rating as read on meter Ml, by adjust-
ing the resistors R1 and R2 in conjunc-
tion with the dc supply voltage Es.. An 
ac voltage from transformer Ti is ap-
plied through R3, Cl, and the imped-
ance of the zener diode. The ac current 
is adjusted for a value of 10 percent of 

Fig. 23-205. Circuit for 

the de current, and is read on meter M2. 
When these conditions have been 

established, the ac voltage developed 
across the junction is read on ac volt-
meter M3. The dynamic impedance may 
now be computed: 

V... 
Dynamic Impedance = 

where, 
V.., is the ac voltage across the diode, 
L.. is the ac current through the di-

ode. 

23.206 How is an oscillator employ-
ing a cathode-follower output coupled to 
an external circuit?—Oscillators em-
ploying a cathode follower and voltage • 
divider network in the output are gen-
erally of the economical type and offer 
several difficulties in coupling to an ex-
ternal load circuit, where an input 
transformer is concerned. 

In (a) of Fig. 23-206 is shown the 
output circuit of an audio oscillator, 
using a cathode-follower tube in the 
output stage and a voltage divider net-
work for adjusting the output voltage 
in conjunction with the variable control 
of the oscillator-amplifier generator 
section. Output circuits of this type 
generally develop about 10 volts of sig-
nal voltage and are designed primarily 
for use with equipment employing a 
high-impedance input, such as resist-
ance-coupled amplifiers. 

Three effects are noted when this 
output circuit is used. First, if the volt-
age divider control is set to a value be-
low maximum, and an input trans-
former of 150 to 600 ohms of impedance 
is connected across the output, the 
shunt resistance of the voltage divider 
is 100 ohms in parallel with the trans-
former primary. This can have serious 
effects on both the frequency and dis-
tortion characteristics of the trans-
former. 

Second, when a circuit of low imped-
ance is connected in parallel with the 
voltage divider, the harmonic distor-
tion of the cathode-follower stage is 

measuring the dynamic breakdown impedance of a zener 
diode at a specified value of direct current. 
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Fig. 23-206. Output stage of an oscillator using a cathode follower. (a) Normal cir-

cuit. (b) Circuit for increasing the output impedance or presenting a given imped-

ance. (c) Use of a repeat or isolation coil. 

increased because of the loading effect 
of the voltage divider, with the low im-
pedance of the input circuit (in paral-
lel) being reflected back to the cathode 
circuit. This is most noticeable in the 
1000-ohm maximum output position. 
A third effect, though not always 

serious, but one that must be taken 
into consideration, is leakage current 
through the electrolytic capacitor to 
ground through the voltage divider. Al-
though the current is quite small its 
presence can affect the frequency and 
core material characteristics of certain 
types of transformers. Only an electro-
lytic capacitor of low-leakage charac-
teristics can be used for coupling be-
tween the cathode circuit and the up-
per end of the voltage divider. 
To avoid the effects just mentioned, 

a 600-ohm resistor R1 in (b) of Fig. 
23-206 is connected in series with the 
output to prevent the external circuit 
from seeing less than 600 ohms as the 
switch is moved from the top of the 
divider network to lower values. If a 
true 600-ohm source impedance is re-
quired, an additional resistor R2 is 
connected in shunt with the input cir-

cuit. It should be remembered that 
when these additional resistors are 
connected, the available signal voltage 
from the signal generator is reduced. 

Another effect sometimes encoun-
tered is the increase of oscillator dis-
tortion when the output control of the 
oscillator is turned toward maximum 
output. This is caused by possible over-
loading of the output stage, and it can 
be avoided to some extent by operating 
the output control at its lowest position 
in keeping with the required output 
voltage. 
When the output of the oscillator is 

connected directly to a resistance-cou-
pled amplifier or one having a ground 
on one side of the input circuit, the low 
potential or ground side of the oscilla-
tor must be connected to the grounded 
side of the input circuit. If hum or noise 
is encountered, it can sometimes be 
eliminated by reversing the ac plug, 
either to the oscillator, amplifier, or 
both. Noise and hum frequencies can 
also be eliminated by connecting a 1:1 
repeat coil between the oscillator output 
and the input of the equipment under 
test, as shown in (c) of Fig. 23-206. 
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The output circuit discussed should 
not be confused with oscillators using 
ladder-type output attenuator net-
works, as such networks are designed 
to present a constant output impedance. 
Networks of this design have little or 
no effect on the oscillator distortion, 
regardless of the setting of the output 
control. 

23.207 How is instantaneous peak 
power of an amplifier related to sine-
wave power?---1f the amplifier output 
signal is of sine-wave character (0.5 to 
2 percent), the instantaneous peak 
power is 1.414 times the rms value of 
the sine wave. As power is proportional 
to voltage squared, the instantaneous 
peak power is 1.4142, or twice the sine-
wave power. Thus, an amplifier with a 
power output of 50 watts has an in-
stantaneous peak power of 100 watts. 
This calculation is often used by manu-
facturers to rate their amplifiers in peak 
power. 

Although the preceding discussion 
from a theoretical standpoint is correct, 
in practice it is not generally correct. 
To measure the actual peak power of 
an amplifier, the internal power supply 
voltage would have to remain at its no-
signal value without variation, regard-
less of the demand for additional cur-
rent as the power output is increased. 
If this condition can be satisfied (and 
it never is), then the peak-power rating 
may be stated by doubling the power 
output. 

In the original Institute of High Fi-
delity (II-IF) Standard A-200-1958, the 
constant-voltage method was recom-
mended for the measurement of peak 
power. This method is still in the new 
Standard A-201-1966 and may be used 
if desired. 

RAYSISTOR 
OC-1122 

MODULATOR 

A much better method is given in 
the Standard using tone-burst tech-
niques, which results in a measurement 
of the amplifier actual peak power, 
using its internal power supply. (See 
Questions 23.208 and 23.209.) 

23.208 Describe the method used 
for measuring music power output of an 
amplifier.—Music power-output ampli-
fier measurements are made under 
somewhat similar conditions occurring 
when the amplifier is playing complex 
waveforms, as might be found when 
reproducing music and speech wave-
forms. Such measurements are made by 
applying short bursts of a 1000-Hz sine-
wave input signal of low distortion (0.10 
percent or lower) to the amplifier. The 
rise time of the tone burst or modulator 
should approximate that of the envelope 
rise time of speech and music (for 10 
to 90 percent of input voltage), which 
is on the order of 10 to 20 milliseconds. 
(See Question 22.74.) 
A distortion-factor meter (DFM) is 

connected across the amplifier load re-
sistor and an oscilloscope to the out-
put terminals of the DFM. The sine-
wave output of the DFM (100-percent 
calibrate position) is used to calibrate 
the peak-to-peak deflection of the os-
cilloscope in terms of steady-state DFM 
indication. For convenience, the os-
cilloscope graticule may be calibrated 
to read directly in terms of power out-
put. The turn-on voltage (dc) of the 
modulator is used to trigger a single 
horizontal sweep of the oscilloscope. 
The test circuit is given in Fig. 23-208A. 
The input signal is modulated by 

means of a simple device consisting of a 
light source and a photoresistive ele-
ment assembled in a light-tight case. 
The photocell is a polycrystalline semi-

AMPLIFIER 
UNDER TEST 

VM 

OSCILLOSCOPE 

Fig. 23-208A. Test circuit for making music power output measurements. 



AUDIO-FREQUENCY MEASUREMENTS 

conductor with a light source consisting 
of a small incandescent lamp. Advan-
tage is taken of the time delay offered 
by the lamp filament in coming up to 
full brilliancy, to acquire the 10- to 20-
millisecond rise time corresponding to 
an average speech or music rise-time 
envelope. In its dark condition the pho-
tocell has about 2-megohm resistance 
and in the light about 200 ohms, thus 
providing a range of approximately 60 
dB from dark to light. (Some leakage 
occurs through the 2-megolun resist-

400Hz 

h 

DECAY 
TIME 

MEASUREMENT 

o I  10 20 30TIME 

1- MILLISECONDS -I 

Fig. 23-2088. Appearance of signal at 
output of modulator. 

Fig. 23-208C. Tone-burst unit used for 
measuring dynamic amplifier distortion. 

O tO 20 

Fig. 23-208D. Envelope shape of modu-
lated sine-wave signal. The distortion 
and power output measurements are 
made during the last 10 milliseconds. 
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ance in the dark condition.) This device 
connected in series with the input pro-
vides a convenient method of control 
for the input signal. The appearance of 
the input signal at the output of the 
modulating device appears as shown in 
Fig. 23-208B. The assembled photocell 
device is shown in Fig. 23-208C. It will 
be observed that the rise time (Fig. 23-
208D) is rapid, while the decay time 
trails out. A tone-burst generator may 
be substituted for the modulator, pro-
vided it can be adjusted for the 10- to 
20-millisecond rise time. (See Question 
22.139.) 
The oscillator signal, after passing 

through the modulator unit, is applied 
to an attenuator and then to the am-
plifier. The output of the amplifier is 
terminated in its specified load resist-
ance with a noninductive resistance 
capable of carrying the full power out-
put of the amplifier. A voltmeter con-
nected across the load resistance indi-
cates the output level, and a DFM and 
oscilloscope complete the circuit. Line 
voltage must be supplied from a well-
regulated source with not more than 
2 percent of THD. (See Question 
23210.) 

After establishing the sine-wave out-
put level (this is accomplished by turn-
ing on the pulse for a constant output) 
with the DFM set to calibrate (sine-
wave 100 percent), the oscilloscope in-
put attenuator is adjusted for a refer-
ence output power. The DFM is then set 
to distortion and a measurement is 
made in accordance with the normal 
procedure for the particular DFM being 
used. 

The modulator switch is now closed 
and the distortion is measured using 
the 10- to 20-millisecond period of the 
pulse as indicated (Fig. 23-208B). Ob-
serving the character of the oscilloscope 
display will reveal several factors not 
generally known about amplifiers, such 
as the effect on the output signal for 
a heavy surge. Here the signal may 
overshoot and then drop and rise again, 
or it may have the appearance as in 
Fig. 23-208E. At periods where the 
power supply fails to deliver the re-
quired voltages with a consequent drop 
in output power, the storage and re-
covery times of the filter capacitors may 
be readily observed. 

Since a DFM may generate a low-
frequency transient with a rapidly ris-
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Fig. 23-208E. Distortion waveform appearance at output of distortion meter, as 
viewed on on oscilloscope. 
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Fig. 23-208F. Power output and distortion curves for two imaginary amplifiers. The 
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Fig. 23-208G. Harmonic distortion versus 
power output. Curve 1 is the steady-state 
output using a sine wave. Curve 2 is the 

output in terms of music power. 

ing input signal and may also indicate 
the modulated signal sidebands as dis-
tortion, the vertical peak-to-peak de-
flection of the oscilloscope between 10 
and 20 milliseconds after reaching 90 
percent of the maximum input voltage 
is taken as the measured distortion, 
provided that the TIED of the input sig-
nal is sufficiently low. The output sig-
nal level of the amplifier is similarly 
measured in the same time interval. 
Care must be taken that the transients 
generated due to turn off of the signal 
by the modulator have decayed to a 
negligible amount before proceeding to 
the next measurement. This method of 
measurement assumes that primarily 
only one harmonic distortion component 
is created by the amplifier and there-
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fore a peak-to-peak reading is equiva-
lent to a DFM reading. 

Four terms used frequently with 
music power measurements are refer-
ence distortion, reference output dis-
tortion, rated distortion, and rated out-
put power. Reference power and refer-
ence distortion are values claimed by 
the manufacturer, and rated power and 
rated distortion, all the values found 
from continuous power or music power 
measurements, are set forth in Institute 
of High Fidelity Standard (IHF) A-
201-1966. 
Two terms used in conjunction with 

determining the rated output of an am-
plifier are continuous power output, and 
transient distortion. Continuous power 
is the output power an amplifier is 
capable of delivering for 30 seconds 
with a sine-wave input signal. Tran-
sient distortion is a measurement of 
power output, taking into account the 
change in power-supply voltages under 
heavy signal demands and its recovery 
time. It has been found that amplifiers 
can deliver from 20 to 30 percent more 
power under music-power tests than 
for a continuous sine-wave signal. It is 
not unusual for an amplifier to deliver 
considerably more music power for a 
short time, with less distortion; how-
ever, a low-frequency transient is cre-
ated by the power-supply ripple or 
modulation and is measured as distor-
tion. Thus, the dynamic rating of an 
amplifier depends on its continuous 
power-output capabilities and transient 
distortion measurements. The measure-
ment that results in higher distortion or 
lower power output determines the 
final rating of the amplifier. (See Ques-
tion 23.209.) 
The rated power bandwidth of an 

amplifier is defined by the two fre-
quencies (low and high) where the 
curve of distortion versus frequency 
taken at a level 3 dB below the refer-
ence output crosses the reference dis-
tortion line. (See Fig. 23-7J.) 

In plotting the results of music power 
output measurements graphically, a 
somewhat different method of presenta-
tion is used (Fig. 23-208F). Here are 
shown two imaginary amplifiers A and 
B with identical reference values 
(claimed by the manufacturer) and the 
characteristic found after measure-
ments. Both amplifiers were rated 0.6 
percent of THD at 25 watts of output. 
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The manufacturer's values are entered 
on the graph as shown by the dotted 
lines. It will be noted that 3 >< 5-cycle 
log-log paper is used for plotting rather 
than the conventional semilog paper. 
Using log-log paper allows the distor-
tion characteristic to be plotted at the 
lower operating levels and permits the 
effects of crossover distortion in tran-
sistor amplifiers to be more easily pre-
sented. Measurements are made at 3, 7, 
10, 13, 17, and 20 dB (and lower) below 
the reference power output level (for 
this example 25 watts), at frequencies 
between 20 and 20,000 Hz. 

For continuous power-output mea-
surements (constant sine wave), the 
signal is to be applied for not less than 
30 seconds. Resulting measurements for 
both continuous output and transient 
output are plotted in the same manner 
as given in Fig. 23-208F. The measure-
ments are to extend from a point 30 dB 
above the residual hum and noise to 
five times the reference distortion. 
The rated continuous output is taken 

at the intersection of the continuous 
output-versus-distortion curve with the 
reference distortion line. Referring to 
the plot of amplifier A, the distortion 
and power output claimed by the man-
ufacturer meet the reference distortion 
and power output; therefore the am-
plifier is rated at the point where the 
reference and the measured distortion 
cross. However, for amplifier B the 
measurements indicate it failed to meet 
the manufacturer's claim, and that 
crossover distortion is introduced by 
the class-B output stage. This is indi-
cated by the rise in distortion between 
1 and 7 watts of output. 

It is not unusual to find in a well-
designed amplifier that the music power 
output is 10 to 30 percent higher than 
for the sine-wave power condition Fig. 
23-208G illustrates the difference in the 
power output under transient condi-
tions and continuous output conditions. 
Curve 2 indicates about 20 percent 
more power output is obtained at 0.5 
percent of distortion than for curve 1, 
the same distortion using a steady-
state sine wave. (See Questions 23.209 
and 23.210.) 

23.209 Why does an amplifier 
tested for music power output develop 
greater power than when tested using a 
continuous sine wave?—In the operation 
of any amplifier, the power developed 
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in the various stages is supplied by a 
power transformer whose voltage is 
rectified, filtered, and then applied to 
the transistors or vacuum tubes in the 
amplifier. Since all components in the 
power-supply circuits have resistance 
and resistor voltage-dividing networks 
are used, there is a considerable voltage 
drop in the power supply before the 
operating voltages are applied to the 
amplifier stages. 
When a signal is applied to the input 

of an amplifier and the various stages 
increase their current demands, the no-
signal de voltage drops in the voltage 
divider circuits are increased, thus de-
creasing the operating voltages from 
their no-signal parameters. Therefore 
the amplifier stages do not always oper-
ate in the most desirable portion of 
their characteristics, and as a result 
lower power is developed in the output 
stage, and distortion is increased. 

The ideal type of power supply 
would be one that has no de voltage 
drop and in which the operating volt-
ages remained at the no-signal value, 
regardless of the current demands. In 
practical amplifiers this situation is not 
possible. However, some of the difficulty 
is overcome by the fact the filter capac-
itors (if large enough) during the 
periods of no- or low-current demands 
are charged to almost the operating 
voltage, and as the signal changes in 
amplitude and the current demands in-
crease, the filter capacitors supply the 
additional current, thus reducing the 
voltage variations to some extent. 

If a constant-amplitude sine wave of 
low distortion is applied to the input of 
an amplifier, and the input level is in-
creased to the point of maximum power 
output, the dc operating voltages will 
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decrease and the distortion will in-
crease. However, if the same signal is 
applied in short bursts to the input 
(tone burst), the current demands are 
of short duration, and the demand for 
additional current is supplied by the 
filter capacitors in the power supply. 
Therefore the amplifier power output 
is affected very little. 

The fact is that amplifiers used for 
the reproduction of speech and music 
do not operate with steady-state sine 
waves, but with complex waveforms of 
speech and music. The current demands 
are for very short periods, and the filter 
capacitors can generally supply the ad-
ditional current demands. Therefore 
amplifiers tested using a steady-state 
signal (continuous sine wave) do not 
result in a true picture of the amplifier 
operating capabilities. This is why the 
IHR Standard specifies amplifiers are 
to be rated as to both their music power 
output and continuous power output. 

Because of the difficulty in making 
distortion measurements on amplifiers, 
considerable research has been done in 
the art of tone-burst measurements. 
Amplifiers with a given power rating 
for continuous output with a sine wave, 
will often show from 10 to 30 percent 
more music power output with tone-
burst techniques. It is the policy of 
most manufacturers to rate their am-
plifiers for both continuous and music 
power output. The subject of music 
power measurements is discussed in 
Question 23.208. (See Question 12.230.) 

23.210 Describe the effect of a 
changing line voltage on the power out-
put, harmonic and intermodulation dis-
tortion of an amplifier.—Amplifiers as 
a rule are designed for a given power 
output at a given line voltage. The ef-
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Fig. 23-210A. The effect of a changing line voltage on the power output of an am-
plifier at 20 Hz. The harmonic and intermodulation distortion were measured simul-

taneously with the change in line voltage. 
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23-210B. Circuit for measuring the effect of line voltage 
distortion of an amplifier. 

fects of a changing line voltage are not 
too noticeable above a frequency of 100 
Hz. However, below this frequency if 
the line voltage is reduced, the power 
output of an amplifier can drop ofl at a 
surprisingly rapid rate and the distor-
tion is increased as evidenced by the 
curve shown in Fig. 23-210A. 
To illustrate the procedure for mak-

ing such a measurement, it will be as-
sumed that a 25-watt amplifier is to be 
measured. The setup for this discussion 
will be as shown in Fig. 23-210B. The 
line voltage is set to 117 volts, using a 
meter of at least 1-percent accuracy 
and of the thermocouple type if avail-
able. The line voltage is adjusted by 
means of a variable-voltage transformer 
fed from a constant-voltage trans-
former. This latter transformer should 
be of the low-harmonic type. The con-
stant-voltage transformer is not an ab-
solute necessity, but it does help to 
smooth out small variations in the line 
voltage. If it is used, its waveform dis-
tortion should not exceed 2-percent 
THD. A 1000-Hz signal is applied to the 
input of the amplifier and the level is 
adjusted for a 25-watt output. At this 
point, a turnover test is made to deter-
mine if any unbalance in the test cir-
cuit exists, as discussed in Question 
23.58. 

The output termination must be 
within plus or minus 1 percent of the 
rated output load resistance and must 
be capable of carrying the full output 
of the amplifier without changing its 
resistance when hot. This subject is 

OSCILLOSCOPE 

on the power output 

discussed further in Question 23.56. 
The voltage across the termination for 
25 watts may be computed: 

E= VT2- )—< .B. or P=V/R 

where, 
P is the output power in watts, 
R is the load resistance in ohms. 

At a line voltage of 117 volts and an 
output of 25 watts, the harmonic distor-
tion is measured at 20 Hz. The line 
voltage is now reduced torzero, and the 
amplifier is allowed to cool for about 
5 minutes. The line voltage is then 
slowly brought up to 90 volts and the 
amplifier is permitted to warm up 
thoroughly. The output level is then 
computed, and the harmonic distortion 
is measured. 

If external equipment such as an os-
cilloscope, distortion-factor meter, or a 
voltmeter are left connected perma-
nently across load termination I11,, the 
actual load resistance is the impedance 
of the various instruments in parallel 
with the load resistance. The exact 
value may be calculated by the use of 
Ohm's law for parallel resistances. (See 
Question 25.127.) 

Throughout this series of measure-
ments, the line voltage should never be 
allowed to overshoot, but should be 
brought up to its correct value slowly 
so as not to heat the circuit or charge 
the filter capacitors above that nor-
mally produced by a low line voltage. 
If there is any doubt as to the accuracy 
of the measurement, the line voltage 
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should be reduced to zero, the amplifier 
permitted to cool off, then the voltage 
again brought up to the desired value 
and the amplifier allowed to warm up 
until the output reaches a maximum. 
The line voltage may then be slowly in-
creased to the next higher value. 

After the harmonic-distortion mea-
surements have been completed, the 
same procedure is followed as for mak-
ing intermodulation tests. Precautions 
must be taken to use equivalent sine-
wave voltage for setting the output 
power when intermodulation measure-
ments are made, as the amplifier can be 
badly overloaded. A table of equivalent 
sine-wave power voltages is given in 
Fig. 23-113B. A study of the results ob-
tained in this manner indicates that the 
output cannot be obtained from an am-
plifier operating under conditions where 
the line voltage is an appreciable 
amount below that specified by the 
manufacturer. 

The drop-off in power at the lower 
frequencies is due to the lower plate 
and heater voltages. In a transistor am-
plifier this is also true, and although 
there are no heaters, the voltage to the 
collector will be lower and this affects 
the overall gain. 

The problem of voltage regulation is 
not an easy one to overcome, and to do 
so increases the cost of manufacturing, 
plus adding weight and components not 
in the normal amplifier. To correct for 
wide voltage variation a plate-filament 
transformer of constant-voltage design 
may be substituted for the regular 
power transformer. However, even this 
does not completely satisfy the situa-
tion. Voltage regulator tubes or zener 
diodes and thermistors are required to 
complete the regulation. 

Although the previous discussion 
paints a rather black picture for vary-
ing line voltage unless the amplifier is 
being used to supply a constant output, 
it may not be of too much importance, 
particularly in the home. Where the 
amplifier is used in a critical position, 
steps must be taken to regulate the in-
coming line voltage and the internal 
circuitry of the amplifier. (See Question 
23.7.) 

23.211 How are amplifier stability 
tests made?—Stability tests are to de-
termine how stable an amplifier is un-
der normal operating conditions. The 
amplifier is first operated without an 

input signal. The output load resistance 
and the input resistance are varied from 
1/100 of the normal values to open cir-
cuit and monitored with an oscilloscope 
across the output load termination for 
signs of oscillation or an increase in 
hum and noise. Similar tests are made 
using a capacitance ranging from 100 
pF to 10 µF, and with inductive values 
from 10 µH to 1 H. The oscilloscope 
used for these tests must have a band-
width of at least 2 megahertz or greater. 
If the amplifier passes these tests, it 
may be rated to be stable under a no-
signal condition. The same tests are 
then repeated, with an input signal 
ranging from 20 to 20,000 Hz. 

Generally, oscillations (if any) will 
be observed above 20,000 Hz. This may 
be checked by the connection of a 
20,000-Hz high-pass filter between the 
output of the amplifier and the input 
to the oscilloscope while a low-fre-
quency signal is applied to the input. 
Low-frequency oscillation is checked 
by the use of a low-pass filter in the 
output, with a high-frequency signal 
applied to the input. Caution must be 
observed that power supply ripple or 
distortion components of the input sig-
nal are not mistaken for oscillation. The 
input impedance of the filter network 
is considered to be a part of the load 
impedance. If the amplifier passes the 
latter test, it may be rated as uncon-
ditionally stable under signal condi-
tions. 

23.212 Describe the measurement 
of damping factor.—Damping factor is 
a measurement of the regulation of an 
amplifier, and it is an indirect mea-
surement of the output impedance. It 
is the ratio of the output voltage (un-
der standard conditions) to the mea-
sured output voltage change when the 
output load is removed. Damping fac-
tor is measured between 20 and 20,000 
Hz to determine the effect of frequency. 
It is measured at a given reference out-
put level and then at several succes-
sive 10-dB steps below the reference 
output level. This latter test will bring 
to light any effect due to change in op-
erating levels. The results are plotted 
on 3 x 5 log-log paper to show effects 
of frequency with respect to damping 
factor. 
The rated damping factor is that 

value measured at 1000 Hz at a refer-
ence output level. Regulation is the in-
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verse of damping factor, expressed in 
percent. (See Question 20.103.) 

23.213 How are amplifier sensitiv-
ity measurements made?—The sensitiv-
ity of an amplifier is a measure of its 
ability to produce a given power output 
for a given signal voltage at the input. 
The measurement is made by applying 
a signal to the input and measuring the 
power output for each increase of input 
voltage up to the rated power output. 
The result is plotted as input voltage 
versus power output, as shown in Fig. 
23-213. The plot in Fig. 23-213 is for an 
amplifier capable of developing 100 
watts of power output with a total har-
monic distortion of less than 1 percent. 

5 

4 

3 

2 

I
N
P
U
T
 V
O
L
T
S
 A
T
 I
 k
H
z
 

0 0 20 30 40 50 60 70 83 90 100 
POWER OUTPUT WATTS 

Fig. 23-213. Sensitivity for a 100-watt 
power amplifier, plotted input volts at 

1000 Hz versus power output. 

23.214 How are the effects of line 
noise measured?—The method specified 
in HU` Standard A-201-1966 is shown 
in Fig. 23-214. The amplifier is con-
nected as for a normal noise measure-
ment. An audio oscillator is connected 
by means of a step-down transformer 

LINE 

AUTOTRANSFORMER 

AUDIO 
OSO. 

1559 

in series with the low-potential side of 
the ac line. A signal of 2 volts from 20 
to 20,000 Hz is induced into the line, 
while the noise level is observed on the 
voltmeter across the output. The signal-
to-noise ratio is computed with and 
without the induced signal. 

The step-down transformer second-
ary must be capable of carrying the full 
load current of the amplifier when it is 
developing full output power. This same 
method of measuring line noise may be 
used for any type of instrument and at 
frequencies above the audio-frequency 
spectrum. Line filters are discussed in 
Question 7.101. 

23.215 Describe how separation 
tests are made on stereophonic amplifi-
ers.—The term "separation" is generally 
associated with stereophonic radio re-
ceivers and phonograph pickups. How-
ever, this term is also used to rate the 
degree of separation (leakage) of sig-
nals between the two sides of a stereo-
phonic reproducing system. Separation 
may be defined as the ratio of a wanted 
signal to an unwanted signal. This 
would be analogous to applying a signal 
to one side .of the system and measur-
ing the leak-through at the output of 
the other side of the system. The ratio 
of the two signals is the measure of 
separation and is expressed in deci-
bels. Such measurements are generally 
made at frequencies of 20 to 20,000 Hz, 
and commonly called crosstalk. 
As an example, consider a stereo-

phonic preamplifier and two 40-watt 
power amplifiers, using a common 
power supply (Fig. 23-215A) are to be 

AMPLFIER 
UNDER TEST 

OSCILLOSCOPE 

VOLTMETER 

Fig. 23-214. Circuit for measuring the effect of line noise as specified by IHF Stan-
dard A-201-1966. The transformer for inducing the signal must be in the grounded 

side of the line. 
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Fig. 23-215A. Circuit for making separation tests on a stereophonic amplifier em-
ploying two preamplifiers and two power amplifiers fed from a common power supply. 

measured for their separation charac-
teristics. A signal (1000 Hz) from a low-
distortion oscillator is applied to the 
input of the left preamplifier and the 
output at the power amplifier is set to 
the reference output power of the am-
plifier (reference power output speci-
fied by the manufacturer; see Question 
23.208). After the reference output is 
set, the oscillator output is reduced 10 
dB. This second output is termed refer-
ence level. The voltage across a 16-ohm 
load resistor for a power of 40 watts is 
25.3 volts. Reducing the input signal 
10 dB reduces the power output level 
to 4.0 watts, or 8.0 volts. 
The voltmeter is now transferred to 

the output of the right-hand amplifier 
and the leakage voltage is read. Assum-
ing this voltage to be 0.10 volt, the ratio 
of the two voltages is 8.0/0.01, or 800/1. 

-J 

The ratio in dB is 

8.0 
dB = 20 Log» — 

= 20 >< 2.904 = 58.08 dB 

The connections are now reversed be-
tween the two amplifiers, and the leak-
age for the other side is measured. The 
results are plotted in a manner similar 
to that shown in Fig. 23-215B. The rated 
separation as taken at 1000 Hz for this 
particular measurement is 58 dB, which 
includes the leakage in the preampli-
fiers. The irregularity in the separation 
curve is due to internal leakage caused 
by common coupling through the im-
pedance of the power supply, stray ca-
pacitance, wiring, and ground connec-
tions. 
A portion of the leakage indication 

may also be hum and noise. Therefore, 
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Fig. 23-2158. Typical separation characteristic for a stereophonic amplifier assembly. 



AUDIO-FREQUENCY MEASUREMENTS 1561 

5K 

PREAVP 
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R 

Fig. 23-215C. Circuit for making separation tests on a stereophonic amplifier em-
ploying a common power supply for the preamplifiers, and a separate power supply 

for the power amplifiers. 

the noise should be measured before a 
separation measurement is made. De-
flection of the voltmeter because of in-
ternal noise may be checked by turning 
off the input signal and noting if any 
change occurs in the leakage signal. An 
amplifier indicating a separation of 50 
dB or better is considered satisfactory. 

Stereophonic systems using separate 
preamplifiers and power supplies and 
two power amplifiers employing a com-
mon power supply are shown in Fig. 
23-215C, and a dual power-amplifier 
assembly using a common power supply 
is shown in Fig. 23-215D. 

Separate preamplifiers are measured 
by terminating their several inputs in 
5000 ohms and the output circuits in 
100,000 ohms, shunted by a capacitor of 
1000 pF to simulate the cable capaci-
tance (Fig. 23-215E). The signal from 
the oscillator is applied to the left input 
through a 5000-ohm series resistor. The 

LEFT 
PWR. AMP 

output level is set to the voltage speci-
fied by the manufacturer, and then re-
duced 10 dB. The input to which the 
signal has been applied is then made 
inoperative, and the leakage measured 
at the output of the same channel by 
opening each of the gain controls in 
turn for each input of that particular 
side. This test may also be made using 
the power amplifiers and measuring the 
leakage in their outputs. However, in 
this instance any leakage encountered 
in the power amplifiers will be in-
cluded in the overall measurement. In 
this latter measurement the terminat-
ing resistors and capacitors are omitted. 
The results of the test for a separate 
preamplifier are plotted as shown in 
Fig. 23-215B. (See Question 25.212.) 

In the instance of two power ampli-
fiers each having their own supply, the 
leakage would be negligible. Where 
two power amplifiers are fed from a 

RL 

Fig. 23-215D. Test circuit for measuring the separation between two stereophonic 
amplifiers, operated from a common power supply. 
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OSC 

(5 VOLTMETER 
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Fig. 23-215E. Test circuit for measuring the separation between two stereophonic 
preamplifiers using a common power supply. 

common power supply, leakage may be 
encountered. Amplifier systems em-
ploying a common power supply for 
both the preamplifier and power am-
plifiers are more prone to leakage than 
those using separate supplies. 

The lack of proper separation in a 
stereophonic reproducing system has 
little effect on the quality of reproduc-
tion. However, it does cause a shift of 
the stereophonic image. What is most 
important is the leakage of distortion 
products from one channel to the other. 

VM 
SOURCE 

OF COMPLEX 
WAVEFORM 

OSCILLOSCOPE 

Fig. 23-216. Circuit for determining a 
multiplying factor for a voltmeter when 

measuring complex waveforms. 

23.216 How may an rms-responding 
meter be calibrated to read true rms 
voltage? — When using a voltmeter 
(vacuum-tube or transistor) calibrated 
to read the rms value of a sine wave for 
measuring complex waveforms, the 
reading thus obtained is not a true mea-
sure of the voltage. To obtain a true 
reading a voltmeter (as discussed in 
Question 22.98) is used, or the meter in 
question may be connected in combi-
nation with an oscilloscope as shown 
in Fig. 23-216. 

The complex waveform is applied to 
the vertical input of the oscilloscope, 
with the rms voltmeter connected in 
parallel with the source of the complex 

waveform. The meter is set for a ref-
erence voltage, and the oscilloscope ad-
justed for a reference deflection. The 
complex waveform is then removed and 
the internal oscilloscope calibrator (or 
external one) adjusted for the same de-
flection as the complex waveform. A 
ratio for the particular waveform under 
measurement can then be established 
from the calibration voltage. It should 
be realized that the'ratio thus obtained 
is valid only for the particular type of 
waveform under observation, and the 
voltage measured is the peak-to-peak 
value. 

23.2/7 How are ac-line ground 
loops avoided between test equipment 
and devices under measurement?—Be-
cause of the Underwriters' require-
ments, all portable electrical equipment 
in the United States and Canada must 
be equipped with a three-pin ac plug, 
with the center terminal connected by 
means of a third wire to the electrical 
ground system, and the other end of the 
third wire connected to the equipment 
being served. When such a ground is 
used with electronic test equipment it 
is possible for a ground loop to be cre-
ated between equipment under test and 
the test equipment, as shown in Fig. 
23-217. 
Two ground connections shown can 

cause ground currents through two 
pieces of equipment or more, as indi-
cated by the dashed lines. Since elec-
trical-system grounds always have con-
siderable noise currents through them, 
this noise is induced in both the equip-
ment under test and the test equip-
ment. Also, such ground connections 
are often the cause of oscillations and 
unstable operations. (See Questions 
24.31 to 24.34.) 
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3-PIN PLUG 

EQUIPMENT UNDER TEST 

If the test equipment happens to be 
a rnillivoltmeter, although the ground 
current may be only a few microam-
peres, this small current can result in 
considerable error in the meter read-
ings. Ground currents can be avoided 
by the use of an ac adapter plug, shown 
in the illustration. The use of these 
plugs also avoids the possibility of a 
short circuit to the hot side of the ac 
line when instruments with the circuit 
ground tied to the chassis are being 
used for measuring the line voltage. 
When any type of measurement is 

conducted, the ac line plugs should be 
reversed for the lowest indication of 

INSERT UNGROUNDED 
ADAPTER TO BREAK 
GROUND LOOP 

VOLTMETER 

 -POSSIBLE GROUND LOOP  

Fig. 23-217. Procedure for avoiding ground loops caused by ac line grounds. 

GROUND WIRE 
DO NOT USE 

ONE SIDE OF 
POWER LINE 
GROUNDED 

3-PIN PWG 

line leakage. Although the ground loops 
may be eliminated, there is still the pos-
sibility of pickup from stray magnetic 
fields by the leads of the test equip-
ment. The leads should be carefully 
shielded and connected to the ground 
of the instrument that they are used 
with. Another convenient way of elim-
inating ground loops is to feed the 
whole test setup from the secondary of 
an ac line-isolation transformer. This 
will permit the grounds for several 
pieces of equipment to be brought to a 
central point, where they are then 
grounded to a good earth ground sys-
tem. 
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Section 24 

Installation Techniques 

Installation techniques not only involve the physical installation of equipment, 
but also take into consideration such factors as power requirements, separation of 
transmission lines, grounding, isolation from magnetic fields, the reduction of noise 
in the system, effects of temperature, ventilation, and humidity control in certain 
areas. Of equal importance is the laying out of patch bays or jack fields, designing 
of bridging buses, relay rack and gutter design, placement of lines for power, 
high- and low-level transmission lines, and intercommunication and talkback 
systems, to mention but a few of the subjects dealt with in this section. 

24.1 What is a patch bay?—In large 
sound installations, it is the practice to 
make the inputs and outputs of the 
principal components of the system 
available on jacks in a patch-bay area. 
This system affords a means of testing, 
maintenance, substitution of equipment, 
and special circuitry to be set up from 
the jacks through patch cords. In addi-
tion, transmission lines are run to vari-
ous parts of the plant for remote opera-
tion of equipment, as well as to a cen-
tral testing area, termed "circuit lab-
oratory," where various types of test 
equipment are installed for making 
routine tests. 

It is not uncommon for a large sys-
tem to have several thousand jacks. For 
the most part, these jacks are of the 
normal type; that is, they permanently 
connect various pieces of equipment 
together to form a basic system. (See 
Fig. 24-9B.) Inserting a patch cord into 
a given jack permits any piece of equip-
ment to be picked up and connected 
into another part of the system, or to 
be removed entirely. Typical patch bays 
for recording consoles are shown in 
Figs. 9-22D, and 9-46B and E. 

24.2 What is a jack field? — The 
same as a patch bay. (See Question 24.1.) 

24.3 What is a single-circuit cord 
plug?—A plug, such as the one shown in 
Fig. 24-3A, consisting of a brass sleeve 
and tip. A small rod connects to the tip 
and is carried back through an insu-
lated bushing to the body of the plug, 
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where a terminal screw is provided for 
connection to the cord conductor. The 
tip is always the high-potential side of 

Fig. 24-3A. Interior view of Western 
Electric 47A tip and sleeve cord plug. 

Fig. 24-36. Single-circuit patch cord. 
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the circuit. If the sleeve is used, it is 
connected to the low-potential side of 
the circuit or to ground. 
An insulated sleeve fits over the body 

of the plug and protects the inner ter-
minals, and acts as a grip for the plug. 
A patch cord appears in Fig. 24-38. 

24.4 What is a double-circuit patch 
cord plug?—The double-circuit patch 
cord is practically the standard of the 
sound industry, particularly in large in-
stallations such as broadcast, recording, 
and motion picture studios, Fig. 24-4A. 

The double-circuit plug was origi-
nated by Western Electric and is more 
commonly known as a 241A plug. An 
interior view of this plug is shown in 
Fig. 24-4B. The component parts of the 
plug consist of two single-circuit plugs 
held in a dual mounting, except the 
plugs float in the body to allow for var-

- - - — 
Fig. 24-4A. Western Electric 241A dou-

ble-circuit patch cord. 

Fig. 24-48. Interior view of Western 

iations in jack strip mountings. The in-
sulated body of the plug carries a series 
of notches along one edge, to permit the 
plug to be polarized. 

Double-circuit patch cords are made 
up of two plugs, one at each end of the 
cord. The conductors of one end are 
connected to the plug tips. The opposite 
ends of the cord are connected to the 
corresponding tips, resulting in a polar-
ized circuit. For easy identification of 
the polarization, the notched edge of the 
plug is turned to the• ground or low-
potential side of the circuit. An ex-
ploded view of the component parts 
of a double-circuit plug is shown in 
Fig. 24-4C. 

If a shield is provided in the cord, it 
is connected to the frame of one plug at 
one end only. The other end of the 
shield is left unconnected, to prevent 
the formation of ground loops when the 
cord is used between grounded jack 
rows. 

24.5 What is a tip, ring, and 
sleeve-cord plug?--This plug is similar 
in design to the single-circuit plug of 
Fig. 24-3A, except that a ring and sep-
arator are interposed between the tip 
and the sleeve. An interior view of a 
tip, ring, and sleeve plug is shown in 
Fig. 24-5A. The components are identi-
fied as: A, the tip; B, the ring; and C, 
the sleeve. A separator used only to lift 
the top spring of a jack assembly when 
the plug is inserted in the jack is iden-

Electric 241A double-circuit patch cord plug. 

e ce. 
_ -   

amt. 

Fig. 24-4C. Exploded view of the ports of a Western Electric 241A double-circuit 
patch cord plug. 
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tilled as D, and E are the terminals in 
the body of the plug. The insulated 
sleeve covering the interior also acts as 
a grip for inserting the plug. The tip is 
connected to the high-potential side of 
the circuit, the ring to the low potential, 
and the sleeve to ground. 

Tip, ring, and sleeve plugs are used 
extensively in telephone switchboards, 
intercommunication equipment, tele-
phone hand sets, and similar equipment. 

Fig. 24-5A. Interior view of a tip, ring, 
and sleeve cord plug: A-Tip, B-Ring, 
C-Sleeve, D-Spacer, E-Terminal screws, 

F-Insulated grip. 

The tip, ring, and sleeve plug is used 
extensively in large recording and 
broadcast installations, particularly in 
the mixer console patch bays to reduce 
the number of jacks required and pro-
vide a third circuit for grounding a 
shielded cord. The plug used for this 
service is the Western Electric 310 plug 
or its equivalent. This plug is slightly 
larger than the conventional tip, ring, 
and sleeve plug, as may be seen in Fig. 
24-5B. 
Some newer as well as older installa-

tions use the double patch cord (Fig. 
24-4A) as it permits the circuit to be 
turned over (polarity reversed), which 
cannot be done with the tip, ring and 
sleeve type without special turnover 
strap jacks (Fig. 24-7C) which are not 
always available. 
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Fig. 24-5B. Western Electric 310 and 
309 tip, ring, and sleeve cord plugs. The 
Type 310 is used in broadcast installa-

tions at the present time. 

24.6 How is a jack strip con-
structed?--A typical jack strip is shown 
in Fig. 24-6A. Jack strips may be ob-
tained in either single or double rows. 
As a rule, the mounting strip is made 
of an insulating material; however, the 
one pictured employs a metal strip de-
signed for standard rack mounting, one 
multiple high. Several different types of 
mounting strips are shown in Fig. 24 OE-6B, 
together with a designation strip for 
holding identification tabs over the 
jacks. 
A single row of jacks consists of 24 

jacks. A double row has 48 jacks. A sin-
gle-row jack strip using single-circuit 
jacks will provide 24 circuits. If used 
with a double-circuit plug, it provides 
only 12 circuits. 

24.7 What is a strap jack and how is 
it connected?—Strap jacks are used for 
connecting a number of patch cords in 
parallel. The manner of connecting a 
strap, and the type of jacks used, will 
be governed by the type of patch cords 
to be paralleled. A strap jack for par-
alleling a group of double-circuit patch 
cords is shown in Fig. 24-7A. The num-
ber of jacks in a strap should be suffi-
cient to provide the strapping of at 
least four circuits, or it will be of little 
value. 

The tip spring of the right-hand jack 
of a pair (facing the rack) is always 
connected to the high-potential side of 

Fig. 24-6A. Double row jack strip. -Mounting strip one multiple (1%" X 19") high. 
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Fig. 24-6B. Circuit jack mounting strips. The two upper neuntings are made of insu-
lating material, the lower, dural, notched for standard rack mounting (19" X 1%1. 

(Courtesy, Cinema Engineering Co.) 

the circuit and the tip spring of the 
left-hand jack to the low-potential side 
or ground. The frame of the jack may 
be grounded to provide a ground for 
shielded patch cords. Many installations 
ground the jack frame even though the 
patch cords are not shielded. This will 

CKT-I 

1, SINGLE CKT. CORDS 

1 DOUBLE CWT. CORD 

Fig. 24-7B. Strap jack for combining a 
single-circuit patch cord with a double-

circuit cord. 

provide a grounded barrier between 
jacks (supplied by the jack frame). 
A strap jack for combining single-

circuit and double-circuit cords is 
shown in Fig. 24-7B. Fig. 24-7C shows 

CWT.-3 a strap jack for reversing the polarity 

of a single-circuit patch cord. It will 
be noted the tip connection to the lower 
jacks has been reversed. Fig. 24-7D is 
a strap connection for tip, ring, and 

OCT-4 sleeve patch cords. 
Strap jacks are also used to provide 

a ready means of interconnecting equip-
ment when making transmission mea-
surements. An example might be the 

Fig. 24-7A. A 4-circuit, double-patch terminating of an amplifier in a resistive 
cord strap jack. Frames of jacks may be load and connecting a VU and distar-

left ungrounded if desired. tion-factor meter across the output. A 
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SINGLE CKT. 
NORMAL 

SINGLE CKT. 
REVERSED 

Fig. 24-7C. Strap jack for reversing the 
polarity of single-circuit patch cords. 

four-circuit strap would be required for 
this type of connection. 

24.8 What is an open-circuit jack 
and how is it used?—A schematic dia-
gram of an open-circuit jack is shown 
in Fig. 24-8A. Such jacks consist only 
of a frame and a single spring. The 
spring is mounted so that only the tip 
of the cord plug makes contact when 
inserted in the jack. The frame of the 
jack is not used with a double-circuit 
plug. When used with a single-circuit 
plug, the frame of the jack is con-
nected to the low-potential or grounded 
side of the circuit. 

cia -I 

CKT-2 

CKT-3 

Fig. 24-7D. Strap jack for tip, ring, and 
sleeve patch cords. 

Open-circuit jacks are generally used 
for connection to equipment to be 
patched to other parts of a system, and 
are not normalled to other equipment., 
Open-circuit jacks are employed with 
terminating resistors, strap-jack assem-
blies, multiple jacks, and similar de-

SWINGER 

o 

FRAME 

Fig. 24-8A. Open-circuit jack (tip and 
sleeve). 

vices. An open-circuit jack and plug 
are shown in Fig. 24-8B. 

24.9 What is a normal jack and 
how is it used?—The majority of jacks 
used in large installations such as re-
cording or broadcasting studios are of 
the normal type. These jacks are em-
ployed to interconnect permanently 
several pieces of equipment which are 
always used in conjunction with each 
other. 

Fig. 24-8B. Western Electric 47A single-
circuit plug, and 221A open-circuit jack. 

Equipment connected by normal 
jacks may be used as a complete unit 
without the necessity of using patch 
cords, yet any one of the individual 
pieces connected by normal jacks may 
be lifted by insertion of a patch cord 
in the normal jack. 

Fig. 24-9A shows a typical schematic 
for a normal jack. It will be noted the 
jack consists of a frame, a large spring 
called a swinger, and a smaller spring 
under the swinger called the normal 
spring. The smaller spring is in perma-
nent contact with the swinger spring 
above. If a plug is inserted in the jack, 
the tip of the plug will make contact 
with the upper spring, raising it, and 
breaking the contact of the smaller 
spring below. 
As the upper spring is connected 

directly to the input or output of the 
device the jack feeds, a direct connec-
tion is supplied to the plug for patching 

SWINGER 

FRAME 
NORMAL 
SPRING 

Fig. 24-9A. Normal jack (closed circuit). 
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Fig. 24-98. A typical transmission measuring setup using normal jacks for intercon-
necting an oscillator, oscillator control, gain set, and VU meter. 

elsewhere. This feature is illustrated in 
Fig. 24-9B. Here, several pieces of 
transmission measuring equipment are 
shown normalled together. If a plug 
is inserted in the output of the oscilla-
tor jacks, the non/lolled circuit to the 
oscillator control is broken and the out-
put of the oscillator may be patched 
elsewhere. A normal jack with a plug 
inserted to show the lifting action of 
the contact springs is shown in Fig. 
24-9C. 

rill."1111111111.1.1111.11111.1112 — — 

Fig. 24-9C. Western Electric 47A plug 
and 218A normal circuit jack. 

24.10 How is a tip, ring, and sleeve 
jack constructed?—The spring arrange-
ment of a tip, ring, and sleeve jack is 
shown in Fig. 24-10A. It will be noted 
this jack has two large springs, the 

RING 
SPRING 

[1.1_,____L V- 11----.  NORMAL 
/SPRINGS 

   .SLEEVE 7 (FRAME) 
TIP SPRING 

Fig. 24.-10A. Spring arrangement of a 
tip, ring, and sleeve jack. 

=11111K mosinuaer 

Fig. 24-10B. Western Electric 310 plug 
and 238A tip, ring, and sleeve jack. 

upper member making contact with the 
ring of the plug and the lower with the 
tip of the plug. The frame grounds the 
sleeve of the plug. If the jack is to be 
used for normalling purposes, smaller 
springs make contact with the upper 
and lower springs in a manner similar 
to the normal jack described in Ques-
tion 24.9. A tip, ring, and sleeve jack 
with a plug inserted to show how con-
tact is made with the springs is shown 
in Fig. 24-10B. 

24.11 What is a multiple jack?—An 
open-circuit jack connected perma-

MULTIPLE 
JACKS 

(24IA PLUG) 

NORMAL 
JACKS 

Fig. 24-11. Multiple jacks connected 
across two double-circuit normal jacks. 
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nently with a normalled circuit, as 
shown in Fig. 24-11. 

24./2 What is the recommended 
method of cleaning patch cord plugs? 
—It is highly important that the con-
tact surfaces of a cord plug be main-
tained bright and clean if it is to render 
trouble-free service. The contact com-
ponent parts of a plug are made of brass 
and corrode quite easily, which in-
creases their surface contact resistance. 

Although jacks offer an automatic 
cleaning motion, the plug must still be 
cleaned frequently. It is the practice 
in large installations to polish patch 
cords at least once each month. The 
contact surface is polished using Bell 
Metal Polish, a noncorrosive, chem-
ically neutral, polishing paste developed 
especially for the telephone industry, or 
Doe's Plug Burnishing Paste. Abra-
sives such as sandpaper, crocus cloth, 
and emery paper must never be used 
on a patch cord plug. 

During the cleaning period the cord 
is also inspected for electrical turn-
ovem in the conductors, using a patch 
cord and cable tester as described in 
Question 24.59. A device for clamping 
a double- or single-type plug in a vise 
while polishing the tip and sleeve is 
shown in Fig.-24-12. 

Fig. 24-12. Jig for holding patch-cord 
plug while cleaning. 

24./3 How is the interior surface 
of a jack sleeve cleaned?—By use of a 
special brush as shown in Fig. 24-13. 
This brush is inserted in a drill motor 
and rotated while inserted in the jack 
sleeve. As a rule, no polishing paste is 
used. If it is necessary to use a polish-
ing paste, it should be used sparingly 
to prevent it from getting on the sur-
face of the jack springs. 
A small metal brush is also used at 

times; however, this has a tendency 
to remove small amounts of material 
from the interior surface of the sleeve 
every time it is used and, in time, 
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the sleeve hole in the jack is enlarged, 
causing a poor fit for the plug. 

24.14 How are jacks connected for 
shielded patch cord use?—Shielded 
patch cords are used only with double-
circuit plugs (Fig. 24-4A) and tip, ring, 
and sleeve plugs (Fig. 24-5A). The 
ground connection for the shield is ob-
tained by grounding the frame of the 
jack. This is illustrated in the connec-
tion shown for strap jacks in Figs. 24-7A 
and D. 

24.15 How is the internal ground 
connection to a shielded patch cord 
mode?—Shielded patch cords are only 
used with a double-circuit plug (Fig. 
24-4A) and a tip, ring, and sleeve plug 
(Fig. 24-5A). Connection to the shield 
is made by connecting to the frame of 
one plug at one end of the cord only. 
If the shield is connected at both ends 
of the cord, a ground loop is created 
when the cord is used between two 
rows of grounded jacks. 

24.16 Which side of a rack is the 
low-level side?—The left-hand side 
when facing the front of the rack. 

24./7 Which side of a rack is the 
high-level side?—The right-hand side 
when facing the front of the rack. 

24.18 Which side of a jack pair is 
the low-level side?—The left-hand side 
when facing the pair from the front of 
the rack. Shielded pairs for making 
the cableforms used in racks generally 
consist of a red/green and red pair. The 
red/green conductor is always the 
grounded or low-potential side of the 
circuit (left) and is connected to the 
low-level jack of the pair. (See Ques-
tion 24.38.) 

Fig. 24-13. Western Electric bristle 
brush for polishing the interior surfaces 

of a jack sleeve. 

24./9 How are the operating levels 
designated in a cableform?—The levels 
carried by a cableform are designated 
high, low, and intermediate, and are so 
designated relative to a reference level 
of 1 milliwatt, or 0 dBm. Thus all cable-
forms carrying signal levels of 0 dBm 
and lower are called low-level, and 
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those above 0 dBm, high-level. The 
intermediate cableform carries levels 
overlapping into the low level and the 
low-high levels. 

Operating levels falling into this cate-
gory are run in an intermediate cable-
form separated from both the low- and 
high-level cableforms as described in 
Question 24.21. 

24.20 How are cableforms secured 
and placed at the rear of a relay rack? 
—The rear view of a typical rack used 
for the installation of sound equipment 
is shown in Fig. 24-20A. At the left is 
the high-level cableform and at the 
right the low-level cableform. Note 
that the positions of the high- and low-
level cableforms are reversed when 
viewed from the rear. As a rule, cable-
forms are supported by tying them to 
short metal rods projecting from the 
side members of the rack, as shown at 
the upper right side of the rack. 

RIGHT SIDE OF 
RACK FROM 
FRONT 

HIGH-LEVEL 
FORMS 

Cableforms running to jack strips 
may be handled in two different ways. 
In Fig. 24-20A, the forms running to the 
jack strips break out and run across 

- - 

1 [ JACKSTRIP 

HL j LL  

••• .•-•-•••• 

H L 
FORM 

LL 
FORM 

Fig. 24-2013. Rear view of high- and low-
level cableforms running to a jack strip 
split into high- and low-level circuits. 

the strip taking in the whole group of 
jacks, making the strip either a high-
or low-level group. In some installa-
tions it might be more desirable to split 
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IRON SIDE 
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Fig. 24-20A. Rear view of a typical rack showing how the cableforms are placed. 
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the jack strips into two parts, making 
one-half high level and the other half 
low level, as shown in Fig. 24-20B. This 
is common practice and wcrks quite 
well as the high- and low-level forms 
are not running parallel with each 
other. 

It is not good practice to make one 
row of a double-row jack strip (Fig. 
24-6A) high level and the other row 
low level, because of the parallel posi-
tions of the two cableforms. However, 
this is permissible if the level differ-
ences between the high- and low-level 
forms are relatively small. 

24.21 What is an intermediate-level 
cable form and where is it placed in a 
rack?— Intermediate cableforms gen-
erally carry operating levels falling 
between the high-level and low-level 
forms. The intermediate form may be 
placed on the low-level side; provided 
it is laced as a separate form and is 
supported on the tie rods at least % 
Inch away from the low-level form. 

Intermediate cableforms may also be 
laid on the high-level side if the differ-
ence in level existing between the two 
forms is not too great. 

24.22 Where are alternating cur-
rent power circuits placed when they 
ore run to the top of the rack?—They 
are brought to the top of the rack in 
conduit or, better yet, brought over the 
top of the rack in the gutter and then 
dropped downward in conduit to the 
equipment concerned. 

24.23 Where are high-level lines, 
such as those from a power amplifier 
feeding a loudspeaker system, placed 
in a rock?—If possible, they should be 
encased in conduit from the output of 
the amplifier to the point where they 
are to terminate. If this is not practical, 
the lines are twisted and run inside the 
rack on the high-level side of the rack. 
This will separate them from the low-
level circuits and provide a certain 
amount of shielding. Alternating-cur-
rent heater lines are also run in the 
side members, on the high-level side. 

24.24 Where are ac lines run in a 
cabinet-type rack?—All ac lines are run 
inside the rack, at the rear, on the high-
level side, in a small 1%-inch gutter 
with ac outlets wherever required. This 
gutter is available in 10-foot lengths and 
is cut to size to fit the rack. 

24.25 What is the reason for twist-
ing wires carrying an alternating cur-
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rent?—The radiation of the usual ac 
field around a conductor carrying an 
alternating current is reduced because 
the field from one wire is 180 degrees 
out of phase with the other. This causes 
a reduction in the strength of the mag-
netic field, reducing its effect on sur-
rounding circuitry. All ac wiring in 
equipment or lying in a metal gutter 
should be tightly twisted. This will en-
sure a minimum of interference from 
clicks and stray fields. 

24.26 What size wire is recom-
mended for transmission circuits?—JI the 
audio power is 1 watt or less, shielded 
pairs of No. 19 wire similar to those 
shown in Fig. 24-44 are recommended. 
Circuits carrying the output of high-
power amplifiers must have low dc 
resistance to prevent the loss of power 
when transmitted over a distance. As a 
rule, No. 10 to 14 plastic-covered wire 
will suffice for this service. 

The wire size may be determined 
by referring to the wise table in Ques-
tions 20.147 and 20.152. 

24.27 Why has 600 ohms been 
standardized for input and output im-
pedances?—In past years, several differ-
ent values of impedance, such as 150, 
250, and 500 ohms, have been more or 
less standard for input and output cir-
cuits for sound equipment. During the 
early days of fm and television sound 
transmission, because of the equipment 
available at the time, it was easier to 
meet the frequency requirements of the 
FCC relative to equalization, using a 
150-ohm impedance. ALso, this was the 
first attempt to standardize on a given 
impedance for both input and output 
circuits. However, as the VU meter was 
based on a 600-ohm circuit, special in-
put transformers were required for 
these meters, as discussed in Question 
10.34. 
Equipment manufactured within the 

last few years use 600 ohms for both 
input and output impedance, except in 
the instance of microphone preampli-
fiers, which use 50 ohms (in older 
equipment this was 30 ohms). Some 
European microphones specify a load 
impedance of 200 ohms, others 1000 
ohms. Power amplifiers employ both 
bridging and 600-ohm input imped-
ances, with output impedances ranging 
from 4 ohms to 600 ohms, depending on 
the service requirements of the am-
plifier. 
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24.28 What is the formula for cal-
culating the circular-mil area of a wire? 

CM = Diameter in mils squared 

Diameter = NrCŇI 
where, 
M is the diameter of the wire in mils. 

One circular mil equals 0.7854 square 
mils. 

24.29 How may the correct size 
wire for a particular load be calcu-
lated? 

CM 2D><IxR 
E 

where, 
D is the loop resistance of the run in 

feet, 
I the current in amperes, 
R is a constant which has a numeri-

cal value of 10.8 for annealed cop-
per wire and 11.06 for hard-drawn 
copper wire. 

24.30 What are the average oper-
ating levels encountered in a large 
sound installation?—The approximate 
levels are: 

Microphones —10 dBm to 0 dBm 
Capacitor with preamplifier. 

Microphones —65 dBm to —50 dBm 
Ribbon and dynamic. 

Preamplifiers —30 dBm to 0 dBm 
Mixers —40 dBm to — 6 dBm 
Booster Amplifiers —40 dBm to — 6 dBm 
Line amplifiers —30 dBm to — 4 dBm 
Record. amplifiers + 4 dBm to +18 dBm 
Mixer console. 

Recording power 
amplifiers O dBm to +50 dBm 

Disc recording. 
Monitor amplifiers +26 dBm to +46 dBm 

The foregoing data do not represent any 
particular installation, but show the 
wide range of levels encountered in a 

+30 

+20 

+10 

30 

large and varied installation. If a block 
diagram of an installation similar to 
that of Fig. 24-30 is made beforehand, 
showing the expected operating levels, 
it will aid in the laying out of racks, 
cable runs, and cableforrns. 
24.31 What is a ground loop and how 
is it caused?—The formation of a ground 
loop can best be explained by referring 
to Fig. 24-31. Here are shown two pieces 
of equipment, A and B, connected by 
means of a shielded pair. For the sake 
of illustration, it will be assumed that 
the pair is shielded, but the shield is 
bare, so it can make contact with the 
ground. It is actually grounded at the 
points X and Y. 

It is known that many stray electrical 
currents are flowing through the 
ground, as the result of grounding 
electrical power systems, trolley cars, 
and other electrical equipment. (See 
Question 25.124.) Consequently, if both 
ends of the shield are grounded at 
points X and Y, electrical currents in 
the vicinity of the ground connections 
will take the path of least resistance to 
the other end, which is over the shield 
rather than through the highest resist-
ance of the ground. When an electrical 
current flows through a conductor, 
magnetic lines of force are caused to 
expand and contract around the con-
ductor. This is especially true if the 
current is an alternating one. If a second 
conductor is placed in the field of the 
first, the lines of force cut the second 
conductor and induce a current in the 
second conductor. 

This is the condition that prevails 
when ground currents are permitted to 
flow over a shield, or when a shield is 
grounded in several places. The in-
duced current is generally the cause 
of noise or high-frequency oscillations, 
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REPRODUCER 
INPUT ----FREAMP- BOOST 

'-' AMR 

DIALOGUE  
B.S. MON. COMPOSITE B. B. 

COMB.  
  AMP. 

H/P B L/P  
FILTER 

MON. COMB 
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Fig. 24-30. Circuit-level diagram for dubbing  le in Fig. 9-47A. The levels are 
predicted on a zero dBm signal level from the reproducers. 
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TWISTED PAIR 

TRANSMISSION LINE 
METALLIC 
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Fig. 24-31. Ground loops caused 
by multiple grounds on bare 

shielded pair. 

the latter being particularly true of 
systems having high values of ampli-
fication. 

In large installations where heavy 
radio-frequency current may be flow-
ing, it is the practice to use bare shield-
ing and bond the shields together every 
few inches, to form individual shields 
into a solid shield. This method is satis-
factory only if the bond is securely 
made and tied to a ground bus every 
few inches. 

Large sound installations use shielded 
wire with a cloth braid over the out-
side of the shield to prevent it from 
coming into contact with ground. The 
shield is grounded at one end only, as 
described in Question 24.33. 

24.32 What is a common-ground 
system?—A single or common-ground 
wire connecting several different pieces 
of equipment. Single-wire ground sys-
tems are not adaptable to large sound 
installations because of the many differ-
ent operating levels and the formation 
of ground loops. (See Question 24.31.) 
Common-ground systems are also a 

E1 

Ei + E2 

E• NOISE VOLTAGE 

E1 E2 +E3 

Ei+E2+E34E4 

NOISE 
AT THIS 
POINT 

 • VOLTAGE 
AMPLIFIER 

2 
 • VOLTAGE 
AMPLIFIER 

3 
 • POWER 
AMPUFIER 

ET 

 • POWER 
AMPLIFIER 

GROUND SUS 

Fig. 24-32. Common or single-ground 
wire system. 

GROUND LOOPS 

cause of high noise levels, particularly 
when low-level, high-gain equipment 
is connected at the end of the ground 
connection. Fig. 24-32 shows four units 
of a sound installation consisting of two 
low-level voltage amplifiers and two 
power amplifiers. 

Amplifiers for low-level operation, 
such as microphone and photocell pre-
amplifiers, are designed for a very low 
internal noise level and require care-
ful installation and a low-resistance 
ground connection. On the other hand, 
a power amplifier operates at a con-
siderably higher level and can tolerate 
a somewhat higher internal noise level. 
However, a power amplifier must also 
be well grounded for stability and 
quietness of operation. If the four units 
shown are grounded by means of a 
common ground wire, the internal noise 
of units 3 and 4 would be induced in 
series with the ground return of volt-
age amplifiers 1 and 2. 

If the situation is analyzed, any noise 
generated in the ground circuit of unit 
1 is added to the ground noise of unit 2. 
Combined noise of units 1 and 2 is 
then added to the ground noise of unit 
3. Likewise, the three previous units 
add their noise to that of unit 4. The 
noise on the lower portion of the ground 
wire between unit 4 'and the point 
where it connects to the ground bus is 
E,, the noise of all four units com-
bined. 

Although the actual ohmic resistance 
of the ground wire may be on the order 
of a fraction of an ohm, a small voltage 
drop (because of the noise current) 
will exist on the ground wire. There-
fore, high-gain, low-level units will be 
affected by the amount of noise cur-
rent in the ground wire. 

The common-ground wire system is 
not recommended for large sound in-
stallations for the reasons explained 
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previously. However, in a small in-
stallation such as a public address sys-
tem where the number of pieces of 
equipment is small, it may be used to 
a good advantage and is easy to install. 

24.33 What h a transmission-
ground system?—A method of ground-
ing used in large commercial sound 
installations. The ground system is split 
into two parts, one section being called 

CLOTH 
BRAID 
OVER 
SHIELD 

LOW-
LEVEL 
FORM 

VA 

0 CG 

the transmission ground and the sec-
ond the chassis or frame ground. 

The transmission ground connects to 
the grounds of filters, equalizers, am-
plifiers, and the negative side of power 
supplies (this is the portion of the 
ground system carrying speech cur-
rents) and is run directly to the main 
ground bus of a given equipment rack. 
The frame or chassis ground connects 

2 
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O CG 

3 
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4 
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HIGH LEVEL 
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HIGH-LEVEL 
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_ONO. 
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Fig. 24-33A. Transmission ground system applied to a rack containing four units, 
with separate power supplies. (Front view of rack.) 
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Fig. 24-33B. Transmission ground system applied to an amplifier. The internal wiring 
shields are connected to the chassis ground at one point only. The cores of the 
transformers are connected to the B — circuit. Transformer cases are connected to 
the chassis. The B — circuit is brought to a separate terminal, and is completely clear 

of any grounds in the amplifier. 

to shields, transformer cases, conduit, 
and racks. Such a grounding system, 
if carried out to the letter, eliminates 
the formation of ground loops and re-
duces the noise level of the system. A 
transmission-ground system will also 
permit the ground of any given rack to 
be lifted without disturbing other parts 
of the installation. 
A typical transmission-ground sys-

tem is shown in Fig. 24-33A. It consists 
of several pieces of equipment supplied 
by external power supplies (a common 
practice in the motion picture industry). 
Each piece of equipment has individual 
input and output terminals, power 

UNIT I 

+0 
- o 

UNIT 2 

+o 
- 

RACK-I 

TRANS. 
GND. 

00 

8 

supply connections, and a terminal 
indicated CG (case ground). This latter 
terminal is fastened directly to the 
chassis of the equipment concerned. 

In a transmission-ground system, the 
B-minus terminal of a particular piece 
of equipment is not connected to the 
chassis as would be the case of a com-
mon ground system such as that de-
scribed in Question 24.32. The B-minus 
terminal is left floating as shown in 
Fig. 24-33B. This latter diagram is a 
two-stage amplifier, transformer-cou-
pled at the input and output, as well as 
interstage. It will be observed the 
transformer cases are grounded to the 
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RACK ONO. 
BUS 
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TRANS. 
GND. 
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0+ 
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MAIN 
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Fig. 24-33C. Transmission ground system. The racks and cases of the power supplies 
receive their ground from the normal conduit ground. 
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chassis but the core of the transformer 
is connected to the B-minus circuit. 
Also, the metal envelopes of the tubes 
are connected to this circuit. Any in-
ternal shields surrounding the wiring 
are connected to the chassis at the CG 
terminal. This method of wiring will 
reduce the internal noise of an ampli-
fier to a minimum and also prevent 
noise from being introduced into the 
transmission circuits via the trans-
former cores and power supply. In a 
true transmission-ground system, there 
is no continuity between B-minus and 
chassis ground. Again referring to Fig. 
24-33A, each unit requiring a separate 
power supply has a shielded pair run 
between the power supply and the 
unit in the rack. It will be particularly 
noted that an individual insulated 
ground wire is run from the B-minus 
terminal of the power supply directly 
to the ground bus at the bottom of the 
rack. 

In some installations a ground wire 
is also run from each individual CG 
terminal on the chassis of each unit to 
the ground bus. This connection is gen-
erally dispensed with when the equip-
ment is mounted in a rack, as the rack 
grounds the chassis. However, if the 
unit is not mounted where it can be 
properly grounded, a ground wire is 
run from this terminal to a ground. 

Each circuit feeding an input or out-
put is run in shielded pairs with a cloth 
braid over the shield as shown in Fig. 
24-33A. Although the drawing shows 
the pairs as individual lines, they are 
actually formed into a single cable-
form and securely laced together. The 
lower ends of the shields are connected 
together and run directly to the ground 
bus at the bottom of the rack. This is 
the only point at which the shields are 
grounded. Under no circumstances must 
a second ground be connected to the 
shields. 

If a shielded pair has an internal 
ground wire, as shown in Fig. 24-44A, 
the ground wires are brought to a com-
mon terminal on the connecting block 
at the bottom of the rack and from 
there to the ground bus. Ground wires 
running from a cableform must be in-
sulated and not smaller than number 16 
to 18 gauge. 

Fig. 24-33C illustrates how the trans-
mission-ground bus of several racks is 
connected to the main ground of the 

installation. The wire between main 
ground and rack must not be less than 
number 6 gauge and, if practical, larger. 
In installations where a number of racks 
are placed side by side, a copper bus 
bar 1% inches by I/4 inch thick may be 
run across the fronts of the racks just 
above the foot plate. This bus bar is 
securely bolted to each rack to bring 
all the racks to as near the same ground 
potential as possible. 

24.34 If a jack strip uses a metal 
mounting strip to ground the jack 
frames, is it necessary to ground the 
jack frames in addition?—If the jack 
frames are provided a low-resistance 
path to ground through the rack mem-
bers, no additional ground is required. 
However, in some types of jack strips, 
the jack frames are insulated from 
ground although the mounting strip is 
metal. In this instance, the frames of 
the jacks are strapped together and run 
to ground. 

It should be pointed out that in the 
manufacture of jack strips using a metal 
mounting strip, the strip is often an-
odized. The manufacturer depends on 
the insulation offered by the anodizing 
process to provide the insulation be-
tween the jack sleeve and the mounting 
strip. In some instances, this is on the 
order of 1 megohm; however, if the 
anodizing is scratched during the as-
sembly of the jacks in the strip, a direct 
contact between the strip and the jack 
frame results. In this latter case, a 
ground loop could be created between 
the frames of the jacks (if they are 
grounded separately) and the frame of 
the rack. 

In racks housing low-level equip-
ment, it is recommended that jack 
strips using insulated mounting strips 
be employed, and the jack frames be 
tied together and grounded to the rack 
ground bus. 

24.35 What is the procedure for 
calculating the impedance of a bridging 
bus and its terminating resistor?—Fig. 
24-35A shows a typical bridging bus as 
might be found in a recording studio. 
It will be noted the equipment bridged 
across the bus acts as the load imped-
ance for the line amplifier driving the 
bridging bus. The first step in the de-
sign of the bus circuit is to determine 
what and how many pieces of equip-
ment will be permanently connected 
(normalled) across the bus. 
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In the drawing shown, the bus has 
normalled across it four bridging am-
plifiers each having a 25,000-ohm bridg-
ing impedance and a 7500-ohm VU me-
ter. In parallel with the equipment is 
a bridging-bus terminating resistor and 
three sets of bridging-bus multiple 
jacks. It will be assumed that, for the 
sake of illustration, any additional 
equipment bridged across the bus will 
have a bridging impedance of not less 
than 25,000 ohms. The output impedance 
of the line amplifier feeding the bus is 
600 ohms. If the total resistance pre-
sented by the several pieces of equip-
ment bridging the bus is computed (ex-
clusive of the bridging-bus terminating 
resistor), it will be the equivalent of 
3416 ohms. If only this value of resist-

BRIDGING BUS 

bridging-bus circuit. 

RA.I 
BA.2 
RA.3 

MONITOR 
TAPE REC. 
ELM    REG 

B.A.4 ESC REC. 

ance were used for terminating the out-
put of the line amplifier, the amplifier 
would not see its proper load impedance 
of 600 ohms. For an amplifier to see 600 
ohms it is necessary to connect a re-
sistance, in parallel with the bridging 
bus load, of such value that the correct 
load impedance will be presented to the 
amplifier output Carrying this a step 
further, the four 25,000-ohm bridging 
inputs present a load impedance of 6250 
ohms. In parallel with this is the 7500 
ohms of the VU meter. Using Ohm's 
law for parallel circuits: 

BB 6250 x 7500 4.68 X 107 
6250 -I- 7500 — 1.37 x 10' 

4.68 x  = 3416 ohms. 
1.37 

BB TR 
Fig. 24-356. Bridging bus fed from an amplifier with a balanced to ground output. 
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Now, the question arises, what value 
of resistance connected in parallel with 
3416 ohms will provide a resistance of 
600 ohms? Again using Ohm's law for 
parallel issištors: 

3416 x 600  
BB — 3416 — 600 — 728'84 0hrns. 

Therefore, if a resistance of 728.84 ohms 
is connected in parallel with the bus 
and the foregoing load impedances, the 
amplifier will see a load impedance of 
600 oluns. As a rule, it is safe to load 
the output of a well-designed amplifier 
having an output impedance of 600 
ohms to about 540 ohms, or 10 percent 
below 600 ohms. This means that for 
the foregoing bridging bus several more 
25,000-ohm inputs could be paralleled 
across the bus without affecting the op-
erating characteristics of the line am-
plifier. If the bridging impedances are 
greater than 25,000 ohms, more equip-
ment can be fed from the bus. 
As a rule, a bridging input impedance 

greater than 50,000 ohms is not used. 
Standard bridging impedances are: 7500, 
25,000, and 30,000 ohms. Although the 
bridging bus in this example is un-
grounded, one side may be grounded, 
if required. Generally, large installations 
operate with an ungrounded bridging 
bus to provide a greater degree of flex-
ibility. If the amplifier feeding the 
bridging bus is balanced to ground, 
(output center tapped) Fig. 24-35B, the 
ground is applied by the line amplifier. 
Two reference levels are in use for 

bridging-bus operation: 1 milliwatt and 
6 milliwatts. The first is the present-day 
standard, while the second may still be 
found in older installations. Because 6 
milliwattts corresponds almost to a plus 
8 dBm, some installations operate with 
a plus 8-dBm bus which is, in reality, 
the old 6-milliwatt reference level. 
Usually broadcast installations use a 
bridging-bus level ranging from plus 
10 to 18 dBm, while in the motion pic-
ture industry the bus level ranges from 
plus 8 to 14 dBm. 

24.36 Describe a relay rack and 
cabinet-type equipment rack. — Relay 
racks are used to support various types 
of electronic equipment. The telephone 
industry, early in its development stage, 
recognized the need for standardization 
in mounting equipment to permit its 
manufacture by anyone and yet be able 
to mount it in a rack without the nec-

Fig. 24-36A. A 7-ft. relay rack. The side 
members ore "U" shaped to permit cable 
to be laid inside. The base is of heavy 
angle iron, which is used to secure the 

base to the floor. 

essity for drilling holes for each indi-
vidual piece of equipment, and, also, to 
permit the equipment to be placed in a 
rack with a minimum of effort. This 
thought resulted in the design of a 
metal rack called a re/ay rack, shown 
in Fig. 24-36A. Relay racks were 
originally designed for holding tele-
phone relays—hence the name. 

The rack consists of two side mem-
bers constructed of channel iron held at 
the top by steel straps, and at the bot-
tom by a heavy angle-iron foot piece. 
The side members have a series of holes 
drilled in their face at such locations 
that panels cut in multiples of 1% 
inches high may be mounted anyplace 
in the rack without drilling additional 
holes. Equipment panels are cut in mul-
tiples of 1% inches and are slotted at 
both ends for mounting screws. 

It is the practice in modern sound 
installations to employ cabinet-type 
racks, as shown in Fig. 24-36B. Here the 
equipment is mounted in a shielded en-
vironment and protected; also, it is pre-
vented from inducing fields into sur-
rounding equipment. This is particu-
larly important for magnetic recording 
and reprodeing equipment. 
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TOP COVER 

REAR DOOR 
(VENTILATED) 

ASSEMBLY AND  

ADJUSTMENT OF  

KEEPER UNIT  
ASSEMBLE 1/4-28 
SCREW TO FRAME 
WITH LOCKWASHER 
AND NUT. THEN 
ADJUST KEEPER 
NUT TO PROVIDE 

PROPER ENGAGEMENT 
WITH HANDLE LATCH, 
AND SECURE WITH 

LOCKNUT. 

SIDE PANEL 

TYPICAL LOCATION 
FOR TERMINAL BLOCKS 

FRAME 

PANEL MOUNTING ANGLE 

--FRONT DOOR 
(NOT VENTILATED) 

TERMINAL BOARD 
MOUNTING ANGLE 

BASE 

Fig. 24-36B. RCA BR-84 cabinet-type equipment rack. (Courtesy, Radio Corporation 
of America ) 

Cabinet-type racks employ the same 
multiple drilling dimensions as for the 
open-channel type of rack, but they 
provide many convenient mounting 
areas for terminal blocks and power-
block connections. The multicell gutter 
is placed over the cabinet (see Fig. 18-
330A) and pipe nipples are run through 
the top cover. The wiring is then 
brought to the terminal blocks mounted 
at the rear of the rack, near the top and 
bottom. It will be noted that the angle 
bracket may be placed to fit any stan-
dard piece of equipment. The rounded 
side members may be replaced with flat 

plates, and the cabinet used with or 
without doors. 

24.37 What are the dimensions for 
cutting and notching panels for relay-
rack mounting?—Fig. 24-37 gives the 
cutting and notching dimensions for 
relay-rack panels. It will be noted the 
panels are cut in multiples of 1% inches 
high and 19 inches long. The height is 
cut %4 inch undersize to each side of 
the centerline of the panel. This under-
sizing allows a small clearance between 
panels when they are mounted in a 
rack. The smallest panel is one multiple 
high, and the largest is seven multiples 
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1/8" 9/32" 

RADIUS 

V4- " 

BEIHOLES 
TAPPED 10-24 

STRAP IRON 
POR TERM. BL KS. 

2°41-*--1 

VERTICAL. 
SIDE MEMBER 

42' 

TERMINAL 
BLOCK 

Fig. 24-36C. Relay-rack dimensions. 

PANEL SIZES 

1-3/4" X 19" I- MULT. 
3-1/2" X 19" 2-MULT. 

I-3/4" • I-1/4" } ON t 
3-1/2". 3"  

— t 

22. 8-3/4" X 19" 5 MULT. 

7" X 19" 4 MULT. 

5-1/4" X 19" 3 MULI r 

I-1/- 2" PANEL SIZES 

f-7"- 

—1—  

5-1/4" • 2-1/4" 

7" • 4" 

8-3/4" • 5-3/4" 

1-1/2" 

2. PANELS CUT TO INDICATED 
2-I/4" HEIGHT MINUS 1/64" EACH 

SIDE OF t. 

1-1/2" 

1-3/4" 
-1---
l-3/4" 
- 

--it— 2-1/4" 

1-3/4" 

1-3/4" 
- 

I-I/2" 

4 6 ANGLE IRON 

FRONT 

41 or 51 
STRUCTURAL 

STEEL 

— MATERIAL — 

3/16" DURAL OR I/8" STEEL 
UNLESS OTHERWISE SPECIFIED. 

NOTE: 

I. ALL DIMENSIONS TAKEN 
FROM t OF PANEL. 

—t--

2-1/4" 

I-1/2" 

Fig. 24-37. Dimensions for cutting and notching panels for relay mounting. The 
panels are cut in multiples of 1% inches high and 19 inches long. 
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high. Panels may be constructed of 
either %6-inch Duralumin or %-inch 
steel. The notches are dimensioned for 
10-24 roundhead machine screws. 

24.38 What is the procedure for 
connecting to terminal blocks? — The 
terminal count is started at the top 
right-hand terminal, as shown in Fig. 
24-38, and is terminal number 1. The 
bottom right-hand terminal is number 
4. The terminal to the left of number 
1 in the top row is number 5 and the 
terminal to the left of number 4 in the 
bottom row is number 8. This method 
of counting continues to the left as 
shown. The odd-numbered terminals 
are always the ground or low-potential 
side of the circuit. As a rule, two-
conductor shielded pairs consist of a 
red/green and red conductor. The red/ 
green conductor is connected to the 
odd-numbered terminals. If the pair 
consists of a red and white pair, the 
red is connected to the high side of the 
circuit or the even-numbered terminals. 
If a pair consists of a red and black 
pair, the black is connected to the odd-
numbered terminals. 

24.39 What is a punching or run-
ning sheet?—A sheet showing the ter-
minal numbers and connections of a 
terminal block. A typical running sheet 
corresponding to the jack assignment 
sheet of Fig. 24-40 is shown in Fig. 24-
39. Incoming and outgoing lines from 
the rack are shown at the right. The 
connections for the internal cabling of 
the rack appear at the left. 

24.40 What is a jack assignment 
sheet?—A jack assignment sheet cor-
responding to the running sheet of Fig. 
24-39 appears in Fig. 24-40. Each square 
on the sheet represents two jacks of a 
double-jack circuit. 

The upper jack strip has been split 
into two parts. Circuits 1 to 6 are in-

Fig. 24-38. An 80-terminal block, used 
at the bottom of a relay rack for termi-
nating cableforms and incoming and 

outgoing lines. 
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coming microphone lines from a studio, 
and normal to the inputs of six micro-
phone preamplifiers, circuits 1 to 6 in 
jack row 2. The outputs of the pre-
amplifiers appear on circuits 7 to 12 of 
jack strip 1. These circuits normal to 
circuits 7 to 12 of jack strip 2. 
Row 3 contains jacks which appear 

in various parts of a recording circuit. 
Row 4 contains a strap jack, 600-ohm 
resistive termination, input to a VU 
meter, and two bridging-bus extension 
circuits. Normal connections between 
circuits are indicated by the short verti-
cal and horizontal lines between jacks. 

24.41 What is a barrier strip?—A 
terminal strip as shown in Fig. 24-41 
for terminating incoming and outgoing 
power circuits at the bottom of a relay 
rack or inside equipment cases. Each 
circuit is separated from an adjacent 
circuit by an insulated barrier to pre-
vent flashovers and short circuits. 

24.42 What are pin counts? — In 
certain phases of the sound industry 
the larger suppliers of equipment, par-
ticularly of recording equipment, have 
standardized on a given method of con-
necting audio and power circuits to 
cable plugs and their receptacles. The 
pin counts used by RCA and Westrex 
for broadcast and recording equipment 
are shown in Figs. 24-42A, B, and C. 
The conductors are connected to the 
plug pins by the number, regardless of 
the type of plug or receptacle used. 

24.43 What is the proper method 
of lacing a cable form?—The pairs are 
laid in straight lines, in positions that 
will permit them to be broken-out at 
the proper intervals for connection to 
equipment. The form is tightly laced 
together using No. 6 or No. 9 waxed 
lacing cord. The stitch used to hold the 
pairs is called a fockstitch and is shown 
in Fig. 24-43. 

The size of cord and the distance be-
tween stitches is dependent on the 
number of pairs in a form and the 
number and type of bends required. 

24.44 What does "serving a pair" 
mean?—Serving a pair means securing 
the end, or ends, of a conductor so 
the shield or covering will not unravel 
or short circuit to another pair or to 
ground. Serving may be accomplished 
in several different ways. 

In Fig. 24-44A, the serving on the 
end of the pair consists of a wrap made 
with No. 6 waxed lacing cord. In Fig. 
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24-44B, the pair is served with vinyl 

plastic tubing. The tubing is soaked in 
lacquer thinner (without butyl acetate) 
for a few minutes, and then spread with 
a pair of long-nosed pliers. The tubing 

is then slipped over the end of the wire 
shield or covering. After the lacquer 

Rack 

Microphone Tnk. #1 R1, J1, 

Microphone Tnk. #2 R1, J2, 

Microphone Tnk. #3 R1, J3, 

Microphone Tnk. #4 R1, 34, 

Microphone Tnk. #5 R1, 35, 

Microphone Tnk. #6 R1, 36, 

Mixer Tnk. #1 R2,37, 

Mixer Tnk. #2 R2, 38, 

Mixer Tnk. #3 R2, 39, 

Mixer Tnk. #4 R2, 310, 

Mixer Tnk. #5 R2, 311, 

Mixer Tnk. #6 R2, 312, 

Mixer Out R3,31, 

Master Gain Cont. In R3, .T4, 

Master Gain Cont. Out R3, 35, 

LL Test Tnk. #1 R, J, 

LL Test Tnk. #2 R, J, 

Fig. 24-39. A typical running 

From Microphone Connector #1 in Studio 

From Microphone Connector #2 in Studio 

From Microphone Connector #3 in Studio 

8 From Microphone Connector #4 in Studio 

10 From Microphone Connector #5 in Studio 

12 From Microphone Connector #6 in Studio 

To Mixer Input #1 in Console 

16 To Mixer Input #2 in Console 

To Mixer Input #3 in Console 

To Mixer Input #4 in Console 

To Mixer Input #5 in Console 

24 To Mixer Input #6 in Console 

From Mixer Output, Console 

To Master Gain Cont. in Console 

From Master Gain Cont. in Console 

1 
2 

3 
4 

5 
6 

7 

thinner has evaporated, the plastic tub-
ing will shrink tightly around the wire. 

In Fig. 24-44C, the pair has been 
served with a Thomas and Betts fitting. 

This metal fitting consists of two parts: 
an inner part which is tapered on the 
outside, and an outer piece which fits 

Gutter 

9 

11 

13 
14 

15 

17 
18 

19 
20 

21 
22 

23 

25 
26 

27 
28 

29 
30 

31 
32 

33 
34 

35 
36 

37 
38 

39 
40 

To Rack #2 

To Rack #2 

RUNNING SHEET 
LL 40 BLOCK 
RACK #1 
SHEET #1 of 2 
DATE 3 Dec. '56 

H. M. T. 

NOTE: Terminal #1 is 
the SHORT PIN and is 
COMMON. 

sheet used with a 40-terminal block similar to that in 

Fig. 24-38. 
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ROW I 

ROW 2 

ROW 3 

ROW 4 

RACK No.L1Q_ JACK ASSIGNMENT SHEET 

2 3 4 5 6 7 

DATE  I- 10 - 57  
SHEET_LOFA__ 

8 9 ro II 12 

PREAMP PREAMP PREAMP PREAMP PREAMP PREAMP 
NIC-I M1C-2 Hic -3 MIC-4 MIC-5 NIC-6 

OUT OUT OUT OUT OUT OUT 
OUT OUT OUT OUT OUT OUT 

150A 150n 150A. 150A 150A 150A 

NNNNNN.NNNNNN 
PREAMP PREAMP PREAMP PREAMP PREAMP PREAMP MIXER MIXER MIXER MIXER MIXER MIXER 

IN IN IN IN IN IN IN IN IN IN IN IN 

30A 30A 30A. 30A 30A 30A. 150A. 150A 150n 150A 150A 150A 

MIXER 
BOOST 

....., 
BOOST 

„,.,,, 
MASTER 
GAIN 

MASTER 
GAIN 

40H1 
H P F 

40t* 

H PF 
LPF LPF LINE 

AMP 
LINE 
AMP 08 IN 

OUT 
600A 

.., 
IN 

600A 

'"OEr 
OUT 
600A 

CONTROL 
IN 

600A 

CONTROL 
OUT 
600A 

IN 
600 A 

OUT 
600n 

IN 
600A 

OUT 
600A 

IN 
600A 

OUT 
600A 

600A 

tNt 

V.U. 

STRAP STRAP STRAP STRAP 
TERM. 
600A 

METER 
IN 

BB 
EXT 

BB 
EXT 

600A 

N N  

Fig. 24-40. A typical jack-assignment sheet. 

Fig. 24-41. Barder terminal :trip for power circuits. 

the large end of the inner component. 
The metal shield of the wire is slipped 
over the outside of the inner part and 
the outer part clamps over the shield 
by means of a special tool. This results 
in a clean serve which may be used to 
ground the shield. 

Fig. 24-44D shows a shielded pair un-
served and Fig. 24-44E depicts a single 
shielded conductor unserved. It will be 
noted in these photographs, except for 
Fig. 24-44E, a tinned ground wire is 
shown projecting from the end of the 
shield. This wire is continuous through-
out the entire length of the pair and is 
used to ground the shield of the pair. 
By the use of a continuous ground wire, 
as shown, the ground wire is in contact 
throughout the entire length of shield, 
reducing resistance between shield and 
actual ground. This type of wire is used 
almost exclusively in large installations. 

24.45 What type of actuel ground 
is recommended for a large sound In-
stallation?—Two types of grounds are 
recommended. The first is a water-pipe 

Fig. 24-42A. %électron pin count. 

ground, the connection being made at a 
water main where it enters a building. 
The second method consists of burying 
several large copper plates in moist 
earth which has been well mixed with 

Fig. 24-426. RCA pin count. 
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Fig. 24-43. Lockstitch used for lacing a 
cableform. 

+A 

Fig. 24-42C. RCA pin count for 6-pin 
plugs. 

rock salt. If this is not practical, several 
heavy wires may be buried in a trench 
prepared in a similar manner. In any 
event, the ground must be of low re-
sistance, which can be obtained only in 
moist earth. 

LACING CORD 

24.46 How can cc ground loops be 
avoided when several pieces of equip-
ment are fed from the same cc source? 
—This subject is discussed at length in 
Question 23.217, which outlines the 
procedure that should be followed when 
several pieces of equipment (particu-
larly those of high gain) are mounted 
in one rack. 

Fig. 24-44A. Two-conductor shielded 
pair, with ground wire and cloth braid 
overall served with No. 6 lacing cord. 

24.47 What is a grasshopper fuse? 
—An indicator alarm fuse which will 
operate a bell or light to show when it 
has blown. A typical fuse of this type 
is shown in Fig. 24-47. The fuse wire is 
connected to a spring that is released 
when the fuse blows. The spring makes 
contact with another contact on the 
mounting fixttue, causing a bell to ring. 

24.48 What is a main frameT—A 
large framework supporting a group of 

Fig. 24-44B. Two-conductor shielded 
pair, with ground wire, cloth braid over-

all, served with single tubing. 

terminal blocks to which incoming lines 
are terminated. Lines are then run from 
the main frame to different parts of the 
installation. Main frames are used only 
in very large plants where several hun-
dred circuits enter a building and are 
distributed over a large area. 

— — 
Fig. 24-44C. Two-conductor shielded pair 
with ground wire, cloth braid overall, 
served with Thomas and Betts fitting. 

24.49 Describe the different types 
of metal gutter used in sound installa-
tions.—It is the general practice in 
sound installations to provide a metal 
gutter for running the ac power, con-
trol circuits, de power supply, audio 
transmission lines to the equipment and 
between the various racks and power 

Lee--

L _ 

Fig. 24-44D. Two-conductor pair with 
ground wire and shield unserved. 

room. The gutter not only provides 
protection for the lines, but also shields 
them and prevents inducing electro-
magnetic energy into other equipment. 

_ 

Fig. 24-44E. Single conductor with cop-
per tinned shield unserved. 
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FUSE WIRE 
UNDERNEATH 

Fig. 24-47. Alarm or grasshopper fuse. 

A gutter also provides a convenient 
means of making changes in existing 
equipment, as well as future expansion. 

In the power room the ac lines are 
run in 4 >< 4-inch gutter with a re-
movable cover, mounted on the walls. 
In small installations the high- and 
low-level audio lines may be run in a 
double gutter (Fig. 24-49A). For larger 
plants a three-cell gutter (Fig. 24-49B) 
may be used for the power and control 
circuits. 

For large installations which involve 
the use of many racks, a six-cell gutter 
is generally employed. This gutter runs 
the full length of the installation, from 
the mixer console to projection room, 
machine room, transfer channel, and 
the power room. It is mounted over the 

Fig. 24-49A Metal gutter used for au-
dio-circuit wiring. 

equipment cabinets and runs on the wall 
to other parts of the plant. A typical 
installation is shown in Fig. 18-330A, 
and in Figs. 24-49C and D. The cables 
or wires are broken out at various 
positions in the gutter and mechanically 
connected to cabinets by 2-inch pipe 
nipples. The wiring is then brought to 
terminal blocks which are mounted at 
the top or bottom at the rear of the 
racks. 

All ac and dc wiring is firmly twisted 
before being laid in the gutter. The 

SIGNAL 
CKTS. 

Fig. 24-498. Metal gutter used for power 
wiring and control circuits. 

Fig. 24-49C. Interior view of a six-cell metal gutter interconnecting two control 
positions in a projection room. 
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ite+o -ter  

70 

f3, POWER 10 POWER 

E  

1 LOCKNUTS SPOTWELD 
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\ \  
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I HIGH LEVEL FOOTAGE TDC- POWER] AUDIO LINES. INTERCOM. 
COUNTER. REVERBERATION LOW LEVEL 

T.. AUDIO LINES. 
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SELSYN I CONTROLS. SYSTEM WiRING j GROUNDS 
• • 

TOP OF CABINET WOODEN BLOCK 

, 

2.OE PIPE NIPPLE I FRONT OF 
rOUIPMENT CABINET. 
1 

Fig. 24-49D. Cross-sectional view of typical 6-cell gutter run, showing the division 
of the power, control, and audio wiring for a sound recording installation. 

low-level lines are separated into two 
groups, with the higher- and lower-
level lines separated by wooden blocks 
every few feet. High-level lines are 
treated similarly. To facilitate its re-
moval at some future time, none of the 
wiring is laced. Ground wires may be 
laid in either the lower- or higher-level 
gutter if necessary; however, they 
should be consigned to the dc channel 
whenever possible. Ground wires must 
be insulated. The gutter is firmly 
grounded to the rear of each cabinet 
with a flexible 1-inch copper strap. The 
gutter is grounded to the conduit sys-
tem. Each cabinet is bonded to the ad-
joining rack with a flexible copper 
strap. The gutter may be suspended 
from the ceiling, where practical, by 1-
inch hangers placed approximately 
every 10 feet. 

Fig. 24-50. Terminating resistor mounted 
on a Western Electric 289A double-

circuit plug. 

24.50 What is a termination plug? 
—A standard cord plug fitted with a 
terminating resistor, as shown in Fig. 
24-50. An installation where a consider-
able amount of patching and frequent 
transmission measurements are made 
generally requires a number of such 
plugs with different values of terminat-
ing resistors. These plugs are patched 
into strap jacks for terminating a line, 
amplifier, or other device. For heavy 

Fig. 24-51. Dummy plug used for lifting 
normal circuit in a jack. The plug is 

made of molded Bakelite. 

power-output loading, a wirewound 
resistor of the proper wattage is used. 

24.51 What is a dummy plug?—An 
insulated plug, as shown in Fig. 24-51, 
used for the purpose of lifting a normal 
circuit in a jack or patching out a cir-
cuit. 

24.52 What is a forming board?—A 
board with a number of pegs or nails 
driven into it for the purpose of laying 
out a cableform. The pegs are placed at 
the points where the conductors break 
out of the form or run to components. 
After the wires are laid in, the form is 
laced or bound together with plastic 
fasteners. 

Cableforms for relay racks are laid 
out on a board the full size of the rack. 
Holes are drilled at the points where 
the pairs break out to the jack rows. 
The pairs are pushed through the holes 
to hold them in place as the cable is 
laced. Pegs are placed at the points 
where the pairs break out for the vari-
ous pieces of equipment. 

Forming and lacing the cable before 
mounting it in the rack facilitates the 
identification of the pairs and the 
grounding of the shields. 

24.53 What are the drilling dimen-
sions for single- and double-jack rows? 
—Fig. 24-53A shows the dimensions for 
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3/4" 

END ANGLE 
BRACKET 

16 7/8" 

5/8" 

I-1/4"  9-0-0-0- 0 0 0 0 0 

/2  hul 
1-1/4"-1 I -5/8" 

5/8" 
5/8" 5/8" 

 DESIGNATION STRIP 
0 0 0 0 0 0 0 0 0 0 0 0 0 

24 HOLES 29/64" HOLE 

CHAMFER ALL 
HOLES TO 1/32" 

.\ BLACK BAKELITE 

Fig. 24-53A. Drilling dimensions for a single jack row mounting strip and for the 
mounting bracket. 

drilling the mounting strips for a single-
jack row. The mounting strip may be 
double X (XX) black bakelite, or 
metal. Small angle pieces, slotted for 
single multiple mountings, are used to 
firmly support the mounting strip at the 
ends. 
The mounting dimensions given are 

standard and will accommodate either 
single- or double-circuit plugs de-
scribed in Questions 24.3 and 24.4. 

Dimensions for double-row jack 
strips are given in Fig. 24-53B. As a 
rule, modern 'jack strips are constructed 
one multiple high, and slotted for single 
multiple mounting. 

24.54 What are the dimensions for 
jack spacers?—At times it may be nec-
essary to use an odd number of jack 
rows in a rack, which causes the 
mounting pattern to end in a fraction 
of a multiple. Such spaces are filled 
with a hardwood spacer as shown in 
Fig. 24-54. It is of the same length as 
a jack mounting strip and is supported 

3/4" 

2-1/8" 

r. 5/8" 

o 

r 5/8" 

at the ends by angle brackets, using a 
Western Electric No. 25 jack fastener. 

24.55 What h a circuit laboratory? 
—A test section in a large sound in-
stallation. This name originated in the 
telephone industry. The equipment usu-
ally found in such a laboratory con-
sists of an oscillator, gain set, distortion-
measuring equipment, amplifiers, coils, 
terminations, and other transmission-
measuring equipment. 

Several high- and low-level trunks 
are originated in the laboratory to run 
to several patch bays throughout the 
installation to facilitate the testing of 
equipment at a remote location. 
A typical circuit laboratory in the 

Sound Department of Paramount Pro-
ductions, Inc., Hollywood, California, 
appears in Fig. 24-55. 

24.56 What are the advantages of 
using a buzzer test set rather than an 
ohmmeter when testing for direct-cur-
rent continuity?—It is the general prac-
tice among sound and telephone main-

16 7/8" 

13/16" 

2-1/8" 

113/I7" 
**et*** 
9 0 0 0 0 0 

1-1/4"-I 15/8" 29/64" 

5/8"I L5/8" 
5/8" 

 0 -DESIGNATION STRIP= — -, 

Qo 00 000000o0000 
dio =DESIGNATION STRIP:-7_-_-3 

BLACK BAKELITE 

CHAMFER 1/32" 

Fig. 24-53 B. Dril ing dimensions for a double jack row mounting strip and for the 
mounting bracket. 
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r us" 
3/4",i +. 

3/4“ END ANGLE 

-r--- BRACKET 

1 r 5/8" 
-r  

Fig. 24-54. Hardwood spacer for 

16 7/8" 

HARDWOOD SPACER  Ó 
tenance men to use a buzzer test set 
rather than the conventional volt-
ohmmeter when testing the continuity 
of lines, grounds, and other circuits of 
low resistance. A buzzer has several ad-

jack strips, and mounting bracket. 

vantages over an ohmmeter because it 
indicates continuity by hearing rather 
than by observing a meter scale. Buzz-
ers require considerably more current 
to operate than does an ohmmeter; thus, 

Fig. 24-55. One of two circuit laboratories in the Sound Department of Paramount 
Productions, Inc., Hollywood, Calif. 
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if a circuit such as a line or ground wire 
which should be of low resistance in-
dicates continuity by a weak buzz, it is 
an indication that the circuit has some 
resistance. Even if the resistance of the 
circuit is only 1 ohm, the tone of the 
buzzer will show a noticeable change in 
its intensity and tone quality. 

Buzzers can be of great help when 
attempting to locate a line in a cable-
form. The buzzer is connected to a line 
and opposite ends of the lines shorted 
until buzzer is caused to operate. Point-
to-point testing is simplified because the 
eyes do not have to be shifted every 
time a test is made, to determine 
whether the circuit is continuous. 

EDWARDS -LUNGEN 
BUZZER No. 15 

SIZE "0" 
6-8 VOLTS DC 

BUZZ 
FOR 
LINE 
TONE 3-6 17—. 

VOLTS T-
TEST PRODS 
CONTINUITY 

 a 

Fig. 24-56. Buzzer test set. For con-
tinuity tests the test prods are used. For 
applying a constant tone to a line, the 
line is connected to the tone terminals. 

Short test prods to actuate buzzer. 

The only time an ohmmeter is actu-
ally required is when the circuit re-
sistance is used to identify a component 
such as a resistor or coil. The circuit of 
a typical buzzer test set is shown in 
Fig. 24-56. Buzzer test sets may also 
be used as a source of steady tone for 
testing long lines in which the de re-
sistance of the line would prevent the 
buzzer from operating. The terminals 
of the buzzer test set are connected to 
the line at one end and the test probes 
shorted to cause the buzzer to operate. 
A headphone is used at the other end 

to locate the pair to which the buzzer 
is connected. The proper line may be 
identified by a high-pitched, steady 
tone. 

24.57 What are relay-adjusting 
tools?—To properly adjust relay and 
jack springs, special tools are required, 
as shown in Fig. 24-57. These tools are 
fitted with a small slot of the correct 
dimensions to permit them to be slipped 
over the springs for bending purposes. 
The springs of a relay or jack should 
never be adjusted with a pair of pliers. 
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Fig. 24-57. Western Electric 535A and 
505A relay-adjusting tools. 

24.58 What is a burnishing tool? 
—A tool used for cleaning or polishing 
the surface of relay and jack spring 
contacts (Fig. 24-58). The tool consists 
of a holder similar to a fountain pen. 
The burnishing tool consists of a finely 
sandblasted strip of metal. This strip is 
placed between the contacts, and the 
spring is held closed by applying a light 
pressure with the fingers. The burnish-
ing tool is then rubbed across the con-
tacts and, because of its fine surface, the 
contacts are cleaned rather than filed. 
The handle holds spare burnishing 
blades and round burnishing inserts for 
jack cleaning. Emery or crocus cloth 
must never be used an relay springs. 

; NO e 
  1 

Fig. 24-58. Western Electric 256C burn-
ishing tool. 

24.59 Show a circuit suitable for 
testing patch cords and cables.—Fig. 
24-59 shows a patch-cord and cable test 
set that may be used for checking the 
continuity and polarity of both single-
and double-circuit patch cords, as well 
as three-pin microphone cables. 

The cord or cable to be tested is in-
serted in the proper receptacle and 
switches SW1 and SW2 turned to their 
corresponding positions. If the cord or 
cable is continuous, a buzz will be 
heard. If the polarity is reversed, the 
buzz will not be heard on a col eeond-
ing switch position. 
The leakage of a cord or cable may 

be measured by connecting a megger 
(see Question 25.116) to the center 
lower terminals and turning switches 
SW1 and SW2 to opposite positions and 
switch SW3 to Megger. The buzzer may 
be tested by turning switches SW3 to 
the position indicated Buzz, and SW1 
and SW2 to position 5. 

It is the practice in the motion pic-
ture industry to test microphone and 
camera cables by measuring the dc 
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24.62 What is the color code for 
audio transformers?—The code is given 
in Fig. 24-62. 

24.63 What is the recommended 
method of testing transmission lines for 
their operating characteristics?—In large 
recording plants where many lines 
terminate at a patch bay, a record is 
kept of the loop dc resistance of each 
line and its leakage to ground under 
both dry and wet conditions of weather. 
The usual practice is to test the line by 
shorting the far end and measuring the 
de loop resistance with a resistance 
bridge or, in some cases, a sensitive 
ohmmeter. The leakage to ground is 
measured with a megger. 

If it becomes necessary to measure 
the frequency characteristics of a line, 
this is accomplished as described in 
Question 23.96. 

24.64 Describe a solid-state inter-
communication system with a switching 
matrix.—The basic diagram for a SS-
1026 solid-state switching matrix inter-
communication system, manufactured 
by McCurdy Radio Industries (Can-
ada), is shown in Fig. 24-64A. Inter-
communication systems such as this one 
may be used for any purpose requiring 
selective talking, group talking, or all-
talk by the key-switch configuration 
used. The system to be described in-
volves four main functional elements: 

resistance of each conductor while pass-
ing a considerable amount of current 
through the cable from plug to plug. 
A record is kept of the resistance of 
each cable and when repairs are made; 
this information is used to determine 
if the cable is normal. This is also a 
quick and positive test for soldered 
connections within the plugs. 

If the cable is shielded, its continuity 
to ground is tested by connecting a 
sharp-pointed probe to the pin jack, and 
turning switch SW1 to position 1 and 
SW2 to position 5. The probe is pushed 
through the outer covering just far 
enough to make contact with the shield. 
Continuity will be indicated by the 
buzzer. 

24.60 What is the standard color 
code used in electronic equipmentP—In 
early electronic equipment a portion of 
the standard telephone code was em-
ployed, with a separate code used for 
the power wiring. The standard code 
now used in electronic equipment is 
given in Fig. 24-60. For electronic 
equipment a black wire is generally 
used for ground, while in commercial 
power systems (117 Vac), the Under-
writers require the ground wire to be 
white and the hot wire to be black. 

24.61 What is the co/or code for 
small power transformers?—The code is 
given in Fig. 24-61. 

PATCH 
CORDS 

ii 

MESSER 

Fig. 24-59. Patch cord and cable test set. 
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Conductor 
Number Base Color Tracer Color Tracer Color 

1 Black  
2 White   
3 Red   
4 Green   
5 Orange   
6 Blue  
7 White   Black  
8 Red   Black   
9 Green   Black  
10 Orange   Black   
11 Blue   Black   
12 Black   White   
13 Red   White   
14 Green   White   
15 Blue   White   
16 Black  Red   
17 White   Red   
18 Orange   Red   
19 Blue   Red   
20 Red   Green   
21 Orange   Green   
22 Black   White   
23 White   Black   
24 Red   Black   
25 Green   Black   
26 Orange   Black   
27 Blue   Black   
28 Black   Red   
29 White   Red   
30 Red   Black  
31 Green   Black   
32 Orange   Black   
33 Blue   White   
34 Black   White   
35 White   Red   
36 Orange   White   
37 White   Red   
38 Brown  
39 Brown  Black  
40 Brown  White   
41 Brown  Red   
42 Brown  Green   
43 Brown  Orange   
44 Brown  Blue   

Red 
Red 
White 
White 
White 
White 
Green 
Green 
Green 
Orange 
Green 
Orange 
Orange 
Orange 
Blue 
Blue 

Fig. 24-60. Standard color code 

power supply, power distribution and 
control circuits, switching circuits, and 
input-output amplifiers. 

The heart of the system is a solid-
state switching matrix (Fig. 24-64A), 
which determines the routing of the 
path from any message source in the 
system to the desired destination and 
which performs the required switching 
functions. Essentially the switching 

used in electronic equipment. 

matrix is a group of input buses pro-
vided with cross-connection points, 
each of which feeds a pad having a high 
input impedance and a low output im-
pedance. The output terminating resis-
tance of each pad is part of a second, or 
output, bus. In some instances, connec-
tion between an input bus and an out-
put bus may be required continuously, 
and the cross-point is simply a resis-
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tance chosen to provide the required 
isolation between the two buses. In a 
majority of instances, however, a con-
nection from a given input to a given 
output is required only on an inter-
mittent basis, via a pad which provides 
the desired amount of attenuation or 
introduces additional attenuation into 
a connection which is normally made. 

BLK — 

UNTAPPED 
PRIMARY 

BLK 

COMMON 
BLK 

8LK /YEL 

BLK/RED 
FINISH 

TAPPED PRIMARY 

RED 

8— RED/VEL 
c> 

RED 

F YEL 
81../YEL 

 VEL 

GRN 

GRN/YEL 

GRN 

BRN 

BRN/VEL 

BRN 

Si 
H.V. 

S2 

RECT. 
FIL. 

S3 

FIL. 

4 
FIL. 

F SLATE 
SLATE/YEL 

FIL. 

S5 

 SLATE 

Fig. 24-61. Color code that is used for 
small power transformers. 

In the switching matrix shown, 
diodes are used to perform the switch-
ing functions, and the switching ele-
ment and isolation pad are combined 
to form an integrated switching module. 
Four types of modules are used to 
accomplish the various types of switch-
ing and muting required in television 
programming. One of these, a "Nor-

CONTROL 
FROM CALL 
STATIONS 

SOLIO-STATE SWITCHING MATRIX 

AUDIO FROM CALL STATIONS 

many Off/Switch ON" module, is shown 
in Fig. 24-64B. The others include a 
"Normally On/Mute 15 dB" module, a 
"Normally Mute 15 dB/Mute 30 dB" 
module and a "Normally On/Mute 30 
dB" module. 

GRN 
YEL.---.'., GRID 

PUR. 

RED RETURN 
BLUE 

(a) Input. 

BLUE 

8+ 

GRN OR VEL 
(START) 

BLUE OR BROWN 
(START) 

B+ 

BRN 

GRN 
GRID 

RETURN 

GRID 

(b) Interstage. 

BLUE GRN 
16n 

8n 

4n 

BLK COMMON 

(c) Standard output. 

BLUE GRN 
I6n 

8n 

4n. 

COMMON 

(d) Ultralinear. 

Fig. 24-62. Audio transformer color 
codes. 

CONTROL 

DISTRIBUTION 

SYSTEM 

12 VOLTS 

600 
OHMS 

MUTING 
RELAYS 

OUTPUT 
AMPLIFIERS 

600 
OHMS 

INPUT 
AMPLIFIERS 

STEP 
VOLUME 
CONTROL 

o  

MUTING K 
RELAYS 

o o 

AUXILIARY 
AMPLIFIERS 

Fig. 24-64A. Basic matrix for McCurdy Rodio Industries solid-state intercommunica-
tion system. 
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The minimum attenuation in any 
cross-point is 30 dB, so that isolation 
between any two input/output paths is 
at least 60 dB. For continuous connec-
tions the 30 dB of attenuation is pro-
vided by a single 15,000-ohm resistor. 
The various types of switching modules 
present an impedance of more than 
10,000 ohms to the input bus, so that it 
may feed a large number of output 
buses without being affected by loading. 
As shown in the block diagram, the 
cross-points are designed to feed a 
600-ohm resistive load. To eliminate 
pickup in the matrix from external 
sources, rf bypass capacitors are used 
across all terminating resistors. 
To permit switching at a common 

level and to overcome the attenuation 
required for isolation in the matrix, 
both input and output amplifiers are 
used. Two types of input amplifiers are 
provided: a carbon-microphone/line-
input amplifier, and a dynamic micro-
phone amplifier which incorporates 
compression. Both types of amplifiers 
are designed to supply 0 dBm into the 
600-ohm impedance of the input bus. 
Two types of output amplifiers are also 

I- POWER 
ROOM 

MICROPHONES 

D—OE>  

3- DUBBING 
CONSOLE 

2- SCORING 
CONSOLE 

4- MACHINE 
ROOM 

I- CIRCUIT 
LABORATORY 

3- PROJECTION 
ROOM 

TRANSFER 
ROOM 

D->  

O  

O  

1595 

RI CRI CR2 R2 
AUDIO 

AglOETC) 

R 

R41 R5 

-12V 
FROM 

CONTROL 
CIRCUITS 

+ V 
BIAS 

Fig. 24-64B. Matrix switching module. 

available: a full-frequency-range unit 
supplying -I-18 dBm into 600 ohms, and 
a limited-range unit which provides the 
same output power but has a tailored 
frequency response to improve voice 
intelligibility in noisy locations. 

Relays are provided to mute the 
local speaker when an intercom selector 
switch is depressed at locations where 
acoustical feedback might occur. In 
applications such as studio address, 
where higher amplifier powers are re-
quired, the output amplifier drives 
auxiliary units. 

Connections between sources and 
destinations within the system are 
established by a dc control system 

5_J oC .ei 
JOE O P-

0 

0 0 

0 0 

SOUD-STATE 
D SWITCHING 

MATRIX 

0 0 0 0 E 

o 

E 

vvy vvv7ym", 
FF I °FF / °FF I O  

LOUDSPEAKERS 

Fig. 24-64C. Typical matrix layout for a sound department intercommunication sys-
tem. (Courtesy, McCurdy Radio Industries Ltd., Canada) 
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Fig. 24-64D. Matrix and amplifier modules for McCurdy Radio Industries Ltd. 
(Canada) Model SS-1026 solid-state intercommunication system. 

which applies 12 volts to the appropri- pressed. The modules are normally held 
ate module when a selector key is de- of by a 1-volt bias voltage. The basic 

WE-101A COIL 

SPLIT 
HEADSET 

MIXER, BOOM 
MAN , CAMERA 
AND SOUND 
EFFECTS 

SINGLE 
RECEIVER 

WE -GB 1544 
HEADSET 

POSITIONS® 
OTHER 

PRESS 
TO 
TALK 2 

P/B 

WE-101A COIL 

P/B 

1 ,7.......RES4i1-1 
TO 
TALK 

c + _ 
ADDITIONAL 
HEADSETS 

PROGRAM 
AMPLIFIER 

___< 
____< 

Fig. 24-65. Split-headphone intercommunication system suitable for television or 
recording. 
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diagram for a typical switching module 
is given in Fig. 24-64B. The' power 
supply is solid state and supplies 12 
volts at 5 amperes for both the ampli-
fiers and control circuits. 
A typical switching matrix for a 

sound department in a large plant is 
given in Fig. 24-64C. A rear view of the 
amplifier-matrix chassis is shown in 
Fig. 24-64D. The module cards for the 
amplifiers and switching diodes may be 
removed from the front- (See Questions 
24.65 and 24.66.) 

24.65 Show an intercommunication 
system suitable for use with television 
productions, using split headphone mon-
itoring.—The upper left-hand portion of 
Fig. 24-65 shows a split headphone 
monitor and order-wire circuit. The 
split circuit is generally confined to use 
by the mixer, boom men, sound-effects 
man, and cameramen. For other posi-
tions in the chain where monitoring of 
the program material is not important, 

MIXER 
CONSOLE 
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one receiver is connected to the order-
wire circuit only. It will be noted a 
program amplifier with a low output 
impedance feeds the receivers of the 
split monitoring circuit. The impedance 
feeding this circuit will depend on the 
number of headphones used and their 
internal impedances. 

Additional headsets of the split- or 
double-circuit type may be added, as 
desired, by connecting them in parallel 
with the circuit. The 1-henry choke in 
the battery circuit is necessary to pre-
vent the low impedance of the battery 
from short circuiting the coil. It must be 
capable of carrying the current of all 
transmitters. A single transmitter draws 
about 30 milliamperes of current. 

The press-to-talk buttons are neces-
sary to eliminate talking and noises that 
would be picked up by the microphones, 
if directly connected to the circuit at all 
times. 

PUSH Piet' 
TO 

TALX e 

e"— Ir 

STA -1 

STA -3 

STA 

STA -6 

STA-7 

STA -8 

STA-

STA -9 

STA- 10 

STA-II 

STA -IS 

STA-I3 

NOEi  

10 WATTS 

INTER - 
COM 

4541 INPUT AMP Z • en 
vr-- 

STA -14 

4541 VC 

Fig. 24-66. Talk-back system using a 45-ohm loudspeaker for both microphone and 
speaker. 
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24.66 Describe a talk-back system 
using speakers for both microphone and 
speaker.—Fig. 24-66 shows a simple 
talk-back system suitable for use in a 
large recording department. The system 
consists of a group of 3-inch speakers 
with a 45-ohm voice-coil winding con-
nected to a push-to-talk switch to func-
tion as both microphone and speaker. 

The system is set up in such a man-
ner that the station at the mixer con-
sole can always talk to a given group 
of stations, such as the projection 
room, machine room, narration booth, 
and the recording machine operator. 
The mixer speaker circuit is normalled 
and is available to all stations by oper-
ating the push-to-talk button at any 
one station. Other stations can originate 
a call, but cannot be called unless they 
are within hearing distance of one of 
the normalled stations. 

The diagram shown may not apply to 
all situations; however, it can be readily 
adapted to any installation by the 
proper connections at the press-to-talk 
button. 

24.67 What is a depopping or click 
suppressor?—A capacitor and resistor 
connected across the contacts of a 
switch or relay to prevent a surge being 
introduced into an adjacent circuit. 
Click-suppressor circuits take several 
forms. The most common is a capacitor 
of 0.10 to 1 p.F and a resistor of 1 to 10 
ohms connected in series with the 

RELAY 
COIL 

Fig. 24-67A. Cl ck-suppression circuit 
using a resistor and capacitor. In some 
instances, only the capacitor will be re-

quired. Used in dc circuits only. 

RELAY 
COIL 

Fig. 24-678. Click-suppression circuit 
connected across a de relay coil. 

capacitor across the coil or contacts of 
the offending relay or switch, as shown 
in Fig. 24-67A. It is common practice in 
large recording installations, where 
several distributor sets or motors must 
be operated simultaneously, to connect 
click suppressors across all remote de 
relay coils in starting boxes. No hard 
and fast rule can be laid down for such 
devices, as each installation presents its 
own problem. Many times the resistor 
will not be required, only the capacitor. 

The best manner in which to ap-
proach the problem of click suppression 
in a recording installation is to set the 
gain of the playback .system about 20 dB 
above normal and operate the control 
circuits while listening for clicks. If a 
click is heard, a click suppressor with 
a capacitor in series with a 10-ohm re-
sistor is connected across the coil of the 
relay at the coil terminals. The value 
of the resistor is varied for the best 
results. Additional suppressor circuits 
are added to other parts of the control 
system until the clicks are reduced to 
inaudibility. 
The results are finally checked by 

making a recording while starting and 
stopping the equipment. Usually the 
greatest disturbance will be noted when 
the equipment is stopped because of the 
collapsing field around the relay coils. 
The capacitors must be of 600- to 1000-
volt rating since the peak voltage across 
a 24-volt circuit can rise to 1000 volts. 

RELAY 
COIL 

Fig. 24-67C. Click-suppression circuit 
suitable for either dc or ac control relay 
circuits. The diodes ore connected back 

to back. 

Fig. 24-67D. Nonpolarized click suppres-
sor or depopping device, manufactured 

by International Rectifier Corp. 
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The resistor must be of the composition 
type, not wirewound, to reduce induc-
tive effects. In some instances it may be 
necessary to completely enclose the re-
lay in a high-permeability metal shield 
to reduce surges being transmitted elec-
tromagnetically to surrounding equip-
ment. Every piece of equipment must 
be well grounded, particularly genera-
tors, motor frames, and starting boxes. 
Many times a ground loop in the 

system will cause clicks to be trans-
mitted to a remote part of the installa-
tion. This makes it doubly important 
that the system be installed in such a 
manner that ground loops are avoided. 
This subject is discussed in Question 
24.33. 

One of the best ways to avoid clicks 
in a large plant is to twist tightly all 
ac lines, both single- and three-phase, 
during the installation of the equip-
ment. This also applies to de lines as 
well. (See Question 24.49.) 

Click suppression may also be 
achieved in de circuits by using a small 
diode rectifier connected across the 
offending circuit. First, the polarity of 
the circuit is determined. Then the 
diode is connected in reverse polarity 
across the terminals of the relay con-
trol coil; that is, the positive terminal 
of the diode is connected to the nega-
tive terminal of the control voltage, as 
shown in Fig. 24-67B. If the diode is not 
connected as shown, it will not function, 
as its purpose is to short circuit the 
collapsing magnetic field of the relay 
coil when the control voltage is re-
moved. The polarity of the collapsing 
field is opposite to the polarity of the 
control voltage. Also, if the foregoing 
precautions are not observed, the diode 
will conduct when the control voltage 
is applied to the coil, and the diode will 
be damaged. 

Diodes selected for click suppression 
must be capable of carrying high cur-
rent because the current rises to a high 
value when the circuit is broken. For 
use across relay coils operating at 28 
volts or less, the 1N1764 diode serves 
quite well, since it has an instantaneous 
forward-current rating of 15 amperes. 

The voltage induced in the relay 
coil when the contacts of the control 
circuit are opened may be calculated as 
follows: 

R« 
Ec = ( 1 -I- —) when t= 

RL '  
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where, 
Ee is the voltage built up in the coil, 
E is the de control voltage, 
R is the de resistance of the coil 

(E/I) 
Et , s is the forward resistance of the 

diode, 
L is the inductance of the relay coil 

in millihenries. 

The value of the peak voltage (Ec) 
across the coil is dependent on the value 
of the control voltage and the ratio of 
coil resistance to forward resistance of 
the diode. The lower the resistance of 
the diode, the lower the peak voltage 
across the coil; however, the decay time 
(to zero) becomes longer. 
The decay time can be reduced by 

the use of the circuit shown in Fig. 
24-67C, consisting of two identical 
diodes connected back to back, which 
will short circuit voltages equally of 
either polarity. 

With a high induced voltage and a 
low diode reverse resistance, consider-
able current flows through the diode, 
quickly dissipating the induced energy. 
The induced voltage across the coil will 
drop rapidly, lowering the reverse vol-
tage across the diode. Lowering the 
reverse voltage increases the diode re-
sistance, and decreases the current pro-
portionally. In this manner the non-
linear characteristics of the diode are 
taken advantage of to dissipate the in-
duced energy in the coil, and at the 
same time to apply a damping effect 
across the coil, reducing the decay time. 
The circuit of Fig. 24-67C may also be 
used across ac control circuits. Regard-
less of the type of suppressor circuit 
employed, it must be connected physi-
cally at the terminals of the relay coil. 

For click suppression of ac-operated 
relays, the back-to-back connection is 
used exclusively. These diodes are 
especially developed for this service, 
and are rated by their voltage operating 
conditions. They may be obtained for 
both single- and three-phase. iOEperation 
and from 27 to 420 volts rms. The 
clamping voltages range from 85 to 
over 1000 volts (clamping voltage is the 
voltage across the coil at the instant of 
breaking the circuit), with peak dis-
charge currents of 180 amperes. It is not 
uncommon in a large sound installation 
to use several hundred of the devices. 
A typical ac back-to-back suppressor 
is pictured in Fig. 24-67D, and is man-

_ 
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ufactured by International Rectifier 
Corp. (See Question 11.158.) 

24.68 How can de relays be pre-
vented from chattering when operated 
from a half-wave rectifier? — Relays 
operating from a half-wave rectifier 
circuit should always use a relay coil 
with a copper ring to prevent chatter-
ing. For coils without a copper ring, a 
capacitor may be connected in parallel 
with the coil winding, as shown at (a) 
of Fig. 24-68, or a half-wave, back. 
wave rectifier element may be con-
nected across the coil as shown at (b) 
of Fig. 24-68. 

RECTIFIER 

RELAY 
COIL 

(a) Capacitor across coil. 

RECTIFIER 

RELAY 
COIL 

(b) Back-wave rectifier to smooth cur-
rent through coil. 

Fig. 24-68. Circuits for eliminating chat-
ter in relays operating on rectified ac 
without the benefit of a copper ring. 
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24.69 How are telephone lines 
transposed and what is the purpose?— 
Transposing telephone lines is a method 
used for the reduction of cross talk be-
tween adjacent pairs which are run 
parallel for relatively long distances. 

Cross talk can be reduced to a great 
extent by transposing the lines at in-
tervals on the pin positions of the tele-
phone pole cros.sarms. The technique 
for transposition becomes quite in-
volved, particularly if a large number 
of pairs is involved. The length of the 
transposition is dictated by the fre-
quency of operation and the cross-talk 
tendency of the pattern employed. 

Fig. 24-69 shows the basic patterns 
standardized by the Bell Telephone 
System for the transposition of tele-
phone line pairs. (See Questions 23.97 
and 23.98.) 

24.70 Describe a 70.7-volt constant-
voltage speaker distribution system?—It 
is a method of matching speaker im-
pedances for paging and public address 
systems. This system was adopted by 
the EIA and is slowly being adopted by 
the manufacturers of announcing sys-
tems equipment. 
The 70.7-volt method of impedance 

matching is based on a constant-voltage 
system and, to a great extent, simplifies 
the computation of transformer imped-
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Fig. 24-69. Basic patterns standardized by the Bell Telephone System for the trans-
position of telephone line pairs. 
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ance ratios when different sound levels 
are required at different points in the 
system. The 70.7-volt system permits 
the addition of speakers to an existing 
system without recalculation of the load 
and source impedances. 
As long as the total power consumed 

by the speakers is less or equal to the 
amplifier power rating, favorable load 
conditions will prevail. Furthermore, 
the 70.7-volt system permits the con-
nection of speakers across a transmis-
sion line in a manner similar to that of 
connecting a light bulb across a power 
line, up to the capacity of the power 
circuit. The system requires that the 
amplifier output transformer deliver 
70.7 volts at its rated power output for 
a given percent harmonic distortion. 
The EIA selected 70.7 volts because of 
Underwriters' requirements which, in 
many locations throughout the country, 
limit speaker voltages to 125 volts, un-
less the lines are run in conduit. 

The term 70.7-volt speaker line does 
not mean that the voltage on the line 
is always 70.7 volts. The voltage will 
vary, depending on the power level at 
which the line is operated. The 70.7 
volts is the maximum voltage of sine-
wave character for a given amount of 
distortion. Standardizing the output 
voltage means the voltage will be the 
same for either a low- or a high-power 
amplifier. 

The value of 70.7 volts will only exist 
at the output of the amplifier when it 
is terminated in its specified terminating 
impedance and operated at its rated 
power output. 

If the transformers at the speakers 
are rated in watts, no calculations are 
required. For transformers not marked 
in watts but in load impedance, the 
following formula may be used: 

E' 
= 

where, 
Z is the output impedance. 
P is the desired level in watts at a 

particular location. 

For an amplifier with a 70.7-volt out-
put, the formula is reduced to: 

5000 

where, 
5000 is the approximate square of 

70.7, 
P is the desired power level in watts, 
Zp is the unknown impedance. 
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After a plan has been developed show-
ing the power required at each individ-
ual speaker in the system, the powers 
are totaled and an amplifier is selected 
which is capable of supplying at least 
the total power and greater, if prac-
ticable. If a single amplifier is not prac-
ticable, the system may be divided into 
two or more branches, each amplifier 
being fed from a common input source 
impedance. 
Two or more power amplifiers may 

be used by connecting their outputs in 
parallel, if they are of similar design; 
however, this is not recommended un-
less the branch system is impracticable. 
The connection of power amplifiers in 
parallel is discussed in Question 12201. 
After the 70.7-volt line system has once 
been established, 70.7-volt matching 
transformers may be connected across 
the line without further consideration 
as to impedance match. 
To use the conventional line trans-

former with a 70.7-volt system, assume 
three speakers are to be fed, 10 watts, 
5 watts, and 1 watt of power, respec-
tively. The primary impedance is cal-
culated as follows. 

For the 10-watt speaker: 

E' 5000 
Zi, = = = 500 ohms 

For the 5-watt speaker: 

E' 5000 
= = —5— = 1000 ohms 

For the 1-watt speaker: 

E' 5000 
Zp = 7)- = -y- = 5000 ohms 

where, 
E is the line voltage (70.7 volts), 
p is the power in watts at the speaker, 
Z, is the primary impedance to be 
connected across the transmission 
line. 

Impedance mismatches up to 15 per-
cent are permissible. The total power 
must not exceed that of the maximum 
power output of the amplifier. The 70.7-
volt transformer must be capable of 
carrying the full power output of the 
amplifier. Circuits not in use must be 
terminated in a dummy load of the 
correct impedance and power rating. 

24.71 How can high-frequency radio 
interference be prevented or eliminated 
from high-gain audio circuits?—Because 
of the increased use of high-frequency 
radio transmissions, problems of inter-
ference in audio circuits have been 
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Fig. 24-71A. Method pf grounding the shield on an incoming line to reduce radio 
interference. The tranSformer core is grounded at the point having the least amount 

of interference. 

intensified. Many radio transmitters, 
such as police and broadcasting stations, 
cause interference in high-gain systems, 
such as motion picture theaters and 
public address systems. 
By observing certain precautions 

during the installation of such equip-
ment, a satisfactory elimination or 
suppression of radio interference may 
be accomplished. In general, interfer-
ence of this nature can be minimized by 
improving the effectiveness of the 
shielding, preventing rectification of the 
interfering signal, or eliminating it by 
the use of radio-frequency filters. 
Where interference from radio high-
frequency energy (30 MHz and up) is 
encountered, the suggestions to follow 
may be of help. 

In view of the fact that rectification 
generally occurs in an early amplifier 
stage and a large amount of gain is 
usually necessary before the interfer-
ence can be detected at a speaker, spe-
cial consideration should be given to the 
low-level points in a system, particularly 
where photocell amplifiers, magnetic 
reproducing heads, pickups, and micro-
phones are concerned. The system 
should be connected to a true ground 
as closely as the physical location will 
permit. A cold-water pipe is generally 
the best source of grounding. Under no 
circumstances should a gas pipe be 
used, because an insulated bushing is 

generally inserted at the meter; also, 
the compound used for sealing the joints 
offers a high resistance. 

Electrical conduit should not be used 
for grounding because it is connected 
to many different pieces of electrical 
equipment which induce ground noise. 
As this noise travels along the conduit, 
it is effectively connected in series with 
the ground return of the amplifier sys-
tem. (See Question 24.32.) Whenever 
possible, the ground system should be 
continuous and the shields of the sys-
tem tied to a single point near the low-
level stages. Cable shields must be con-
tinuous without breaks or high-resist-
ance solder joints. Single ground wires 
are run from sound heads and other 
low-level devices directly to this ground 
point. 

It is essential the shielding be con-
nected to the transmission ground at 
a point that will not permit radio-fre-
quency energy picked up by the shields 
to pass through the transmission ground 
system. Fig. 24-71A shows the proper 
method of connecting a ground point 
and the core of an input transformer. 
The success or failure of a grounding 
system is controlled by such small 
details. 
The elimination of radio-frequency 

energy from a high-gain sound system 
does not always follow conventional 
methods of grounding as described in 

(a) (b) (e) 

Fig. 24-71B. Grid-stopping resistor and radio frequency filters for eliminating radio 
frequency interference in o high-gain audio system. 
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other parts of this section. Many times 
it requires a combination of several 
methods to completely eliminate the 
interference. 
When multiple ground connections to 

shields or equipment cannot be avoided, 
interference due to resonance of loops 
formed by the shielding can be min-
imized by reducing the contact resist-
ance, shifting the position of the con-
tact, changing the length of the leads, 
or otherwise shifting the resonant period 
of the loop causing the interference. 

Leads running to an amplifier rack 
must be well shielded. Contact resist-
ance between lead-shielded wire (if 
used), conduit, and flexible tubing 
(Greenfield) must be kept low. 
Radio interference can also be caused 

by a poor solder joint causing rectifi-
cation. Electrolytic capacitors that have 
been in service several years can often 
cause the difficulty, because of high in-
ternal resistance (power factor) as a re-
sult of their age. This latter fault may 
be checked for by paralleling a new 
capacitor across the cathode circuit, or 
any other circuit that depends on an 
electrolytic capacitor to supply a low-
impedance path to ground. 

If these corrections do not effect 
a complete cure, small radio-frequency 
chokes may be connected in the cath-
odes of the low-level, high-gain stages. 
As a rule, for high-frequency interfer-
ence, a choke of 2 to 4 rnicrohenries of 
inductance will suffice. However, for 
broadcast frequency interference, about 
5 millihenries will be required. These 
chokes are connected at the socket at 
the top end of the cathode circuit and 
must not be bypassed. (See Question 
12.197.) 

At times it may be necessary to in-
stall radio-frequency filters as shown in 
(a) and (b) of Fig. 24-71B. The circuit 
component values should be made as 
large as possible without affecting the 
frequency response of the amplifier sys-
tem. Grid-stopping resistors are con-
nected at the socket pins as shown at 
(c) of Fig. 24-71B, and range from 1000 
to 50,000 ohms in value. If a filter is 
required, as shown in (a) and (b), 
about 2 to 6 rnicrohenries of inductance 
will be required, with a capacitance of 
about 10 picofarads. As a last resort, 
filters may be installed in the power 
lines feeding the equipment. 

24.72 What chsřmical changes take 
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place when a storage battery is charged 
or discharged?—The lead-acid storage 
cell is an electrochemical device for 
converting chemical energy into elec-
trical energy. Substances within the 
battery react chemically to produce an 
electrical current whenever an electri-
cal device is connected to the battery 
terminals. When these substances in 
effect have been used up, the battery is 
said to be discharged. The battery must 
then be recharged by a current into the 
battery from an external source, such 
as an ac rectifier or generator. 
A storage battery consists of one or 

more cells consisting of internal ele-
ments called positive and negative plates 
filled with a special lead-oxide paste 
in a rectangular gridlike structure. The 
plates, after processing to make them 
solid but porous, become the active 
materials of the plates after the bat-
tery is charged. One type of lead oxide 
is applied to the positive plates while 
a different type is applied to the nega-
tive plates. Insulated separators prevent 
the plates from touching and shorting. 

The chemical activities within the 
battery during the charge and discharge 
cycle are shown diagrammatically in 
(a) of Fig. 24-72. When a battery is in a 
fully charged state, the positive plates 
contain essentially pure lead oxide 
(Pb0,), which is chocolate brown in 
color, and the negative plates contain 
essentially pure sponge lead, which is 

LOAD 

POS. PLATE NEG. PLATE 

(a) Discharge cycle. 

GEN. 

(b) Charging cycle. 

Fig. 24-72. Chemical action in a lead-
acid type storage battery during its dis-

charge and charging cycles. 
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gray in color. The electrolyte consists 
of a fairly concentrated solution of sul-
furic acid in water. The specific grav-
ity of the solution is approximately 1.290 
at 80°F. During the discharge cycle 
when the battery is connected to an 
external load, the active materials in 
the positive and negative plates (Ph°, 
and Pb) react chemically with the sul-
furic acid as shown in (a) of Fig. 
24-72. The sulfuric acid (H,SO4) be-
gins to break up. Part of the sulfate 
(SO4) enters the positive plate and re-
places the oxygen (CO while sulfate 
also combines with sponge lead in the 
negative plate. The displaced oxygen 
leaves the positive plate and combines 
with the hydrogen OW to form water 
(ILO). Thus, in both plates, lead sul-
fate is formed; the sulfuric acid is 
replaced with water. 
As the discharge continues, more and 

more of the sulfuric acid combines in 
this manner with the materials in the 
positive and negative plates. Finally, 
most of the active materials will have 
been converted into lead sulfate, while 
most of the sulfuric acid will have 
been used up in the discharging proc-
ess. The battery is then said to be dis-
charged and cannot deliver any ap-
preciable additional current and must 
be recharged. During the charging 
cycle, the chemical action is reversed, 
as shown in (b) of Fig. 24-72. The sul-
fate leaves both positive and negative 
plates to combine with hydrogen in the 
water. The oxygen displaced by this ac-
tion re-enters the positive plate, where 
it combines with the lead once again to 
form lead peroxide, and the negative 
plate again becomes a spongy metallic 
lead. 

24.73 What is the proper method 
of operating a storage battery with a 
trickle charger?—The use of a trickle 
charger with a storage battery is detri-
mental to the battery, as it shortens the 
life of the battery as the result of over-
charging. Trickle chargers should only 
be used when it is impractical to charge 
a battery by other means. A practical 
approach to the problem is to adjust the 
charging voltage to a value between 
2.15 and 2.17 volts. 
A better, but more elaborate method, 

is to check the specific gravity of the 
cells over a period of several months 
and to adjust the charging voltage to a 
value where the specific gravity is 

maintained at 1.250. Compensation must 
be made for temperature changes when 
reading the specific gravity during the 
cold and warmer months of the year, 
unless the battery is housed in a room 
where the temperature is fairly con-
stant. Four gravity points are added to 
the reading for every 10 degrees the 
electrolyte is above a temperature of 
80 degrees Fahrenheit. A like amount is 
subtracted for temperatures below 80 
degrees Fahrenheit. 

The freezing point of a battery elec-
trolyte depends on the specific gravity 
of the electrolyte. The figures below 
show how freezing varies with tem-
perature. 

Specific Gravity Freezing Point 
1.275 —85°F 
1250 —62°F 
1.225 —35°F 
1200 —16°F 
1.175 + 4°F 
1.150 1- 5°F 
1.125 +13°F 
1.100 +19°F 

24.74 How is the internal resistance 
of a battery calculated?—To calculate 
the internal resistance of a single cell 
or battery, the open-circuit voltage is 
measured using a meter with an inter-
nal resistance of 1000 ohms per volt. 
Suppose this voltage (Ed is 10 volts. 
The battery or cell is then loaded with 
a 50-ohm resistance, Rh and the voltage 
drop measured. Assume this voltage 
drop E, to be 9 volts. The current 
through the resistor Ri is: 

F. 9 
= ro = 0.180 ampere 

The internal resistance of the battery 
may now be calculated: 

Ei 10 
- R1= —50 

= 55.5 — 50 = 5.5 ohms 

The internal resistance equals 5.5 ohms. 
24.75 What is gimp? — A slang 

name given to the extremely flexible 
wire used in telephone cords and sim-
ilar equipment. This wire cannot be di-
rectly soldered to, as it is a metallic 
cloth-type material. The correct way to 
terminate such wire is to serve the end 
with fine bright copper wire, then dip 
the end in molten solder. If cord is to 
bp terminated in a telephone cord tip, 
the tip is filled with solder, and while 
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hot, the end of cord is inserted into the 
molten solder and held until the solder 
hardens. 

24.76 What is the purpose of con-
necting a storage battery in parallel 
with a low-voltage power supply?--To 
stabilize the output voltage. The battery 
acts as a voltage regulator and helps to 
maintain a constant output voltage un-
der varying load conditions. 
Due to the fact that a storage battery 

has a very large internal capacitance, 
the ripple and noise voltage will be re-
duced to a minimum. Since the battery 
supplies only a small portion of the 
load current, the condition of the bat-
tery need not be the best, but it must 
not be shorted. 

24.77 Describe a simple intercom-
munication system using a sound-powered 
unit —Many times on a motion picture 
set a one-way intercommunication is 
required that will work into a spare 
position of a sound mixer panel. Such a 
device is shown in Fig. 24-77. A sound-
powered telephone unit is mounted in 
a small box which may be held in the 
hand. A spring-loaded switch in its 
normal position terminates the input of 
the spare mixer position in 10 ohms, 
and disconnects the sound-power unit. 
The output is connected to a standard 
microphone cable compatible with the 
sound mixer in use. 

24.78 Describe the different meth-
ods for lettering panels.—There are 
three main methods for lettering panels. 
They are engraving the letters in the 
panel, use of wet decalcomania trans-
fers, and the use of dry decalcomania 
transfers. 
The first method requires an en-

graving machine and a set of master 
letters, numerals, and symbols. Al-
though it is the most durable method of 
lettering, it is the most costly of the 
three methods. It is the practice when 
engraving a panel to first paint the sur-
face and then engrave. The letters are 

SOUND POWER 
UNIT TALK T 
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then filled in with a filler of the desired 
color. If the panel is aluminum, no filler 
is required, since the aluminum panel 
will show up the letters quite nicely, 
particularly if the panel is a contrasting 
color. 

In the use of wet decalcomania trans-
fers, symbols and letters are mounted 
on a paper backing. The letters are 
moistened with water and slid off the 
paper onto the panel. When dry, the 
lettering is sprayed with lacquer. 

The third and most convenient to 
use is the dry transfer system. The 
letters are attached to a thin paper 
backing. After placing the letter in its 
proper position on the panel, the letters 
are rubbed with a ball point pen or 
stylus and will adhere to the panel. 
Several coats of lacquer are then 
sprayed over the surface. Dry lettering 
is also available for making meter dials. 

Still another method that may be 
useful at times is the use of bakelite 
laminate. Such material may be ob-
tained with the laminate second layer 
available in several colors. Engraving 
through the top layer permits the 
colored laminate to show up in the en-
graved letter. This method requires no 
filler. 

24.79 Describe a growler and its 
use.—A growler is a device used for 
detecting shorted turns in motor and 
generator armature coils. The device 
shown in Fig. 24-79 consists of a lami-
nated core open at one end and a coil 
around the closed leg. When the sus-
pected armature is placed between the 
core ends, the armature completes the 
magnetic circuit. Applying an ac vol-
tage to the coil on the core sets up an 
alternating magnetic flux through the 
armature. 
As the alternating flux flows through 

the coils of the armature, it induces a 
potential in the coil. If the coil has a 
shorted turn, a circulating current is 
generated in the coil, resulting in a loud 

SPRING LOADED 
NORMALLY CLOSED 
SPOT SWITCH 

NORMAL 
CANNON PWG 

XL-3-I4 

Fig. 24-77. Simple intercommunication unit consisting of a sound power unit for 
operating into a sound mixer. 
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LAMINATED CORE 

ARMATURE 

I I7VAC 

Fig. 24-79. Growler for test motor and 
generator armature coils. 

COMMUTATOR 

I8 "MAX. 
SEAT WIDTH 

13" MIN. 

FLOOR 

buzzing sound. Rotating the armature 
causes the sound to change each time 
the shorted coil is turned to the center 
of the pole pieces. Thus the defective 
coil is indicated. Such devices are used 
extensively in motor repair shops. 

24.80 What are the console dimen-
sions recommended for comfortable 
operation of electrical and mechanical 
equipment by humans?—The Bell Tele-
phone Laboratories have made exten-
sive studies of the human body for the 
most efficient and comfortable operation 
of both mechanical and electronic 
equipment to be used as a guide for the 
construction of mixer consoles or rack-
ing up of test equipment. A console 
should be designed for comfort as many 
long hours are given to its operation. 
The height of the console should be low 
enough that each component of its 
operation may be easily reached, and 
the far edge (back) also low enough so 
that it may be easily seen over by the 
mixer. The slope of the control panel 
should be at an angle that causes no 
strain on the arms of the operator. In 
addition, the front edge of the console 
should be padded, as shown in Fig. 
9-46A. 

Although the dimensions given in 
Fig. 24-80 are for a table or rack, they 
are still quite satisfactory for many 
uses. Dimensions given are for the 
average-sized man. For a large man the 

 13" MIN.READING 

TABLE 

22.7" 

48.5" 
FOR MAN 

43.3' 
FOR WOMAN 

Fig. 24-80. Dimensions for seating the average man. The above diagram may be used 
as a guide for designing mixer consoles and test equipment racks. (Courtesy, Bell 

Laboratories Record.) 
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seat is increased 2 inches and the eye 
dimensions raised 32 inches. 

24.81 Describe a zero - suppressed 
meter. — Zero-suppressed meters are 
used where only a limited scale of cur-
rent or voltage is required. By limiting 
the indications of the meter, an ex-
panded scale can be obtained, with 
more precise readings within a given 
range. A typical ammeter of this type, 
covering a range of 4 to 8 amperes for 
reading exposure-lamp current in a 
photographic film recorder, is shown in 
Fig. 24-81. The most used portion of the 
scale is that between 5.8 and 7 amperes. 

Fig. 24-81. Suppressed zero de ammeter, 
used for reading exposure lamp current 
in a photographic film recorder. The 
most used portion of the scale is between 

5.8 and 7 amperes. 

24.82 Describe o flexible mounting 
for isolating vibration.—One of the 
most useful shock-mounting devices for 
eliminating vibrations of motors or 
other devices, which is manufactured 
by Lord Manufacturing Co., is shown 
in Fig. 24-82A. It is used in many differ-
ent types of electronic equipment where 
the effects of vibration may be detri-
mental to its operation. 

The mounting consists of a rubber 
insert bonded to a metal plate (Fig. 
24-84B). The center member is tubular 
for bolting the supported device to the 
rubber shock mount. The load rating 
designates the load which the mounting 
will carry for a pre-determined axial 
deflection of the floating member. The 
metal plate is attached to the support-
ing structure with rivets or screws. 
Such shock mounts may be obtained 
for various loads and in many different 
shapes and sizes. 
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Fig. 24-82A. Flexible shock mounting 
made by the Lord Manufacturing Co. 

24.83 What is the purpose of con-
necting a shunt across a meter move-
ment during transportationt— Connect-
ing a wire in shunt with the meter 
terminals during shipment prevents the 
movement from being damaged. The 
meter movement during transportation 
swings back and forth, and this move-
ment generates a small voltage at the 
terminals. Short circuiting the terminals 
loads the meter movement, dissipating 
the power generated and effectively 
damping its motion; thus, the movement 
remains essentially at rest during trans-
portation. 

24.84 What is a voltage-dependent 
resistor (WHIP —A voltage-dependent 
resistor does not maintain a constant 
value of resistance as does the conven-
tional resistor, but its resistance is 
entirely dependent on the voltage 
impressed across its terminals. Such 
devices are used for the protection of 

SNUBBING 
WASHERS 

SUPPORTED 
MEMBER 

SUPPORTING 
MEMBER 

Fig. 24-828. Method used for mounting 
flexible shock mounts shown in Fig. 

24-82A. 
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relay contacts, voltage stabilization in 
circuits where the voltage is continu-
ously changing, and in many other 
applications. 

The material, used for making VDR's 
consists mainly of silicon carbide (be-
longing to the semiconductor family). 
The voltage dependency is caused by 
the contact resistance between the car-
bide crystals. The electrical resistance is 
determined by the crystal contacts 
which form a complicated network of 
series and parallel resistors. To put the 
materials into a practical form, the 
silicon-carbide grains are pressed to-
gether with a ceramic binder, in the 
shape of a disc or rod, and sintered at 
high temperature. Terminals are metal-
ized for good contact. When finished, 
they are comparable to ungrazed cer-
amic. 
As the voltage changes across a 

VDR, its resistance undergoes a change 
because of the increasing or decreasing 
current through the VDR. The relation-
ship between the current and voltage 
for a particular VDR can be approxi-
mated: 

where, 
C is the voltage across the VDR ter-

minals, 
I is the current in amperes, 
ß is an exponential coefficient approx-

imately constant for a given VDR. 

V=C X IX 13 

24.85 What is the effect of heat on 
permanent magnets?—There are three 
noticeable effects. They are the reversi-
ble effect, irreversible effect, and the 
material effect. The remanent induction 
decreases as the temperature is in-
creased. For small changes this decrease 
can be entirely reversible with no loss 
after returning to room temperature. 
For a wider temperature range, an ir-
reversible loss of remanence is likely 
to occur in addition to the reversible 
change (on return to room tempera-
ture). The remanent induction is below 
the original value, which may be re-
gained by remagnetization. At high 
temperatures the material itself may 
change, influencing the hysteresis loop 
and remanent induction. Changes in 
the material may result in lowering or 
raising the remanent induction. The 
original value cannot be regained by 
remagnetization. At high temperatures 
all three changes can occur. Irreversible 
losses occur only during the first three 

cycles, and the changes of remanent 
induction become smaller with each 
cycle. In this manner a magnet may be 
stabilized for a given temperature 
range, through at least three exposures. 
(See Questions 17.21 and 20.23.) 
24.86 How are miniature lamps 

(pilot lights) coded?—Outline drawings 
and coding information are given in 
Fig. 24-86. 

24.87 How can the wire size and 
voltage drop for regulated power sup-
plies be determined?—The vpltage drop 
can be determined by Ohm's law. How-
ever, by the use of the nomograph in 
Fig. 24-87, the problems are simplified. 
Since regulated power supplies are de-
signed to control the output at the 
power-supply output terminals, the 
conductors used for the supply line 
must be considered as a part of the 
power-supply load. At high-current 
loads the voltage drop across the con-
ductors may appreciably degrade the 
regulation at the point of load. This 
can be overcome to a great extent by 
the use of regulated supplies employing 
remote sensing circuits, which auto-
matically compensate for the voltage 
drop on the load line conductors. 
To determine the maximum current-

carrying capacity for a given wire size, 
place a straightedge from the wire size 
on scale 2 to point A on scale 3 (the 
maximum permissible voltage drop in 
millivolts). The maximum operating 
current is then read on scale 1. 
The voltage drop per foot for a 

known wire size and load current is 
determined by placing the straightedge 
from the current on scale 1 to the wire 
size on scale 2, and the voltage drop in 
millivolts per foot is read on scale 3. 

The wire size required for a known 
load current and maximum tolerable 
voltage drop across the conductors is 
found by determining the maximum 
tolerable drop in millivolts per foot of 
conductor (sum of both conductors). 
Lay the straightedge from this value 
read on scale 3 to the known current on 
scale 1. Read the required wire size on 
scale 2. The figures thus obtained from 
the nomograph are based on a mini-
mum of 500 circular mils per ampere. 
Higher current drains can be used 
with high-temperature conductor in-
sulations. 

24.88 What is the procedure for 
rewinding a relay coil for a different 
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Lamp 
No. Volts Amps 

Bead 
Color Base Bulb Type Fig. No. 

PR2 2.4 0.50 Blue Flange B-31/2  A 

PR3 3.6 0.50 Green Flange B-31/2  A 

PR4 2.3 0.27 Yellow Flange B-3 1/2  A 

PR6 2.5 0.30 Brown Flange B-31/2  A 

PR12 5.95 0.50 White Flange B-31/2  A 

12 6.3 0.15 - - - 2-Pin G-31/2  H 

13 3.8 0.30 Green Screw G-31/2 8 

14 2.5 0.30 Blue Screw G-31/2  B 

40 6.3 0.15 Brown Screw T-31/4  C 

41 2.5 0.50 White Screw T-31/4 C 

42 3.2 0.35* Green Screw 1-31/4 C 

43 2.5 0.50 White Bayonet T-3 1/4 D 

44 6.3 0.25 Blue Bayonet T-31/4  D 

45 3.2 0.35t Greent Bayonet T-31/4  D 

46 6.3 0.25 Blue Screw T-31/4 $ C 

47 6.3 0.15 Brown Bayonet T-31/4 D 

48 2.0 0.06 Pink Screw T-31/4  C 

49 2.0 0.06 Pink Bayonet T-31/4 D 

50 6.3 0.20 White Screw G-31/2  B 

51 6.3 0.20 White Bayonet G-31/2 E 

55 6.3 0.40 White Bayonet G-41/2  F 

57 14.0 0.24 White Bayonet G-41/2 F 

112 1.1 0.22 Pink Screw TL-3 G 

222 2.2 0.25 White Screw TL-3 G 

233 2.3 0.27 Purple Screw G-31/2 B 

291 2.9 0.17 White Screw T-31/4 C 
292 2.9 0.17 White Screw T-31/4  C 

1490 3.2 0.16 White Bayonet T-31/4 D 

1891 14.0 0.23 Pink Bayonet T-31/4 D 

1892 14.0 0.12 White Screw T-31/4 C 

• Some brands are .50 amp. 
1' Some brands are .50 amp and white bead. 
$ Frosted. 

Fig. 24-86. Identification data for miniature lamps (pilot lights). 



1610 THE AUDIO CYCLOPEDIA 

voltage?-As this is a rather involved 
operation, the data may be arrived at 
more easily by the use of the nomo-
graph in Fig. 24-88. The new wire size 
is determined by laying a straightedge 
across the points where the present vol-
tage and the desired voltage appear on 
the first two columns, and noting the 
point where the straightedge intersects 
the ratio column. The straightedge is 
then laid across this point on the ratio 
column and the present wire gauge 
column. Read the wire gauge needed 
for the desired voltage from the fifth 
column. Directly opposite this point 
the wire diameter in inches is aLso 
given. 

For example: What gauge wire is 
required to rewind for 24-volt opera-
tion a relay coil wound with number 
23 wire designed for 12-volt operation? 
Lay a straightedge from 12 volts in the 
first column to 24 volts in the second 
column. Note the point where the 
straightedge crosses the third column 

1 
MAXIMUM 
OPERATING 
CURRENT 
AMPERES 

Imo - 
90.0 - 
80.0 - 
70.0 - 
60.0 - 

50.0 - 

40.0 .-

30.0 - 

20.0 =s. 
1 s. ,... AMERICAN 

15.0 • s. WIRE GAGE NO. 
• 
• • 

10.0 - • 
eo - •• 4 
8.0 - • 
7.0 - s. 6 

6.0 - s. •  3.0 - s. s. 6 

4.0 - ' • 10 
,. 

3.0 - 

2.0 7-

I.5 

1.0 
0.9 
0.8 - 
0.7 

0.6 - 

0.5 

0.4 - 

z 

18 

- 20 

22 

24 

(ratio), which in this instance is 0.5. 
Connect this ratio with the present wire 
size (23) in the fourth column, and 
read the new wire size in the fifth 
column; this is 26 gauge (AWG), or 
0.016 inch in diameter. 

24.89 Describe a turret socket.-
This socket is a one-hole mounting 
socket with a tubular piece running 
downward from the center of the socket, 
with terminals for attaching circuit 
components. Such sockets are available 
in many different designs and are used 
for compact electronic vacuum-tube 
construction. 

24.90 Describe a sealed lead-acid 
battery.-The lead-acid storage battery 
was invented by Gaston Planté in 1860 
and is one of the most widely used 
forms of battery power. The principal 
drawback to this type of battery has 
been the liquid electrolyte and the 
fumes given off when charging and dis-
charging. However, due to new devel-
opments in sealing and venting, the 

3 
IRDROP W 
CONDUCTCR 
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- 0.5 

- 0.6 

- 0.7 

- 0.8 
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- 5.0 
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• 
• 
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• 
• 
• 
• 
• 

- 15.0 
• 
• 
• 

-OE, 20.0 

7.0 

- 8.0 

- 9.0 
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- 30.0 

- 40.0 

50.0 

Fig. 24-87. Nomograph for determining the wire size, current-carrying capacity, and 
voltage drop for regulated power supply load conductors. (Courtesy, Kepco Inc.) 
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PRESENT VOLTAGE RATIO 

1 DESIRED VOLTAGE 

2 

3 

4 

5 

7 

10 
10 

'2j22/3/e 
2.4 

1 

2 

3 
4 
5 

—10 

— 7 

— 6 

— 4 

— 3 

— 2 

_ 
20 

20 30 —- 0.7 

30 50 0.5 
70 

40 

50 

100 — 0.4 

— 0.3 
200 

70 — 0.2 

100 

Fig. 24-88. Nomograph 

— 0.1 

DESIRED WIRE 

GAUGE DIAMETER 
(AWG) (Inches) 

PRESENT WIRE 

40 

38 

36 

34 

32 

30 

28 

26 
exixtele 

2 

22 

20 

18 

16 

14 

113 

40 0.003 

38 0.004 

36 0.005 

34 0.006 

32 0.008 

30 0.010 

28 0.013 

26 0.016 

24 0.020 

22 0.026 

20 0.032 

18 0.040 

16 0.051 

14 0.064 

for determining wire size when rewinding relay coils. 

sealed lead-acid battery may now take 
its place with other rechargeable batter-
ies such as the nickel-cadmium battery. 
Lead-acid batteries are now available 
with voltages ranging from 2 to 8 volts 
and in 1- to 8-amperes capacities. Since 
small amounts of gas may be generated 
in any battery during the charge or 
discharge cycle, lead-acid batteries are 
vented so that the gas escapes, but not 
the electrolyte. 

To prevent electrolyte movement in 
the battery, the electrolyte may be im-

16 

2 2 

a 
3 8 

mobilized by the use of a gelling agent. 
A second method stores the electrolyte 
in highly porous separators, while a 
third method makes use of calcium-
lead grids. By the use of such con-
struction, the loss of water is mini-
mized. Since water cannot be supplied 
to sealed lead-acid cells, they are de-
signed to minimize the loss of water. 

Lead-acid batteries have several ad-
vantages over other types of recharge-
able batteries, one advantage being the 
discharge rate, as shown in Fig. 24-90. 

A 

4  

o 2 4 6 8 10 12 

DISCHARGE TIME IN HOURS 

14 16 18 20 

Fig. 24-90. Time variations taken to totally discharge comparable lead-acid, nickel-
cadmium and alkaline Mn-Zn batteries. A lead-acid, 13 nickel-cadmium, C alkaline 

manganese-zinc. 
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24.91 Describe a nickel-cadmium 
battery.—Nickel-cadmium batteries are 
used extensively in portable electronic 
equipment and particularly in portable 
recording equipment. Fig. 24-91A is a 
cutaway view of a sinter-plate nickel-
cadmium battery, manufactured by the 
Sonotone Corporation. A cell consists of 
sintered positive and negative plates, 
separators, safety vent cap, electrolyte, 
and plastic container. 

The plates are made by firing a 
microfme nickel powder at high tem-
perature until the particles weld or 
sinter together to form a porous struc-
ture. The porous structure is sintered 
on a fine-mesh nickel screen. These 
plates are then put through electro-

IA  

1.2 

Isoees 

CELL COVER 

CELL CASE 

SEPARATORS 

Fig. 24-91A. Interior view of 
Sonotone rechargeable nickel-

cadmium battery. 

chemical processes designed to deposit 
active nickel and cadmium oxides in the 
fine pores of the plate. The cells are 
then assembled and connected to the 
terminals mounted in a polystyrene or 
nylon case. 

The sealed construction eliminates 
the need to add water or electrolyte 
and under certain conditions, the cell 
will operate on overcharge for an in-
definite period. A typical discharge 
curve for a Model 20L420 cell, rated at 
25 ampere-hours and weighing approxi-
mately 2 pounds, is given in Fig. 24-
91B. 

Batteries of this type may be charged 
using either a constant-current or con-
stant-voltage charger. The interior of a 

20 AMPS 

SOAMPS 

4 AMPS 

20 40 60 

PERCENT OF CAPACITY 

Fig. 24-91B. Discharge characteristic for Sonotone type 201.420 nickel-cadmium 
battery, rated 25 ampere-hours. 

80 
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POINT 

DIA PH 

NYLON 
SEAL 

NICKLE 
PLATED 
STEEL 
JACKET 

WELDED 
NEGATIVE 
TAB 

WELDED 
POSITIVE TAB 

Fig. 24-91C. Interior of a Sonotone tubular 

tubular-type nickel-cadmium cell is 
shown in Fig. 24-91C. 

24.92 What is a bias cell?'—It is a 
very small battery designed for connec-
tion in the grid return of a vacuum 
tube for supplying bias voltage. As a 
rule such cells are only used in the first 
stage of a class-A amplifier. This method 
of biasing is now obsolete. 

24.93 Describe an Edison battery.— 
It is an alkaline storage battery using 
potassium hydroxide as an electrolyte, 
powdered iron and mercury for the 
negative plates, and flaked iron and 
mercury for the positive plates. This 
battery has exceptionally long life, and 
will stand heavy overloading and stand-
ing idle without requiring charging. 

24.94 Describe the construction of a 
zinc-carbon (LeClanche) cell.--A cross-
sectional view of a typical zinc-carbon 
(LeClanche) cell is given in Fig. 24-
94, with its principal components called 
out. Basically the cell consists of a 
zinc anode, manganese-dioxide cath-
ode, and electrolyte solution of ammon-
ium chloride, zinc chloride, and mercury 
chloride in water. The nominal voltage 
is 1.5 volts. This type of cell is quite 
inefficient at heavy loads, and its 
capacity depends considerably on the 
duty cycle. Less power is available 
when it is used without a rest period. 
Maximum power is produced when it is 
given frequent rest periods, as the vol-
tage drops continuously under load. 

POSITIVE 
SINTERED 
PLATE 

SEPARATOR 

NEGATIVE 
SINTERED 

PLATE 

nickel-cadmium rechargeable battery. 

Fig. 

METAL TOP 

TOP WASHER 

POLYETHYLENE 
WASHER 

SEAL 

SEAL WASHER 

CARBON 

PASTE LAYER 

INTERMEDIATE 
WASHER 

LINING PAPER 

MIX WASHER 

METAL CAN 

DUPLEX 
SLEEVE 

MIX 

ZINC CAN 

BOTTOM WASHER 

24-94. Interior construction of a 
zinc-carbon (LeClanche) cell. 

Shelf life is limited by the drying out 
of the electrolyte. A typical discharge 
curve is given in Fig. 24-95. 

Zinc-carbon cells may be recharged 
for a limited number of cycles. The 
following information is extracted from 
National Bureau of Standards Circular 
965: 

The cell voltage for recharge 
must not be less than 1 volt and 
should be recharged within a short 
time after removing from service. 
The ampere-hours of charge should 
be within 120 to 180 percent of the 
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Fig. 24-95. Typical discharge curves for three different type penlight cells discharged 
continuously into a 50-ohm load. 

TIN PLATED 

INNER TOP 

SEAL 8 
INSULATING 

GASKET 

discharge rate. The charging rate 
is to be low enough to distribute 
the recharge over 12 to 16 hours. 
Cells must be put into service soon 
after recharging as the shelf life is 
poor. 

24.95 Give the discharge rate of a 
zinc-carbon cell as compared to a mer-
cury battery and a manganese-alkaline 
battery.—Typical discharge curves for 
the three batteries are given in Fig. 
24-95. 

24.96 What is a mercury dry cell? 
—The mercury cell using a zinc-mer-
cury oxide alkaline system was in-
vented by Samuel Ruben during World 
War II. There are two kinds of mercury 
cells: one with a voltage of 1.35 volts, 

NICKLE PLATED STEEL OUTER TOP 

SEAL 8 
INSULATING 
GASKET 

INNER 
STEEL 
CASE 

DEPOLARIZER 
CYLINDERS (3) ANODE 

CYLINDERS (4) 

TIN PLATED 
STEEL 

INNER TOP 

ELECTROLYTE 
ABSORBENT 
MATERIAL 

SAFETY 
ABSORBENT 
SLEEVE 

INSULATOR 
SPACER 

BARRIER 

OUTER 
STEEL 
CASE 

STEEL 

OUTER TOP 

POTASSIUM HYDROXIDE 

ELECTROLYTE CONTAINED 

IN ABSORBENT MATERIAL 

INNER 
STEEL 
CASE 

OUTER 
STEEL 
CASE 

SAFETY 
ABSORBENT 
SLEEVE GAS VENT 

AMALGAMATED 
ZINC 

ANODE 
PELLET 

MERCURIC OXIDE 

DEPOLARIZING 

CATHODE PELLET 

Fig. 24-96B. Interior view of a pellet-
type mercury battery. 

and one with 1.4 volts. Both have pure 
zinc anodes amalgamated with mercury, 
and an electrolyte of potassium hydrox-
ide solution with some zinc oxide. The 
difference between the two cells lies in 
the cathode material. 

The 1.35-volt cell has a pure mer-
curic-oxide cathode. On discharge its 

POTASSIUM HYDROXIDE STEEL TIN PLATED 

ELECTROLYTE CONTAINED OUTER INNER TOP 
IN ABSORBENT MATERIAL TOP 

OUTER 
STEEL 
CASE 

INNER 
STE EL 
CASE 

SAFETY Z 
ABSORBENT 
SLEEVE 

MERCURIC OXIDE 
DEPOLARIZING 

CATHODE PELLET 

NEOPRENE 
SEAL 8 

INSULATING 
GASKET 

BARRIER 

AMALGAMATED 
WOUND ZINC 

ANODE 

Fig. 24-96A. Interior view of o vertical-
type mercury battery. 

Fig. 24-96C. Interior view of a low-tem-
perature type mercury battery. 
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1.4 

1.3 

1.2 

1.1 

1.3570 1.3535 1.3510 1.3490 1.3470 1.3455 

.7 
1%0F 

INITIAL E.M.F. 
1.3440 

STORAGE AT OR NEAR 70.OEF 

6 12 18 

TIME IN MONTHS 

24 30 36 

Fig. 24-96D. Stability curve for o single-cell mercury battery. The drop over a period 
of three years is 13 millivolts. 

-voltage drops only slightly unta close 
to the end of the -cell life, when it then 
drops rapidly. The 1.4-volt cell has a 
cathode of mercuric oxide and manga-
nese dioxide. On discharge, its voltage 
is not quite as well regulated as the 
1.35-volt cell, but it is considerably 
better than the manganese-alkaline or 
zinc-carbon 

Mercury cells have excellent storage 
stability. A typical cell will indicate a 
voltage of 1.3569 volts, with a cell-to-
cell variation of only 150 microvolts. 
Temperature variation is 42 µV per 
degree ranging from minus 70 to plus 
70 degrees Fahrenheit, with a slight in-
crease of voltage with temperature. The 
internal resistance is approximately 
0.75 ohms. Voltage loss during storage 
is about 360 µV per month. Therefore, 
a single cell can be used as a stable 
source of voltage, which is considered 
to be 1.3544 volts, plus or minus 0.17 

Fig. 24-96E. Mallory voltage reference 
battery. Voltage will remain within 1 

percent over a period of 3 years. 

percent. The voltage is defined under a 
load condition of 5 percent of the maxi-
mum current capacity of the cell. Nor-
mal shelf life is on the order of 3 years. 
(See Question 24.95.) 
Recharging of mercury cells is not 

recommended because of the danger of 
explosion. Interior views of the battery 
construction are given in Figs. 24-96A, 
B, and C. A typical discharge curve 
appears in Fig. 24-95, and the stability 
characteristics for a single cell over a 
period of 36 months is shown in Fig. 
24-96D. The drop in voltage over this 
period is 13 millivolts. 

Fig. 24-96E shows a voltage-reference 
battery, manufactured by Mallory Bat-
tery Co., and designed for laboratory 
use as a reference voltage. The stability 
is plus or minus 0.5 percent from the 
rated voltage. Voltage stability is main-
tained for 3 or more years. For short 
periods it will provide accurately one 
part in a million as determined by a 
potentiometer calibration compared 
with a primary standard. The voltage 
increments are in steps of 1.35 volts up 
to 10.8 volts. 

24.97 Describe an alkaline-manga-
nese battery.—The alkaline manganese 
battery is gaining considerable impor-
tance in the electronic field, as it is a 
primary battery and is rechargeable. 
A cross-sectional view of a typical 
alkaline-manganese battery is given in 
Fig. 24-97A, with the principal com-
ponents called out. This cell uses a 
cylindrical depolarizer in contact with 
a cell container of nickel-plated steel. 
Because of the passivity of steel in 
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AND ELECTROLYTE 

POROUS 
SEPARATOR 

Fig. 24-97A. Cross-sectional view of an 
alkaline-manganese battery cell. Through 
external jacketing and terminal connec-
tions, cells can be made to appear as a 
 tionally polarized battery. The 

center button is positive. 

alkaline electrolytes, there is no chem-
ical reaction between the depolarizer 
and the steel, thus permitting the latter 
to be both a current collector and con-
tainer. The depolarizer surrounds a 
cylindrical, granular, zinc anode, with 
the two electrochemical components 
being separated by porous material. 

It will be observed that the polarity 
of this cell is reversed from the con-
ventional zinc-carbon cell, in which the 
can is negative. However, because of 
packaging, the outward appearance is 
similar to the zinc-carbon cell, with the 
same terminal arrangement. Although 
this cell has an open-circuit voltage of 
approximately 1.5 volts, it discharges at 
a lower voltage than the zinc-carbon 
cell; also, the discharge voltage de-
creases steadily but more slowly. Alka-
line-manganese batteries have 50 to 
100 percent more capacity than their 

1.2 

10 

0.6 

0.4 

zinc-carbon counterparts. Zinc-carbon 
cells yield most of their energy above 
1.25 volts and are virtually exhausted 
at 1 volt, while the alkaline cell yields 
most of its energy below 1.25 volts with 
a considerable portion released at less 
than 1 volt. 

If the discharge rate is limited to 40 
percent of the nominal capacity of the 
cell, and recharge is carried out over a 
period of 10 to 20 hours, alkaline-
manganese cells can be cycled 50 to 150 
times. A typical discharge curve is 
shown in Fig. 24-97B. (See Question 
24.95.) 

24.98 When setting up a laboratory 
bench, what facilities must be consid-
ered?—Benches designed for electronic 
laboratories should be built not only to 
provide a convenient place to construct 
equipment, but also to provide storage 
and space for test equipment. An end 
view of a typical bench is shown in Fig. 
24-98. At the back of the table is a shelf 
running the full length of the bench to 
support test equipment. Convenience 
outlets in metal-moulding type of con-
duit every two feet or so provide power 
for the test equipment. If possible, the 
power for the test equipment and 
equipment under test should be sup-
plied from a sine-wave-type voltage 
regulator such as is discussed in Ques-
tion 8.100. 
A shelf approximately 12 inches wide 

runs the full length of the bench under 
the table at the rear. The top of the 
bench is covered with 1/4-inch tempered 
masonite. Several benches may be con-
structed and then set in a semicircle 
or placed in a "U." This latter construc-
tion is used quite frequently in labora-
tories where a number of individual 
benches are required. The sides are 

TIME 

Fig. 24-978. Discharge characteristics of an alkaline-manganese cell, on an arbitrary 
time scale. The cell discharges at lower voltages as compared to a zinc-carbon cell. 
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Fig. 24-98. Dimensions for a typical 
electronic laboratory bench. 

backed up with a 6-foot plywood wall 
to afford a certain amount of privacy. 
A good ground and overhead lighting 

complete the installation. If fluorescent 
lights are used, the fixtures must be 

40 
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28 

(13 24 
cc 
CD 
ow 20 

te 

tr 
zz- 4 

grounded, and if possible the starters 
and reactors removed to a remote posi-
tion, to reduce the effects of stray mag-
netic fields. 

24.99 Describe the procedure for 
determining the performance of equip-
ment cabinet cooling fans.—First the 
designer must know the amount of dis-
sipated heat to be removed and the 
maximum temperature rise desired for 
the coolant (air). The equation relating 
to the heat removed equals the weight 
of the coolant times the specific heat of 
the coolant times the temperature rise 
of the coolant. If this equation is applied 
to air at room conditions on a rate 
basis, it may be computed: 

Btu/br 3170 kW 
cfm — 1.08 (AT,) (AT,) 

Btu/hr 1760 kW 
1.94 (AWL) — (AT,)• 

where, 
Btu is the heat to be removed, 
T is the temperature in Fahrenheit or 

centigrade, 
cfm is the cubic feet of air required. 

In order to ensure adequate cooling, 
about 25 percent of excess air should 
be planned. Common-design tempera-
ture rise is 10 degrees centigrade. The 
performance limits for cabinet cooling 
fans are given in Fig. 24-99. 

A e C D E 

PERFORMANCE CFM 
A 100 

150 
C 300 
D 500 
E 800 

1200 

oo 1 2 3 4 5 

Fig. 24-99. Graph for determining 

6 7 8 9 10 
HEAT DISSIPATION 14 kW 

the performance limits of cabinet cooling 

11 12 13 14 15 16 

fans. 
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Section 25 

General Information, 
Charts, and Tables 

Information of general interest and significance to the audio engineer or techni-
cian which did not rightly belong to any of the foregoing sections has been dele-
gated to this section, along with useful charts, tables, and formulas to serve as a 
ready reference. Data on batteries, wire, lamps, and relays are given attention. A 
list of technical societies, international commissions, standards committees, and 
organizations allied to the industry and their official titles and abbreviations are 
also listed. 

25.1 What are typical insulation 
measurements for two-conductor shielded 
pairs used in sound installations?—For a 
No. 20 gauge, the leakage from the con-
ductors to the surrounding shield will 
measure between 40 and 60 megohms. 

25.2 What is pulse modulation?--A 
system of modulation used in radar and 
special systems of communication. 

25.3 What is phase modulationT— 
A system of modulation in which the 
audio signal is used to shift the phase 
of the carrier frequency in proportion 
to the instantaneous amplitude of the 
audio-frequency signal. The carrier fre-
quency changes, but the power remains 
constant. It is used in both amplitude-
and frequency-modulation systems. 

The modulated carrier frequency for 
a phase-modulated radio transmitter 
has an appearance similar to that of the 

AUDIO 
MCOULATeN 
MORAL   EA 

EA. %5 
FOR SO% 

MODULATION ii-TA . 
T"' 
ER 

—I-- It II 

CARRIER I •I • 

MODULATED WAVE 

ERAR 

•3EA 

frequency-modulated carrier shown in 
Figs. 25-5A to D. Signals modulated by 
a phase-modulated transmitter will be 
received on an fm receiver the same as 
a frequency-modulated signal. 

25.4 What is amplitude modulation 
and how is it accomplished?—Amplitude 
modulation is a system for the trans-
mission of intelligence via radio. It em-
ploys a high-frequency wave of con-
stant amplitude and phase called a car-
rier frequency and a lower frequency 
called a modulation frequency. The 
modulating frequency is superimposed 
on the carrier frequency and modulates 
the carrier so that it corresponds with 
the changes of amplitude of the modu-
lating frequency. 
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1  

Fig. 25-4A. A radio-frequency carrier, 
amplitude modulated 50%. 
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Fig. 25-4B. A radio-frequency carrier, 
amplitude modulated 100%. 
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Fig. 25-4C. A radio-frequency carrier, 
amplitude modulated over 100%. Note 

loss of negative peak. 

For radio broadcasting, the carrier 
frequency lies between 535 and 1605 
kHz, with modulating frequencies be-
tween 40 and 5000 Hz. Carrier frequen-
cies modulated 50 and 100 percent are 
shown in Figs. 25-4A and B, and an 
overmodulated carrier is shown in Fig. 
25-4C. 
The percent of modulation may be 

expressed: 

%  Modulation =  A — B X 100 
A 1- B 

where, 
A is the maximum and B the mini-
mum peak-to-peak amplitude of 
the modulated carrier frequency. 

If the percent of modulation is in-
creased above 100 percent by making 
the modulating voltage greater than that 
of the carrier frequency (Fig. 25-4C), 
the carrier will be overmodulatecl, caus-
ing a distorted waveform to be trans-
mitted, because the carrier frequency is 
cut off for negative swings of the mod-
ulating voltage. Therefore, amplitude-
modulation systems must not be modu-
lated greater than 100 percent. 

Although the preceding discussion 
deals entirely with sine waves and a 
radio-frequency carrier, the same prin-
ciples apply to lower frequencies and 
complex waveforms. 

25.5 What is frequency modulation 
and how is it accomplished?—Frequency 
modulation is a system for the trans-
mission of intAligence, via radio, em-
ploying a radio-frequency carrier of 
constant amplitude which is varied in 
frequency as the amplitude of the mod-
ulating frequency changes. For radio 
broadcasting, the carrier frequency lies 
between 88 and 108 MHz, with the mod-
ulating frequencies between 50 and 
15,000 Hz. 

THE AUDIO CYCLOPEDIA 

• I I .\ 

Fig. 25-5A. A radio-frequency carrier, 
frequency modulated with a low-fre-

quency modulating voltage. 

The percent of modulation of a fre-
quency-modulated carrier cannot be 
determined as it can for an amplitude-
modulated carrier because the ampli-
tude of the carrier remains constant 
and the frequency is varied directly 
with the frequency of the modulating 
voltage. The limits of the frequency 
shift of the carrier, caused by the-mod-
ulating voltage, are called the fre-
quency-deviation limits. 

Fig. 25-5B. A radio-frequency carrier, 
frequency modulated with the same fre-
quency as in Fig. 25-5A but with greater 
amplitude. Note the greater deviation 

of the carrier frequency. 

Figs. 25-5A and B show a carrier 
frequency modulated by the sanie mod-
ulating voltage but for two different 
modulation factors (modulation index). 
Fig. 25-5C shows the same carrier mod-
ulated by voltages of different frequen-
cies. 

The higher the frequency of the mod-
ulating voltage, the greater number of 
times the carrier frequency will be var-
ied within the deviation limits. The 
ratio of the maximum frequency devia-
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tion to the maximum frequency of the 
modulating voltage is called the modu-
lation factor, or modulation index, and 
may be expressed: 

Modulation index = 
Max. frequency deviation of carrier  
Max. frequency of modulating voltage 

Thus, an fm transmitter with a maxi-
mum deviation of 75 kHz is modulated 
100 percent when the transmitter swings 
a full 75 kHz. At 37.5 kHz the transmit-
ter is modulated 50 percent. 

IL 

Fig. 25-5C. The same carrier frequency 
shown in Figs. 25-5A and B but using 
different modulating frequencies. Note 
the difference in the carrier deviation. 

Although the foregoing discussion 
deals with high-frequency voltages, the 
same principles apply to lower frequen-
cies and waveforms of complex nature. 

25.6 Describe a chopper.—It is an 
electromechanical or electronic device 
used to interrupt a de or low-frequency 
ac signal at regular intervals to permit 
amplification of the signal by an ac am-
plifier. Such devices are used in highly 
sensitive dc voltmeters. (See Question 
22.97.) 

LTL 
INPUT OUTPUT 

Fig. 25-7A. RC differentiating circuit. 

25.7 What is a differentiation cir-
cuit?—A circuit consisting of a resistor 
and a capacitor connected as shown in 
Fig. 25-7A. If a square wave is applied 
to the input, it is converted to positive 
and negative pulses. The pulse length 
is governed by the values of circuit ele-
ments C and R. 

INPUT 

o  

I\M 
OUTPUT 

Fig. 25-7B. RC integrator circuit. 

If the components are reversed as 
shown in Fig. 25-7B the circuit becomes 
an integrator. Now, if a square wave is 
applied to the input, the otitput signal is 
a sharply peaked sine wave. Circuits 
such as these are often used when con-
ducting square-wave tests on various 
types of equipment. 

25.8 What are ferrite beads and 
how are they used?—Ferrite beads con-
sist wholly of powdered iron without a 
binder. They may be strung on leads 
carrying radio-frequency current for 
decoupling, without any de or low-fre-
quency power loss. They may also be 
used for filament isolation or decou-
piing, as well as for suppressing para-
sitics in grid circuits, without altering 
the de resistance. They are often used 
in oscilloscopes to reduce the effects of 
coupling at the high frequencies and to 
prevent oscillation. A cross-sectional 
drawing of a typical bead is shown in 
Fig. 25-8. 

Fig. 25-8. Cross-sectional view of a typi-
cal ferrite bead. 

25.9 What is the effective power 
of a circuit?—The true power of the 
circuit. 

25.10 What is an abscissa? — The 
horizontal plane of a graph. 

25.71 What is an ordinate?—The 
vertical plane of a graph. 

25.12 What is an absorption cir-
cuitT—A tuned circuit that dissipates 
energy taken from another circuit by 
electromagnetic coupling. 

25.13 What is an alternating-cur-
rent resistance?—The impedance of a 
circuit at a given frequency. 

25.14 What is an ampere-hour?— 
The quantity of electricity flowing from 
a power source in 1 hour. A current 
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of 2 amperes for a period of 1 hour is 
equivalent to 2 ampere-hours. 

25.15 Define the angle of lag or 
lead.—It is the number of electrical 
degrees by which an alternating current 
reaches its peak and zero values after, 
or before, the applied voltage reaches 
its peak or zero values. 

25.16 What is an anticapacitance 
switch?—A switch in which the current-
carrying parts are separated to reduce 
the electrostatic capacitance existing 
between them. Some designs include 
shields between the various sections of 
the switch. 

25.17 What is an aperiodic circuit? 
—An untuned circuit not resonant at 
any one frequency. 

25.18 What does the term "arith-
metic mean" deneteP—One-half the sum 
of two values, or the average. 

25.19 What is a circular milT—The 
unit of measurement of the cross-sec-
. tional area of a conductor. The area 
of a circle having a diameter of 0.001 
inch. 

25.20 What is a collector ring?—A 
metal ring used in conjunction with a 
brush contact to obtain a connection 
between a rotating element and an ex-
ternal circuit, such as between the 
armature of a generator and the load. 

25.21 What is a passive element?— 
A resistor, capacitor, inductance, etc. 

25.22 What is a cosine?—In trigo-
nometry, the sine of the complement of 
an angle. 

25.23 What is a crest voltmeter?— 
A peak-reading voltmeter. 

25.24 What is a dead-beat instru-
ment?—A voltmeter, ammeter, or simi-
lar device with a highly damped move-
ment. Damping is used to bring the 
movement to rest quickly. 

25.25 Describe a readout tube.—It 
is a special neon cold-cathode tube with 
ten independent cathodes, each formed 
in the shape of a number. Application 
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Fig. 25-25A. Basic circuit for a cold-
cathode readout tube. 

of a negative voltage to a selected 
cathode causes the gas around the 
cathode to ionize and glow. The visual 
effect is a bright glow around the 

Fig. 25-258. Interior view of cold-cath-
ode readout tube Model NL-803 manu-
factured by National Electronics Inc. 

cathode forming the number. Readout 
tubes are used in many different pieces 
of electronic equipment, such as digital 
voltmeters, counters, or where a visual 
readout is required. 

Fig. 25-25C. Interior view of flat cold-
cathode readout tube Model NL-809. 

For best viewing results, the tubes 
are mounted in an enclosure with a 
black interior, behind a red, amber, or 
polaroid filter plate. The filter improves 
the viewing in areas having a high am-
bient light level. 

The basic circuitry for operating this 
type of tube is shown in Fig. 25-25A. 
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Two interior-construction views for 
cold-cathode readout tubes, manufac-
tured by National Electronics, Inc., are 
pictured in Figs. 25-25B and C. 

25.26 What is an acoustic blister?— 
A large dome-shaped piece of acoustic 
material sometimes placed on walls in 
broadcast studios to diffuse the sound. 
It varies in diameter from a few inches 
to about three feet. Such devices are 
used in conjunction with broken-up 
walls. 

25.27 What are the advantages of 
a ceramic magnet?—Ceramic magnets 
are used in speakers and other devices 
because of the ease of molding them 
into a given shape. The ring type used 
in speaker construction is not always 
the ideal shape, particularly in the case 
of steel magnets, as it lowers their 
efficiency. The ceramic magnet is not 
affected in so marked a degree as is a 
material such as Alnico V. (See Ques-
tion 20.23.) 

25.28 What is an electrical degree? 
—It is one-360th part of an electrical 
cycle. 

25.29 What is an electrolytic ea-
pacitor?—A capacitor of high capaci-
tance in which an electrolyte and an 
electrode serve as plates. The dielectric 
is a film of gas formed by electrolysis. 
Such capacitors may be made using 
either a dry or a wet electrolyte. 

25.30 If a new electrolytic capaci-
tor measures less than its rated ca-
pacity, is it defective?—No. Electrolytic 
capacitors which have been on the shelf 
or out of service for some time may 
measure only 40 to 60 percent of their 
rated capacitance. After they have been 
in use at their normal operating voltage 
for a short period, the capacitance will 
return to its normal value or greater. 
Electrolytic capacitors should be re-
formed by operating them at their rated 
voltage before measuring the capaci-
tance. (See Question 22.34.) 

In general, electrolytic capacitors 
measuring 75 percent of their rated 
value should be replaced. In the use of 
bypass capacitors there is from the 
application standpoint usually no upper 
limit on the value. This is reasonably 
true for all filter capacitors, except for 
input capacitors used in power supplies. 
Here the limit is set by the permissible 
current through the rectifier element. 
New dry-electrolytic capacitors gen-
erally fall within the limits below. 

Rated Voltage 

3 to 50 volts 
51 to 350 volts 
351 to 600 volts 

(See Question 21.59.) 
25.31 What is the average leakage 

current per micro farad for an electro-
lytic capacitor?—About 0.2 to 2.5 mA 
per microfarad. Specification JAN-C-62 
for electrolytic capacitors specifies that 
the leakage current shall not exceed 
0.04 times the capacitance in micro-
farads plus 0.30. 

25.32 Are electrolytic capacitors 
affected by frequency? — Electrolytic 
capacitors are quite satisfactory for fre-
quencies below 500 kHz. However, at 
frequencies above 500 kHz, they lose 
their effectiveness quite rapidly. As an 
example, a 10-µF electrolytic capacitor 
at frequencies above 500 kHz will have 
an effective capacitance of only 0.5 F. 

It is customary, when electrolytic 
capacitors are used in circuits where the 
frequency may run from zero to several 
hundred thousand hertz, such as in a 
video amplifier, to connect additional 
paper and mica capacitors in parallel 
with the electrolytic capacitor. The 
electrolytic capacitor operates quite 
effectively at audio frequencies, the 
paper capacitor operates through the 
middle range of radio frequencies, and 
the mica capacitors operate at the ex-
tremely high frequencies. 

25.33 What is the average power 
factor of an electrolytic capacitor?— 
About 5 to 10 percent. Although a high-
quality capacitor may indicate a power 
factor higher than this after lying idle 
for a while, the power factor will drop 
after a short operating period of the 
capacitor at its rated operating voltage. 

Electrolytic capacitors should be re-
placed if the power factor Is 15 percent 
or greater. Wet-type electrolytic capaci-
tors will show a power factor of 25 per-
cent or greater. 

25.34 What is fish paper?—A fiber-
like insulating paper used in the con-
struction of transformers, coils, and 
other electrical devices. 

25.35 What is the geometric mean? 
—The square root of the product of 
two quantities. (See Question 7.34.) 

25.36 What is the relationship of 
current to voltage in a capacitor?—The 
current leads the voltage by 90 electri-
cal degrees. 

Percent Tolerance 

—10 to +60 
—10 to +40 
—10 to +50 
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Fig. 25-38. Equation chart for solving Ohm's law for cc or de circuits. 

25.37 What is the relationship of 
current to voltage in an inductance?— 
The current lags the voltage by 90 
degrees. 

25.38 What are the equations used 
in the solution of cc and de problems 
involving the use of Ohm's law?—A 
ready reference chart which may be 
used to select the proper equation for 
the solving of both ac and dc prob-
lems involving the use of Ohm's law 

is given in Fig. 25-38. The desired 
answer is selected from the inner circle 
and the proper equation is selected 
from one of the segments of the outer 
circle. In each case, two factors of the 
problem must be known. 

25.39 What are the equations used 
in the solution of problems involving the 
decibel?—Fig. 25-39 provides a ready 
reference chart which may be used to 
select the proper equation for solving 

a IMPEDANCE 
R RESISTANCE 
E VOLTAGE 
I CURRENT 
P POWER 
Krell POWER 

REFERENCE 

Fig. 25-39. Equations for problems involving decibels. 
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problems involving the use of decibels. 
The desired answer is selected from the 
inner circle and the equation from one 
of the segments of the outer circle. 

25.40 Is it permissible to connect 
power supplies in series?—Yes, power 
supplies may be connected in series like 
batteries to obtain a higher output volt-
age, and they may be a combination of 
regulated and nonregulated. Precaution 
must be taken to remove any grounds 
to prevent the shorting out of one 
supply. 

The ripple voltage at the output of 
the combined voltage will be that of 
the power supply having the highest 
ripple voltage and in some instances 
it may be higher. The maximum cur-
rent will be that of the supply with 
the lowest current rating. The voltage 
output will be the sum of the two 
voltages. 

25.41 What is a phantom circuitT— 
A telephone circuit consisting of two 
circuits from which a third circuit is 
taken by the use of repeat coils. 

25.42 What type of wire is used 
for precision wirewound resistors?—Man-
ganin or Evanohm. 

25.43 Is it permissible to charge 
storage batteries with unfiltered recti-
fied alternating current?—Yes. 

25.44 How much power is required 
to modulate a radio transmitter of a 
given power to 100-percent modulation? 
—The power output of the modulating 
amplifier must be at least 50 percent of 
the power of the stage being modulated. 

25.45 What is the sensitivity of 
meter movements used in service volt-
meters?—The sensitivity varies with the 
ohms-per-volt requirements. The sen-
sitivity of commonly used meters is 
given below. 

Internal 
Movement Ohms per Res. of 
Sensitivity Volt Meter 

50 pA 20,000 900/2K 
100 AA ' 10,000 900/2K 
200 pA 5000 300/1K' 
500 µA 2000 70/300 

1.00 mA 1000 25/100 
2.00 mA 500 27/30 
5.00 mA 200 27/30 
10.00 mA 100 1.5/7.0 

The three 
on heavy-power test equipment and 
switchboard instruments. 

latter movements are used 

25.46 What is lits wire? — A 
stranded wire consisting of several 
strands of very small wires transposed 
at intervals to reduce the loss at high 
frequencies. As an example, 32/28 litt 
wire is made up of 32 separate strands 
of No. 28 enameled wire. This wire is 
used for frequencies within and below 
broadcast band, as well as for loop 
antennas. 

One of the principal objections to its 
use is the difficulty in soldering. If two 
or more of the strands are left un-
connected, the radio-frequency resist-
ance rises quite rapidly and the benefits 
of such wire are lost. The wire was 
originally developed in Germany many 
years ago by Litzendraht and used ex-
tensively in wireless receivers for the 
reception of long-wave transmissions. 

25.47 What is a negative-resistance 
circuit?—A condition existing in a cir-
cuit when an increase of voltage causes 
a decrease of current. 

25.48 What is parasitic oscillation? 
—Oscillation set up in a circuit due to 
distributed capacitance and inductance. 
An unwanted oscillation. 

25.49 What is a pulsating current? 
—A current which changes its ampli-
tude but not its direction. 

25.50 What are the advantages of 
printed-wiring boards and how are they 
mode?—Chief advantages of printed-
wiring boards are (1) lower production 
costs, and (2) laboratory circuits may 
be obtained in production. 

Several factors are responsible for 
the lower production costs. Some are: 

1. Greater simplicity in wiring since 
less wiring is required. 

2. Wiring errors are eliminated be-
cause each board is • identical. 

3. Faster production because hand 
wiring is eliminated. Components 
may be installed by machines and 
the entire assembly soldered in 
one operation. 

4. Adaptability of printed boards to 
the use of printed components. 

Printed-wiring boards are produced 
in several different ways, but the end 
result is essentially the same—a pheno-
lic circuit board with a wiring pattern 
on one or both sides. 
One method of producing printed-

wiring boards consists of bonding a 
thin layer of copper foil 0.0001 to 0.0004 
inch thick to the phenolic material. 
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A chemical is then applied to the 
copper foil by a photographic process 
and the board is given an acid bath. 
The acid bath removes the copper foil 
except where the chemical was applied, 
leaving this area unharmed. The acid 
is then neutralized and the chemical 
removed from the copper foil, leaving 
the phenolic board with the desired 
printed wiring. 

Another method of making printed-
wiring boards consists of electrolytically 
depositing or plating the electrical cir-
cuit pattern on the phenolic board. This 
is accomplished by applying a conduc-
tive material to the base material. A 
chemical is then applied to the back-
ground area but not to the pattern area. 
The board is then copper-plated; how-
ever, because of the chemical applied 
over the conductive material in 
background area, only the diagram is 
plated. By means of a solvent, the con-
ductive material and the chemical are 
then removed from the background 
area. 
A third method of producing printed-

wiring boards is embossing. A thin 
sheet of copper with an adhesive on one 
side is applied to the base material. 
The circuit pattern is embossed on the 
board, using photoetched metal dies. By 
heat and pressure, the dies force the 
copper foil into the base material. At 
the same time, the adhesive bonds the 
copper foil to the base material. This 
leaves the entire surface of the base 
material covered with copper foil, but 
only the circuit pattern is recessed into 
the base material. Excess copper foil is 
then stripped off mechanically, leaving 
the desired pattern embedded in base 
material. Circuit components such as 
resistors, capacitors, and coils are sol-
dered directly to the printed circuitry. 

Printed circuits are currently found 
in nearly all types of electronic equip-
ment. (See Question 25.140.) 

25.51 Define an electret. — This 
term is applied to a permanently polar-
ized dielectric material and is the analog 
of a permanent magnet. Among the 
several types of electrets is that of a 
plastic surface or wax with a permanent 
positive charge and a permanent nega-
tive charge on its reverse surface, both 
surfaces having a stable existence. (See 
Question 4.126.) 

25.52 What is a tank circuit?—A 
tuned oscillatory circuit. 

25.53 What is a vector?—A straight 
line representing the magnitude and 
phase relationship of a quantity. A 
quantity which has both direction and 
magnitude. 

25.54 What is a zero voltage point? 
—The voltage of the earth. 

25.55 Define the term "common-
mode rejection."—This term is also re-
ferred to as in-phase rejection and is a 
measure of how well a differential am-
plifier ignores a signal which appears 
simultaneously and in phase at both 
inputs. Usually and preferably stated as 
a voltage ratio but more often stated in 
decibel equivalent of the ratio at a 
specified frequency, such as 120 dB at 
60 Hz, with 1000 ohms of impedance. 

25.56 What is the equation for cal-
culating the capacitance of a simple 
capacitor?—Answer: 

AK 
C = 4A5D (in pF) 

where, 
A is the area of the plate in square 

inches, 
D is the spacing in inches, 
K is the constant of the dielectric 

(insulation). 

The dielectric constants for various ma-
terials are given in Question 25.57. 

25.57 Define the term "dielectric 
constant."—It is the property of a given 
material that determines the amount 
of electrostatic energy which may be 
stored in that material per unit volume 
for a given voltage. The value of the 
dielectric constant expresses the ratio 
of a capacitor in a vacuum to one using 
a given dielectric. The dielectric of air 
is 1 and is the reference unit employed 
for expressing dielectric constant. 

The dielectric constants and break-
down voltages for commonly used mate-
rials are tabulated in the following table. 

Air, at atmospheric 
pressure 

Bakelite 
Glass, common 
Mica 
Paraffin paper 
Porcelain 

Dielectric 
Strength 

(volts per 0.001 
K volt inch) 

1.0 
5.0 
4.2 
6.0 
3.5 
5.5 

80 
500 
200 

2,000 
1,200 
750 

If the dielectric constant of a capacitor 
is increased or decreased, the capacitor 
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will increase or decrease in capacitance 
respectively. 

25.58 What are Nagoaka's form-
ulas?—They are formulas used for the 
design of solenoid coils and may be 
obtained from Circular No. 74, pub-
lished by the National Bureau of Stan-
dards. 

25.59 What is the capacitive re-
actance of two capacitors connected in 
parallel?—They are treated as resistors 
connected in parallel. 

25.60 What is the capacitive re-
actance of two capacitors connected in 
series?—They are treated as resistors 
connected in series. 

25.61 If two ammeters are con-
nected in series, what portion of the 
total current will be read by each meter? 
—Each meter will read the total load 
current. 

25.62 Can two ammeters of the 
same current range and internal resis-
tance be connected in parallel to read 
double the current of one meter?—Yes, 
if the internal resistance is the same 
for each meter. One meter acts as a 
shunt for the other; therefore, each 
meter reads one-half the current. Dam-
age to the meters will result if one 
meter is removed from the circuit while 
there is a load current. 

ENO 
VIEW 

Fig. 25-63A. Construction of a fixed-
card resistor. 

25.63 What is a resistance card?— 
A resistor wound on a piece of insu-
lating material in the form of a thin 
card, as shown in Fig. 25-63A. After 
winding, the card is formed into a circle 
and fitted around a form such as is used 
in rheostats and potentiometers. The 
card may be tapered to permit various 
rates of change of resistance for variable 
controls. (See Fig. 25-63B.) 

25.64 What is a nonlinear resistor? 
—A resistor which does not obey the 
simple relationship of Ohm's law. Typ-
ical nonlinear resistors are: a vacuum 
tube operated under certain conditions, 
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Fig. 25-63B. Construction of a tapered-
card resistor. 

iron-core inductors operated near sat-
uration, thyrite resistors, thermistors, 
tungsten filament lamps, diode rectifiers, 
and special ceramic-dielectric capacitors 
using a bias voltage. 

Nonlinear resistors are used in wave-
shaping networks, oscillators, voltage 
dividers, frequency multipliers, ampli-
tude limiters, and constant-output po-
tentiometers. A typical plot of the char-
acteristics of nonlinear resistors is 
shown in Fig. 25-64. 
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Fig. 25-64. Typical characteristics for 
nonlinear resistors. 

25.65 What is a varistor?—A trade 
name for a germanium or silicon diode 
whose resistance changes with changes 
in the applied voltage. 

25.66 What is thyrite?—A trade 
name for a material whose resistance 
decreases with an increase of applied 
voltage. 

25.67 How are diodes used for the 
protection of meter movements?—Two 
diodes connected in reverse polarity are 
shunted across the meter terminals, as 
shown in Fig. 25-67, to afford protection 
to the meter for either polarity. The 
meter movement is protected by the 
forward characteristic of one diode, 
while the other is inactive. Diodes used 
for meter protection must have very 
low forward current in the 0 to 300 
millivolt range and very low reverse-
current leakage. The de resistance 
should be greater than 600,000 ohms 
below a voltage of 300 millivolts. The 
connection of a diode across the meter 
movement results in less than 0.5 per-
cent of error, depending on the internal 
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Fig. 25-67. Diodes used for protecting a 
meter movement. 

resistance of the meter. Special diodes 
are manufactured for this purpose for 
meters with a given internal resistance. 

25.68 What is a module unit? — A 
method of mechanically mounting elec-
tronic components in a stack of wafers 
to facilitate the automatic assembly of 
circuit components. It is a method de-
veloped by the National Bureau of 
Standards in conjunction with the De-
partment of the Navy. A typical unit is 
shown in Fig. 25-68. 

Fig. 25-68. A module unit with a minia-
ture tube. 

25.69 What is reflection loss?—The 
transmission lass in a transmission line 
when a portion of the transmitted sig-
nal is reflected back toward the sending 
end because of improper terminating 
impedance. 

25.70 What is propagation-time 
delay?—The time required for a wave 
to travel from one point to another on 
a transmission line. Delay time varies 
with the type of line or cable. 

25.71 How will the needle of a com-
pass be deflected when placed in a mag-
netic field?—The needle will align itself 
parallel with the lines of force. The 
north-seeking pole will always point to 
the north pole because it is, in reality, 
a south pole. 

25.72 What is a side tone? — The 
noise reaching the earphone of a tele-
phone subscriber's handset by means of 
a local path within the telephone circuit. 

25.73 What is a side circuit?—One 
of two circuits employed in a phantom 
circuit. 

25.74 What is a padder capacitor? 
—A variable capacitor connected in 
series with a fixed capacitor to obtain 
an exact value of capacitance. It is also 
used in tuned circuits to bring them 
to exact resonance. 

25.75 What is Celsius temperature? 
—The original centigrade temperature 
scale. It was named after Swedish as-
tronomer Anders Celsius, who first de-
scribed it. 

25.76 What is fusetron?—A trade 
name for a special type of plug fuse 
with an overload feature that will per-
mit it to be overloaded, on starting, up 
to more than 500 percent, with blow 
times ranging from 0.5 to 25 seconds. 
Such fuses are used where a heavy 
starting current is present with a low 
running current. 

25.77 What is an electrothermal 
recorder?—A recorder in which the 
image is produced by thermal action 
on the recording medium in response to 
the received signals. 

25.78 What is a facsimile trans-
mission system?—A system of radio or 
wire transmission by which illustra-
tions, printed pages, maps, etc. are 
transmitted and received. The subject 
to be transmitted is scanned by a light 
beam along closely spaced parallel lines. 
The black-and-white copy is trans-
mitted in the form of an electrical sig-
nal by the use of a photocell under the 
copy to be transmitted. At the receiving 
end, the impulses are translated into 
small marks on the receiving copy cor-
responding to the original. This is ac-
complished by tracing the receiving 
copy in closely spaced parallel lines 
similar to the transmitter. The two 
machines as synchronized at the two 
ends by an accurate local oscillator. 

25.79 What is a tuning-fork oscil-
lator?—An oscillator circuit which em-
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Fig. 25-79. Schematic diagram of a tuning-fork oscillator circuit. 

ploys a tuning fork as the frequency-
determining element. The elementary 
circuit for such an oscillator is shown 
in Fig. 25-79. As a rule, unless the out-
put signal Is filtered, the output contains 
a high percentage of harmonics. 

25.80 What is a magnetostriction 
oscillator?—An oscillator circuit which 
employs an element in the oscillatory 
circuit that expands and contracts un-
der the influence of a varying magnetic 
field. Certain metals, notably nickel and 
some of its alloys, undergo dimensional 
changes when subjected to the influ-
ence of a magnetic field. Since these 
changes are minute, in the order of one 
part per million, the phenomenon is 
usually observed or employed by plac-
ing a rod or tube in a solenoid carrying 
either an alternating or direct current. 

25.81 What is a master oscillator? 
—An oscillator of stable characteristics 
used to establish a base frequency for 
several different parts of a system. By 
the use of a master oscillator, fre-
quency discrepancies are eliminated. 

25.82 What is scrambled speech?— 
Speech which has been rendered un-
intelligible for use in secret transmis-
sion by inverting the frequencies. These 
frequencies are converted back to the 
original form at the receiving end by 
an unscrambling circuit. 

25.83 What is telemetering? — The 
remote indication of values, readings of 
meters, etc. by radio, using coded sig-
nals which are generally recorded on 
magnetic tape or film. 

25.84 What is a two-channel multi-
plexed fm transmission?—A system of 
transmitting two-channel stereophonic 
program material using one rf carrier 
frequency. By multiplexing the signals, 
both the left- and right-hand sides of 
the audio pickup are transmitted inde-

pendently and simultaneously. A single 
fm receiver having a multiplexing cir-
cuit separates two sides of the program 
material. The separated signals are then 
fed to left and right amplifier systems 
and reproduced using two speakers, 
similar to reproducing a stereophonic 
record or magnetic tape. 

25.85 What does the term "admit-
tance" mean?—The ease with which an 
alternating current flows in a circuit. 
Admittance is the reciprocal of imped-
ance and is expressed in mhos. 

25.86 What is an automatic gain 
control?—A self-acting compensating 
device which will maintain the output 
level of a transmission constant to 
within narrow limits for a wide varia-
tion of input signal level. 

25.87 How are frequencies above 
the audio bands classified? 
Very Low Frequency 

(v10 10 to 30 IcHz 
Low Frequency 

(10 30 to 300 kHz 
Medium Frequency 

(mf) 300 to 3000 kHz 
High Frequency 

(hf) 3 to 30 MHz 
Very High Frequency 

(vhf) 30 to 300 MHz 
Ultra High Frequency 

(uhf) 300 to 3000 MHz 
Super High Frequency 

(shf) 3000 to 30,000 MHz 
Extremely High Frequency 

(ehf) 30 to 300 GHz 
25.88 What h a carrier frequency? 

—A wave which may be marked or 
modulated either by changing its am-
plitude, frequency, or phase, so that it 
may carry intelligence. 

25.89 What is a coaxial cable?—A 
cable in which one conductor is ac-
curately centered inside another. It is 
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used for the transmission of television 
signals and other high frequencies. 

25.90 What is an electrolytic re-
corder?—An electrochemical recorder in 
which a chemical change is caused by 
ionization in the recording medium, 
generally a chemically treated paper. 

25.91 What is an electrosensitive 
recorder?—A recorder in which the 
image is produced by the passage of an 
electric current into the recording 
medium. 

25.92 What is an ink-mist recorder? 
—A mechanical recorder used in facsi-
mile transmissions in which particles of 
an ink mist are deposited directly onto 
the recording medium. 

25.93 What is a voder?—An elec-
tronic device developed by H. Dudley 
of the Bell Telephone Laboratories for 
generating artificial speech. The tones 
are produced by a combination of 
mechanical keys similar to those of a 
piano keyboard. 

25.94 What is a vocoderl—A device 
for generating artificial speech. The 
human voice is used to actuate the 
system rather than mechanical keys as 
used in the voder described in Question 
25.93. 

25.95 What is an annulling net-
work?—A network of elements con-
nected in parallel with a filter network 
and designed to cancel inductive or 
capacitive impedance at the extreme 
ends of the passband of the filter. 

25.96 What is an ite:ative imped-
ance?—The value of a terminating im-
pedance, required at one pair of a four-
terminal network, that will terminate 
the second pair of that network in a 
value equal to the first pair. The itera-
tive impedance of a transmission line is 
the same as the characteristic im-
pedance. 

25.97 What is meant by the term 
"unity coupling"?—Unity coupling is 
achieved when the lines of force of one 
coil cut all of the windings of a second 
coil. The formula for calculating the 
coefficient of coupling is: 

M2 
K2 = Lp L. 

where, 
M is the mutual inductance between 
the coils, 

L is the value of the self-inductance, 
K is a constant. 

As a rule, the value of K does not ex-
ceed unity coupling, or 1. 

25.98 What is the purpose of re-
versing the polarity of filament-type 
tubes operated from a direct-current 
source?—This procedure is only used 
with high-power transmitting and recti-
fier tubes because the emission is not 
uniform over the entire surface of the 
filament. This causes certain areas of 
the filament to be weakened, in time. 
Reversing the polarity of the heater 
supply permits a more uniform opera-
tion of the filaments and prolongs their 
life. Also, the maximum life will be 
obtained when the filament voltage is 
maintained as near constant to the 
specified voltage as possible. 

25.99 Describe the characteristics 
of neon and argon glow lamps.—Basi-
cally, a neon glow lamp is a member of 
the electric-discharge lamp family. It 
consists of two electrodes inserted in a 
glass envelope containing a rare gas. 
When a sufficiently high voltage is 
applied to the electrodes, current will 
flow between the electrodes by means 
of electrons and positively charged 
particles in the gas. This causes light 
to be produced at the negative terminal. 

Glow lamps differ from conventional-
type lamps in that they do not depend 
on a filament, and hence do not pro-
duce light by incandescence. Glow 
lamps are rugged in design with long 
life, and produce little heat in their 
operation. Such lamps are used for in-
dicators and for voltage regulation. 
The useful life of a glow lamp is a 

function of the lamp current and varies 
approximately as the inverse cube of 
the lamp current. Therefore, doubling 
the current through the lamp reduces 
its life to approximately one-eighth its 
normal life. 

For some special applications the 
current may be increased as much as 
ten times its normal value without im-
mediate injury; however, the character-
istics will be changed, resulting in a 
rapid rise of starting and maintaining 
voltages, accompanied by a short life. 
Glow lamps have a critical starting 

voltage. Below this critical voltage the 
lamp may be considered to be an open 
circuit. When the starting voltage is 
reached, the glow discharge begins and 
light is emitted. Once started, the lamp 
will continue to glow if the maintain-
ing voltage is continued. On alternating 
current, the maintaining voltage is ap-
proximately the same as the starting 
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Fig. 25-99A. Runaway characteristics of a glow lamp. 

voltage. On direct current, the discharge 
will be maintained at close to 15 volts 
below the breakdown voltage. Aging a 
glow lamp for about 100 hours by 
running it at its normal maintaining 
voltage will help to stabilize its char-
acteristics. All glow lamps have a char-
acteristic called the runaway character-
istic (Fig. 25-99A); therefore, they must 
be operated in series with a current-
limiting resistor. The screw-base lamp 
contains such a reestor; however, an 
external resistor must be used with 
bayonet-base lamps. Conventional car-
bon-type resistors are quite satisfactory 
for current-limiting use. By connecting 
a current-limiting resistor of the proper 
resistance in series with the lamp, these 
lamps may be operated from circuit 
voltages beyond their normal voltage 
ratings. Resistor values for different 
voltage ranges are given in Fig. 25-99B. 

The glow lamp, when in a state of 
conduction, may be treated in an elec-
trical circuit as the equivalent of a 
constant-arc drop in series with an 
internal resistor. Under the usual oper-
ating conditions, this arc drop may be 
considered equal to the minimum main-
taining voltage. Current and resistance 
values may be calculated: 

—  
Lamp I 

+ RE 
where, 
Vc is the line voltage, 
Vim is the minimum maintaining 

voltage, 
R, is the internal resistance, 
RE is the external resistance. 

The efficiency of a glow tube is rather 
low, about 0.30 lumens per watt, and 
varies directly with the current. A 
quarter-watt lamp can be expected to 
produce six times the light of a %-
watt type, and a 1-watt lamp four 

25 

times that of a quarter-watt size. The 
light output may be increased by in-
creasing the current through the lamp, 
but with a resulting decrease of life. 

Ionization in complete darkness and 
deionization under any conditions may 
require a fraction of a second. The light 
output will follow the current in a 
linear manner up to frequencies of 
15,000 Hz. Increasing the ambient light 
level within a limited range will lower 
the breakdown voltage because of the 
photoelectric emission of the electrodes. 

Glow lamps are not noticeably af-
fected by the ambient temperature be-
low 300°F; however, above this tem-
perature, gases are evolved from the 
bulb walls affecting the lamp operating 
characteristics. 
Neon lamps may be used for voltage 

regulation in the same manner as a 
VR150 or similar type of tube, using a 
current-limiting resistor as shown in 
Fig. 25-99C. The regulated voltage is 
taken from across the lamp as shown. 
Neon lamps may also be used as leak-
age indicators for currents as low as 
1 microampere and also as oscillators, 
as described in Question 22.55. 

The spectral energy of such lamps is 
almost entirely confined to the yellow 
and red regions of the spectrum. The 
general appearance of a glow discharge 
tube is orange-red and may be used as 
an indicator without the necessity of 
using a red glass cover. Because of the 
spectral quality of the glow discharge, 
only two distinctive colors, red and 
amber, may be obtained by the use of 
filters. 

The spectral emission characteristics 
for both the neon- and the argon-type 
glow lamps are shown in Fig. 25-99D. 

The breakdown, maintaining and ex-
tinguishing voltage and operating cur-
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Typo 110-125V 220-300V 300-375V 375-450V 430-600V 

AR-1 Included in Base 10,000 18,000 24,000 30,000 
AR-3 Included in Base 68,000 91,000 150,000 160,000 
AR-4 15,000 82,000 100,000 160,000 180,000 
NE-2 200,000 750,000 1,000,000 1,200,000 1,600,000 
NE-2A 200,000 750,000 1,000,000 1,200,000 1,600,000 

NE-2D 100,000 --- --- --- ---
NE-2E 100,000 --- --- --- ---
NE-2H 30,000 -- --- -- ---
NE-2J 30,000 --- --- --- ---
NE-7 30,000 --- --- --- ---
NE-17 30,000 110,000 150,000 180,000 240,000 
NE-21 30,000 --- --- --- ---
NE-30 Included in Base 10,000 20,000 24,000 36,000 
NE-32 7,500 18,000 27,000 33,000 43,000 
NE-34 Included in Base 9,100 13,000 16,000 22,000 
NE-40 Included in base 6,200 8,200 11,000 16,000 
NE-45 Included in Base 82,000 120,000 150,000 200,000 
NE-48 30,000 110,000 150,000 180,000 240,000 
NE-51 200,000 750,000 1,000,000 1,200,000 1,600,000 
NE-51H 47,000 --- --- --- ---
NE-54 30,000 --- --- --- ---
NE-56 Included in Base --- --- -- ---
NE-57 Included in base 82,000 120,000 150,000 200,000 
NE-58 Included in Base --- --- --- ---
NE-66 3,600 --- --- --- ---
NE-79 7,500 -- -- --- ---

Fig. 25-99B. Current-limiting resistor 

rent for both neon and argon lamps, 
may be measured using the circuit of 
Fig. 25-99E. When breakdown voltage 
is measured, the lamp should be oper-
ated for about 1 minute at its normal 
rated current within 1 hour of making 
the measurement. If it is to be measured 
in total darkness, the lamp should be 
inoperative for at least 24 hours before 
measurement. 

The extinguishing voltage is depen-
dent on the impedance in series with 
the lamp and is the voltage across the 
lamp at which an abrupt decrease in 
current between the operating elec-
trodes occurs; it is accompanied by the 
disappearance of the negative glow. 

Using the circuit shown, a 60-Hz vol-
tage with a total harmonic distortion of 

Fig. 25-99C. A voltage-regulation cir-
cuit using a glow lamp and a current-

limiting resistor. 

values used with glow-discharge tubes. 

not more than 3 percent is applied to 
the potentiometer and then to the lamp. 
The ripple voltage from the de power 
supply must not exceed 0.10 percent. 
When ac measurements are made, a 

thermocouple meter should be used for 
measuring the current, with the series 
resistor (R.) selected for a value suit-
able for the lamp under test. The volt-
meter across the lamp must have an 
input resistance of at least 10 megoluns 
or more. 

25.100 What is an argon glow 
/amp?-Argon glow lamps are similar in 
construction and operation to the neon 
glow lamps. Argon radiates principally 
in the blue-violet and ultraviolet region 
of the spectrum. The visible purple 
color offers the possibility of their use 
as a second color to the neon glow lamp. 
The predominant radiation is in the 
near ultraviolet or black-light region. 
The initial black-light output is approx-
imately 3.5 fluorens per watt. Glow 
lamps using argon gas may be used in 
timing devices for high-speed photog-
raphy, as their violet and near-violet 
radiation occurs in a region where pho-
tographic materials have their highest 
degree of sensitivity. The values of cur-
rent-limiting resistance required for an 
argon-type glow lamp are the same as 
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Fig. 25-99D. Spectral emission 
curves for glow-discharge tubes. 
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Fig. 25-99E. Crcuit for testing gas-filled 
glow lamps. 

for the neon-type lamp, as shown in 
Fig. 25-99B. 

25.101 How are the specific gravity 
readings of a storage battery inter-
preted? 
1.275 to 1.300 
1.250 
1.200 

A high state of charge. 
A medium state of charge. 
A low state of charge. 

If a storage battery is left in a dis-
charged condition for any length of 
time, the plates may be damaged due 
to sulfation. (See Question 24.73.) 

25.102 What causes a quartz crys-
tal to osciflate?—Quartz crystals have 
two modes of vibration—they can bulge 
in and out in a direction perpendicular 
to their long parallel surfaces, or they 
can expand and contract so that the 
short parallel surfaces bulge in and out. 
In the so-called thickness mode of vi-
bration, pressure waves travel from one 
long surface to the opposite surface and 
are reflected back again. For a given 
thickness of the crystal slab, the re-
flected waves are in phase with the 
direct waves and reinforce each other. 
This causes standing waves on the sur-
face of the crystal in the long direction. 
Under these conditions, it is said the 
crystal is at resonance. 

7000 7500 

RFC 

Fig. 25-102. A typical quartz crystal 
oscillator circuit. 

The natural frequency of resonance 
will occur, for a particular thickness of 
the crystal, where at least one complete 
wavelength can exist between the two 
long surfaces. For the same thickness, it 
is also possible for two or more shorter 
wavelengths to exist between the two 
surfaces. Crystals also vibrate at har-
monics of the fundamental frequency. 

The second mode of vibration is de-
termined by the width of the crystal 
slab measured along the long parallel 
surfaces. This is called width vibration. 

In addition to these two modes of 
vibration and their harmonics, addi-
tional modes of vibration will exist be-
cause of the twisting and bending of 
the crystal. The thinner the crystal, the 
more numerous become the resonances 
and also the higher the frequency of 
vibration. 

Quartz crystals are manufactured to 
operate at frequencies of from 50 kHz 
to 50 MHz. Special crystals for certain 
types of test work may be obtained that 
will vibrate at a low frequency of 1000 
Hz. A typical circuit for a quartz crystal 
oscillator is shown in Fig. 25-102. 

25.103 Are all quartz crystals cut 
on the same axis?—No. Quartz crystals 
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designed for oscillatory use are cut from 
the mother crystal at many different 
angles to the crystal axis. The axis of 
the cut will depend on the type of serv-
ice the crystal is to render. The axis 
of the cut determines the stability, tem-
perature coefficient, and frequency of 
oscillation. As no single type of cut will 
cover all the different frequency ranges 
required, different cuts are used for 
different frequency ranges and types of 

service. For frequencies between 300 
kHz and 5 MHz, the A-T cut is gener-

ally employed; above 5 MHz, the B-T 
cut is used. Type X and Y cuts have 
poor temperature coefficients and are 
not used where a high degree of stabil-
ity is required. As a rule, the crystal is 
cut from selected Brazilian quartz, free 
from impurities such as optical twin-
ning, electrical twinning, bubbles, frac-
tures, scratches, and mineral inclusions. 
A typical mother quartz crystal is 
shown in Fig. 25-103, together with the 
different cuts used. 

ZERO 
TEMPERATURE 
COEFFICIENT 

Fig. 25-103. Axes of cuts used for quartz 
crystals. 

25.104 Show the relationship be-
tween frequency and decibels for a 6-dB-
per-octave curve, using a reference fre-
quency of 1000 Hz.-This relationship 

is shown in Fig. 25-104. It will be noted 
for frequencies of equal increment that 
the change in decibels is not exactly 6 
dB. Although the differences are small 
in some instances, they may have to be 
taken into consideration. 

25.105 Show graphically the rela-
tionship of decibels to power level in 

6 dB per Octave 

fin Hz dB 

10 -40.00 

20 -33.98 
30 -30.46 
40 -27.96 
50 -26.02 
60 -24.44 
70 -23.10 
80 -21.94 
90 -20.92 

100 -20.00 

200 -13.98 

300 -10.46 
400 - 7.96 
500 - 6.02 
600 - 4.44 

' 700 - 3.10 
800 - 1.94 
900 - 0.92 

1,000 0 

2,000 + 6.02 
3,000 + 9.54 
4,000 +12.04 
5,000 +13.98 
6,000 +15.56 
7,000 +16.90 
8,000 +18.06 
9,000 +19.08 

10,000 +20.00 

11,000 +20.83 
12,000 +21.58 
13,000 +22.28 
14,000 +22.92 
15,000 +23.52 
16,000 +24.08 
17,000 +24.61 
18,000 +25.11 
19,000 +25.58 
20,000 +26.02 

Fig. 25-104. Actual decibel change for 
a 6-dB-per-octave curve. 

watts. - This relationship is shown 

graphically in Fig. 25-105A, for a 1-mil-
liwatt reference level. It will be ob-
served, each time the level is increased 
10 dB, the power level increases 10 dB. 
The chart is quite handy in determining 
power gains and power losses. For ex-
ample, if a speaker crossover network 
has a 1-dB insertion loss and is driven 
by a 40-watt power amplifier, how 
much power is lost? Following the di-
agonal line up to the power level of 40 
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watts, the level in decibels is plus 46 dB, 
as read from the right-hand margin. 
The network has a 1-dB insertion loss. 
Moving downward 1 dB on the diagonal 
line indicates a power loss of 8 watts. 
Thus, to restore the original level to 40 
watts, the amplifier must produce 48 
watts, whereby for an insertion loss of 
0.25 dB the power loss is approximately 
3 watts. 
A similar graph for a 6-milliwatt ref-

erence level is given in Fig. 25-105B. It 
is used in the same manner as the graph 
in Fig. 25-105A. 

25.106 What are the equations for 
calculating the time constants of a cir-

10 FOO 

power 6 milliwatts (500 ohms). 

cuit containing resistance and a reactive 
element? 

For resistance and capacitance: 

t= RC 
where, 
t is the time constant in seconds, 
R is the resistance in ohms, 
C is the capacitance in farads. 

For resistance and inductance: 

t =L 
R 

where, 
t is the tizne in seconds, 
L is the inductance in henries, 
R is the resistance in ohms. 



1636 THE AUDIO CYCLOPEDIA 

To calculate the time constant using 
other units of measure, the following 
terms are employed: 

Seconds equal megohms, microfarads. 
Microseconds equal ohms, micro-

farads. 
Microseconds equal megohms, pico-

farads. 

For calculations involving inductance: 

Seconds equal ohms and henries. 
Microseconds equal ohms and micro-

henries. 
Microseconds equal megohms and 

henries. 

In a circuit consisting of only resist-
ance and capacitance the time constant 
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EY. ' 

T is defined as the time it takes to 
charge the capacitor to 632 percent of 
the maximum voltage. In a circuit con-
taining inductance and resistance, the 
time constant is defined as the time it 
takes for the current to reach 63.2 per-
cent of its maximum voltage. Rise time 
(Ti) is the time it takes for the charge 
to rise from 10 percent to 90 percent of 
its maximum value. Values T and Ts 
can be found simultaneously by the use 
of the nomograph in Fig. 25-106A. A 
straightedge is placed from RI, to L at 
their respective values for the RL cir-
cuit. Values of T and (TB) are then 
multiplied by 10-". Where RL is multi-
plied by l(r, then T and TR are multi-
plied by 10-'. 
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Fig. 25-106A. Time constant and rise-time nomograph (after Applebaum). (Courtesy, 
Electronics and Communications, Canada, and Electronic Industries, USA) 
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Example: Find T and Ts for an RL 
circuit in which RL is 300,000 ohms, and 
L is 0.65 henry. With a straightedge 
from 30 on the RL scale to 0.65 on the 
L scale, it intersects the T scale at 0.022 
and the TR scale at 0.05. Since RL is 
multiplied by 101, then T and TR are 
multiplied by 10'. 

Example: Find T and Ts for an RC 
circuit where Ro is 250,000 ohms and C 
is 0.015 1zF. The straightedge from 25 
on the Ro scale to 0.015 on the C scale 
intersects T at 0.37 and Ta at 0.82. Since 
Ro was multiplied by 10 and C by 10, 
then T and TR must be multiplied by 
102. The answers are: T equals 37 mi-
croseconds, and Tig 82 microseconds. 
(See Question 22.74.) 
When a dc voltage is applied to an 

RC or RL circuit, a certain amount of 
time is required for the capacitor to 
charge or the current to build up to a 
portion of the full value. This is termed 
the time constant of the circuit. How-
ever the time constant is not the time 
required for the voltage or current to 
reach the full value of the applied volt-
age. Rather, it is the time required to 
reach 63.2 percent of the full vallue. 
During the next time constant, the ca-
pacitor is charged or the current builds 
up to 632 percent of the remaining dif-
ference of full value, or to 86.5 percent 
of the full value. Theoretically, the 
charge on a capacitor or the current 

4 5 6 

through a coil can never actually reach 
100 percent, but is considered to be 100 
percent after five time constants have 
passed. When the voltage is removed, 
the capacitor discharges and the current 
decays to 632 percent of the full value. 
These two factors are shown graphically 
in Fig. 25-106B. Curve A shows the 
voltage across a capacitor when charg-
ing, or the current through an induc-
tance on build-up. Curve B shows the 
capacitor voltage when discharging or 
an inductance current decay. It is also 
the voltage across the resistor on charge 
or discharge. 

25.107 Con a low-voltage fuse be 
used in a high-voltage circuit if the am-
perage rating is correct?—Low-voltage 
fuses should not be used in high-voltage 
circuits because the break distance is 
less and arc-over may result. The break 
distance is defined as the separation of 
the parts supporting the fusible mate-
rials. Fuses are constructed of a fast-
melting alloy and are so designed that 
when a given current is exceeded, the 
alloy will melt. A fuse has no voltage 
limit, except that imposed by the con-
struction and insulation. Heat developed 
across the fusible element by the cur-
rent and the resistance of the alloy 
(I'R) will blow the fuse when a given 
current is exceeded. The only factor 
important to a fuse is the amount of 
current through it. 
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Fig. 25-108. Fusing time chart for small glass-type fuses. (Courtesy, 
Mfg. Co.) 

25.108 Can a high-voltage fuse be 
used in o low-voltage circuit if the 
amperage rating is correct?—Yes. A 
higher-voltage-rated fuse can always 
be used in a low-voltage circuit pro-
vided the current-carrying capacity is 
correct. Fuses rated at 250 volts may 
be used in 6-, 12-, 24-, 32-, or 115-volt 
circuits and 32-volt fuses may be used 
in 6-, 12-, or 24-volt circuits. 
The time/current characteristics for 

small glass-type fuses are given in Fig. 
25-108. 

25.109 What is a parallel-T net-
work?—A resistive and capacitive net-
work consisting of three resistors and 
three capacitors, as shown in Fig. 25-109. 
Such networks are used in bridge cir-
cuits and distortion-meter circuits, as 
well as other devices where an un-
usually sharp null is required. The 
three resistors may be ganged mechan-
ically to provide a variable frequency 
range and permit single-dial operation. 
The relation of the capacitors and re-
sistors is given: 

Cl =C2 C3 = 2C1 

R1 
R1 = R2 R3 = — 

Ft2 

The null point of a parallel-T network 
may be considerably sharpened by 
using a negative feedback loop around 
the stages encompassing the network. 

5 

3 

2 

Bussmann 

To illustrate the relationship of ca-
pacitance to resistance in such net-
works, typical values for a 400-Hz net-
work are given below: 

CI and C2 C3 
0.001 0.002 
0.01 0.02 
0.05 0.01 

RI and R2 R3 
397,885 198,942 
39,788 19,894 
7957 3978 

The dip filter described in Question 7.72 
is a typical example of a parallel-T type 
of attenuator. 

25.110 Describe a compact ron tube. 
—Compactron is a trade name of Gen-
eral Electric given to a vacuum tube 
that houses the elements of four indi-
vidual tubes in one glass envelope. A 
typical tube of this type might house a 
detector diode, audio stage, output pen-
tode, and a rectifier. Similar tubes house 
a pentagrid section and an rf amplifier 
stage. A T-9 bulb and a 12-pin base are 
used. 

Fig. 25-109. A parallel-T network. 
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25.111 How are permanent mag-
nets charged?—By passing a heavy 
direct current through a coil wound 
around the material to be magnetized. 
The amount of magnetic energy that 
can be stored in a permanent magnet 
is dependent on the volume of the mag-
netic material and the maximum flux 
density in the material. 

The schematic diagram for a magnet-
charging device is shown in Fig. 25-111. 
The components consist of a step-up 
transformer, Ti, a rectifier, R, a large 
capacitor bank, C, two ignitron tubes, 
V1 and V2, and a coupling transformer, 
T2, for coupling to the device to be 
magnetized. The circuit shown is com-
monly known as a stored-energy mag-
netizer in which the energy is stored 
as a charge on a capacitor for supply-
ing a high peak current. 
The ac voltage at the primary of Ti 

is stepped up by the secondary and rec-
tified. The rectified dc voltage charges 
the capacitor bank, C. This actuates the 
magnetizer switch which causes ignitron 
tube VI to conduct, thus permitting the 
capacitor bank to discharge into the 
primary of transformer T2. The sec-
ondary of T2 is connected directly to 
the magnetizing loop wound around or 
slipped through the device to be mag-
netized. Ignitron tube V2 prevents cur-
rent reversals in the magnetizing loop. 
The magnitude of the current in the 
secondary of T2 is controlled by the 
value of the de voltage applied to the 
capacitor bank and the turns ratio of 
transformer T2. 

The dc voltage applied to the capaci-
tor bank ranges between 1000 and 3000 
volts. The turns ratio of transformer T2 
may be varied from 100:1 to 600:1, per-
mitting currents of 40,000 to 200,000 
amperes to be sent through the mag-
netizing loop. The capacitor bank for 
this particular circuit approximates 
2000 ;IF. 

A more simple method of magnetiz-
ing small magnets such as used in me-
ters and similar devices may be accom-
plished by wrapping about 3 feet of 
insulated %-inch copper braid around 
the magnet to be charged. Polarity of 
the magnet is determined by means of a 
compass, remembering the north indi-
cating end of the compass needle is in 
reality a south pole and hence it will be 
attracted to the north pole of the mag-
net. 

Next the direction of the current 
through the coil must be determined. 
This is accomplished by the use of the 
right-hand rule. Grasp the coil in the 
right hand with the extended thumb 
pointing toward the north pole of the 
magnet. The four fingers now point in 
the direction in which the current must 
flow through the coil. Note which end 
the current must enter the coil and con-
nect this end to the positive terminals 
of a storage battery of considerable 
ampere-hour rating (100 or greater). 
Touching the other end to the negative 
terminal once or twice should be suf-
ficient for most purposes. 

25.112 What is a discriminatorT— 
A circuit used in fm radio receivers 
for converting the fin signals to audio 
frequencies. Discriminators are used in 
place of the conventional detector in an 
a-m radio receiver. Very often discrim-
inators are used in audio-frequency test 
equipment such as a flutter meter, fin 
pickups, and disc-recorder cutting-head 
calibrating equipment. A typical circuit 
appears in Fig. 25-112A. 

The fm signal frequency is converted 
to an audio-frequency signal by recti-
fication of the voltage response of two 
tuned circuits to the frequency and 
impressing the difference on the grid 
of an audio amplifier tube. The response 
characteristics of the tuned circuits rise 
from a low value, below the resonant 
frequency, to a peak at the resonant 

Fig. 25-111. A high-power magnet-charging circuit. 
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TO 
AUDIO 
STAGE 

Fig. 25-112A. A balanced-discriminator circuit. 

frequency, and then fall to zero above 
the resonant frequency. Thus, a max-
imum voltage appears across the ter-
minals of the tuned circuit at the reso-
nant frequency. This voltage decreases 
as the signal frequency changes above 
or below the resonant frequency. (See 
Fig. 25-112B.) 

ABOVE 

o 

Fig. 25-1120. Characteristics of the dis-
criminator circuit given in Fig. 25-112A. 

Coils Li and L2 (Fig. 25-112A) are 
tuned to frequencies slightly above and 
below the i-f of the receiver by slugs 
in the coils and capacitors Cl and C2. 
When the output signal from the inter-
mediate amplifier is of an instantaneous 
positive polarity, the ends of the dis-
criminator secondary coil connected to 
the plates of the diodes are positive. 
Therefore, the diodes conduct. When the 
signal is of negative polarity, the diodes 
do not conduct. 

The magnitude of the voltages de-
veloped across load resistors R1 and 
R2 depends on the frequency of the in-
put signal to the discriminator. The cur-
rent, shown by the arrows, produces 
bucking voltages across the load resis-
tors and the difference voltage is taken 
from across R1 and impressed on the 
control grid of the audio amplifier. 

At the center frequency, the response 
of both circuits is the same and, con-
sequently, the opposed voltages devel-

oped across R1 and R2 are the seine, 
resulting in a zero output voltage from 
the discriminator. At frequencies above 
the center frequency, a larger current 
flows in the circuit consisting of Li, Cl, 
R1, and C3. As a result, a voltage of 
greater magnitude is developed across 
R1, and the output of the discriminator 
is positive. 
At frequencies below the center fre-

quency, a larger current flows in the 
circuit consisting of L2, C2, R2, and C4. 
The larger voltage is then developed 
across resistor R2 and the output sig-
nal becomes negative. In this manner, 
an audio-frequency signal is obtained 
from the high-frequency fm signal. The 
bottom end of R2 is returned to a neg-
ative bias voltage point and is used as 
a reference voltage for the audio signal. 
During negative half-cycles of the in-
put, capacitors C3 and C4, because of 
their low discharge rate relative to the 
intermediate frequency, maintain the 
voltage developed across resistors R1 
and R2, ensuring a distortionless audio 
output signal. 

It is customary to precede the dis-
criminator by one or more limiter am-
plifier stages which remove amplitude 
variations from the fm signal. This 
stage may be a tube operating as a 
class-B amplifier with the plate and 
screen voltage so low that saturation 
is obtained with a very small signal 
voltage at the control grid. 

25.113 What is a thyratron switch-
ing circuit?--Two type-885 thyratron 
tubes connected in a double-ended cir-
cuit, as shown in Fig. 25-113. A modified 
square wave is applied to the control 
grid of tube VI, amplified, and then ap-
plied through an interstage transformer 
Ti to the control grids of two thyra-
trons, V2 and V3. The signal voltages 
at the two control grids are of equal 
amplitude and 180 degrees out of phase. 
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® 

885 

+150 

Fig. 25-113. A thyratron switching circuit. 

Assume the modified square wave 
applied to the control grid of 102 has 
a positive instantaneous polarity. Tube 
102 will fire, charging capacitor Cl, 
whereas the control grid of V3 becomes 
negative. During the second half-cycle, 
the voltages at the control grids of V2 
and 103 are reversed and V3 fires, 
charging capacitor Cl in the opposite 
direction. 

This action will continue as long as 
the signal is maintained at the control 
grid of Vl. The waveform at the plate 
of V2 and 103 is independent of the 
waveform applied to the control grid of 
Vl. The output voltage is taken from 
plate load resistors R3 and R4 through 
capacitors C2 and C3. Resistors R1 and 
R2 are current-limiting resistors to pre-
vent damage to the thyratrons. Such 
circuits are used to control servome-
chanisms and motor circuits. 

25.114 How may a glow tube be 
used as a fuse indicator?—By connect-
ing the lamp in series with a current-
limiting resistor which is in parallel 
with the fuse, as shown in Fig. 25-114. 
If the fuse is good, it acts as a short 
circuit act osa the glow lamp and the 
lamp remains dark. Where the fuse 
blows, the circuit potential is applied 

GLOW LAMP 

FUSE 
IN OUT 

Fig. 25-114. A fuse-indicator circuit 
using a glow lamp. 

to the lamp, causing it to glow, indi-
cating the fuse has blown. 

25.115 What is the relation be-
tween decibels, voltage, and power?— 
This relationship, in tabulated form, is 
given in Fig. 25-115. The power level in 
decibels appears in the first column, 
the rms voltage in the second column, 
and the power in watts in the third 
column. The foregoing values are in 
reference to 1 milliwatt of power in a 
600-ohm circuit. 

25./16 What is a meggerP—A small 
constant-voltage, hand-cranked gener-
ator manufactured by the James Biddle 
Co. and used for measuring the resist-
ance, leakage of audio- and radio-fre-
quency transmission lines, power cables, 
generator and motor insulation, trans-
formers, and other electrical and elec-
tronic equipment. A typical instrument 
is shown in Fig. 25-116A. 

Basically, the device consists of a 
hand-cranked generator, which when 
cranked at approximately 160 rpm will 
produce 500 volts dc, and a meter cal-
ibrated to read directly in ohms similar 
to an ohmmeter. An overriding clutch 
limits the speed of the armature and, 
with the circuit as shown in Fig. 25-
116B, the voltage is held constant. 

Referring to the schematic diagram, 
coils A and B are mounted in a fuced 
relationship to each other and on a 
moving system, which is pivoted in 
spring-supported jewel bearings. The 
moving system carries a pointer and 
a balancing weight, and is free to ro-
tate through about 70 degrees in a 
permanent magnetic field. A C-shaped 
iron core, C, is mounted in a fixed pos-
ition coaxial with the moving system 
and forms an important part of the 
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ohmmeter magnetic circuit. There are 
no control springs such as are used in 
the conventional voltmeter or ammeter. 

Current is fed to the coils by lead-in 
spirals which offer only slight resist-

ance. 

Coil A is connected across the cur-
rent supply in series with the resist-
ance under test and fixed ballast re-
sistor Rl. It is called the current coil. 
Coil B is also connected across the cur-
rent supply in series with fixed resistor 

REFER-
ENCE 
LEVEL 
.001 w. 
in 6002 
Decibels 

Volts 

TMS Watts 

REFER-
ENCE 
LEVEL 
.001 w. 
in 60011 Volts 
Decibels rrns Watts 

-20 
-19 

-18 

-17 

-16 

.07746 

.08691 

.09752 

.10949 

.12275 

.13773 

.15454 

.17323 

.19458 

21830 

-10 .24495 
- 9 .27485 

- 8 .30838 

- 7 .34742 

- 6 .38823 

- 5 .43557 

- 4 .48873 

- 3 .54838 

- 2 .61531 

- 1 .69036 

0 .77460 

+ 1 
2 

3 1.0949 

4. 12275 

5 1.3773 

6 

7 

8 

9 

10 

+11 
12 

13 

14 

15 

.86913 

.97519 

1.5454 

1.7323 

1.9458 

2.1830 

2.e495 

2.7485 
3.0838 

3.4742 

3.8823 

4.3557 

.000010 

.0000126 

.0000158 

.0000199 

.0000251 

.0000316 

.0000398 

.0000501 

.0000631 

.0000794 

.0001000 

.0001259 

.0001585 

.0001995 

.0002512 

.0003162 

.0003981 

.0005012 

.0006310 

.0007943 

.0010000 

.001259 

.001585 

.001995 

.002512 

.003162 

.003981 

.005012 

.006310 

.007943 

0.01000 

0.01259 
0.01585 

0.01995 

0.02512 

0.03162 

16 

17 

18 

19 

20 

+21 
22 

23 

24 

25 

26 

27 

28 

29 

30 

+31 
32 

33 

4.8873 

5.4838 

6.1531 

6.9036 

7.7460 

8.6913 
9.7519 

10.949 

12.275 

13.773 

15.454 

17.323 

19.458 

21.830 

24.495 

27.485 
30.838 

34.742 

34 38.823 

35 43.557 

36 

37 

38 

39 

40 

+41 
42 

48.873 

54.838 

61.531 

69.036 

77.460 

0.03981 

0.05012 

0.06310 

0.07943 

0.10000 

0.12589 
0.1585 

0.1995 

0.2512 

0.3162 

0.3981 

0.5012 

0.6310 

0.7943 

1.0000 

1.2589 
1.5849 

1.9953 

2.5119 

3.1623 

3.9811 

5.0119 

6.3096 

7.9433 

10.000 

86.91 12.58 
97.51 15.84 

43 109.49 19.95 

44 122.75 25.11 

45 137.73 31.62 

46 154.54 39.81 

47 

48 

49 

50 

173.23 

194.58 

218.30 

244.95 

50.11 

63.09 

79.43 

100.00 

Fig. 25-115. Decibels, rms voltages, and watts. 
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Fig. 25-116A. A megger manufactured by the James G. Biddle Co. 
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SCALE SELECTOR 
SWITCH 

GENERATOR 

Fig. 25-116B. Schematic diagram of the megger pictured in Fig. 25-116A. The re-
sistance to be measured is connected between the line and earth terminals. 

R and is called the potential coil. Coils 
A and B are so connected that when 
current is supplied they develop oppos-
ing torques and tend to turn the moving 
system in opposite directions. The 
pointer assumes a position where the 
two torques balance. 

CONDUCTOR UNDER 

3 CONDUCTOR CABLE 

LEAD 
SHEATH 

'OMER' 
INSULATION TESTER 

Fig. 25-116C. Use of the guard connec-
tion on the megger to eliminate the ef-

fect of leakage to ground. 

When the megger is operated with 
either a perfect insulator or is open 
between the line and ground terminal, 
no current will flow in the deflecting 
coil A. However, coil B receives current 
from the generator and will position 
itself opposite the gap in the C-shaped 

Fig. 25-116D. Connections for testing 
the insulation resistance of one wire in a 
multiconductor cable against all other 

wires and the sheath. 

iron core, C. This is the infinity cali-
bration point on the meter scale. 
When a resistance is connected across 

the terminals, current will flow in coil 
A and the corresponding torque will 
draw the control coil B away from 
the infinity calibration position into a 
field of gradually increasing magnetic 
strength until a balance is obtained be-
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tween the forces acting on the two coils. 
Thus, control coil B acts as a retaining 
spring. The scale calibrations are inde-
pendent of the generator voltage be-
cause the two coils receive current from 
the same source (the generator) and 
any change in the generator voltage will 
affect both coils in the same proportion. 
Such instruments may be obtained with 
internal voltages up to 2500 volts. 

Fig. 25-116E. Connections for measuring 
the insulation resistance between a high-
and low-voltage transformer winding 
without being affected by leakage to 
ground. Note the use of the guard con-

nection. 

The methods of connecting the meg-
ger to a power cable, transmission line, 
and transformer for measuring leakage 
resistance to ground are shown in Figs. 
25-116C to E. The instrument pictured 
has two resistance ranges: 200 megoluns 
and 20 megohrns. It will permit the 
measurement of insulation resistance to 
as low as 1000 ohms. The guard con-
nection prevents errors due to leakage 
internally or externally between the 
positive and ground sides of the meg-
ger. Such leakage is caused by moisture 
or dirt between the terminals. The 
guard circuit offers a low-resistance 
path for leakage current directly to 
ground without passing through the 
deflecting coil of the ohmmeter. The 
resistance coils and other elements of 
the instrument are mounted on the 
guard-circuit supports inside the case. 

25.117 What causes an arc lamp 
operated from rectified cc to whistle 
acoustically, and how can this be elimi-
nated?—Carbon-arc lamps used on mo-
tion picture sets are generally supplied 
from a source of rectified ac or from 
a de generator. A singing noise is 
sometimes radiated acoustically and 
picked up by the microphone. This 
noise is caused by the ripple frequency 

0.153MH @:1 400AMpS 

• 0—/ 000b9156.‘— •---o 
14,000 

lE LOAD 

o 

Fig. 25-117A. A 400-ampere, low-pass 
filter for removing arc-lamp whistle. 

FROM 
RECTIFIER 

o  

of the rectifier or by the generator 
commutator. If the rectified voltage is 
from a three-phase source, the acous-
tically radiated frequency is the second 
harmonic of 360 Hz, or 720 Hz. If the 
rectified voltage is 60 Hz, the ripple 
frequency is 120 Hz. 

This annoying acoustical interfer-
ence can be eliminated in two ways. 
In the instance of the rectifier a low-
pass, brute-force filter, shown in Fig. 
25-117A, is connected in the supply 
line at the rectifier. It will be noted the 
inductance required is quite small, but 
must be capable of carrying at least 
10 percent more current than the full-
load current. The filter shown was de-
signed for use with a 400-ampere recti-
fier at 120 volts dc. 

12,000pF 
e 150VDC 

Fg. 25-1176. Capacitor bank for remov-
ing arc-lamp whistle. 

To remove generator commutator 
ripple will require at least 10,000 pi 
and preferably 20,000 pF, connected 
directly across the output terminals of 
the generator. In addition, at the end 
of the supply line an additional filter 
of 10,000 p.F is connected at each arc 
lamp. These units are portable and 
connected as required. It will be noted 
that because of the danger of serious 
injury from these capacitor banks when 
charged, a 500-ohm 200-watt resistor 
is connected permanently across the 
bank to discharge it when it is discon-
nected. 

The capacitor banks consist of bake-
lite-encased 150-Vdc electrolytic ca-
pacitors mounted in a wooden box. The 
capacitor values given are the mini-
mum and may be increased if desired. 
(See Question 3.46.) 
25.118 What is the time duration 

per cycle for frequencies between 10 Hz 
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and 20 MHz?-The time in micro- 1/400, or 0.0025 second. The relationship 
seconds, milliseconds, and seconds is of milliseconds to microseconds and 
given in the table below, vice versa is shown graphically in Figs. 

25-118A and B for ready reference, with 
Micro- Milli- milliseconds to seconds shown in Fig. 

Freq. seconds seconds Seconds 25-118C. 

1.0 Hz 1,000,000 1000 1.0 25.119 How may the balance of a 
10 Hz 100,000 100 0.10 d'Arsonval meter movement be checked? 
50 Hz 20,000 20 0.02 -Lay the meter hat on its back and 
100 Hz 10,000 10 0.01 note whether the pointer coincides with 
200 Hz 5000 5 0.005 the zero calibration mark. If not, adjust 
500 Hz 2000 2 0.002 the set screw on the front of the meter 
1 kHz 1000 1.0 0.001 to bring the pointer to zero. If the me-
2 kHz 500 0.5 0.0005 ter hand is bent, it must be straight-
5 kHz 200 02 0.0002 ened before this adjustment is made. 
10 kHz 100 0.1 0.0001 Next, place the meter in an upright 
20 kHz 50 0.05 0.00005 position and turn it until the pointer 
50 kHz 20 0.02 0.00002 is in a vertical direction or position. 
100 kHz 10 0.01 0.00001 If the pointer does not zero, the hori-
200 kHz 5 0.005 0.000005 zontal balance weight needs adjust-
500 kHz 2 0.002 0.000002 ment. Now, continue to hold the meter 
1 MHz 1.0 0.001 0.000001 in an upright position and rotate it, 
2 holEiz 0.5 0.0005 0.0000005 either clockwise or counterclockwise, 
5 MHz 02 0.0002 0.0000002 until the pointer is horizontal. If the 
10 MHz 0.10 0.0001 0.0000001 pointer does not zero in the horizontal 
20 IVIHz 0.05 0.00005 0.00000005 position, the tail weight on the pointer 

needs adjustment. 
The time period equals 1/f. Thus, the 25.120 How is the maximum safe 

time period for 1 cycle of 400 Hz is capacitance calculated for connection 

1.0 

co 
a 
z 
0 
u 
14,1 .01 

.001 

C001 
10 1.0 10 

MICROSECONDS 

Fig. 25-118A. Conversion chart, milliseconds to microseconds. 
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Fig. 25-118B. Conversion chart, milliseconds to microseconds. 
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Fig. 25-118C. Conversion chart, seconds to milliseconds. 
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between a power line and the chassis 
of a piece of electrical equipment?—To 
meet the Underwriters' specifications, it 
may be calculated: 

860 
C (single phase) — 

FxE 

500 
C (three-phase)— F X E 

where, 
C is the capacitance in tiF, 
F is the frequency of the power 

source, 
E is the voltage of the power source. 

25.121 What is a synchroscope?— 
A special type cathode-ray oscilloscope 
designed for the precise study of pe-
riodic and nonperiodic pulses such as 
are found in radar circuits. The name 
is derived from the fact the horizontal 
sweep is generated only when a syn-
chronizing signal is present. The sweep 
is made variable and calibrated in mi-
croseconds for measurement of the 
pulse length. 

25.122 Define the right-hand rule. 
—The right-hand rule is a method de-
vised for determining the direction of a 
magnetic field around a conductor 
carrying a direct current. The conduc-
tor is grasped in the right hand with 
the thumb extended along the conduc-
tor as shown in Fig. 25-122. The thumb 
points in the direction of the current. 
If the fingers are partly closed as 
shown, the finger tips will point in the 
direction of the magnetic field. 

Maxwell's rule states: If the direc-
tion of travel of a right-handed cork-
screw represents the direction of the 
current in a straight conductor, the di-
rection of rotation of the corkscrew 
will represent the direction of the mag-
netic lines of force. 

25.123 How can the formation of 
static charges on plastic meter cases be 

prevented?—The inner and outer sur-
faces of the cases can be wiped with a 
detergent used for washing dishes, or 
with one of several antistatic solutions 
developed for this purpose. Meters of 
recent manufacture have antistatic 
covers. 

25./24 What is electrolysis and 
what is its couse?—Electrolysis is de-
fined as the process of chemical de-
composition caused by the influence of 
electricity. Electrolysis is caused by the 
leakage of electricity in the earth, set-
ting up a chemical action leading to the 
decomposition of protective sheaths on 
cables, pipes, rails, and other metallic 
objects buried in the earth. The prin-
cipal cause of electrolysis is the pres-
ence of stray currents from power, 
direct-current arc light, and electrical 
railway systems. Little damage is 
caused by the alternating currents 
through the earth. 
Damage from electrolysis is, as a 

rule, due to direct current from street 
railway systems causing stray currents 
from the trolley car through the ground 
and back to the generator. The area 
covered by the stray currents varies 
with the car movement as it travels to 

Fig. 25-122. The right-hand rule for de-
termining the direction of a magnetic 
field around a conductor in which direct 

current is flowing. 

TROLLEY WIRE 

+AREA ± NEUTRAL - AREA 
AREA 

Fig. 25-124. Stray current between a street railway system and pipe or cable buried 
in the earth. 
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and from the generator end. If cables or 
pipes are in the path of the stray cur-
rents, the currents will flow through 
the pipes rather than the ground be-
cause of lower resistance. 

Tests indicate that the rails are pos-
itive to the pipes in the positive area of 
the pipes, and the current alternates in 
the neutral areas. The pipes are posi-
tive in the negative areas. This latter 
point is where the stray currents leave 
the cable and return to the rails. It is 
also the area where the greatest dam-
age occurs. 

Electrolysis also attacks aerial ca-
bles, causing crystallization of the lead 
sheath and, ultimately, damage to the 
cable pairs contained in the sheath. The 
only solution to the problem of elec-
trolysis is to ground all equipment 
conduits, pipes, and circuits where 
practical. Fig. 25-124 illustrates how 
stray currents flow outward from a 
railway generator station, through 
pipes buried in the ground, and back to 
the generator again. 

Gas pipes should never be used for 
ground connections because an insu-
lated coupling is generally used at the 
meter. Also, the thread-sealing com-
pound acts as an insulator. If a water 
pipe is used for a ground connection, 
a heavy copper strap should be con-
nected around the meter to make good 
connection to the feed pipe. 

Sound installation grounds must not 
be connected to a neutral wire or 
ground connection for the lighting sys-
tem, because of the ac potential devel-
oped by leakage current and current 
back to ground through the neutral 
wire. Grounding systems are discussed 
in Section 24. 

25.125 State Thevenin's theorem.— 
Thevenin's theorem is a method used 
for reducing complicated networks to a 
simple circuit consisting of a voltage 
source and a series impedance. The 
theorem is applicable to both ac and 
dc circuits under steady-state condi-
tions. 

The theorem states: The current in 
a terminating impedance connected to 
any network is the same as if the net-
work were replaced by a generator 
with a voltage equal to the open-circuit 
voltage of the network, and whose im-
pedance is the impedance seen by the 
termination looking back into the net-
work. All generators in the network 

are replaced with impedances equal to 
the internal impedances of the gen-
erators. 

25.126 What are the equations used 
for the solution of capacitor problems? 
Two capacitors in series: 

Cl X C. 
Ct c, 

Cl X Cf 
Cl C. 

10° X I  
2efE 

Three or more capacitors in series: 

1  
Ct 

1 1 1 
C. C$ 

Capacitors in parallel: 

Ct = Ct C. -f- Ca . . . 

where, 
Ct is the total capacitance, 
C. is an unknown capacitance. 

25.127 What are the equations used 
for the solution of resistance problems? 
Two resistances in parallel: 

Rt X R9 
Re= RI+ R, 

R1 X R9 
R. — — 

Three or more resistors in parallel: 

1 
1 1 

Resistors in series: 

Rt = Rt -F Et2 + 
where, 

Ett is the total resistance, 
R. is an unknown resistance. 

25.128 What are the equations 
used for the solution of inductance 
problems? 
Inductors in series, with multiple cou-

pling zero: 

Le= L1+ L, + La + • • • 

L,= — 
2171 

Two inductors in parallel: 

yLixL, /At = 
+ 

= Lit X L2 
L2 
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Three or more inductors in parallel: 

1 Lt _ 
1 1 1 
— — — -I- • • • Li Ls /A 

where, 
Lt is the total inductance, 
Lx is the unknown inductance. 

25.129 What are the equations 
used for the solution of resonant-circuit 
problems? 

1 1 XL 
F 

27rV17C 27TCX, 2771. 

XL  1  
L — — 

2/21 (2srf)iC 

1 1  
C 201X, (2/rf)'L 

XL = afrffi 

Xt = 
2srfC 
1 

Z = R when XL = X. 
where, 
F is the frequency, 
L is the inductance, 
C is the capacitance, 
XL is the inductive reactance, 
X. is the capacitive reactance, 
Z is the impedance, 
R is the dc resistance. 

25.130 What is the equation for 
calculating the Q of a capacitor? 

— 1 1 
@  — tan  2srfCR ‚i" PF 

where, 
F is the frequency, 
C is the value of capacitance, 
R is the internal resistance of the 

capacitance, 
PF is the power factor. 

25.131 Is the inductance of a coil 
affected by the type of wire used for its 
construction?—No; the inductance will 
not be affected, regardless of the type 
of wire employed, for a given number 
of turns and other factors. However, the 
Q of the coil will be governed by the 
ohmic resistance of the wire. Coils 
wound with silver or gold wire have the 
highest Q for a given design. 

25.132 What are network transfer 
functions?—They are the ratio of the 
input to output voltage for a given type 
of network containing resistive and re-
active elements. The transfer functions 
for networks consisting of resistance 
and capacitance are given in Fig. 25-132. 
The expressions for the transfer func-
tions of the networks are: A equals 
628f; B equals RC; C equals Itte.s; D 

equals ItsCs; "n" is a positive multiplier. 
The values of C are expressed in farads, 
of f in Hz, and of R in ohms. 

25.133 What is a percentage change 
chart?—A chart as shown in Fig. 25-133 
for converting percentage change of 
voltage, current, power, resistance, and 
impedance to decibels, or vice versa. To 
illustrate how the chart is used, suppose 
it is desired to find the percentage 
change for a loss of 6 dB. Using the 
100-percent point to represent the orig-
inal value of voltage, follow the 6-dB 
line at the right to where it intercepts 
the diagonal line, then read downward 
to 50 percent. For a change of 20 dB, 
the percentage of the voltage left is 10 
percent, or a change of 90 percent down 
from the original value. Values of per-
centage may be determined by revers-
ing the procedure. 
The chart is also useful in determin-

ing the percentage of modulation for a 
light modulator relative to a given de-
flection. The level of the harmonics for 
a given amount of percentage of distor-
tion may be found by entering the chart 
at the percentage of distortion and fol-
lowing it upward to the diagonal line. 
The level in decibels is read from the 
vertical margin. 

Example: What is the level of the 
harmonics for a percentage of distortion 
of 1.5 percent? Answer: 36.5 dB below 
the fundamental frequency. If the prob-
lem is one involving power, the answer 
is divided by 2. Thus, a change of 50 
percent in power is equal to a change 
in level of 3 dB. 

25.134 Define the term "waveform 
in quadrature."—It is the phase rela-
tionship between two periodic quanti-
ties of the same period when the phase 
difference between them is 90 degrees or 
one-quarter of a period. This may be 
seen by referring to Fig. 25-134. Here 
are seen two waveforms of the same 
frequency, but one-quarter period or 90 
degrees apart. The displacement is taken 
at the peak of the waveform. 

25.135 What are the equations for 
converting Fahrenheit to centigrade, and 
vice versa? 

( Degrees C = F — 32) X 5 
9 

C X 9 
Degrees F — 32 

5 

25.136 How may the temperature 
rise of a generator or motor be mea-
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Fig. 25-132. RC network transfer functions. 
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Fig. 23-133. Decibel/percentage ratio chart. Add 20 dB for each decade below 
100 percent. 

suredP—Internal temperature rise of a 
motor or generator is measured by mea-
suring the resistance of either the field 
or armature windings of the machine. 

If the temperature rise of a de gen-
erator is to be measured, it is done in 
the following manner: Two convenient 
segments of the commutator are se-
lected and marked for identification. 
The brushes are removed and, while 
the machine is cold, the resistance of 
the armature winding between the two 
commutator bars is accurately mea-
sured with a resistance bridge. The 
brushes are then replaced and the ma-
chine operated at its rated load and 
duty cycle. A thermometer is taped to 
the outside case and the machine run 
until the temperature stabilizes. The 
resistance of the previously identified 
winding is then measured. From these 
tests, the temperature rise may be com-
puted: 

R2 
= (234.5 + — 234.5 

where, 
T, (in degrees centigrade) is the mea-
surement of the temperature at the 
time the first resistance measure-
ment (RI) was taken, 

T. is the temperature in degrees cen-
tigrade at the time the second re-
sistance measurement (R2) was 
made. 

The value 234.5 is a constant. 
25.137 What is the relationship of 

the turns in a coil to its inductance? 
1. The inductance is proportional to 

the square of the turns. 
2. The inductance is increased as the 

permeability of the core material is 
increased. 

Fig. 25-134. Waveforms in quadrature. 
The displacement is measured from peak 

to peak. 

3. The inductance increases as the 
cross-sectional area of the core material 
is increased. 

4. The inductance is increased as the 
length of the winding is increased. 

25.138 When is the maximum volt-
age induced in a conductor moving in a 
magnetic field?—The voltage is propor-
tional to the number of magnetic lines 
of force cut by the conductor moving 
in the field. A conductor moving par-
allel to the lines of force cuts no lines 
of force; therefore, no current is gen-
erated in the conductor. A conductor 
moving at right angles to the lines of 
force will cut the maximum number of 
lines per inch per second; therefore, the 
voltage will be at the maximum. 
A conductor moving at any angle to 

the lines of force cuts a number of lines 
of force proportional to the sine of the 
angles. Thus: 

E=13xLxVxsin0)<10.4 
where, 
L is the length of the conductor in 

centimeters, 
V is the velocity in centimeters per 
second of the conductor moving at 
an angle O, 

B is the flux density. 
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The direction of the induced emi is in 
the direction in which the axis of a 
right-hand screw, when turned with 
the velocity vector, moves through the 
smallest angle toward the flux density 
vector. This is called the right-hand 
rule. (See Question 25.122.) 

25.139 What is an electronic sound 
absorber?—An electronic device devel-
oped by Dr. Harry F. Olson of RCA 
Acoustical Research Laboratory in 1954, 
with further development by J. C. 
Bleazy in 1962. Sound waves generated 
by noise are turned back against them-
selves and reduce the intensity of the 
original noise from 10 to 25 dB. Counter 
waveforms reduce the noise waveforms 
or cancel them entirely. 
The electronic sound absorber con-

sists of three elements: an electronic 
microphone (described in Question 
4.69), an amplifier, and a specially de-
signed speaker unit. In operation, the 
microphone picks up the noise and re-
acts instantaneously to pressure changes, 
and then translates these pressure 
changes into electrical impulses which 
are then amplified. The impulses emerge 
from the speaker directly behind the 
microphone as counter waves of equal 
and opposite pressure. The effect within 
a few feet of the speaker is a substantial 
leveling of the changes in air pressure 
—hence, a reduction or elimination of 
the oncoming sound. 

25.140 How is the current-carrying 
capacity of heater wiring calculated for 
a printed circuit?—The current-carrying 
capacity is based on the cross-sectional 
area as for wire. Fig. 25-140 shows 

40 
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Fig. 25-140. Current-carrying capacity 
for printed circuits. Values ore based on 
the resistance of printed wiring at 20°C 

for 100% conductivity copper. 

graphically the current-carrying ca-
pacities for different widths and thick-
nesses of a printed circuit. 

25.141 What is a ferroresonant cir-
cuit?—A circuit used in computers con-
taining only resistance, capacitance, and 
inductance. It is designed to perform as 
an amplifier, trigger, switch, flip-flop, 
gate, or oscillator. 

25.142 What is an electrometer?— 
An advanced form of de vacuum-tube 
voltmeter with an extremely high input 
Impedance. The input impedance of an 
electrometer is usually around 10» meg-
ohms, as compared with the input of 2 
to 10 megohms of the conventional vac-
uum-tube voltmeter. Standard vacuum-
tube voltmeters are not satisfactory for 
electrometer use because of the low in-
put resistance between the control grid 
and cathode circuits. 
An electrometer can be used for 

measuring currents of 10-'° microam-
peres and in circuits which require 
practically zero current drain. 

25.143 What is o sound-powered 
telephone?— A telephone transmitter 
which requires no external source of 
power. The acoustic waves impinging 
on the diaphragm of the transmitter 
cause a small armature attached to the 
diaphragm to move in a coil placed in 
a magnetic field. The movement of the 
armature generates currents which have 
the same frequency as the sound waves 
striking the diaphragm. These currents 
are sent over a wire to a receiver which 
is constructed in a similar manner. 

The received currents cause the ar-
mature to move in the magnetic field. 
Moving the armature in the magnetic 
field causes acoustic waveforms to be 
generated which, in turn, are heard by 
the listener. Thus, a single unit may be 
used for both transmitting and receiv-
ing. A cross-section of a typical sound-
powered telephone is shown in Fig. 25-
143. 

Sound-powered telephones are also 
constructed using the principle of a 
dynamic speaker, whereby a small voice 
coil is suspended from the diaphragm 
in a strong magnetic field. As in the 
armature type, a single unit is used for 
both transmitting and receiving. The 
average output voltage when transmit-
ting is from 20 to 30 millivolts. 

25.144 Give the nomenclature for 
identifying  m tubes.—Tube types 
and numbers are divided into four 
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Fig. 25-143. Cross-sectional view of an 
armature-type, sound-powered telephone. 

parts. The first part consists of one or 
more digits and designates the heater 
or filament voltage. Following the dig-
it (s), one or more letters designate the 
type or function of the tube. Then, a 
number designates the number of ele-
ments. The final letter or letters desig-
nate the envelope size or construction. 
A typical example is the 12AX7A 

tube, a high-mu twin diode requiring a 
heater voltage of 12.6 volts, and which 
is an amplifier with seven useful ele-
ments. The final letter designates those 
designed for military use, or a special 
base or construction. 

Originally, rectifier tubes used only 
the letters U and Z; however, this is no 
longer true, as present-day tubes use 
no less than eleven different letters of 
the alphabet. The letter "G" indicates 
that the tube employs a glass envelope. 

25.745 Describe the basic principles 
of electronic musical instruments.—The 
musical engineer is confronted with two 
types of musical electronics: (1) musi-
cal amplification of the natural instru-
ment, and (2) music created primarily 
with electronic circuitry. A third cate-
gory might be considered a combination 
of the two, such as the amplification of 
the primary tones created by the instru-
ment, with electronically added embel-
lishments that were not present in the 
original produced tones. 

Electronic music must approach a 
tonal quality pleasing to the human ear, 
with attention given to the frequency, 
intensity, waveform, and timing. Such 
music is often referred to as "synthetic 
music." Usually oscillators are used to 
provide the required frequencies in the 
form of a pure sine wave; harmonics 
are added to form a complex waveshape 
and produce timbre in the tone. Growth, 
duration, and decay time lend a natural 
quality to the tone. Variations in loud-
ness provide the dynamics or expression 

to music. Portamento is required to 
supply a smooth gliding effect between 
tones and is achieved at various speeds 
and in various waveforms. Vibrato is a 
cyclic pulsating effect adding warmth 
and beauty to a tone. Rocking the finger 
on a string of an instrument produces 
this effect. Synthetically, it is produced 
by modulating either the frequency or 
amplitude. Tremolo is the rapid flutter-
ing of a tone or chord without apparent 
break and is produced by a cyclic 
change in intensity. 

The electronic carillon might well be 
used as a basic example of musical am-
plification. Here the operator makes use 
of a keyboard to actuate hammers 
(usually metal to shnilate bell tones) to 
strike the vibrating member. The re-
sultant sound is electrostatically or 
electromagnetically picked, up ampli-
fied, and fed to speakers. Another form 
uses an electromagnetic mechanism to 
strike the vibrators. The amplifier may 
be in a remote position or near the key-
board, but it must be capable of pro-
ducing considerable power to feed 
heavy-duty multiple speakers arranged 
for the desired distribution. 

The theremin is an electronic instru-
ment named for its inventor, Dr. Leon 
Theramin, and has tone qualities dis-
tinctive to itself. The device consists of 
two rf oscillators which operate similar 
to the beat-frequency oscillators de-
scribed in Question 22.51. A free move-
ment of the musician's hands in a space 
surrounding a tone rod changes the 
pitch and volume by altering the capac-
itance of a third oscillator whose output 
is rectified and used as a bias control on 
the amplifier feeding the speaker. 

Amplifiers used for guitars may well 
be considered a combination of the nat-
ural and synthetic music, as they make 
use of the vibrations generated in the 
strings by the performer, and provide a 
means of adding tremelo, vibrato, and 
reverberation. Earlier amplifier systems 
usually consisted of a pickup mounted 
in contact with the bridge to pick up 
the vibrations; however, this arrange-
ment often picked up unwanted sounds 
such as the rubbing of the instrument 
by clothing. Today magnetic pickups 
responding only to the motion of the 
metal strings in a magnetic field are 
used. A coil around a permanent mag-
net is placed under each string, and the 
physical motion of the string is that of 
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a conductor moving in a magnetic field. 
Other models make use of a single, long, 
flat coil in a metal-shielded case 
clamped to the guitar. Where individual 
coils are used for each string, they may 
be connected in series or in parallel. 
The signal is fed to the preamplifier 
through a low-capacitance shielded 
coaxial line. High- and low-pass filters 
are used to alter the bass response. 
Tremolo may be accomplished by vary-
ing the bias on an amplifier stage with 
a low-frequency variable oscillator. 
Vibrato may be achieved electronically 
by means of phase-shift circuitry, but 
most often a mechanical lever action of 
the tailpiece of the guitar is used to 
alter the tension on the strings, thereby 
changing the frequency of the chord 
slightly. Both mechanical and time-de-
lay networks are used to add rever-
beration. Power amplifiers and speakers 
complete the circuitry. 

Electronic organs have come into 
wide use and are used frequently in 
studio production work. Several designs 
are used. One design makes use of a 
scalloped edge rotating in a flux sup-
plied by a permanent magnet which is 
inserted in a coil. Undulations of the 
disc produce a change in flux, resulting 
in an alternating voltage. The output of 
this generator is then amplified and fed 
to a speaker. Oscillator circuits instead 
of a tone wheel are widely used to gen-
erate the tone. Other designs make use 
of air-driven reeds with electrostatic 
pickups, while yet another design em-
ploys electrostatic generators. 

Fig. 25-145A. Electro-Voice Seriez-D 
electronic organ. 

Of interest is the Electro-Voice Se-
ries D organ (Fig. 25-145A), which 
makes use of stators and scanners to 
reproduce the actual sounds created by 
the pipes of selected organs with regard 
to their timbre. This organ is based on 
the work of Dr. Jean Dereau, a French 
physicist, who developed an ingenious 
method of visually translating the com-
plex waveforms to the stator plates. 
Twelve pairs of these plates are used on 
each organ generator. When the organ-
ist selects a tab and depresses a key, a 
single waveform area on one stator is 
electrostatically charged. The scanner 
operating in the charged area generates 
vibrations by changes in capacitance 
and when these vibrations are amplified 
accurately, they recreate the original 
sound of the organ, without embellish-

Fig. 25-1453. Rear interior view of Electro-Voice Series-D electronic organ. 
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menta or mixing. A rear view of the 
console is shown in Fig. 25-145B, and 
the tone generators are shown in Fig. 
25-145C. A massive 30-inch dynamic 
speaker is used to realistically repro-
duce the 16 hertz of the 32-foot low C. 
Other speakers, midrange and very high 
frequency horns, provide reproduction 
beyond the range of audibility. 

The electronic piano has no sound 
board, but does use the usual keyboard. 
String vibrations are converted into 
electrical voltages which are picked up 
and amplified in a manner similar to 
that of the guitar. These instruments 
are often used in studios by composers, 
who are required to work in relatively 
quiet areas, where the output may be 
tape recorded and played back over 
headphones or speakers for analysis and 
editing. A synthesizer, developed by 
Robert Moog, offers ultramodern facili-
ties available to the composer, where 
multiple parts may be prerecorded and 
fed through a computer into a mixing 
center and reproduced for analysis of 
the composition. Much valuable time is 
conserved when the composer has such 
equipment available. However, due to 
cost of such facilities, few have been 
established. 

Other amplification systems have 
been developed for such instruments aS 

Fig. 25-145C. Rear interior view of Elec-
tro-Voice electronic organ with tone gen-

erators removed. 
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the reeds, horns, and percussions. Some 
of the problems have been to maintain 
the instrument in their natural form 
and not to create just another electronic 
device. Jean Selmer of Henri Selmer et 
Cie, Paris, experimented with the saxo-
phone, and determined that the micro-
phone should be placed within the sax-
ophone, but found that the proper posi-
tioning within the bell of the instrument 
was critical. Working in conjunction 
with Electro-Voice, Jean Selmer devel-
oped a ceramic pressure-sensitive mi-
crophone along with its electronic cir-
cuitry, which added tremolo, reverber-
ation, and a suboctave effect termed the 
"Octamatic." The resultant interplay of 
sounds approaches that of a duet. 
The amplifiers used for musical am-

plification must be capable of heavy 
power requirements, up to 100 watts of 
output. Speakers are selected for the 
ranges of the instruments involved, and 
some instruments may use multiple 
speaker systems. 

25.146 What is the difference be-
tween a linear and a nonlinear curve or 
response?—Three curves are shown in 
Fig. 25-146. Curve (a) is a linear curve; 
that is, if the input (the vertical figures) 
is increased 25 percent, the output (the 
figures along the bottom of the graph) 
increases in the same proportion. Such 
a relationship between the input and 
output of a device is said to be linear 
and appears as a straight line when 
plotted. 

Curve (b) is a nonlinear curve. It 
will be noted this curve has no straight 
portion, but is constantly changing. For 
an increase of 25 percent at the input 
(vertical figures) the output voltage 
does not increase in the same propor-
tion. This is also true for other values 
of input voltage. 

Curve (c) shows another type of 
nonlinear operation. It is similar to that 
of a vacuum-tube characteristic curve. 
It will be noted there is a curvature at 
both the top and the bottom and, also, 
that near the center the slope is fairly 
flat. A dotted line has been drawn in 
to indicate what would be called the 
straight-line portion of the curve. If 
this represents the characteristic curve 
of a vacuum tube, the negative bias 
voltage would be adjusted to center the 
operating point in the flattest portion 
of the center part of the curve. The 
tube would not be permitted to operate 
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Fig. 25-146. Linear and nonlinear 
curves. 

beyond this portion. This would result 
in the 25- and 75-percent points being 
the same distance apart, producing a 
linear output voltage. 

25.147 Describe a reed relay.—Reed 
relays were developed by the Bell Tele-
phone Laboratories in 1960 for use in 
the Bell System central offices. The de-
vice (Fig. 25-147A) consists of two 
magnetic reeds in a glass capsule with 
a nitrogen atmosphere. The glass enve-
lope is surrounded by an electromag-
netic coil connected to a control circuit. 
Although originally developed for the 
telephone company, such devices have 
found many uses in the electronics in-
dustry. 

Fig. 25-147B shows the concept of 
the Ferreed relay in a simplified form. 
Windings around the glass envelope en-
closed reed are arranged in such a way 

Am•mfflIMEmml iir••••••••••mmMllommIMIMMAIDOIM•RIMMIRMIRe 

Fig. 25-147A. Reed relay encased in an 
envelope of glass, filled with nitrogen. 
Contact capacitance is 0.1125 picofarad. 
(Courtesy, Bell Telephone Laboratories) 
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Fig. 25-147B. Bell Telephone Laborato-
ries Ferreed relay, showing the coils and 
the Remendur magnet. The actual size 
of the relay is 1 X 0.150 inch. 
(Courtesy, Bell Telephone Laboratories 
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that the contact is open or closed in re-
sponse to pulses of current in the X and 
Y leads. For the closed state shown, 
simultaneous pulses in both the X and 
Y leads effectively cause the Remendur 
to become one magnet. The two reeds 
are now magnetically attracted and the 
contact closed. To open, a pulse is ap-
plied to either the X or the Y winding, 
and effectively divides the Remendur 
into two magnets at the magnetic shunt 
plate. Since the ends of the Remendur 
are both north (or both south) poles 
they repel each other and the contact is 
opened. 
Remendur is a cobalt-iron-vanadium 

alloy, developed by Bell Telephone Lab-
oratories, with a square hysteresis loop 
with values of coercive force between 
those of soft magnetic material and per-
manent magnet. The reed may be closed 
in millisecond and has an intercapac-
Hance of 0.1125 picofarads and an ac 
contact resistance of 50 milliohms. The 
advantages of such relays are their low 
internal capacitance, low contact re-
sistance, and speed of operation. 

Reed relays are also manufactured 
without the magnet and when the coils 
are energized, the reed snaps closed. 
The coil actuation is limited to low dc 
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ripple current. However, an ac control 
voltage may be used in conjunction 
with a diode and filter capacitor. De-
pending on the design, the reeds will 
follow an ac coil input or dc pulses up to 
400 Hz, provided the time on does not 
exceed 50 percent. Because of the fast 
action of the reed relays, they are ideal 
for use with semiconductor devices. 
Coils range from 1700 turns to 30,000 
turns, with a dc resistance of 100 to 
10,000 ohms. Operating voltages range 
from 6 to 110 volts. Up to three internal 
contacts are available; thus, single-pole, 
double-throw action can be obtained. 
The relays may be obtained with dry or 
wetted contacts and will withstand 
shock up to about 40 g's, without false 
operation. Typical contact ratings are: 
15 volt-amperes, 1-ampere switching, 
and 3 amperes carry. 

25.148 Define the term "random 
noise."—It is the noise generated within 
a vacuum tube or transistor or by 
means of a random-noise generator. In 
a vacuum tube the noise increases 
somewhat uniformly with frequency. 
However, in a transistor the noise de-
creases with frequency up to a point 
and then rises again quite rapidly. 
However, today's transistors have noise 
factors that equal those of the quietest 
vacuum tube and are even less in some 
instances. 

Random-noise generators as de-
scribed in Question 22.56 are used in 
making tests on speakers, for the mea-
surement of acoustic characteristics of 
auditoriums, and for many other differ-
ent types of testing. 

25.149 What is the mathematical 
relationship of rms, peak-to-peak, and 
average voltage? The relationship is 
shown graphically in Fig. 25-149 and 
mathematically below: 

rms = 0.707 x peak voltage 
rms = 1.11 x average voltage 
peak = 1.414 X rms voltage 

MAX. POS 7.7 

ONE 
ALTERNATION 

ONE CYCLE 

peak = 1.57 X average voltage 
average = 0.637 X peak voltage 
average = 0.9 X rms voltage 
peak-to-peak = rms X 2.828 
rms = peak-to-peak X 0.3535 

Effective voltage equals the rms volt-
age. Root mean square (rms) is defined 
as the square root of the average of the 
squares over a given angle. 

25.150 What are the basic design 
principles used in dc relays and how are 
they classified?—Basically, there are 
two types of relays: ac and dc. A relay 
is an electrically operated switch con-
nected to or actuated by a remote cir-
cuit. The relay causes a second circuit 
or group of circuits to operate. The re-
lay may have any number of circuits 
connected to it. These circuits may con-
sist of motors, bells, lights, etc., or the 
relay may be used to switch a number 
of other circuits. 

Regardless of whether the relay is 
ac or dc, it will consist of an actuating 
coil, core, armature, and a group of con-
tact springs which are connected to the 
circuit or circuits to be controlled. As-
sociated with the armature are mechan-
ical adjustments and springs. The me-
chanical arrangement of the contacts 
may be such that when the relay is at 
rest, certain circuits are either open or 
closed. If the circuits are closed when 
the relay is at rest, the relay is said to 
be normally closed. If the circuits are 
open, it is called a normally open relay. 

The mechanical design of the contact 
springs is such that when the contacts 
are closed they slide for a short dis-
tance over the surfaces of each other 
before coming to rest. This is called a 
wiping contact and it ensures good elec-
trical contact. 

Telephone relays are wound in many 
different manners. Among them are the 
single-wound, double-wound, parallel-
wound, tandem-wound, and noninduc-
tive-wound. 

CT1VE E. PEAK RMS or  1,1 L4I4 

AMC. O. 707 It MAX. 

270' 

NEG. 

ZERO 

Fig. 25-149. Sine-wave terminology and voltage relations. 



1658 THE AUDIO CYCLOPEDIA 

Relays differ in the amount of cur-
rent and voltage required to operate 
them. Also, the de resistance of the 
actuating coils may vary from a few 
ohms to several thousand ohms. In ad-
dition, they may be of many different 
types including the marginal, quick-
operate, slow-operate, and polarized 
varieties. 
A marginal relay is one which oper-

ates when the current through its wind-
ing reaches a specified value, and re-
leases when the current falls to a given 
value. In the quick-operate type, the 
armature is attracted immediately to the 
pole piece of the electromagnet when 
the circuit is closed. 

Slow-operate relays have a time-de-
lay characteristic; the armature is not 
attracted immediately to the pole piece 
of the electromagnet when the circuit is 
closed. These relays employ a copper 
collar around the armature end of the 
pole piece and differ from the slow-
release variety in that the latter type 
has the copper collar around the end of 
the pole piece opposite from the arma-
ture. 
A polarized relay is designed to react 

to a given direction of current and mag-
nitude. Polarized relays use a perma-
nent-magnet core. Current in a given 
direction increases the magnetic field, 
and in the opposite direction it de-
creases the field. Thus, the relay will 
only operate for a given direction of 
current through the coil. 

25.751 What are the basic principles 
of design in an alternating-current relay? 
—Alternating-current relays are simi-
lar in construction to the de relays de-
scribed in Question 25.150. Since alter-
nating current has a zero value every 
half cycle, the magnetic field of an ac-
operated relay will have corresponding 
zero values in the magnetic field every 
half cycle. 

At and near the instants of zero cur-
rent, the armature will leave the core, 
unless some provision is made to hold 
it in position. One method consists of 
using an armature of such mass that 
its inertia will hold it in position. An-
other method makes use of two wind-
ings on separate cores. These windings 
are connected so that their respective 
currents are out of phase with each 
other. Both coils effect a pull on the 
armature when current flows in both 
windings. 

A third type employs a split pole 
piece of which one part is surrounded 
by a copper ring acting as a shorted 
turn. Alternating current in the actuat-
ing coil winding induces a current in 
the copper coil. This current is out of 
phase with the current in the actuating 
coil and does not reach the zero value 
at the same instant as the current in the 
actuating coil. As a result, there is al-
ways enough pull on the armature to 
hold it in the operating position. 
An ac differential relay employs two 

windings exactly alike, except they are 
wound in opposite directions. Such re-
lays operate only when one winding is 
energized. When both windings are en-
ergized in opposite directions, they pro-
duce an aiding magnetic field, since the 
windings are in opposite directions. 
When the current through the actuating 
coils is in the same direction, they pro-
duce opposite magnetic fields. If the 
current through the two coils is equal, 
the magnetic fields neutralize each other 
and the relay is nonoperative. 
A differential polar relay employs a 

split magnetic circuit consisting of two 
windings on a permanent magnet core. 
In reality a differential polar relay is a 
combination of a differential and a 
polarized relay. 

25.152 What are spring piles on a 
relay?—They are various combinations 
of contact springs making up the cir-
cuits which are operated by the action 
of the relay. Typical spring piles are 
shown in Fig. 25-152. 

25./53 How are the actuating coils 
of a relay wound?—The different types 
of windings employed in relays are 
shown in Fig. 25-153. 

25.154 What is a bimetal thermo-
stat control?—A strip consisting of two 
dissimilar metals welded together. Be-
cause the metals selected have different 
temperature coefficients of expansion, 
they are caused to bend with changes 
of temperature. 

Fig. 25-154A shows a bimetal thermo-
static control manufactured by Thomas 
A. Edison, Inc. A typical application is 
the control of temperature in a crystal 
oscillator oven where the frequency of 
oscillation must be maintained to within 
five parts in ten million. In such appli-
cations, the temperature must be held 
to within 0.20 degree centigrade to per-
mit frequency readings over long peri-
ods without recalibration. The interior 
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(a) / make! 

 I 

(b) 1 break. 

(e) 2 make. 

I I 

I 

(d) 2 break. 

  I 

(e) / make before break. 

• (f) 1 break, 1 make. 

I  

I I 

(g) 1 break, 2 make. 

I I 
I I 

 e 
(h) Break 2. 

Fig. 25-152. Relay contact spring piles. 

construction of a typical thermostatic 
control is shown in the illustration. 

Basically, the device is a single-pole, 
single-throw switch incorporating a bi-
metallic member actuated by thermal 
energy. To obtain operating stability 
and accuracy the complete structure is 
enclosed in a glass envelope containing 
a protective gas. The slow-make, slow-
break principle of design results in 
small operating differentials that ap-
proach zero under no-load conditions. 
The gas atmosphere minimizes the effect 
of contact arcing under heavy current 
loads. The unit is calibrated to the final 
operating temperature setting by ex-

ternal means, permitting the adjustment 
while the element is sealed in the glass 
envelope. 

The free end of the heat-sensitive bi-
metal deflects in the direction which 
separates the normally closed contacts 
as the temperature rises. After the sta-
bilizing adjustment has been made, the 

(a) Single. 

(b) Double. 

(c) Parallel. 

(d) Tandem. 

NON INDUCTIVE 

(e) /41(minductive. 

Fig. 25-153. Relay-coil windings. 

bůnetal will always assume a definite 
deflection for a given temperature. The 
temperature at which the contacts will 
open depends on the position of the 
calibration screw. By reversing the po-
sition of the bimetal in the assembly, 
the control can be made to close the 
external circuit as the temperature 
rises. The bimetal, because of its rela-
tively long arm, is highly sensitive to 
small temperature changes. 
A typical thermostatically controlled 

oven circuit is shown at (a) in Fig. 
25-154B, and a typical thermoelectric 
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CONTACT 
.PRELOADING 

SPRING 

FRICTION 
SPRING 

RIGID STRIP 

ADJUSTING 
SCREW 
MICA 

INSULATION 

FLEXIBLE 
SILVER 

CONNECTOR 

LEAD WIRE 

ADJUSTING 
SLUG 

SIDE SPRING 

FRAME 

BIMETAL 

CONTACTS 

FRAME 
SUPPORT 
LEAD 

Fig. 25-154A. View of a Thomas A. Edi-
son Instrument Division Model 51-1A 

thermostatic relay. 

oven cycle is given at (b) in Fig. 25-
154B. 

25.155 What is a thermal time-
delay relay and how is it constructed?— 
A relay with a thermal unit so designed 
that a delay period of from 2 seconds 
to 5 minutes may be induced in an elec-
trical circuit. Fig. 25-155A shows a ther-
mal delay relay manufactured by 
Thomas A. Edison, Inc. It consists of 
two bimetallic strips, each rigidly sup-
ported at one end and carrying a con-
tact at the other. An electrical heater 
is wound around the primary bimetal 
member, which is deflected by the ap-
plication of heater current to mate with 
the contact mounted on the other bi-
metal strip. The use of the second bi-
metal strip which supports the pre-
loaded spring contact provides compen-
sation for ambient temperature changes 
from minus 60 to plus 85 degrees centi-
grade. 

One contact is mounted on a spring 
attached to the compensating bimetal 
striP. This spring is restrained until the 
primary bimetal is deflected sufficiently 
to cause contact. After the contacts 
close the spring lifts from its restrain-
ing support and applies force to hold 
the contacts firmly together. 

THERMAL INSULATION 

Factors controlling the deflection of 
the bimetal are stable and the original 
setting of the contacts permanently 
fixes the timing characteristics of the 
relay. The structure of the elements is 
such that the contacts will not close 
under vibration Mg inch at 55 Hz) with 
the heater unexcited, nor will the con-
tacts open under the same condition at 
saturation temperature. 

HEATER 

THERMAL RESISTANCE 

INNER OVEN WALLS 
IXPPER SHELL 

(a) Circuit for operation with a crystal 
oven. 

CONTACTS 
CLOSED 

THERMOSTAT 
OPERATE TEMP. 

AVERAGE 
TEMP 

THERMOSTAT 
REOPERATE TEMP 

AVERAGE 
TEMP 

HEATER TEMP 

CONTACTS 
OPEN 

(b) Oven operating cycle. 

Fig. 25-1548. Circuit and operating 
characteristics for the Thomas A. Edison, 

Inc. thermostatic relay. 

Applications of this device include 
the control of plate voltage to large 
vacuum tubes after the heaters have 
reached the proper operating tempera-
ture, overcurient protection, overvolt-
age protection, motor starting, hold-
over circuits, and the integration of 
pulses or intermittent current into ac-
cumulated heat energy which will oper-
ate its contacts after a predetermined 
rate of input has been reached. The 
operating characteristics of this device 
are given in Fig. 25-155B, and typical 
operating circuits are shown in Fig. 25-
155C. 
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Fig. 25-155A. Interior view of o Thomas 
A. Edison, Instrument Division Model 

501 thermal time-delay relay. 

25.156 Describe the construction 
and operation of a sensitive direct-cur-
rent reloy.—A sensitive de relay, manu-
factured by Thomas A. Fdigon, Inc., de-
signed to operate directly from a ther-

RECPERATING 
TIME 

opERA1 RECOVER'Y 

TI ME 
11 I, (  OPER. 

(/ TIME 
85% OF 

1.4 ._ OE i TIME 
 r ,   

(a) Operation when the heater voltage 
is removed immediately after contact. 

RE°F€ 85% OF 
MTIMET)INGRECovERY IOPERTIME 

; TIIE _OE4; 

; 

-----

(b) Operation when the heater voltage 
is maintained until the bimetals reach 

saturation temperature. 

Fig. 25-155B. Characteristics of the 
Thomas A. Edison thermal time-delay 

relay. 
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mocouple or photocell output, is shown 
in Fig. 25-156. It may also be used in 
the grid or plate circuit of a vacuum 
tube, or as a polarized relay for use as 
a null detector in a servo bridge circuit. 

The relay mechanism is a fixed-coil, 
moving-magnet type having the char-
acteristics of a d'Arsonval meter move-
ment. The fixed coils may be obtained 
with resistance values between 0.5 and 
24,000 ohms. The rotor shaft carries a 
small alnico V-shaped magnet vane at 
the lower end and a moving contact at 
the upper end. The rotor assembly is 
pivoted on jeweled bearings so that the 
magnet vane rotates between the sta-
tionary coils. Because of the small size 
and small mass of the rotor assembly, 
the relay may be used in applications 
having high shock values. 

The contact circuit is completed 
through a hairspring that also provides 
counter torque or restoring force. Coun-
terweights on a crossarm provide rotor 
balance to permit operation in any 
plane and to minimize the effects of 
vibration. The magnetic field is shielded 

LINE 

(a) As a relay. 

LINE 

(b) As a slave unit to provide rapid 
resetting. 

(c) Delayed opening of load circuit. 

Fig. 25-155C. Circuit connections for 
the Thomas A. Edison thermal time-de-

lay relay. 
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Fig. 25-156. Interior view of a Thomas 
A. Edison, Instrument Division Model 

501-51-1A sensitive de relay. 

from external fields by a high-perme-
ability shield and by a second external 
shield cover. This shielding also pro-
vides a return for the magnetic flux. 
Such relays are calibrated in terms 

of current to avoid variations induced 
by temperature. The relay is a current-
sensitive instrument operating on the 
same principle as a tangent galvanome-
ter. In the instrument shown, if the 
operating current is changed gradually, 
the moving contact will follow the rate 
of change until it touches one of the 
stationary contacts. The speed of opera-
tion depends on the rate of change of 
the operating current and its magnitude. 
As a rule, initial contact is made in 
approximately 150 milliseconds when 
the rated current is instantaneously ap-
plied. Increasing the operating current 
increases the speed of contact closure 
exponentially. At ten times the nominal 
closing current, contact is made in ap-
proximately 40 milliseconds. The normal 

deflection is 45 degrees; however, by 
presetting the angular position of the 
fixed contact, the operating power can 
be varied from 0 to 70 microwatts. 

25.157 What are the prefixes used 
for metric units?—The standard symbols 
adopted by the Institute of Electrical 
and Electronic Engineers (IP.P.E) for 
metric units are given below. 

Numerical 
Value Prefix Symbol 
10" tera 
10' giga G 
10° mega M 
104 myria My 
10" kilo k 
102 hecto h 
10 deka da 
10' deci d 
10' centi c 
10' milli 
10" micro 
10' nano 
10' pico 
10' femto 
10' atto a 

Examples of usage: 

decibel 
gigahertz 
hertz (cps) 
kilohertz 
picofarad (pal") 

dB 
GHz 
Hz 
kHz 

PF 

For further use of symbols and adop-
tion, WEE Standard Symbols for Units, 
No. 260, should be consulted. 

The metric conversion table (Fig. 
25-157) provides a fast and easy method 
of converting from one metric notation 
to another, including the preceding des-
ignated units. The table aids in restating 
a value. After locating the prefix in the 
Original Value column, it may be con-
verted to another desired value of dif-
ferent prefix. The number indicates the 
number of places the decimal is to be 

ORIGINAL 

VALUE 

DESIRED VALUE 

Ton- Giza- Wm) 01321.- KIN. Doke- 061u3- Units DAD- CAMS 111114 Maw- New* Plow 

Ten- 3-3- 6-1 9-1 9-1 10-* 11-3- 12-* 13-3- 14-1- 15-1 18-3- 21-2- 24 -6-

GM- 4-3 3-1 6-1 9-1 7-2- 5-1 9-) 10-* 11-4- '12-* 16-1 IA-3- 21-6-

111646- 4-6 -4--3 2-3- 3-3- 4-1 5--2- 9 -2- 7-1 9-1 9-3- 12-2- 15-2- US-3-

E1yd. -(-6 -4-5 4-2 I-3._ 2-3. 3-3.. 4-3- 9-3- 6-3- 7-3- 10-* 13-1 16--3-

MR- -4-9 4-6 4-3 4-1 1-* 2-1 3-* 4-1- 5 -1- 6-2- 9-3- 12-)- 15-3.-

1191de- -4-10 -4-7 -4-4 4-2 -4-1 I -).- 2-1 3-1 4-3- 0-* 6-1 11-) 14-1 

DNA- 4-11 4-4I 4-5 -4-3 4-2 4--1 1 -3- 2-3- 3-1- 4-1 7-* 10--2- 13-1-

Units 4-12 -4-9 -4-6 4-4 4-3 -4-2 -4-1 I-) 2-* 3-1- 9-1 9-3- 12--3-

Deal- 4-13 4-10 4-7 4-6 -4-4 4--3 4-2 4-1 1-1 2-1 5-* 9-3- 11-1 

GROS 4-14 4-11 4-8 4-6 -5-5 -1--4 4-3 4-2 -9-1 1-1- 4-1- 7-)- 10-6-

REIS 4-15 4-12 -5-9 -4-7 4-5 -4-6 4-1 -E-3 -E-2 -4-1 3-3- 9-1 9-6-

MIRA- 4-10 4-15 -1-12 4-10 4-9 4-4 4-7 4-6 4-5 -4-4 -4-3 3-2- 6-3-

N•59- 4--21 4--16 -4-15 4-13 4-12 4--11 -9-10 4-9 4--8 -4-7 4--0 -4-3 3-1 

Plee. 4-24 4-21 4-16 4-16 4-19 -4-14 4--13 4-12 4-11 4-10 -9-9 4-0 4-3 

Fig. 25-137. Metric conversion table 
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moved, and the arrow indicates in 
which direction. As an example, if 0.15 
kilowatts is to be converted to watts, 
taking kilo from the Original Value col-
umn and following the horizontal line 
to the unit column, read a 3 with the 
arrow pointing right. Therefore the de-
cimal is to be moved right three places, 
and it may now read as 150 watts. If 
4500 kilohertz is to be converted to 
megahertz, read kilo in the left-hand 
column and under mega read 3 with a. 
left-pointing arrow. The decimal is 
shifted three points in that direction, 
and 4500 kHz is equivalent to 4.5 MHz. 

25./58 What is a guard circuit and 
where is it used?—Aguard circuit is one 
which is used tb' remove the effects of 
stray leakage and capacitance or any 
other stray parameter that might affect 
the measurement of the actual value of 
the element under measurement: Guard 
circuits are used with many different 
types of electrical measuring circuits 
and equipment, particularly with capac-
itance bridges. (See Question 25.116.) 

25.159 Describe a latching relay.— 
It is a relay containing two separate 
actuating coils (Fig. 25-159). Actuating 
one coil latches the relay in one posi-
tion, where it remains until it is un-
latched by energizing the other coil. 
Relays of this design are used fre-
quently in sound installations, such as 
in the virgin looping system _described 
in Question 17.227. 

25.160 Give a table showing the re-
lationship of density to percent of trans-
mission or reflection.—In the process of 
recording on photographic film, it is 
necessary to know the percent of trans-
mission relative to a given density. To 
simplify the computation, the table of 
density related to percent transmission 
or reflection is given in Fig. 25-160. It 

Fig. 25-159. Latching relay manufac-
tured by Potter and Brumfield (Canada). 

will be observed that for a density of 
1.50 (used in optical filin recording), 
the transmission is 3.162, or 3.162 per-
cent transmission or reflection; for a 
density of 4.e the transmission is 0.01 
percent. 

1 
Density = Log» — 

T 
where, 
T is the percent transmission. 

25.161 What is the relationship of 
footage and running time for 16-mm 
motion picture film?—This relationship 
is given in Fig. 25-161. 

25.162 What is the relationship be-
tween 16-mm and 35-mm motion-pic-
ture film footage?—The relationship is 
2.5:1; that is, 400 feet of 16-mm film 
running at 36 feet per minute equals 
1000 feet of 35-mm film running at 90 
feet per minute. (See- Fig. 25-162.) 

25.763 Show a wire table for wire 
sizes between 1 and 44, with the cir-
cular-mil area and current-carrying 
capacities.—Such a table is given in 
Fig. 25-163. 

25.164 Show graphically the rela-
tionship between farads and micro farads. 
—Such a graph is shown in Fig. 25-164. 

25.165 Show graphically the rela-
tionship between micro farads and pica-
farads.—Such a graph is. given in Fig. 
25-165. The term micrcmticrofarads has 
now been replaced by the term pico-
farads. 

25.166 What is electronic gating? 
—A vacuum-tube amplifier that is cut 
off and on electronically by energizing 
the control grid or cathode circuit by 
the application of a square wave. When 
so actuated by the external-control 
source voltage, the output of the gating 
tube will pass a signal at the rate at 
which the control circuit operates. This 
system is used in computers and elec-
tronic control equipment. 

25.767 What is decibel notation 
and how is it used?—Decibel notation 
is a method of equating power levels 
involving the transmission of electri-
cal energy in the audio- and radio-
frequency bands. To measure the acous-
tic or electrical power associated with 
the generation or transmission of audio 
frequencies, special instruments and 
measuring techniques are required. In 
a commercial power transmission sys-
tem at 60 Hz, little of the energy is 
lost because of the relatively low fre-
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0.00 100.00 
0.01 97.72 0.41 38.90 0.81 15.49 1.21 6.166 1.61 2.455 
0.02 95.50 0.42 38.02 0.82 15.14 1.22 6.026 1.62 2.399 
0.03 93.33 0.43 37.15 0.83 14.79 1.23 5.888 1.63 2.344 
0.04 91.20 0.44 36.31 0.84 14.45 124 5.754 1.64 2.291 
0.05 89.13 0.45 35.48 0.85 14.13 1.25 5.623 1.65 2.239 

0.06 87.10 0.46 34.67 0.86 13.80 1.26 5.495 1.66 2.188 
0.07 85.11 0.47 33.88 0.87 13.49 1.27 5.370 1.67 2.138 
0.08 83.18 0.48 33.11 0.88 13.18 1.28 5248 1.68 2.089 
0.09 81.28 0.49 32.36 0.89 12.88 1.29 5.129 1.69 2.042 
0.10 79.43 0.50 31.62 0.90 12.59 1.30 5.012 1.70 1.995 

0.11 77.62 0.51 30.90 0.91 12.30 1.31 4.898 1.71 1.950 
0.12 75.86 0.52 30.20 0.92 12.02 1.32 4.786 1.72 1.905 
0.13 74.13 0.53 29.51 0.93 11.75 1.33 4.677 1.73 1.862 
0.14 72.44 0.54 28.84 0.94 11.48 1.34 4.571 1.74 1.820 
0.15 70.79 0.55 28.18 0.95 1122 1.35 4.467 1.75 1.778 

0.16 69.18 0.56 27.54 0.96 10.96 1.36 4.365 1.76 1.738 
0.17 67.61 0.57 26.92 0.97 10.72 1.37 4.266 1.77 1.698 
0.18 66.07 0.58 26.30 0.98 10.47 1.38 4.169 1.78 1.660 
0.19 64.57 0.59 25.70 0.99 1023 1.39 4.074 1.79 1.622 
0.20 63.10 0.60 25.12 1.00 10.00 1.40 3.981 1.80 1.585 

0.21 61.66 0.61 24.55 1.01 9.772 441 3.890 1.81 1.549 
0.22 60.26 0.62 23.90 1.02 9.550 1.42 3.802 1.82 1.514 
0.23 58.88 0.63 23.44 1.03 9.333 1.43 3.715 1.83 1.479 
0.24 57.54 0.64 22.91 1.04 9.120 1.44 3.631 1.84 1.445 
0.25 56.23 0.65 22.39 1.05 8.913 1.45 3.548 , 1.85 1.413 

0.26 54.95 0.66 21.88 1.06 8.710 1.46 3.467 1.86 1.380 
0.27 53.70 0.67 21.38 1.07 8.511 1.47 3.388 1.87 1.349 
0.28 52.48 0.68 20.89 1.08 8.318 1.48 3.311 1.88 1.318 
0.29 51.29 0.69 20.42 1.09 8.128 1.49 3.236 1.89 1.288 
0.30 50.12 0.70 19.95 1.10 7.943 1.50 3.162 1.90 1.259 

0.31 48.98 0.71 19.50 1.11 7.762 1.51 3.090 1.91 1.230 
0.32 47.86 0.72 19.05 1.12 7.586 1.52 3.020 1.92 1.202 
0.33 46.77 0.73 18.62 1.13 7.413 1.53 2.951 1.93 1.175 
0.34 45.71 0.74 18.20 1.14 7244 1.54 2.884 1.94 1.148 
0.35 44.67 0.75 17.78 1.15 7.079 1.55 2.818 1.95 1.122 

0.36 43.65 0.76 17.38 1.16 6.918 1.56 2.754 1.96 1.096 
0.37 42.66 0.77 16.98 1.17 6.761 1.57 2.692 1.97 1.072 
0.38 41.69 0.78 16.60 1.18 6.607 1.58 2.630 1.98 1.047 
0.39 40.74 0.79 16.22 1.19 6.457 1.59 2.570 1.99 1.023 
0.40 39.81 0.80 15.85 1.20 6.310 1.60 2.512 2.00 1.000 

Fig. 25-160. Conversion table. Optical density versus 
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g g g g 

ere tle 
0,4 e 

t 

1 g .4 U2 fj 
kTe. 'le 49, e 

t 

2.01 0.9772 2.41 0.3890 2.81 0.1549 3.21 0.0617 3.61 0.0245 
2.02 0.9550 2.42 0.3802 2.82 0.1514 3.22 0.0603 3.62 0.0239 
2.03 0.9333 2.43 0.3715 2.83 0.1479 323 0.0588 3.63 0.0234 
2.04 0.9120 2.44 0.3631 2.84 0.1445 3.24 0.0575 3.64 0.0229 
2.05 0.8913 2.45 0.3548 2.85 0.1413 3.25 0.0562 3.65 0.0223 

2.06 0.8710 2.46 0.3467 2.86 0.1380 3.26 0.0550 3.66 0.0218 
2.07 0.8511 2.47 0.3388 2.87 0.1349 327 0.0537 3.67 0.0214 
2.08 0.8318 2.48 0.3311 2.88 0.1318 3.28 0.0529 "3.68 0.0218 
2.09 0.8128 2.49 0.3236 2.89 0.1288 3.29 0.0513 3.69 0.0204 
2.10 0.7943 2.50 0.3162 2.90 0.1259 3.30 0.0501 3.70 0.0199 

2.11 0.7762 2.51 0.3090 2.91 0.1230 3.31 0.0489 3.71 0.0195 

2.12 0.7586 2.52 0.3020 2.92 0.1202 3.32 0.0478 3.72 0.0190 
2.13 0.7413 2.53 02951 2.93 0.1175 3.33 0.0468 3.73 0.0186 
2.14 0.7244 2.54 0.2884 2.94 0.1148 3.34 0.0457 3.74 0.0182 

2.15 0.7079 2.55 0.2818 2.95 0.1122 3.35 0.0446 3.75 0.0178 

2.16 0.6918 2.56 0.2754 2.96 0.1096 3.36 0.0436 3.76 0.0174 
2.17 0.6761 2.57 0.2692 2.97 0.1072 3.37 0.0426 3.77 0.0169 

2.18 0.6607 2.58 0.2630 2.98 0.1047 3.38 0.0417 3.78 0.0166 
2.19 0.6457 2.59 02570 2.99 0.1023 3.39 0.0407 3.79 0.0162 
2.20 0.6310 2.60 02512 3.00 0.1000 3.40 0.0398 3.80 0.0158 

221 0.6166 2.61 0.2455 3.01 0.0977 3.41 0.0389 3.81 0.0155 
2.22 0.6026 2.62 0.2399 3.02 0.0955 3.42 0.0380 3.82 0.0152 

2.23 0.5888 2.63 02344 3.03 0.0933 3.43 0.0371 3.83 0.0148 
2.24 0.5754 2.64 02291 3.04 0.0912 3.44 0.0363 3.84 0.0145 
225 0.5623 2.65 02239 3.05 0.0891 3.45 0.0355 3.85 0.0141 

226 0.5495 2.66 0.2188 3.06 0.0871 3.46 0.0347 3.86 0.0138 
2.27 0.5370 2.67 02138 3.07 0.0851 3.47 0.0339 3.87 0.0135 
2.28 0.5248 2.68 0.2089 3.08 0.0832 3.48 0.0331 3.88 0.0132 
229 0.5129 2.69 02042 3.09 0.0813 3.49 0.0324 3.89 0.0129 
2.30 0.5012 2.70 0.1995 3.10 0.0794 3.50 0.0316 3.90 0.0126 

2.31 0.4898 2.71 0.1950 3.11 0.0776 3.51 0.0309 3.91 0.0123 
2.32 0.4786 2.72 0.1905 3.12 0.0759 3.52 0.0302 3.92 0.0120 
2.33 0.4677 2.73 0.1862 3.13 0.0741 3.53 0.0295 3.93 0.0117 
2.34 0.4571 2.74 0.1820 3.14 0.0724 3.54 0.0288 3.94 0.0114 
2.35 0.4467 2.75 0.1778 3.15 0.0708 3.55 0.0289 3.95 0.0112 

2.36 0.4365 2.76 0.1738 3.16 0.0692 3.56 0.0275 3.96 0.0109 
2.37 0.4266 2.77 0.1698 3.17 0.0676 3.57 0.0269 3.97 0.0107 
2.38 0.4169 2.78 0.1660 3.18 0.0661 3.58 0.0263 3.98 0.0105 
2.39 0.4074 2.79 0.1622 319 0.0646 3.59 0.0257 3.99 0.0102 
2.40 0.3981 2.80 01585 320 0.0631 3.60 0.0251 4.00 0.0100 

percent transmission or reflection. 
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Fig. 25-161. Time versus footage for 16-mm film. 

quency. However, power used for voice 
and music transmission over the same 
distance will suffer a considerable loss 
because of the higher frequencies in-
volved and the complexity of the wave-
forms. The longer the transmission line, 
the greater are the power losses which 
must be compensated for during trans-
mission. 

In the early days of telephone and 
radio transmission over telephone lines, 
a unit of measurement called "miles of 
loss" was used. This expressed the 

200 303 400 500 600 
400 600 800 I000 1200 

700 BOO 900 1000 
1400 1600 1800 2000 

(A) O 100 
(8) 0 200 

transmission loss of the line in terms of 
a standard-loop mile of No. 19 tele-
phone wire. (A loop mile is, in reality, 
two miles of wire, one going and one 
returning.) Later this term was re-
placed with a logarithmic term called 
the "transmission unit." Some years 
later, this term was changed to "bel" 
in honor of Alexander Graham Bell. 
The unit bel being too large for prac-
tical use, it was changed to decibel or 
one-tenth of a bel, abbreviated dB. The 
fundamental equation for the bel is: 

Fig. 25-162. 35-mm to 16-mm footage conversion chart. 
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Pl 
bel = Log,. — 

P2 

Changing to decibels, the equation be-
comes: 

P 
dB = 10 Logu iw 

The decibel has no actual numerical 
value but is used only to express a ratio 
between two powers, voltages, or cur-
rents. The detibel may also be used to 
express ratios dealing with pressure, 
impedance, and other basic units. 

It is customary, when using decibels, 
to employ a reference voltage or power 
level to which the measurement is re-
ferred. The standard reference now in 
use by the broadcasting, recording, and 
electronics industries is 1 milliwatt and 
is written "0 dBm" (0.001 watt). When-
ever the letters dBm appear behind the 
number 0, it means that the reference 
power is 1 milliwatt. Therefore, when 
such a reference level is indicated, the 
power in parenthesis may be left off. 
The 1-milliwatt reference power was 
adopted by the electronic industry in 
1939 and represents 1 milliwatt of 
power in a 600-ohm circuit which has a 
sine-wave rms value of 0.773 volt across 
it. 

Several different power-reference 
levels have been used over the past 
years. They are: 6, 10, 12.5, and 50 milli-
watts. These have bien replaced with 
the present reference power level of 1 
milliwatt (600 ohms). Previously the 
most common reference power level 
was 6 milliwatts. This level is still used 
in some types of equipment used for 
purposes other than recording and 
broadcasting. It is based on 6 milli-
watts of power in a 500-ohm circuit, 
with an rms sine-wave voltage of 1.73 
volts. In 1939 it was agreed by manu-
facturers of electronic equipment that 
all future equipment would be rated 
with reference to 1 milliwatt. 

Because of the difference in the 
power of 1 milliwatt and 6 milliwatts, 
a conversion factor must be used when 
converting or referring from one refer-
ence level to the other. The difference 
in decibels between the two reference 
powers is 7.78 dB. This may be found 
as follows: 

dB = 10 Logic,-6 
1 

= 10 x 0.778 

= 7.78 dB 

TABLES 1667 

Thus, when a piece of equipment is 
rated for a given amount of power, the 
numerical difference in decibels for the 
1-milliwatt reference level will be 7.78 
dB higher. A typical example of this 
is an amplifier stated to have a power 
output of 20 watts. The output level in 
decibels for 20 watts, using the 6-milli-
watt reference level, is a plus 35.26 dB, 
while for the 1-milliwatt reference 
power, the level in decibels is a plus 43 
dBm. This may appear confusing be-
cause both decibel ratings are for the 
same amount of power output. There-
fore, it is mandatory that the reference 
level be stated when rating an amplifier 
in decibels only. 

The transmission loss or gain of a 
circuit may be expressed either in power 
or in voltage. When expressed in power, 
the following equation is used: 

P 
dB = 10 Log,. , — 

P2 

If expressed in current or voltage, use 
the equation: 

VI V2 12 
dB = 20 Log,. -Ý-; or -i-OET or 76- or I, 

where, 
Vi, V2, and 12 are the input and 
output voltages or currents, re-
spectively. 

As an example, what is the loss in 
decibels for an attenuator which has 6 
volts at its input and 2 volts at the out-
put, the input and output impedances 
being the same and properly termi-
nated? Using the equation: 

6 
dB = 20 Log,. -= 20 x 0.477 = -9.54 dB. 

2 

Knowing that the device presents a loss 
and not a gain, a minus sign (-) is 
placed before the number value in deci-
bels. If the device is an amplifier and 
represents a gain, no sign is used. The 
answer is simply stated 9.54 dB. 

For unequal input and output imped-
ances, the equation becomes: 

Z, 

E  

dB = 20 Log,. — -F 10 Log,. f-
S 

where, 
Z, and Zy are the input and output 
impedances. 

For convenience of computation, E, and 
E2, or Z, and Z., may be inverted, with 
the larger value placed above. 

In Section 23 many different equa-
tions and methods of using decibels are 

• 
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A.W.G.area 
No. 

(B.&S.) 

ia Dm. 
in 

mils.* 

Diem. 
in 
mm. 

Cir. 
mils 

Cross- 
sectional 

Turns per linear inch" 

D.S.C. 
or 

D.C.C. S.C.C. Enamel S.S.C. 
Sq. 1 Sq. 

Inches mm. 

1 289.3 7.348 83690 .06573 42.41 - - - - 
2 257.6 6.544 66370 .05213 • 33.63 - - - - 
3 229.4 5.827 52640 .04134 26.67 - - - - 
4 204.3 5.189 41740 .03278 21.15 - - - - 
5 181.9 4.621 33100 .02600 16.77 - - - - 

6 162.0 4.115 26250 .02062 13.3 - - - - 
7 144.3 3.665 20820 .01635 10.55 - - - - 
8 128.5 3.264 16510 .01297 8.36 7.1 7.4 7.6 - 
9 114.4 2.906 13090 .01028 6.63 7.8 8.2 8.6 - 
10 101.9 2.588 10380 .008155 5.26 8.9 9.3 9.6 - 

11 90.74 2.305 8234 .006467 4.17 9.8 10.3 10.7 - 
12 80.81 2.053 6530 .005129 3.31 10.9 11.5 12.0 - 
13 71.96 1.828 5178 .004067 2.62 12.0 12.8 13.5 - 
14 64.08 1.628 4107 .003225 2.08 13.3 14.2 15.0 - 
15 57.07 1.450 3257 .002558 1.65 14.7 15.8 16.8 - 

16 50.82 1.291 2583 .002028 1.31 16.4 17.9 18.9 18.9 
17 45.26 1.150 2048 .001609 1.04 18.1 19.9 21.2 21.2 
18 40.30 1.024 1624 .001276 .82 19.8 22.0 23.6 23.6 
19 35.89 .9116 1288 .001012 .65 21.8 24.4 26.4 26.4 
20 31.96 .8118 1022 .0008023 .52 23.8 27.0 29.4 29.4 

21 28.46 .7230 810.1 .0006363 .41. 26.0 29.8 33.1 32.7 
22 25.35 .6438 642.4 .0005046 .33 30.0 34.1 37.0 36.5 
23 22.57 .5733 509.5 .0004002 .26 31.6 37.6 41.3 40.6 
24 20.10 .5106 404.0 .0003173 20 35.6 41.5 46.3 45.3 
25 17.90 .4547 320.4 .0002517 .16 38.6 45.6 51.7 50.4 

26 15.94 .4049 254.1 .0001996 .13 41.8 50.2 58.0 55.6 
27 14.20 .3606 201.5 .0001583 .10 45.0 55.0 64.9 61.5 
28 12.64 .3211 159.8 .0001255 .08 48.5 60.2 72.7 68.6 
29 11.26 .2859 126.7 .00009953 .064 51.8 65.4 81.6 74.8 
30 10.03 .2546 100.5 .00007894 .051 55.5 71.5 90.5 83.3 

31 8.928 .2268 79.70 .00006260 .040 592 77.5 101. 92.0 
32 7.950 .2019 63.21 .00004964 .032 62.6 83.6 113. 101. 
33 7.080 .1798 50.13 .00003937 .0254 66.3 90.3 127. 110. 
34 G.305 .1601 39.75 .00003122 .0201 70.0 97.0 143. 120. 
35 5.615 .1426 31.52 .00002476 .0159 73.5 104. 158. 132. 

36 5.000 .1270 25.00 .00001964 .0127 77.0 111. 175. 143. 
37 4.453 .1131 19.83 .00001557 .0100 80.3 118. 198. 154. 
38 3.965 .1007 15.72 .00001235 .0079 83.6 126. 224. 166. 
39 3.531 .0897 12.47 .000009793 .0063 86.6 133. 248. 181. 
40 3.134 .0799 9.888 .000007766 .0050 89.7 140. 282. 194. 

41 2.75 .0711 7.841 .000006160 .0040 - - - - 
42 2.50 .0633 6.220 .000004885 .0032 - - - - 
43 2.25 .0564 4.933 .000003873 .0025 - - - - 
44 2.00 .0502 3.910 .000003073 .0020 - - - - 

'A mil is 1/1000 inch. 

discussed. Conversion tables and other 
pertinent data are given in Section 10. 
Several different equations that are 
common in decibel notation appear in 
Fig. 25-39. 

Fig. 25-163. Wire table for sizes between 

25.168 How are telephone lines 

classilied?-Open-wire, field-wire, and 
cable. 

25.169 What are open-wire lines? 

-Single bare-wire conductors sup-
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Turns per Sq. In." Feet per pound 

Ohms 
per 

1000 ft. 

Current 
carrying 
capacity 
(amperes) 

Nearest 
British 
S.W.G. 

S.C.C. Enamel D.C.C. D.C.C. S.C.C. Bare 

At1000 
C.M. 
per 
amp 

At 1500 
C.M. 
per 
amp 

- - - - - 3.947 .1260 83.7 55.7 1 
- - - - - 4.977 .1592 66.4 44.1 3 
- - - - - 6.276 .2004 52.6 35.0 4 
- - - - - 7.914 .2536 41.7 27.7 5 
- - - - - 9.980 .3192 33.1 22.0 7 

- - - - - 12.58 .4028 26.3 17.5 8 
- - - - - 15.87 .5080 20.8 13.8 9 
- 58 - 19.6 19.9 20.01 .6045 16.5 11.0 10 
- 74 - 24.6 25.1 25.23 .8077 13.1 8.7 11 
87.5 92 80.0 30.9 31.6 31.82 1.018 10.4 6.9 12 

110 114 95.5 38.8 39.8 40.12 1.284 8.2 5.5 13 
136 144 121 48.9 50.2 50.59 1.619 6.5 4.4 14 
170 182 150 61.5 63.2 63.80 2.042 5.2 3.5 15 
211 225 183 77.3 79.6 80.44 2.575 4.1 2.7 16 
262 282 223 97.3 100 101.4 3.247 3.3 2.2 17 

321 357 271 119 124 127.9 4.094 2.6 1.7 17-18 
397 450 329 150 155 161.3 5.163 2.0 1.3 18 
493 558 399 188 196 203.4 6.510 1.6 1.1 19 
592 708 479 237 247 256.5 8.210 1.3 .86 20 
775 868 625 298 311 323.4 10.35 1.0 .68 21 

940 1090 754 370 389 407.8 13.05 .81 .54 22 
1150 1368 910 461 491 514.8 16.46 .64 .43 23 
1400 1640 1080 584 624 648.4 20.76 .51 .34 24 
1700 2140 1260 745 778 817.7 26.17 .41 .27 25 
2060 2530 1510 903 958 1031 33.00 .32 .21 26 

2500 3340 1750 1118 1188 1300 41.62 .25 .17 27-28 
3030 4145 2020 1422 1533 1639 52.48 .20 .13 29 
3670 5250 2310 1759 1903 2067 66.17 .16 .11 30 
4300 6510 2700 2207 2461 2607 83.44 .13 .084 31-32 
5040 8175 3020 2534 2893 3287 105.20 .10 .067 33 

5920 10220 - 2768 3483 4145 132.70 .079 .053 34-35 
7060 12650 - 3137 4414 5227 167.30 .063 .042 36 
8120 16200 - 4697 5688 6591 211.00 .050 .033 36-37 
9600 19950 - 6168 6400 8310 266.00 .039 .026 37-38 
10900 25000 - 6737 8393 10480 335.00 .032 .021 38-39 

12200 31700 - 7877 9846 13210 423.00 .025 .017 39-40 
14000 39600 6510 9309 11636 16660 533.40 .020 .013 41 
16600 49100 6950 10666 13848 21010 672.60 .016 .010 42-43 
18000 62600 7450 11907 18286 26500 848.10 .012 .008 43 
- 77600 - 14222 24381 33410 1069.00 .009 .006 44 

- 97500 - 17920 30610 42130 1323.00 .008 .005 45 
- 122000 - 22600 38700 53100 1667.00 .006 .004 45-46 
- 152000 - 28410 48600 66970 2105.00 .005 .003 46-47 
- 190000 - 35950 61400 84460 2655.00 .004 .0025 47 

**Approximate only-thickness of insulation varies. 

1 and 44. (Courtesy, Radio Electronics ) 

ported in insulators on a telephone pole 

crossarm. The wires may be of hard-
drawn copper, steel, copper-galvanized 

steel, or iron. Two wires constitute a 

transmission line. The spacing between 

conductors is generally 8 inches. When 
more than one pair of wires is strung 

on one pole, the spacing between wires 

is increased to 10 or 12 inches. Wire 
diameters most frequently used are 
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Fig. 25-164. Conversion chart--microfarads to farads. 

from 80 to 165 mils. This is equivalent 
to a wire size of 12 to 6 gauge. 

25.170 What is a cable pairl—A 
cable consisting of more than two pairs. 
Each wire is individually insulated. The 
wires of each pair are twisted together 
and the entire group is given a long 
spiral twist and then covered with a 
lead sheath or a plastic coating. The 
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conductors are annealed copper. Stan-
dard gauges are 16 and 19. 

25.171 What is a toll cableP—A 
cable made in the manner described in 
Question 25.170, except it is always 
covered with a lead sheath. It may be 
suspended from poles or buried in the 
ground. It is used for long-distance toll 
calls, hence its name. 

MIC KfARADS 106 PICOFARADS 

.0000001.00000 .00001 .000 .00 01 

MICROFARADS 

Fig. 25-165. Conversion chart—pieofarads to microfarads. 

.io LO 
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Fig. 25-174. Nomograph for  rting absolute power units to dBm. (Courtesy, 
Electronics & Communications, Canada) 

25./72 What are field wiresT—Field 
wire, because of its high transmission 
loss, is used only for military and 
emergency purposes and for short tem-
porary lines. It consists of two conduc-
tors made up of seven strands, of which 
four are copper and three are steel, to 
give strength. Each of the seven-strand 
conductors is covered with polyethylene 
insulation with an outer covering of 
nylon. 

25.173 What is a loop mile?—It is 
the total wire in a 1-mile line consisting 
of two conductors, or 2 miles of wire. 

25.174 Give a nomograph for con-
verting absolute units of power to deci-
bels.— The nomograph in Fig. 25-174 
may be used to convert absolute units 
of power, such as watts, to decibels. To 
convert nanowatts or microwatts to 

dBm, position a straightedge between 
the appropriate number on scale A and 
the applicable cross-point on scale B. 
The resultant level in dBm is read from 
scale C. 

To convert milliwatts watts, or kilo-
watts, scales A and D are employed, and 
the answer is read on scale E. For ex-
ample, a power of 2 watts is equal to a 
level of plus 33 dBm as read on scale E. 
The level in dBm for a power of 10 
microwatts (scales K and B) is minus 
20 dBm as read on scale C. 

25./75 What is considered to be a 
short line?—A short line is one in which 
the electrical length of the line is con-
siderably shorter than the wavelength 
of the transmitted signal. An electrically 
short line represents a loop mile of line. 
If a signal of 1000 Hz is sent through the 
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line, and the velocity of the signal in the 
line is assumed to be 180,000 miles per 
second, the wavelength of the signal is 
180 miles, or the line is %go of a wave-
length. A second example: If the propa-
gation velocity is 60,000 miles per sec-
ond, the line is %0 of a wavelength. Al-
though both lines are the same length 
physically, the slower circuit is elec-
trically three times as long as the faster 
circuit. 

25.176 What is considered to be a 
long line?—A long line is one in which 
the length is approximately equal to, or 
greater than, the wavelength of the 
transmitted signal. A line that would be 
considered electrically long might be 
360 miles. If a 1000-Hz signal is applied 
to this line, the wavelength will be 180 
miles. Under different circumstances, 
the same line may behave as either an 
electrically short or long line. 

If the short line discussed in Ques-
tion 25.175 were to be energized by a 
signal of 200,000 Hz, corresponding to a 
wavelength of 0.9 mile, this would be 
considered a long line. On the other 
hand, if it were energized by a signal 
of 60 Hz, corresponding to a wavelength 
of 3000 miles, it would be considered a 
short line. 

25.177 What is an equivalent cir-
cuit of a long line?—A long line may 
be considered to be a series of low-pass 
filters connected in series with a series 
de resistance. An equivalent circuit is 
shown in Fig. 25-177. 

25.178 What is the equivalent cir-
cuit for a short line?—It is one section 
between the dotted lines of Fig. 25-177. 

25.179 What is the electrical length 
of a telephone transmission line?—It is 
the relationship of the length of the 
line to the wavelength of the trans-
mitted signal. The wavelength may be 
calculated: 

Ř 
— 
f 

where, 
v is the velocity of propagation of the 

line at 1000 Hz, 
f is the frequency in hertz. 

For open wire, this figure is 176,000 to 
180,000 miles per second. For nonloaded 
cable, it varies from 47,000 to 66,000 
miles per second. 

25.180 What are line parameters? 
—The constants of the line comprising 
the series resistance, series inductance, 
shunt capacitance, and the shunt leak-
age inductance. These elements are des-
ignated R, L, C, and G, respectively, 
and are based on 1 mile of loop line. 

•••• The numerical value of the constants 
depends on the size of the conductors, 
their spacing, insulation, the frequency 
of the transmitted signal, and weather 
conditions. The previously mentioned 
parameters are distributed along the 
entire length of the line. (See Ques-
tion 25.177.) 

25.181 How is the attenuation for 
a loop mile of line calculated? 

dB attenuation = 

IT. G fr. 
-I- b- X 8.686 

where, 

R IT y is the series loss, 

G it 
y  is the shunt loss. 

Generally, the series loss exceeds the 
shunt loss. Increasing the series load-
ing inductance decreases the series loss 
but increases the shunt loss. 

25.182 What is an artificial line? 
—A unit containing the equivalent con-
stants of 1 mile of standard telephone 
line or cable. The parameters may be 
represented as shown in Fig. 25-177. A 
long line may be considered to be made 
up of a series of unit sections. Thus a 
360-mile line would consist of five 72-
mile units. Such setups are used in the 
laboratory to study the behavior of 
transmission lines. 

25.183 What is the characteristic 
impedance of a transmission line?—The 
characteristic impedance of a transmis-
sion line is equal to the impedance that 
must be used to terminate the line in 
order to make the input impedance 

Fig. 25-177. The equivalent circuit for a long transmission line. 
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equal to the terminating impedance. For 
a long line (see Question 25.176) the 
input impedance will equal the charac-
teristic impedance of the line, irrespec-
tive of the terminating impedance. 

The characteristic impedance will 
also depend on the parameters of the 
pair and the applied frequency. The 
resistive component of the character-
istic impedance is generally high at the 
low frequencies, falling off with an in-
crease of frequency. The reactive com-
ponent is high at the low frequencies 
and falls off as the frequency is in-
creased. 

The impedance of a uniform line is 
the impedance obtained for a long line 
(infinite length). It is apparent, for a 
long line, the current in the line is little 
affected by the value of the terminating 
impedance at the far end of the line. If 
the line has an attenuation of 20 dB and 
the far end is short circuited, the char-
acteristic impedance as measured at the 
sending end will not be affected by 
more than 2 percent. 

In practice, a transmission line is 
seldom uniform. The terminating equip-
ment impedance will vary from that of 
the line. This may be corrected by the 
use of a repeat coil which may be 
matched to the line on one side and to 
the terminating equipment on the other. 

25./84 What causes delay in a 
long transmission lintel—The parame-
ters of the line, causing it to induce a 
time constant in the transmission. 

25.185 What causes the velocity of 
propagation to vary with different trans-
mission lines?—A transmission line pos-
sesses three inherent properties which 
are the characteristics of all electrical 
circuits: resistance, inductance, and 
capacitance. 

All three of these properties will 
exist regardless of how the line is con-
structed. Lines cannot be constructed 
to eliminate any of these character-
istics. 

Under the foregoing conditions, the 
velocity of the electrical pulses applied 
to the line are slowed down in their 
transmission. The elements of the line 
are distributed evenly and are not local-
ized or present in a lumped quantity. 
The velocity of propagation will vary 

from 10,000 to about 90,000 miles per 
second, depending on the construction 
of the line. 

25.186 What does the phase "load-
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ing a transmission line" mean?—It is a 
method of loading a transmission line 
at stated intervals by connecting an in-
ductance in series with the line. Two 
types of loading are in general usage, 
lumped and continuous. Loading a line 
increases the impedance of the line, 
thereby decreasing the series lass be-
cause of the conductor resistance. 

Although loading decreases the at-
tenuation and distortion and permits a 
more uniform frequency characteristic, 
it also increases the shunt losses caused 
by leakage. Loading also causes the line 
to have a cutoff frequency above which 
the loss becomes excessive. 

25.187 What is the difference be-
tween a continuously loaded line and 
one which is lump loaded?—In the con-
tinuously loaded line, loading is ob-
tained by wrapping the complete cable 
with a high-permeability magnetic tape 
or wire. In the lumped loading method, 
toroidally wound coils are placed at 
equally spaced intervals along the line. 

25.188 What is the effect of con-
tinuously loading a line?—The induc-
tance is distributed evenly along the 
line, causing it to behave as a line with 
distributed constants. 

25.189 How are loading coils con-
nected in a telephone transmission line? 
—The coils are of toroidal construction 
and are connected in the lines as shown 
in Fig. 25-189. Each coil has an induc-
tance on the order of 88 millihenries. 
The insulation between the line con-
ductors and ground must be extremely 
good if the coils are to function 
properly. Loading coils will increase the 
talking distance by 35 to 90 miles for 
the average line. 

L2 

LI 

L2 

Fig. 25-189. A loading coil  ted in 
a transmission line. 

25./90 What is a fuel-cell battery? 
—The fuel-cell battery although sup-
posed by many to be a new discovery, 
was discovered by Sir William Grove 
in 1839. Later developments on the cell 
were made by Mond and Langer, who 
coined the name, "fuel cell." Work on 
this cell was resumed by Bacon in the 
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SOLID STATE ELECTROLYTE 

OXYGEN 

Fig. 25-190. Basic principle of operation 
of o fuel cell battery. 

early 1930's. At present, such cells are 
used in spacecraft. 
A fuel cell consists of an anode and 

cathode which are placed in contact 
with a solid-state electrolyte to permit 
the exchange of hydrogen ions between 
the electrodes. Fuel cells produce their 
power from a continuous supply of fuel 
(hydrogen and oxygen), hence their 
name. With the aid of a catalyst, the 
hydrogen atoms give out one electron 
each, forming ions which migrate 

(a) 

b) 

(c) 

(d 

 OE 

o 

through the solid electrolyte to the 
cathode. There they combine to create 
electricity and as a by-product produce 
drinkable water which is carried off by 
capillary action to a collection point. 

Such cells have high efficiency, con-
verting 50 to 70 percent of their energy 
to power. They require no charging and 
give oil no fumes. The basic construc-
tion for such a cell is shown in Fig. 25-
190. 

25.191 Describe the piezoelectric 
effect. — Piezoelectricity is "pressure 
electricity" and is a property of certain 
crystals such as Rochelle salt, tourma-
line, barium titanate, and quartz. When 
pressure is applied to any of these 
crystals, electricity is generated. If an 
electrical charge is applied to the crystal, 
it changes shape and can be used to 
impart motion. The piezoelectric effect 
was discovered in 1880 by Pierre and 
Jacques Curie. Present-day commercial 
materials have been especially devel-
oped for their piezoelectric qualities. 
Among them are ammonium dihydrogen 
phosphate (ADP), lithium sulphate 
(LN), dipotassium tartrate (DKT), po-

(-
Fig. 25-191A. Basic deformations of piezoelectric plates. 
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tassium dihydrogen phosphate (KDP), 
lead zirconate, and lead titanate (PZT). 
Ceramics do not have piezoelectric 
characteristics in their original state, 
but the characteristics are introduced 
in the materials by a polarizing process. 
In piezoelectric ceramic materials the 
direction of the electrical and mechani-
cal axes depend on the direction of the 
original de polarizing potential. During 
polarization a ceramic element experi-
ences a permanent increase in dimen-
sions between the poling electrodes, 
and a permanent decrease in dimension 
parallel to the electrodes. 

Z 

QUARTZ 

Z 

ROCHELLE SALT 
Z 

Y 
X 

LITHIUM SULPHATE 

AMMONIUM DIHYDROGEN 
X PHOSPHATE 

Fig. 25-191B. Different crystals and 
their axes. (Courtesy, Clevite Corp. Pie-

zoelectric Div.) 

When a dc voltage of the same polar-
ity as the polarizing voltage, but smaller 
in magnitude, is applied between the 
polarizing terminals, the element ex-
periences a temporary expansion in the 
polarizing direction and a contraction 
parallel to the electrodes. Conversely, 
when a de voltage of the opposite 
polarity is applied, the element contracts 
in the polarizing direction and expands 
parallel to the electrodes. In either case, 
the element returns to its original poled 

Fig. 25-191C. Expansion of ceramic disc 
during polarization. 

TABLES 

CRYSTAL TWISTER "BIMORPH" 

CERAMIC BENDER "BIMORPH" 

CRYSTAL BENDER "BIMORPH" 

CERAMIC STRIP 
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SILVER ELECTRODES 

THFčU HOLES COATED WITH GRAPHITE 

MULTIMORPH 

Fig. 25-191D. Curvatures of Bimorphs 
and Multimorph. (Courtesy, Clevite Corp. 

Piezoelectric Div.) 

dimensions when the voltage is removed 
from the electrodes. These effects are 
shown, greatly exaggerated, in Fig. 25-
191A. The thickness tranverse effects 
are not of equal magnitude, so accord-
ingly there is a small change in volume 
when a voltage is applied between the 
terminals. 

Deformation of a crystal that results 
from the application of an electric cur-
rent and the nature of the deforming 
force depends on the type of piezo-
electric material. Crystals and their 
axes are shown in Fig. 25-191B. Piezo-
electric crystal elements are made from 
slabs cut from the whole crystal rather 
than by using the crystal itself. In the 
instance of piezoelectric ceramics, the 
axes are established with reference to 

Fig. 25-191E. Underwater sound trans-
ducer. (Courtesy, Clevite Corp., Piezo-

electric Div.) 
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Fig. 25-193. The frequency characteristics of a nonleaded No. 9 cable pair, loss per 
loop mile in decibels. 

the direction of the electric field used 
originally during the polarizing process. 
Basic deformation and the polarizing 
polarities for ceramic piezoelectric 
plates are shown in Fig. 25-191C. Curva-
tures for ceramic and crystal slabs (also 
greatly exaggerated) are shown in Fig. 
25-191D. Combinations of these slabs 
are known as Bimorph and Multůnorph, 
a tradename of Clevite Corp., Piezo-
electric Division. Crystals of this type 
are used in the manufacture of micro-
phones, pickups, speakers, disc record-
ing heads, underwater sound communi-
cation devices, and many others. A typi-
cal ceramic underwater sound trans-
ducer is shown in Fig. 25-191E. 

Rochelle salt crystals are the most 
commonly used types for microphones, 
pickups, and headphones, because of 
their greater sensitivity over ceramic 
crystals. However, in speakers the 
ceramic is preferred because of its 
greater stability and ability to handle 
greater power put out by modern am-
plifiers. (See Question 4.13.) 

25./92 What is ferroelectricity?— 
In the search for control devices which 
might be substituted for a vacuum tube 
or transistor, considerable research has 
been conducted in the field of ferro-
electricity, one of whose properties is 
nonlinear dielectric action. Ferroelec-
tricity is an unusual characteristic ex-
hibited by certain dielectric materials 
which alter their dielectric constant 
with the applied voltage. Linear dielec-

tries such as insulation commonly used 
in electronic devices exhibit no such 
properties. 

Voltage - sensitive dielectrics that 
exhibit ferroelectric properties are bar-
ium titanate, titanium dioxide, quana-
dine aluminum sulphate hexahydrate 
(GASH), and triglycene sulphate. Cer-
tain of these materials are used for 
phonograph pickups, microphones, ear-
phones, and similar devices. 

25.193 Describe an electrolytic 
switch.—It is a device consisting of two 
load-connected electrodes and a grid-
element immersed in an electrolytic 
bath which is housed in a sealed con-
tainer. A signal voltage applied to the 
acid-resistant grid-element makes the 
two load-electrodes permeable to ions 
and instantaneously changes the state 
of the electrodes from nonconducting to 
conducting. Large quantities of elec-
trons flow from one electrode to the 
other through the electrolyte of acid and 
free metal ions. The actuating signal 
may be an on-off or modulating signal. 
When the switch is properly con-
structed, several amperes of current can 
be handled. 

25.194 What is a simplex circuit? 
—A circuit in which a ground-return 
telephone or telegraph circuit is super-
imposed on a full-metallic circuit to 
obtain an extra channel. Provision is 
made to prevent interaction tor inter-
ference between the two systems. An 
elementary diagram showing how a 

SIMPLEX 
CURRENTS 

NORMAL TELEPHONE 
CURRENTS 

Fig. 25-194. Elementary diagram, showing the current paths of a simplex circuit. 
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simplex circuit functions is given in 
Fig. 25-194. 

25.195 What is a duplex circuit?— 
A circuit which will permit electrical 
communication between two points in 
both directions simultaneously. (The 
term full-duplex is synonymous with 
duplex.) 

25.196 What is a half-duplex air-
cuitT—A circuit which will permit uni-
directional electrical communication 
between two points. (Technical ar-
rangements may permit communication 
in either direction, but not simultane-
ously.) 

25.197 Give the names and abbrevi-
ations of technical societies and interna-
tional commissions of interest to the 
audio engineer. —Numerous technical 
societies have been formed for the dis-
semination of knowledge, and inter-
national commissions for the creation 
of world-wide standards. Among these 
organizations of interest to the Audio 
Engineer are: 

ASA Acoustical Society of America 
ASA American Standards Association 
(Now USASI) 

ASI American Standards Institute (See 
USASI. Formerly ASA) 

AES Audio Engineering Society 
MEE American Institute of Electrical 
Engineers (Now combined with TRTF) 

CCU' International Telephonic Consul-
tive Committee 

CCIR International Radio Consultive 
Committee 

CEE International Commission on Rules 
for Approval of Electrical Equipment 

CSA Canadian Standards Association 
DIN Deutsche Industrie Normen (Stan-

dards; can be obtained from USASI) 
EIA Electronic Industries Association 

(Formerly RETMA) 
EIAC Electronic Industries Association 

of Canada 
iErr, Institute of Electrical and Elec-

tronic Engineers (Formerly AIEE) 
EEC International Electrotechnical Com-
mission 

IHF Institute of High Fidelity 
IRIG Inter Range Instrument Group 
IRE Institute of Radio Engineers (now 
combined with irrr.) 

ISO International Organization for 
Standardization 

JAN Joint Army-Navy Specifications 
MIRA Magnetic Recording Industries 
Association (Now EIA) 

NAB National Association of Broad-
casters (Formerly NARTB) 

NARTB National Association of Radio 
and Television Broadcasters (Now 
NAB) 

NEMA National Electrical Manufactur-
ers Association 

RETMA Radio Electronics Television 
Manufacturers Association (Now 
EIA) 

RIAA Record Industries Association of 
America 

SMPE Society of Motion Picture En-
gineers (Now SMPTE) 

SMPTE Society of Motion Picture and 
Television Engineers (Formerly 
SMPE) 

UL Underwriters' Laboratories (USA) 
USASI United States of America Stan-
dards Institute (Formerly ASA) 

USNBS United States National Bureau 
of Standards 

The CCIF and CCIR international 
commissions have set international 
standards for the recording and repro-
duction of magnetic tape and records. 
Certain manufacturers of recording 
equipment provide plug-in equalization 
in tape recorders to meet these stan-
dards, as is discussed in Question 17.172. 

25.198 Describe the Hall effect. —In 
1897, Edwin Hall, a physicist at Johns 
Hopkins University, while conducting 
basic research on the nature of elec-
trical conduction discovered that if a 
very thin strip of gold foil was passed 
through the field of a powerful electro-
magnet carrying longitudinal currents, 
and a sensitive galvanometer was con-
nected across the strip as shown in Fig. 
25-198A, a difference of potential could 
be measured between the two edges. 
The equipotential lines running at right 
angles to the edges are skewed into an 
oblique position and the lines of current 
are deflected to one side. The Hall effect, 
when discovered, was of little interest 
except it added to the store of knowl-
edge on the conduction of electric cur-
rents. However, since the extensive use 
of solid-state devices, the Hall effect has 
become of great interest, since semi-
conductor devices can develop as much 
as 1 volt of Hall voltage and can be 
used to operate a relay without further 
amplification. 

Fig. 25-198B shows a modern version 
of the Hall effect, which produces an 
output voltage proportional to the 
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Fig. 25-198A. Basic principles of the generator used by Hall in his experiments 
established the Hall effect. (Courtesy, Lenkurt Electric Co.) 

product of the magnetic field strength 
and input current. The inherent Hall 
effect in semiconductors has a fre-
quency response from de to about le 
Hz, or a 1000-GHz bandwidth. Since the 
advent of semiconductors, many uses 
for this effect have been found, such 
as in arruneters, voltmeters, wattmeters, 
multipliers, dividers, modulators, mem-
ory devices, and in a host of others. 

25.199 What is a servomechanism? 
—An electromechanical system used for 

AC OR DC 

SEMICONDUCTOR 
MATERIAL 

HALL-DC 
OUTPUT 
VOLTAGE 

Fig. 25-1988. Modern version of a Hall-
effect generator. 

which 

the control of a device at a remote 
point. H. L. Hazen, in 1934, proposed 
the term "servomechanism," which may 
be defined as "a power amplifying de-
vice in which the amplifying element 
driving the output is actuated by the 
difference between the input and the 
output." A typical example is a synchro 
generator at a given location which, 
when actuated, causes the shaft of a re-
mote unit to turn to a given angle with 
power amplification. If the rotation of 
the shaft in the remote unit differs from 
that of the control unit, an error voltage 
is generated. This voltage is used to 
correct the difference in the angles of 
the two shafts and bring the remote 
unit to the exact angle of the control 
unit. 

Selsyn interlock systems such as are 
described in Question 3.48 are often 
referred to as servo systems, although 
they do not meet the exact definition of 
such a system. 

25.200 What is a skewed winding? 
—A special winding developed by the 
General Radio Co. for use with their 
variable delay lines. The wire is wound 
on a flat card in the shape of a letter D 
as shown in Fig. 25-200. After winding, 
the card is bent into a circle and placed 
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SIDE VIEW 
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Fig. 25-200. The General Radio Co. 
skewed winding, for variable delay line 

use. 

on a standard circular mounting used 
for a potentiometer or rheostat. 

The use of skewed winding provides 
a more nearly constant effective induc-
tance of the distributed winding. Skew-
ing the inductance produces an effective 
inductance which remains nearly con-

lilt: 1 CV: 1 0 0 

ect000.n. 

I0P00.n. 

st• 
et' 

stant up to a critical value of phase 
change per turn. In effect, skewing of-
fers a means of control over the mutual 
inductance between turns of a distrib-
uted-winding delay line. 

Several different forms of skewed 
winding have been developed; however, 
the D-shaped winding on a flat mandrel 
card appears to be the most satisfactory 
one, since it results in a smooth wind-
ing of constant characteristic impedance 
which can be curved to fit a standard 
potentiometer mounting. 

25.201 What is o reactance chart 
and how is it usedt—A reactance chart 
developed by the Bell Telephone Lab-
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Fig. 25-201. A reactance-frequency chart. (Courtesy, Bell Telephone Laboratories) 
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Fig. 25-202. Color code: for resistors 
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DISC CERAMICS 5-DOT SYSTEM) 

1St SignIfkant 2nd SignMeint 
RPM Figure 

TemperNure Coefficient 

Multiplier 

Tolerance 

DISC CERAMICS 0-DOT SYSTEM) 

110 Significant 2nd Significant 
Figure ,̀...,c,5\ Figure 

Multiplier 

MOWED CERAMICS 
Using Standard Resistor Color Cede 

Ist Significant Figure 2nd Significant Figure 

Multiplier Tolerance 

WAR. Band Distinguishes Capacitor From Resistor 

MOLDED-INSULATED AXIAL LEAD CERAMICS 

ist Significant Figure 2nd Significant Figure 

Temperature Coefficient Multiplier Tolerance 

HIGH-CAPACITANCE TUBULAR CERAMICS 
INSULATED OR NONINSIRATED 

ist Significant Figure 2nd Significant Figure 

Multiplier Tolerance Pottage Motional) 

TYPOGRAPHICALLY MARKED CERAMICS 

Temperature Coefficient Capacitance 

TEMPERATURE COMPENSATING 
TUBULAR CERAMICS 

Ist Significant Figure 2nd Significant Figure 

Temperature Coefficient Multiplier Toierance 

EXTENDED RANGE T.C. TUBULAR CERAMICS 

Ist Significant Figure 2nd Significant Figure 

Tolerance 

T.C. Temp. Coal!. Multiplier 
Significant Figure Multiplier 

FEED-THRU CERAMICS 

Ist Significant 
Figure 

2nd Significant 
Ter* 

Temperature Coefficient Tolerance Multiplier 

BUTTON CERAMICS 

ist Significant 2nd Significant 
Figure Figure 

Multiplier 

Viewed From Soldered Surface 

STAND-OFF CERAMICS 

lut Significant Figure 2nd Significant Figure 

Temperature Coefficient Mull pier Tolerance 

MIL 
LETTER 

TOLERANCE 

10Pf OR LESS OVER 11/PF 

C  
D i 0.50 
F i 1.00 i 1% 
G i Z. Opf ± 2% 
1 • 3% 
K DOS 
M ±20% 

CERAMIC CAPACITOR CODES I CAPACITANCE GIVEN IN PF 1 

COLOR DIGIT MULTIPLIER TOLERANCE TEMPERATURE WENDED RANGE 

10 Pf OR OVER F,F,,A ,OE, COEFFICIENT TEMP. CWT. 
USS 10 PF S ION I • MUU I-

FICANT PLIER 
FIGURE 

MACK 0 1 ±LOpf ± 20%* 0 0.0 -1 
BROWN 1 10 SO.»! ill. -33 -10 
RED 2 11:0 ± PS -15 L 0 -100 
ORANGE 3 1C07 ±0.741 ±2.5%* -150 L5 -1WD 
YELLOW 4 10X0 -220 L 2 -10303 
GREEN 5 ±0.501 ± 5% -330 3.3 el 
BLUE 6 -470 4.7 +10 
VIOLET 7 -750 7. 5 +100 
GRAY 8 .01 ± 0.25PP en +IOW 
WHITE 9 .1 tuwilos General Purpose *WO 
SILVER Bypass / Coupling 
GOLD •100 

tMill 

•EIA only. Ceramic CapecRor capicRor voltage ratings re standard 5C0 tolts, for son* manufacturers, 
1000 volts for other manufacturers, unless otherwise specified. 

and capacitors (Continued next page). 
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BODY-DOT sysnm BODY-END BANC) SYSTEM 

Multiplier 

lut Significant Figure 2nd Significant Figure 

Multiplier 

2nd Significant Figure 

Ist Sbinificard Figure 

DASH-BAND SYSTEM 

Multiplier Tolerance 

Multiplier 

ind Signifkard Figure 

ist Signirkard Figure 

Multiplier 

DOT-BAND SYSTEM 

Tolerance 

Tolerance Multiplier 

BODY-END-DOT SYSTEM 

Ist Significant Figure 

Tolerance 

Multiplier Tolerance 

2nd Significant Figure 

1st Significant Figure 1st 519M/tent Figure 

2nd Significant Figure 2nd Significant Figure 

COLOR BAND SYSTEM 

Multiplier Tolerance Failure Rate 

2nd Significant Figure 2nd Significant Figure 

Ist Significant Figure Ist Significant Figure 

Multiplier 

Resistors WRII Black Body Color Are Composers. Non Insulate!. 

Resistors With Colored Bodies Are CorroosRion Insulate. 

Wirerwound Resistors Have The Ist Digit Color Band Double Width. 

MINIATURE RESISTOR CODE 

Ist S ignilicent Figure 

2nd SIgnif icant Figure 

RESISTOR COLOR CODE 

COLOR 
IST • 2 

S IGN IF ICANTND F IGURES MULTIPLIER TOLERANCE FAILURE BATTY 

Black 0 _ - 

Brown 1 0 ±111 L 0 
Red 2 0% 42% 0.1 
Orange 3 CO3 ±3% 0.01 
Yellow 4 0000 N% 0.001 
Green S COMO - - 

Blue 6 000303 - - 
Vioiet 7 0030X0 - 
Gray 11 000=0 - - 
White 9 • Soiderable 
Gold - 0.1 4-59, - 
Sileer - 0.01 •10% - 

No Color - ±20% - 

When used on composition resistors, indicates percent failure per 1,030 hours. On film resistors a whlte fifth band indicates soeSerabN terminal. 

Fig. 25-202. Color codes for resistors and capacitors (Cont'd). 
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BAROMETER PRESSURE 
CORRECTED TO 
SEA LEVEL 

31 eso 

30 

28 

>-

27 o 
rc 

3 

O 26 
o 

25 

24 

23 

22 

850 

800 

750 

700 

Fig. 25-203A. Nomograph for 

ALTITUDE Cf STATION 

IN FEET ABOVE 

SEA LEVEL 

e000 e000 
9000 9000 

8000 8000 

7000 7000 

6000 6000 

5000 5000 

4000 4000 

3000 3000 

2000 2000 

O 

BAROMETRIC PRESSURE 
AT STATION 

— 700 

>-
cc 
z 
o 550 --r 

75,0 

cr) 
-r-

3 
3 600-- 800 

_OE— 850 

650 

-1000 -1000 

supplying altitude 

oratories is shown in Fig. 25-201. This 
chart can be used for solving problems 
of inductance, capacitance, frequency, 
and impedance. If two of the values are 
known, the third and fourth may be 
found with its use. As an example, what 
is the value of capacitance and induct-
ance required to resonate at a frequency 
of 1000 Hz in a circuit having an im-
pedance of 500 ohms? Entering the chart 
on the 1000-Hz vertical line and follow-
ing it to the 500-ohm line (impedance 
is shown along the left-hand margin) 
the value of inductance is indicated by 
the diagonal line running upward as 
0.08 henries (80 millihenries), and the 
capacitance read at the right-hand mar-
gin is 0.3 µF. 
A practical problem involving the use 

of this chart is given in Question 6.43. 
The chart may also be used for deter-
mining the reactance of an inductance 
or a capacitor and many other problems. 

25.202 Give the color code used for 
capacitors and resistors.—Color codes 
for both resistors and various types of 
capacitors are given in the illustration 
of Fig. 25-202. 

—900 

700 --r 

'OE— 950 

1050 

800— 

correction to barometric pressure. 

93 

o 92 

1 

o 

o 
VI89 

es 
700 800 900 1000 1100 
BAROMETRIC PRESSURE IN MILLIBARS 

Fig. 25-2038. Relationship of decibels to 
barometric pressure. 

25.203 What effect does barometric 
pressure have on sound levels?—Altitude 
and barometric pressures are significant 
to the sound engineer particularly for 
the calibration of microphones. Most 
barometers are calibrated to read pres-
sure in terms of sea level. If the altitude 
is not known, it may be obtained from 
the local weather bureau and correc-
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Frequency-Wavelength Conversion Chart 

X. f Ä f A f X f ). f 
(meters) (kc) (meters)(mc) (meters)(mc) (meters) (mc) (cm) (mc) 

1,000-300 100T 3 10-30 1— 300 10-3,000 

- 

—200 ±2 —20 

2,000— 200 20— 

P• 

-N-

-N-

-200 

-r 

2--

. .. _ 
3,000 -7, 100 300 1 30 - 10 3-7100 30-z-1,000 

-;  -z 

>90 .9 7:-▪ 9 2-9Ô ...E7-: '• 900 
Z --z -c 

--Z-1 800 --, 80 .8 fa --z;80 _.: 
4,000-. 400 40-c -. 4-. 4021 -.-.: - 

-.170 .7 --.--▪ 7 — 70 -700 -c 

5,000--60 500 .6 50-3_76 5 --Si 60 50'4-- 600 

-7- -.-7- ...-_.- -- --.--_.- --- ..-_ -- - 

6,00021.50 600 .5 6027-5 62=50 60=-500 
_ - 

7,0004-- 7:- 70 707,- 7 -.----- 70 4.-▪ - 

.4 4 .;..--40 -5;400 
z-

8,000;-: 800 80-2.: 8€7 8072 

9,000i: 900 90-1.- 9-2:---- 90 -..-r- " : 

10,000 '-30 1,000 .3 1003-3 10 27-30 100-1- 300 

Fig. 25-204. Frequency to wavelength conversion nomograph. 
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Fraction 1,64ths Decimal Millimeters Fraction 1104ths Decimal Millimeters 

1 .015625 .0397 33 .515625 13.097 
1Z 42 2 .03125 .794 1%2 34 .53125 13.494 

3 .046875 1.191 35 .546875 13.891 

He 4 .0625 1.588 %a 36 .5625 14.288 

5 .078125 1.984 37 .578125 14.684 

%2 6 .09375 2.381 1%2 38 .59375 15.081 
7 .109375 2.778 39 .609375 15.478 

% 8 .125 3.175 % 40 .625 15.875 
9 .140625 3.572 41 .640625 16.272 

%2 10 .15625 3.969 2%2, 42 .65625 16.669 

11 .171875 4.366 43 .671875 17.066 

315 12 .1875 4.763 1346 44 .6875 17.463 

13 .203125 5.159 45 .703125 17.859 

7/fi., 14 .21875 5.556 2% 46 .71875 18.256 

15 .234375 5.953 47 .734375 18.653 

Y4 16 .250 6.350 :y, 48 .750 19.050 

17 .265625 6.747 49 .765625 19.447 

%2 18 .28125 7.144 2%2 50 .78125 19.844 

19 .296875 7.541 51 .796875 20.241 

%6 20 .3125 7.938 1:A6 52 .8125 20.638 

21 .328125 8.334 53 .828125 21.034 

1%2 22 .34375 8.731 27A2 54 .84375 21.431 

23 .359375 9.128 55 .859375 21.828 

% 24 .375 9.525 7h 56 .875 22.225 

25 .390625 9.922 57 .890625 22.622 

1%2 26 .40625 10.319 2%2 58 .90625 23.019 

27 .421875 10.716 59 .921875 23.416 

7/10 28 .4375 11.113 11546 60 .9375 23.813 

29 .453125 11.509 61 .953125 24.209 

1%2 30 .46875 11.906 %2 62 .96875 24.606 

31 .484375 12.303 63 .984375 25.003 

1i4 32 .500 12.700 1 64 1.000 25.400 

Fig. 25-205. Decimal and millimeter equivalents, in 64th's of an inch. 

tions made for altitudes other than sea 
level. These corrections are a function 
of altitude, temperature, and pressure, 
the principal factor being altitude, 
which amounts to 1 inch of mercury 
per 1000 feet above sea level. 

Fig. 25-203A shows a conversion 
nomograph for inches of mercury to 
millibars. While the pressure should be 
reasonably accurate, an error of 34 mil-
libars (1 inch of mercury) in baromet-
ric pressure will cause only an error of 
approximately 0.15 dB in microphone 
calibration, and 0.3 dB in sound-level 
calibrations. 

Referring to the nomograph, baro-
metric corrections are shown in milli-
bars for altitudes from 1000 feet below 
to 10,000 feet above sea level. By select-
ing the altitude of the measuring loca-
tion on the center scale, pressure may 
be read in either inches of mercury or 

millibars at the left. Connecting these 
points by a straightedge, changes are 
determined from the right-hand scale. 
For example, with a barometric pres-
sure of 26 inches at sea level, the read-
ing on the right-hand scale is 880 milli-
bars. But, if the altitude is 2000 feet the 
barometric pressure is reduced to ap-
proximately 808 millibars. With a rise 
of 1 inch of pressure at sea level the 
pressure at the station rises to 914, as 
read on the right-hand scale. 

The relationship of decibels to baro-
metric pressure is shown in the graph 
in Fig. 25-203B. 

25.204 Give a frequency-to-wave-
length  sion nomograph. - The 
wavelength for any frequency between 
30 kHz and 3000 MHz can be read di-
rectly by means of the nomograph given 
in Fig. 25-204. If only the frequency is 
known, it may be converted to wave-
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MM Inches MM Inches MM Inches 

.01 .0004 .45 .0177 .89 .0350 

.02 .0008 .46 .0181 .90 .0354 

.03 .0012 .47 .0185 .91 .0358 

.04 .0016 .48 .0189 .92 .0362 

.05 .0020 .49 .0193 .93 .0366 

.06 .0024 .50 .0197 .94 .0370 

.07 .0028 .51 .0201 .95 .0374 

.08 .0031 .52 .0205 .96 .0378 

.09 .0035 .53 .0209 .97 .0382 

.10 .0039 .54 .0213 .98 .0386 

.11 .0043 .55 .0217 .99 .0390 

.12 .0047 .56 .0221 1.00 .0394 

.13 .0051 .57 .0224 2.00 .0787 

.14 .0055 .58 .0228 3.00 .1181 

.15 .0059 .59 .0232 4.00 .1575 

.16 .0063 .60 .0236 5.00 .1969 

.17 .0067 .61 .0240 6.00 .2362 

.18 .0071 .62 .0244 7.00 .2756 

.19 .0075 .62 .0248 8.00 .3150 

.20 .0079 .64 .0252 9.00 .3543 

.21 .0083 .65 .0256 10.00 .3937 

.22 .0087 .66 .0260 11.00 .4331 

.23 .0091 .67 .0264 12.00 .4724 

.24 .0094 .68 .0268 13.00 .5118 

.25 .0098 .69 .0272 14.00 .5512 

.26 .0102 .70 .0276 15.00 .5906 

.27 .0106 .71 .0280 16.00 .6299 

.28 .0110 .72 .0284 17.00 .6693 

29 .0114 .73 .0287 18.00 .7087 

.30 .0118 .74 .0291 19.00 .7480 

.31 .0122 .75 .0295 20.00 .7847 

.32 .0126 .76 .0299 21.00 .8268 

.33 .0130 .77 .0303 22.00 .8661 

.34 .0134 .78 .0307 23.00 .9055 

.35 .0138 .79 .0311 24.00 .9449 

.36 .0142 .80 .0315 25.00 .9843 

.37 .0146 .81 .0319 26.00 1.0236 

.38 .0150 .82 .0323 27.00 1.0630 

.39 .0154 .83 .0327 28.00 1.1024 

.40 .0158 .84 .0331 29.00 1.1417 

.41 .0161 .85 .0335 30.00 1.1811 

.42 .0165 .86 .0339 31.00 1.2205 

.43 .0169 .87 .0343 32.00 1.2598 

.44 .0173 .88 .0347 33.00 1.2992 

Fig. 25-206. Millimeter equivalents in inches. 
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Unit Equivalents Unit Equivalents 

1 Hp. 746 watts 1 Hp.-hr. 0.746 kw. hours 
1 Hp. 0.746 kw. 1 Hp.-hr. 1,980,000 ft-lbs. 
1 Hp. 33,000 ft.-lbs. per minute 1 Hp.-hr. 2,545 Btu. 
1 Hp. 550 ft.-lbs. per second 1 Hp.-hr. 273,740 kilogram meters 
1 Hp. 2,544 Btu. per hour 1 Hp.-hr. 2.64 lbs. water evaporated 

1 Hp. 42.4 Btu. per minute from and at 212°F. 

1 Hp. 0.707 Btu. per second 1 Hp.-hr. 17.0 lbs. water raised from 
1 Bp. 2.64 lbs. water evaporated per 

hour from and at 212°F. 
62°F. to 212°F. 

1 Kw. 1,000 watts 
1 Kw.-hr. 1,000 watt hours 

1 Kw. 1.34 horsepower 
1 Kw.-hr. 1.34 horsepower hours 

1 Kw. 2,654,200 fl-lbs. per hour 1 Kw.-hr. 2,654,200 ft.-lbs. 
1 Kw. 44,240 ft.-lbs. per minute 1 Kw.-hr. 3,600,000 joules 
1 Kw. 737.3 ft.-lbs. per second 1 Kw.-hr. 3,413 Btu. 
1 Kw. 3,413 Btu. per hour 1 Kw.-hr. 367,000 kilogram meters 
1 Kw. 56.9 Btu. per minute 1 Kw.-hr. 3.53 lbs. water evaporated 
1 Kw. 0.948 Btu. per second from and at 212°F. 
1 Kw. 3.53 lbs. water evaporated per 

hour from and at 212° F. 
1 Kw.-hr. 22.75 lbs. water raised from 

62°F. to 212°F. 

1 Watt 1 joule per second 
1 Watt 0.00135 horsepower 
1 Watt 3.413 Btu. per hour 1 Ft.-lb. 1,356 joules 
1 Watt 0.7373 ft lb. per second 1 Ft-lb. 0.1383 k.g.m. 
1 Watt 0.0035 lb. water evaporated 1 Ft-lb. 0.000000377 kw. hours 

per hour 1 Ft-lb. 0.001285 Btu. 
1 Watt 44.24 fl-lbs. per minute 1 Ft-lb. 0.0000005 hp. hour 

Fig. 25-207. Mechanical, electrical, and heat equivalents. 

length for values of 10 centimeters to 
1000 meters. The value of frequency or 
wavelength is found on one of the ver-
tical lines and the desired converted 
value is read from the opposite side of 
the line. 

25.205 Give a fractional, decimal, 
and millimeter equivalent table.-Such 
a table is shown in Fig. 25-205. 

25.206 Give a millimeter-inch equiv-
alent table.-Such a table appears in 
Fig. 25-206. 

25.207 Give a table of mechanical, 
electrical, and heat equivalents.-Such 
a table is given in Fig. 25-207. 

25.208 Give a general  Sion-
factor table.-Such a table is given in 
Fig. 25-208. 

25.209 Give a table of common log-
arithms.-Such a table is given in Fig. 
25-209. 

25.2/0 Give a table of natural trig-
onometric functions.-Such a table ap-
pears in Fig. 25-210. 

25.211 Give a table of dielectric 
constants.-The dielectric constant of 
materials is generally affected by both 
temperature and frequency, except for 

quartz, Styrofoam, and Teflon, whose 
dielectric constants remain essentially 
constant Small differences in the com-
position of a given material will also af-
fect the dielectric constant. A table of 
dielectric constants is given in Fig. 
25-211. 

25.2/2 Give the capacitance per 
foot for most frequently used coaxial 
cable.-Coaxial cable is used quite ex-
tensively with various types of test 
equipment When such cable is replaced 
the capacitance per foot must be taken 
into consideration, particularly for os-
cilloscope probes. The capacitance value 
per foot is given in Fig. 25-212. The var-
ious types of cable may be identified 
from their coding: 

R Radio frequency 
G Made for US Government 
- Number assigned by Government 

approval 
U Universal specification. 

Thus, a cable marked, EG-11a/U means 
radio frequency, Government, approval 
number, with a universal specification. 
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To Convert Multiply By 
Bars to dynes per square centimeter   1.00 
British thermal units to foot-pounds   778.00 
British thermal units to joules   1055.00 
British thermal units to watt-hours   0.293 
British thermal units per minute to horsepower   0.02356 

Centimeters to feet   0.03281 
Centimeters to inches   0.3937 
Centimeters to meters   0.01 
Centimeters to mils   393.70 
Centimeters to millimeters   10.00 
Circular mils to square centimeters   5.067 X 10° 
Circular mils to square inches   7.854 X 10' 
Circular mils to square millimeters   5.066 X 10' 
Circular mils to square mils   0.7854 

Degrees to minutes   60.00 
Degrees to radians   0.01745 
Dynes per square centimeter to bars   1.00 

Ergs to joules   10' 

Feet to centimeters   30.48 
Feet to meters   0.3048 
Foot-pounds to British thermal units   1.285 x 10-' 
Foot-pounds to joules   1.356 
Foot-pounds to kilogram meters   0.1383 
Foot-pounds per minute to horsepower   3.03 x 10' 
Foot-pounds per minute to kilowatts   2.260 x 10' 
Foot-pounds per minute to watts   0.0226 
Foot-pounds per second to horsepower   1.818 X 10' 
Foot-pounds per second to kilowatts   1.356 x 104 
Foot-pounds per second to watts   1.356 

Gram calories to joules   4.186 

Horsepower to foot-pounds per minute   33,000.00 
Horsepower to foot-pounds per second   550.00 
Horsepower to kilowatts   0.746 
Horsepower to watts   746.00 
Inches to centimeters   2.54 
Inches to meters   0.0254 
Inches to millimeters   25.40 
Inches to mils   1,000.00 

Joules to British thermal units   9.47 X 10' 
Joules to ergs   107 
Joules to foot-pounds   0.7375 
Joules to gram-calories   0.2388 
Joules to kilogram-meters   0.10198 
Joules to watt-hours   2.778 X 10' 

Kilograms to pounds   2.205 
Kilogram-meters to foot-pounds   7.233 
Kilogram-meters to joules   9.8117 
Kilogram-meters per second to watts   9.807 
Kilograms per kilometer to pounds per 1,000 feet   0.6719 

Fig. 25-208. Conversion factors for area, length, 
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To Convert Multiply By 
Kilometers to feet   3,281.00 
Kilometers to miles   0.6214 
Kilometers to yards   1,093.60 
Kilowatts to horsepower   1.341 

Meters to feet   3.2808 
Meters to inches   39.3701 
Meters to yards   1.0936 
Miles to kilometers   1.6093 
Millimeters to inches   0.03937 
Millimeters to mils   39.3701 
Mils to centimeters   2.54 X 10" 
Mils to inches   0.001 
Mils to millimeters   0.0254 

Ohms per kilometer to ohms per 1,000 feet   0.3048 
Ohms per 1,000 feet to ohms per kilometer   3.2808 
Ohms per 1,000 yards to ohms per kilometer   1.0936 

Pounds to kilograms   0.4536 
Pounds per 1,000 feet to kilograms per kilometer   1.488 
Pounds per 1,000 yards to kilograms per kilometer   0.4960 
Pounds per 1,000 yards to pounds per kilometer   1.0936 

Radians to degrees   57.30 
Radians to minutes   3438.00 
Resistivity in microhm centimeters to ohms CMF   6.0153 
Resistivity in ohms CMF to microhm centimeters   0.166 

Specific gravity to pounds per cubic inch   0.0361 
Square centimeters to circular mils   1.973 X 105 
Square centimeters to square feet   1.076 X 10' 
Square centimeters to square inches   0.155 
Square feet to square centimeters   929.00 
Square feet to square inches   144.00 
Square feet to square meters   0.0929 
Square inches to circular mils  1,273,240.00 
Square inches to square centimeters   6.4516 
Square inches to square feet   6.944 X 10' 
Square inches to square mils   10" 
Square inches to square millimeters   645.16 
Square meters to square feet   10.764 
Square millimeters to circular mils   1,973.51 
Square millimeters to square inches   1.55 X 10' 
Square mils to circular mils   1.2732 
Square mils to square centimeters   6.452 x 10' 
Square mils to square inches   10" 

Watts to foot-pounds per minute   44.25 
Watts to foot-pounds per second   0.7375 
Watts to horsepower   1.341 X 10' 
Watts to kilogram-meters per second   0.1020 
Watt-hours to British thermal units   3.4126 

Yards to centimeters   91.44 
Yards to meters   0.9144 

power, energy, and miscellaneous units. 
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COMMON LOGARITHMS 

N 0 1 2 3 4 5 6 7 8 9 N 

10 0000 0043 0086 0128 0170 0212 0253 0294 0334 0374 10 
1 1 0414 0453 0492 0531 0569 0607 0645 0682 0719 0755 11 
12 0792 0828 0864 0899 0934 0969 1004 1038 1072 1106 12 
13 1139 1173 1206 1239 1271 1303 1335 1367 1399 1430 13 
14 1461 1492 1523 1553 1584 1614 1644 1673 1703 1732 14 

15 1761 1790 1818 1847 1875 1903 1931 1959 1987 2014 15 
16 2041 2068 2095 2122 2148 2175 2201 2227 2253 2279 16 
17 2304 2330 2355 2380 2405 2430 2455 2480 2504 2529 17 
18 2553 2577 2601 2625 2648 2672 2695 2718 2742 2765 18 
19 2788 2810 2833 2856 2878 2900 2923 2945 2967 2989 19 

20 3010 3032 3054 3075 3096 3118 3139 3160 3181 3201 20 
21 3222 3243 3263 3284 3304 3324 3345 3365 3385 3404 21 
22 3424 3444 3464 3483 3502 3522 3541 3560 3579 3598 22 
23 3617 3636 3655 3674 3692 3711 3729 3747 3766 3784 23 
24 3802 3820 3838 3856 3874 3892 3909 3927 3945 3962 24 

25 3979 3997 4014 4031 4048 4065 4082 4099 4116 4133 25 
26 4150 4166 4183 4200 4216 4232 4249 4265 4281 4298 26 
27 4314 4330 4346 4362 4378 4393 4409 4425 4440 4456 27 
28 4472 4487 4502 4518 4533 4548 4564 4579 4594 4609 28 
29 4624 4639 4654 4669 4683 4698 4713 4728 4742 4757 29 

30 4771 4786 4800 4814 4829 4843 4857 4871 4886 4900 30 
31 4914 4928 4942 4955 4969 4983 4997 5011 5024 5038 31 
32 5051 5065 5079 5092 5105 5119 5132 5145 5159 5172 32 
33 5185 5198 5211 5224 5237 5250 5263 5276 5289 5302 33 
34 5315 5328 5340 5353 5366 5378 5391 5403 5416 5428 34 

35 5441 5453 5465 5478 5490 5502 5514 5527 5539 5551 35 
36 5563 5575 5587 5599 5611 5623 5635 5647 5658 5670 36 
37 5682 5694 5705 5717 5729 5740 5752 5763 5775 5786 37 
38 5798 5809 5821 5832 5843 5855 5866 5877 5888 5899 38 
39 5911 5922 5933 5944 5955 5966 5977 5988 5999 6010 39 

40 6021 6031 6042 6053 6064 6075 6085 6096 6107 6117 40 
41 6128 6138 6149 6160 6170 6180 6191 6201 6212 6222 41 
42 6232 6243 6253 6263 6274 6284 6294 6304 6314 6325 42 
43 6335 6345 6.15.5 6365 6375 6385 6395 6405 6415 6425 43 
44 6435 6444 6454 6464 6474 6484 6493 6503 6513 6522 44 

45 6532 6542 6551 6561 6571 6580 6590 6599 6609 6618 45 
46 6628 6637 6646 6656 6665 6675 6684 6693 6702 6712 46 
47 6721 6730 6739 6749 6758 6767 6776 6785 6794 6803 47 
48 6812 6821 6830 6839 6848 6857 6866 6875 6884 6893 48 

49 6902 6911 6920 6928 6937 6946 6955 6964 6972 6981 49 

50 6990 6998 7007 7016 7024 7033 7042 7050 7059 7067 50 
51 7076 7084 7093 7101 7110 7118 7126 7135 7143 7152 51 
52 7160 7168 7177 7185 7193 7202 7210 7218 7226 7235 52 
53 7243 7251 7259 7267 7275 7284 7292 7300 7308 7316 53 

54 7324 7332 7340 7348 7356 7364 7372 7380 7388 7396 54 

N 0 1 2 3 4 5 6 7 8 9 N 

Fig. 25-209. Table of 
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COMMON LOGARITHMS (Continued) 

N 0 1 2 3 4 5 6 7 8 9 N 

55 7404 7412 7419 7427 7435 7443 7451 7459 7466 7474 55 
56 7482 7490 7497 7505 7513 7520 7528 7536 7543 7551 56 
57 7559 7566 7574 7582 7589 7597 7604 7612 7619 7627 57 
58 7634 7642 7649 7657 7664 7672 7679 7686 7694 7701 58 
59 7709 7716 7723 7731 7738 7745 7752 7760 7767 7774 59 

60 7782 7789 7796 7803 7810 7818 7825 7832 7839 7846 60 
61 7853 7860 7868 7875 7882 7889 7896 7903 7910 7917 61 

62 7924 7931 7938 7945 7952 7959 7966 7973 7980 7987 62 
63 7993 8000 8007 8014 8021 8028 8035 8041 8048 8055 63 
64 8062 8069 8075 8082 8089 8096 8102 8109 8116 8122 64 

65 8129 8136 8142 8149 8156 8162 8169 8176 8182 8189 65 
66 8195 8202 8209 8215 8222 8228 8235 8241 8248 8254 66 

67 8261 8267 8274 8280 8287 8293 8299 8306 8312 8319 67 
68 8325 8341 8338 8344 8351 8357 8363 8370 8376 8382 68 
69 8388 8395 8401 8407 8414 8420 8426 8432 8439 8445 69 

70 8451 8457 8463 8470 8476 8482 8488 8494 8500 8506 70 
71 8513 8519 8525 8531 8537 8543 8549 8555 8561 8567 71 
72 8573 8579 8585 8591 8597 8603 8609 8615 8621 8627 72 
73 8633 8639 8645 8651 8657 8663 8669 8675 8681 8686 73 

74 8692 8698 8704 8710 8716 8722 8727 8733 8739 8745 74 

75 8751 8756 8762 8768 8774 8779 8785 8791 8797 8802 75 
76 8808 8814 8820 8825 8831 8837 8842 8848 8854 8859 76 
77 8865 8871 8876 8882 8887 8893 8899 8904 8910 8915 77 
78 8921 8927 8932 8938 8943 8949 8954 8960 8965 8971 78 
79 8976 8982 8987 8993 8998 9004 9009 9015 9020 9025 79 

80 9031 9036 9042 9047 9053 9058 9063 9069 9074 9079 80 
81 9085 9090 9096 9101 9106 9112 9117 9122 9128 9133 81 
82 9138 9143 9149 9154 9159 9165 9170 9175 9180 9186 82 
83 9191 9196 9201. 9206 9212 9217 9222 9227 9232 9238 83 
84 9243 9248 9253 9258 9263 9269 9274 9279 9284 9289 84 

85 9294• 9299 9304 9309 931.5 _ 9320 9325 9330 9335 9340 85 
86 9345 9350 9355 9360 9365 9370 9375 9380 9385 9390 86 
87 9395 9400 9405 9410 9415 9420 9425 9430 9435 9440 87 

88 9445 9450 9455 9460 9465 9469 9474 9479 9484 9489 88 
89 9494 9499 9504 9509 9513 9518 9523 9528 9533 9538 89 

90 9542 9547 9552 9557 9562 9566 9571 9576 9581 9586 90 
91 9590 9595 9600 9605 9609 9614 9619 9624 9628 9633 91 
92 9638 9643 9647 9652 9657 9661 9666 9671 9675 9680 92 

93 9685 9689 9694 9699 9703 9708 9713 9717 9722 9727 93 
94 9731 9736 9741 9745 9750 9754 9759 9763 9768 9773 94 

95 9777 9782 9786 9791 9795 9800 9805 9809 9814 9818 95 
96 9823 9827 9832 9836 9841 9845 9850 9854 9859 9863 96 
97 9868 9872 9877 9881 9886 9890 9894 9899 9903 9908 97 
98 9912 9917 9921 9926 9930 9934 9939 9943 9948 9952 98 
99 9956 9961 9965 9969 9974 9978 9983 9987 9991 9996 99 

N 0 1 2 3 4 5 6 7 8 9 N 

common logarithms. 
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Degrees Sin Cos Tan Cot 

0° 00' 0.0000 1.0000 0.0000 co 90° 00' 
10 .0029 1.0000 .0029 343.77 50 
20 .0058 1.0000 .0058 171.89 40 
30 .0087 1.0000 .0087 114.59 30 
40 .0116 .9999 .0116 85.940 20 
50 .0145 .9999 .0145 68.750 10 

1° 00' 0.0175 0.9998 0.0175 57.290 89 ° 00' 
10 .0204 .9998 .0204 49.104 50 
20 .0233 .9997 .0233 42.964 40 
30 .0262 .9997 .0262 38.188 30 
40 .0291 .9996 .0291 34.368 20 
50 .0320 .9995 .0320 31.242 10 

2 ° 00' 0.0349 0.9994 0.0349 28.636 88° 00' 
10 .0378 .9993 .0378 26.432 50 
20 .0407 .9992 .0407 24.542 40 
30 .0436 .9990 .0437 22.904 30 
40 .0465 .9989 .0466 21.470 20 
50 .0494 .9988 .0495 20.206 10 

3° 00' 0.0523 0.9986 0.0524 19.081 87° 00' 
10 .0552 .9985 .0553 18.075 50 
20 .0581 .9983 .0582 17.169 40 
30 .0610 .9981 .0612 16.350 30 
40 .0640 .9980 .0641 15.605 20 
50 .0669 .9978 .0670 14.924 10 

4° 00' 0.0698 0.9976 0.0699 14.301 86° 00' 
10 .0727 .9974 .0729 13.727 50 
20 .0756 .9971 .0758 13.197 40 
30 .0785 .9969 .0787 12.706 30 
40 .0814 .9967 .0816 12.251 20 
50 .0843 .9964 .0846 11.826 10 

5° 00' 0.0872 0.9962 0.0875 11.430 85 ° 00' 
10 .0901 .9959 .0904 11.059 50 
20 .0929 .9957 .0934 10.712 40 
30 .0958 .9954 .0963 10.385 30 
40 .0987 .9951 .0992 10.078 20 
50 .1016 .9948 .1022 9.7882 10 

6° 00' 0.1045 0.9945 0.1051 9.5144 84° 00' 
10 .1074 .9942 .1080 9.2553 50 
20 .1103 .9939 .1110 9.0098 40 
30 .1132 .9936 .1139 8.7769 30 
40 .1161 .9932 .1169 8.5555 20 
50 .1190 .9929 .1198 8.3450 10 

7° 00' 0.1219 0.9925 0.1228 8.1443 83° 00' 
10 .1248 .9922 .1257 7.9530 50 
20 .1276 .9918 .1287 7.7704 40 
30 .1305 .9914 .1317 7.5958 30 
40 .1334 .9911 .1346 7.4287 20 
50 .1363 .9907 .1376 7.2687 10 

8* 00' 0.1392 0.9903 0.1405 7.1154 82° 00' 
10 .1421 .9899 .1435 6.9682 50 
20 .1449 .9894 .1465 6.8269 40 

30 .1478 .9890 .1495 6.6912 30 
40 .1507 .9886 .1524 6.5606 20 

50 .1536 .9881 .1554 6.4348 10 

9° 00' 0.1564 0.9877 0.1584 6.3138 81 ° 00' 
10 .1593 .9872 .1614 6.1970 50 

20 .1622 .9868 .1644 6.0844 40 

30 .1650 .9863 .1673 5.9758 30 
40 .1679 .9858 .1703 5.8708 20 
50 .1708 .9853 .1733 5.7694 10 

Cos Sin Cot Tan Degrees 

Iv 

Fig. 25-210. Table of natural 
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Degrees Sin Cos Tan Cot 

10° 00' 0.1736 0.9848 0.1763 5.6713 80° 00' 
10 .1765 .9843 .1793 5.5764 50 
20 .1794 .9838 .1823 5.4845 40 
30 .1822 .9833 .1853 5.3955 30 
40 .1851 .9827 .1883 5.3093 20 
50 .1880 .9822 .1914 5.2257 10 

11 ° 00' 0.1908 0.9816 0.1944 5.1446 79° 00' 
10 .1937 .9811 .1974 5.0658 50 
20 .1965 .9805 .2004 4.9894 40 
30 .1994 .9799 .2035 4.9152 30 
40 .2022 .9793 .2065 4.8430 20 
50 .2051 .9787 .2095 4.7729 10 

12° 00' 0.2079 0.9781 0.2126 4.7046 78° 00' 
10 .2108 .9775 .2156 4.6382 50 
20 .2136 .9769 .2186 4.5736 ao 
30 .2164 .9763 .2217 4.5107 30 
40 .2193 .9757 .2247 4.4494 20 
50 .2221 .9750 .2278 4.3897 10 

13° 00' 0.2250 0.9744 0.2309 4.3315 77° 00' 
10 .2278 .9737 .2339 4.2747 50 
20 .2306 .9730 .2370 4.2193 40 
30 .2334 .9724 .2401 4.1653 30 
40 .2363 .9717 .2432 4.1126 20 
50 .2391 .9710 .2462 4.0611 10 

14° 00' 0.2419 0.9703 0.2493 4.0108 76° 00' 
10 .2447 .9696 .2524 3.9617 50 
20 .2476 .9689 .2555 3.9136 40 
30 .2504 .9681 .2586 3.8667 30 
40 .2532 .9674 .2617 3.8208 20 
50 .2560 .9667 .2648 3.7760 10 

15° 00' 0.2588 0.9659 0.2679 3.7321 75° 00' 
10 .2616 .9652 .2711 3.6891 50 
20 .2644 .9644 .2742 3.6470 40 
30 .2672 .9636 .2773 3.6059 30 
40 '.2700 .9628 .2805 3.5656 20 
50 .2728 .9621 .2836 3.5261 10 

16° 00' 0.2756 0.9613 0.2867 3.4874 74° 00' 
10 .2784 .9605 .2899 3.4495 50 
20 .2812 .9596 .2931 3.4124 40 
30 .2840 .9588 .2962 3.3759 30 
40 .2868 .9580 .2994 3.3402 20 
50 .2896 .9572 .3026 3.3052 10 

17° 00' 0.2924 0.9563 0.3057 3.2709 73 00' 

10 .2952 .9555 .3089 3.2371 50 
20 .2979 .9546 .3121 3.2041 40 
30 .3007 .9537 .3153 3.1716 30 
40 .3035 .9528 :3185 3.1397 20 

50 .3062 .9520 .3217 3.1084 10 

18° 00' 0.3090 0.9511 0.3249 3.0777 72° 00' 
10 .3118 .9502 .3281 3.0475 50 

20 .3145 .9492 .3314 3.0178 40 

30 .3173 .9483 .3346 2.9887 30 
40 .3201 .9474 .3378 2.9600 20 

50 .3228 .9465 .3411 2.9319 10 

19° 00' 0.3256 0.9455 0.3443 2.9042 71 ° 00' 

10 .3283 .9446 .3476 2.8770 50 

20 .3311 .9436 .3508 2.8502 40 

30 .3338 .9426 .3541 2.8239 30 
. ao .3365 .9417 .3574 2.7980 20 

50 .3393 .9407 .3607 2.7725 10 

Cos Sin Cot Tan Degrees 

trigonometric functions (Continued next page). 
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Degrees Sin Cos Tan Cot 

200 00' 0.3420 0.9397 0.3640 2.7475 70° 00' 
10 .3448 .9387 .3673 2.7228 50 
20 .3475 .9377 .3706 2.6985 40 
30 .3502 .9367 .3739 2.6746 30 
40 .3529 .9356 .3772 2.6511 20 
50 .3557 .9346 .3805 2.6279 10 

21 ° 00' 0.3584 0.9336 0.3839 2.6051 69° 00' 
10 .3611 .9325 .3872 2.5826 50 
20 .3638 .9315 .3906 2.5605 40 
30 .3665 .9304 .3939 2.5386 30 
40 .3692 .9293 .3973 2.5172 20 
50 .3719 .9283 .4006 2.4960 10 

22° 00' 0.3746 0.9272 0.4040 2.4751 68° 00' 
10 .3773 .9261 .4074 2.4545 50 
20 .3800 .9250 .4108 2.4342 40 
30 .3827 .9239 .4142 2.4142 30 
40 .3854 .9228 .4176 2.3945 20 
50 .3881 .9216 .4210 2.3750 10 

23° 00' 0.3907 0.9205 0.4245 2.3559 67° 00' 
10 .3934 .9194 .4279 2.3369 50 
20 .3961 .9182 .4314 2.3183 40 
30 .3987 .9171 .4348 2.2998 30 
40 .4014 .9159 .4383 2.2817 20 
50 .4041 .9147 .4417 2.2637 10 

24° 00' 0.4067 0.9135 0.4452 2.2460 66° 00' 
10 .4094 .9124 .4487 2.2286 50 
20 .4120 .9112 .4522 2.2113 40 
30 .4147 .9100 .4557 2.1943 30 
40 .4173 .9088 .4592 2.1775 20 
50 .4200 .9075 .4628 2.1609 10 

25 ° 00' 0.4226 0.9063 0.4663 2.1445 65* 00' 
10 .4253 .9051 .4699 2.1283 50 
20 .4279 .9038 .4734 2.1123 40 
30 .4305 .9026 .4770 2.0965 30 
40 .4331 .9013 .4806 2.0809 20 
50 .4358 .9001 .4841 2.0655 10 

26° 00' 0.4384 0.8988 0.4877 2.0503 64° 00' 
10 .4410 .8975 .4913 2.0353 50 
20 .4436 .8962 .4950 2.0204 40 
30 .4462 .8949 .4986 2.0057 30 
40 .4488 .8936 .5022 1.9912 20 
50 .4514 .8923 .5059 1.9768 10 

27° 00' 0.4540 0.8910 0.5095 1.9626 63° 00' 
10 .4566 .8897 .5132 1.9486 50 
20 .4592 .8884 .5169 1.9347 40 
30 .4617 .8870 .5206 1.9210 30 
40 .4643 .8857 .5243 1.9074 20 
50 .4669 .8843 .5280 1.8940 10 

28° 00' 0.4695 0.8829 0.5317 1.8807 62° 00' 
10 .4720 .8816 .5354 1.8676 50 
20 .4746 .8802 .5392 1.8546 40 
30 .4772 .8788 .5430 1.8418 30 
40 .4797 .8774 .5467 1.8291 20 
50 .4823 .8760 .5505 1.8165 10 

29°... 00' 0.4848 0.8746 0.5543 1.8040 61* 00' 
10 .4874 .8732 .5581 1.7917 50 
20 .4899 .8718 .5619 1.7796 40 
30 .4924 .8704 .5658 1.7675 30 
40 .4950 .8689 .5696 1.7556 20 
50 .4975 .8675 .5735 1.7437 10 

Cos Sin Cot Tan Degrees 

Fig. 25-210. Table of natural 
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Degrees Sin Cos Tan Cot 

30° 00' 0.5000 0.8660 0.5774 1.7321 60° 00' 
10 .5025 .8646 .5812 1.7205 50 
20 .5050 .8631 .5851 1.7090 40 
30 .5075 .8616 .5890 1.6977 30 
40 .5100 .8601 .5930 1.6864 20 
50 .5125 .8587 .5969 1.6753 10 

31 ° 00' 0.5150 0.8572 0.6009 1.6643 59° 00' 
10 .5175 .8557 .6048 1.6534 50 
20 .5200 .8542 .6088 1.6426 40 
30 .5225 .8526 .6128 1.6319 30 
40 .5250 .8511 .6168 1.6212 20 
50 .5275 .8496 .6208 1.6107 10 

32 ° 00' 0.5299 0.8480 0.6249 1.6003 58° 00' 
10 .5324 .8465 .6289 1.5900 50 
20 .5348 .8450 .6330 1.5798 40 
30 .5373 .8434 .6371 1.5697 30 
ao .5398 .8418 .6412 1.5597 20 
50 .5422 .8403 .6453 1.5497 10 

33° 00' 0.5446 0.8387 0.6494 1.5399 57° 00' 
10 .5471 .8371 .6536 1.5301 50 
20 .5495 .8355 .6577 1.5204 40 
30 .5519 .8339 .6619 1.5108 30 
ao .5544 .8323 .6661 1.5013 20 
50 .5568 .8307 .6703 1.4919 10 

34° 00' 0.5592 "*. 0.8290 0.6745 1.4826 56° 00' 
10 .5616 .8274 .6787 1.4733 50 
20 .5640 .8258 .6830 1.4641 40 
30 .5664 .8241 .6873 1.4550 30 
40 .5688 .8225 .6916 1.4460 20 
50 .5712 .8208 .6959 1.4370 10 

35° 00' 0.5736 0.8192 0.7002 1.4281 55° 00' 
10 .5760 .8175 .7046 1.4193 50 
20 .5783 .8158 .7089 1.4106 40 
30 .5807 .8141 .7133 1.4019 30 
40 .5831 .8124 .7177 1.3934 20 
50 .5854 .8107 .7221 1.3848 10 

36° 00' 0.5878 0.8090 0.7265 1.3764 54° 00' 
10 .5901 .8073 .7310 1.3680 50 
20 .5925 .8056 .7355 1.3597 40 
30 .5948 .8039 .7400 1.3514 30 
40 .5972 .8021 .7445 1.3432 20 
50 .5995 .8004 .7490 1.3351 10 

37° 00' .6018 .7986 .7536 1.3270 53° 00' 
10 .6041 .7969 .7581 1.3190 50 
20 .6065 .7951 .7627 1.3111 40 
30 .6088 .7934 .7673 1.3032 30 
ao .6111 .7916 .7720 1.2954 20 
50 .6134 .7898 .7766 1.2876 10 

38 ° 00' 0.6157 0.7880 0.7813 1.2799 52° 00' 
10 .6180 .7862 .7860 1.2723 50 
20 .6202 .7844 .7907 1.2647 40 
30 .6225 .7826 .7954 1.2572 30 
ao .6248 .7808 .8002 1.2497 20 
50 .6271 .7790 .8050 1.2423 10 

39° 00' 0.6293 0.7771 0.8098 1.2349 51° 00' 
10 .6316 .7753 .8146 1.2276 50 
20 .6338 .7735 .8195 1.2203 40 
30 .6361 .7716 .8243 1.2131 30 
40 .6383 .7698 .8292 1.2059 20 
50 .6406 .7679 .8342 1.1988 10 

Cos Sin Cot Ten Degrees 

trigonometric functions (Continued next page). 
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Degrees Sin Cos Tan Cot 

40° 00' 0.6428 0.7660 0.8391 1.1918 50° 00' 
10 .6450 .7642 .8441 1.1847 50 
20 .6472 .7623 .8491 1.1778 40 
30 .6494 .7604 .8541 1.1708 30 
40 .6517 .7585 .8591 1.1640 20 
50 .6539 .7566 .8642 1.1571 10 

41* 00' 0.6561 0.7547 0.8693 1.1504 49° 00' 
10 .6583 .7528 :8744 1.1436 50 
20 .6604 .7509 .8796 1.1369 40 
30 .6626 .7490 .8847 1.1303 30 
40 .6648 .7470 .8899 1.1237 20 
50 .6670 .7451 .8952 1.1171 10 

42° 00' 0.6691 0.7431 0.9004 1.1106 48° 00' 
10 .6713 .7412 .9057 1.1041 50 
20 .6734 .7392 .9110 1.0977 40 
30 .6756 .7373 .9163 1.0913 30 
40 .6777 .7353 .9217 1.0850 20 
50 .6799 .7333 .9271 1.0786 10 

43° 00' 0.6820 0.7314 0.9325 1.0724 47° 00' 
10 .6841 .7294 .9380 1.0661 50 
20 .6862 .7274 .9435 1.0599 40 
30 .6884 .7254 .9490 1.0538 30 
40 .6905 .7234 .9545 1.0477 20 
SO .6926 .7214 .9601 1.0416 10 

44° 00' 0.6947 0.7193 0.9657 1.0355 46° 00' 
10 .6967 .7173 .9713 1.0295 50 
20 .6988 .7163 .9770 1.0235 40 
30 .7009 .7133 .9827 1.0176 30 
40 .7030 .7112 .9884 1.0117 20 
50 .7050 .7092 .9942 1.0058 10 

45° 00' 0.7071 0.7071 1.0000 1.0000 45° 00' 

Cos Sin Cot Tan Degrees 

Fig. 25-210. Table of natural ty gonometric functions (Cont'd). 

The letter appearing before the slash 
(/) is a specification modification. 

25.213 Give an energy-level chart. 
-Energy levels are difficult to conceive 
without comparing energy levels from 
one scientific field to another. The en-
ergy chart prepared by J. R. William', 
Air Force Special Weapons Center 
(ARDC), appears in Fig. 25-213 and is 
designed to relate several commonly 
used units with that of real life. It will 
be observed, moving downward along 
the chart, that the energy level in-
creases. Horizontally it is constant. For 
example, the energy equivalent of 1 
gram of matter is 9 x le ergs, which 1.4 
approximately 2.5 X 10» watt-hours, or 
the energy from 20 kilotons of TNT ex-
ploded, or the energy released in com-
plete fission of 1 kilogram of radio ac-
tive uranium U-235. 

25.214 Give a decibel ratio table for 
gain or loss of voltage and power.-To 
simplify the computation for equivalent 
number of decibels for loss or gain ra-
tios of power or voltage, the table in 
Fig. 25-214 may be used as follows: 

(a) To find current or voltage loss or 
gain equivalent to a given number of 
decibels, find the required number of 
decibels in the Decibel Voltage col-
umn and read the corresponding ratio 
in loss or gain column. 

(b) To find power loss or gain ratio 
equivalent to a given number of de-
cibels, find the required number of 
decibels in the decibel power column 
and read the corresponding ratio in 
the loss or gain column. 

(c) To find the number of decibels 
equivalent to a given loss or gain, 
find the required ratio in loss or gain, 
and read the corresponding number 
of decibels in the Decibel Voltage 
column. 

(d) To find the number of decibels 
equivalent to a given power loss or 
gain, find the required ratio in the 
loss or gain column and read the cor-
responding number of decibels in the 
Decibel Power column. 

Decibels = 10 Logs, (Pt/Pr) 
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Material 

Dielectric 
Constant 
(Approx.) Material 

Dielectric 
Constant 
(Approx.) 

Air 1.0 Nylon 3.4-22.4 
Amber 2.6-2.7 Paper (dry) 1.5-3.0 
Bakelite (asbestos base) 5.0-22 Paper (paraffin coated) 2.5-4.0 
Bakelite (mica filled) 4.5-4.8 Paraffin (solid) 2.0-3.0 
Beeswax 2.4-2.8 Plexiglass 2.6-3.5 

Cambric (varnished) 4.0 Polyethylene 2.3 
Celluloid 4.0 Polystyrene 2.4-3.0 
Cellulose Acetate 3.1-4.5 Porcelain (dry process) 5.0-5.5 
Durite 4.7-5.1 Porcelain (wet process) 5.8-6.5 
Ebonite 2.7 Quartz 5.0 

Fiber 5.0 Quartz (fused) 3.78 
Formica 3.6-6.0 Rubber (herd) 2.0-4.0 
Glass (electrical) 3.8-14.5 Ruby Mica 5.4 
Glass (photographic) 7.5 Shellac (natural) 2.9-3.9 
Glass (Pyrex) 4.6-5.0 Silicone (glass) (molding) 3.2-4.7 

Glass (window) 7.6 Silicone (glass) (laminate) 3.7-4.3 
Gutta Percha 2.4-2.6 Slate 7.0 
lsolantite 6.1 Steatite (ceramic) 5.2-6.3 
Lucite 2.5 Steatite (low loss) 4.4 
Mica (electrical) 4.0-9.0 Styrofoam 1.03 

Mica (clear India) 7.5 Teflon 2.1 
Mica (filled phenolic) 4.2-5.2 Vaseline 2.16 
Micarte 3.2-5.5 Vinylite 2.7-7.5 
Mycalex 7.3-9.3 Water (distilled) 34-78 
Neoprene 4.0-6.7 Wood (dry) 1.4-2.9 

Fig. 25-211. Dielectric constants of materials. 

If the two voltages or currents under 
consideration are at the same imped-
ance level, then: 

Decibels = 20 Logio (E1/E2) 

For values outside the range of the 
table, the rules that appear below the 
table apply. 

25.215 Describe a device using ul-, 
&manic sound waves for detecting flaws 
in metal.—The use of ultrasonic sound 
waves has great industrial importance 
in the detection of flaws in castings, 
nonbonds, welding, and biological ex-
aminations. Although ultrasonic sound 
waves differ radically from electromag-
netic waves, such as visible light, they 
can be manipulated in similar ways. 
They can be reflected, refracted, scat-
tered, and absorbed, and the same phys-
ical laws apply approximately to both 
types of waveforms. This has led to the 
development of an ultrasonic camera, 
which has the capability of changing an 
ultrasonic image to an easily recogniz-
able visual form. A device of this type, 
developed by James Electronics, Inc., 
with a tradename of Ultra-Scan is pic-
tured in Fig. 25-215A. 
AU sound waves are basically a series 

of compressions and rarefactions mov-
ing through a medium, and unlike elec-

tromagnetic radiations they cannot 
travel through a vacuum. Ultrasonic 
frequencies range from 0.016 MHz to 10 
MHz, and are used in nondestruct test-
ing of various materials. 
An ultrasonic waveform passing 

through a material may be attenuated 
in two ways: by reflection and refrac-
tion, and by scattering from discontinu-
ities. Its energy may also be absorbed 
by the material. Similarly, a porous 
material gradually scatters the main 
portion of the beam and reduces its 
energy. 

The basic principle of the James 
Electronics system is given in Fig. 25-
215B. It is based on the idea that if an 
extended area of piezoelectric material 
is subjected to sound energy at a point 
on its entire surface, a potential will be 
produced at that point rather than over 
the entire surface. If this surface is 
scanned with a high-velocity electron 
beam, it emits secondary electrons 
which are displayed on a CRT. The im-
portant points of this system are that a 
secondary electron beam is modulated, 
and its intensity varies with the poten-
tial at each point on the piezoelectric 
target. Thus, ultrasonic energy passing 
through an object will produce varying 
potential in the surface of the piezoelec-
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Type 
RG... 

/U 

Imp. 
(ohms) 

Cap. 
(mmf 
per ft.) 

Diem. 
(inches) 

Attenua ion-db per 100 ft. 

REMARKS 
1 
mc 

10 
mc 

100 
mc 

400 
mc 

1000 
mc 

5 52.5 28.5 .332 .21 .77 2.9 6.5 11.5 Small, double braid 
5A 50 29 .328 .16 .66 2.4 5.25 8.8 Small, low loss 

6 76 20 .332 .21 .78 2.9 6.5 11.2 IF & video 
8 52 29.5 .405 .16 .55 2.0 4.5 8.5 General purpose 
9 51 30 .420 .12 .47 1.9 4.4 8.5 General purpose 

9A 51 30 .420 .16 .59 2.3 5.2 8.6 Stable attenuation 
11 75 20.5 .405 .18 .62 2.2 4.7 8.2 Community TV 
13 74 20.5 .420 .18 .62 2.2 4.7 8.2 IF 
14 52 29.5 .545 .10 .38 1.5 3.5 6.0 RF power 
16 52 29.5 .630 - - - - -  RF power 

17 52 29.5 .870 .06 .24 .95 2.4 4.4 RF power 
19 52 29.5 1.120 .04 .17 .68 1.28 3.5 Low-loss RF 
21 53 29 .332 1.4 4.4 14.0 29.0 46.0 Attenuating cable 
22 95 16 .405 .41 1.3 4.3 8.8 - Twin conductors 
23 125 12 .65 X .945 - .4 1.7 - - Twin conductors 

(balanced) 

25 48 50 .565 - - - - - Pulse 
26 48 50 .525 - - - - - Pulse 
27 48 50 .675 - - - - - Pulse 
28 48 50 .805 - - - - - Pulse 
33 51 30 .470 - - - - - Pulse 

34 71 21.5 .625 .065 .29 1.3 3.3 6.0 Flexible, medium 
35 71 21.5 .945 .064 .22 .85 2.3 4.2 Low-loss video 
36 69 22 1.180 - - - - 

Special twist 41 67.5 27 .425 - - - - - 
54A 58 26.5 .250 .18 .74 3.1 6.7 11.5 Flexible, small 

55 53.5 28.5 .206 .36 1.3 4.8 10.4 17.0 Flexible, small 
56 - - .535 - - - - - Pulse 
57 95 17 . .625 .18 .71 3.0 7.3 13.0 Twin conductors 
58 53.5 30 .195 .38 1.4 5.2 11.2 20.0 General purpose 
58A 50 30 .195 .42 1.6 6.2 14.0 24.0 Test leads 

59 73 21 .242 .30 1.1 3.8 8.5 14.0 TV lead-in 
60 50 - .425 - - - - - Pulse cable 
61 500 - - ----- Special 500-ohm 

twin-lead 
62 93 133 .242 .25 .83 2.7 5.6 9.0 Low capacity, small 

63 125 10 .405 .19 .61 2.0 4.0 6.3 Low capacity 
64 48 50 .195 - - - - - Pulse 
65 950 44 .405 - - - - - Coaxial delay line 
71 93 13.5 .250 .25 .83 2.7 5.6 9.0 Low capacity, small 
77 48 50 .415 - - - - - Pulse 

78 48 50 .385 - -- - - - Pulse 

87A 50 29.5 .425 .13 .52 2.0 4.4 7.6 Teflon dielectric 

88 48 50 .490 - - - -- - Pulse 
101 75 - .588 -- - --- --
102 140 - 1.088 - - - - 

108 76 25 .245 - - - - - Twin conductors 

114 185 6.5 .405 - - - - -  Extra flexible 
117 50 29 .730 .05 .20 .85 2.0 3.6 Teflon & Fiberglas 

119 50 29 .470 - - - - - Teflon & Fiberglas 

122 50 29.3 .160 .40 1.70 7.0 16.5 29.0 

126 50 29 .290 3.20 9.0 25.0 47.0 72.0 Teflon & Fiberglas 

140 73 21 .242 .33 1.03 3.3 6.9 11.7 Teflon & Fiberglas 

141 50 29 .195 .35 1.12 3.8 8.0 13.8 Teflon & Fiberglas 

142 50 29 .206 .35 1.12 3.8 8.0 13.8 Teflon & Fiberglas 

143 50 29 .325 .24 .77 2.5 5.3 9.0 Teflon 8. Fiberglas 

144 72 21 .395 .16 .53 1.8 3.9 7.0 Teflon & Fiberglas 

174 50 30 .10 - - - 19.0 - Miniature coaxial 

Fig. 25-212. Characteristic, of coaxial cable. 



GENERAL INFORMATION, CHARTS, AND TABLES 1699 

m-11 

IMEV;KatItton electron -101N 

1.6 • 10-'eap 

1 ERG; 1 dyree-on 

1 JOULE ABS; 104 am 

1 FOOT-POUND. I 356 a104 // 

I T CALORIE,4 187.104  

xi mu; 1.055107110.44P OE  

'I WATT-HOUR ABS  
3 6 •10.war.,by 
41 HORSEPOWER-HOUR; 2 .6845 a 10.ml 

Ut 

1 KILOwATT-HOUR, ABS.  

ENERGY OF I TON OF TNT; 4.2 .10. ere 

ENERGY EQUIV. OF I GRAM OF MATTER 

01 

KINETIC ENERGY PER MOLECULE PER 'I( 

0.136310 44 . 

AVERAGE ENERGY REQUIRED TO PRODUCE 1 ION-PAIR IN AIR 

10-. 

to   
10-.1   

to-t.  

to-• 

to-OE 
to. 

to.  
to" 
toot 
loto 
to. 
to. 
10,T  

10. 

oto 

to. 
›oto 
tost 
toto 

lo. 

to. 
to» 

MASS ENERGY OF I ELECTRON; 0.5,Gro 

MEAN ENERGY OF A PHOTON FROM 

AN ATOM/C FISSION; 0.7gaere 

PROMPT ENERGY OF FISSION OF I ATOM 

OF U OR PU (SLOW NEUTRONS), 1.6 /, l0'. 

MASS ENERGY OF 1 ATOMIC MASS UNIT 

93104,/ (0.16) 

ENERGY GAINED BY 1 GRAM OF AIR ABSORBING 1 ROENTGEN. 86 Hap 

97 ERGS FOR I GRAM OF BODY TISSUE 

lo-. 
IO-

10-' 

MUZZLE ENERGY OF CARTRIDGE,BALI_  

(30001., M2-15191 bullei,21100fp.,262611-111) 

10-, ENERGY RELEASED IN 
COMPLETE FISSION OF I KG Cf 

U-235 (opprox SORT OF TN 

BURNING 7000 TONS OF COAL 
SOLAR ENERGY PER DAY ON 2 

SO MILES  

T PU T OF HOOVER DAM 

10' 

lo. 
10, 

104 
MODERATE RA-NO/WI OVER 

10' WASH ,D.C. 
too  WORLD USE OF ENERGY IN I950. 

100E'eags 
le ENERGY Cf A STRONG EARTHQUAKE 

10' EARTHS DAILY RECEIPT OF SOLAR 
ENERGY 1.49 a 10. Hp tot 

to. 
los 

to' 
to. 
loo 
tom 
to" 

MOON'S KINETIC ENERGY OF 
TRANSLATION IN ITS ORBIT 

3.63 a 10. ergs 

Fig. 25-213. Energy level chart. After J. R. Williams. 
Rockets.) 

trio target, characteristic of the flaw of 
the object. The final display on the CRT 
is a visual presentation of the flaw. 
Flaws on the order of 0.010 inch may be 
thoroughly analyzed. 

The Ultra-Scan, pictured in Fig. 25-
215A consists of a control console, a 
sealed tube console, and a specimen 
tank. The system may be operated at 
frequencies between 1 and 10 MHz. 
Typical images as seen on the CRT are 
shown in Figs. 25-215C and D. 

to. 

SUNS DAILY 
OUTPUT OF ENERGY — 
3'10"n0. P« fay 

EARTH'S KINETC ENERGY OF 
10.  TRANSLATION IN ITS ORBIT 

2.57 .10. HG. 

(Courtesy, Missiles and 

When the system is used for biologi-
cal research, it is possible to identify the 
differences between blood and tissue, 
and between different types of tissue. 
Frozen tissues are easily identified. 
Cinesonograph (motion picture) of liv-
ing tissue is also possible. 
The system described can be used to 

nondestruct test primary metals and 
many nonmetallic materials for surface, 
subsurface, deep-seated cracks, hole 
porosity differences, foreign inclusion, 
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flow and stress patterns, laminai flow in 
fluids, temperature differences, homo-
genity in potted assemblies, and many 
others. 

25.216 Describe an ultrasonic thick-
ness-measuring gauge.-Ultrasonic thick-
ness-measuring gauges utilize the reso-
nance principle, responding to mechan-
ical resonant frequencies provided by 
the test sample. An ultrasonic thickness 
gauge, Model SO-300, manufactured by 
Magnaflux Corp., is shown in Figs. 25-
216A and B. 

The instrument contains an ultra-
sonic oscillator which generates a con-
tinuously varying frequency. This fre-
quency is fed to a crystal transducer. 
Ultrasonic vibrations are emitted by the 
crystal into the sample under test, 
through a coupling medium such as oil, 
glycerin, or a soap film. The mechanical 
resonant frequency of the test sample 
varies with its thickness. When the 

constantly varying frequency hits this 
resonance, there is an electrical change 
within the crystal which is sensed by 
the instrument and displayed as a log-
arithmically spaced pattern of neon 
lights in a viewing window, covering an 
arc of 180 degrees. A logarithmic func-
tion generator provides the basis for the 
direct readout capabilities. 

Three overlapping ranges provide 
measurements ranging from 0.025 to 3.0 
inches. To operate, the operator selects 
the correct range and applies a liquid 
couplant to the material to be measured, 
and positions the transducer. A har-
monic scale disc is then rotated until 
the division lines accurately coincide 
with a flashing light pattern. A circular 
calibrated scale on the disc interprets 
the flashes in terms of the thickness of 
the material tested. 
A number of transducers in various 

shapes are available for testing a variety 
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Decibel Decibel 
(Voltage) Lea Gala (Power) 

Decibel 
(Voltage) Les* 

Decibel 
GaItt (Peas,) 

.0 1.0000 1.000 .0 5.0 .5623 1.778 .30 10.0 .3102 3.162 0.00 10.11 .1778 5.423 .30 
.9886 1.012 .05 .1 .5559 1.799 .55 3.199 5.689 .55 
.9772 1.023 .10 .2 .5495 1.820 .60 

.1 .3126 .05 
2 3.236 

.1 .1758 

.2 5.754 .60 
.3 .9661 1.035 .15 .3 .5433 1.841 .65 

.3090 .10 
3.273 .15 

.1738 

.1718 5.821 .65 
.4 .9550 1.047 .20 .4 .5370 1.862 .70 

.3 .3055 

.4 3.311 .20 
.3 

5.888 .70 
.5 .9441 1.059 .25 .5 .5309 1.884 .75 

.3020 
3.350 .25 

.4 .1698 
5.957 .75 

.6 .9333 1.072 .30 .6 .5248 1.905 .80 
.5 .2985 

3.388 .30 
.3 .1679 
6 6.026 .80 

.7 .9226 1.084 .35 .7 .5188 1.928 .85 
.6 .2951 

3.428 
.1660 

.7 A641 6.095 .85 
.8 .9120 1.096 .43 .8 .5129 1.950 .90 

.7 .2917 .35 
3467 40 6.166 .90 

.9 .9016 I.109 .45 .9 .5070 1.972 .95 
.8 .2844 
.9 .2851 3.508 .45 

.8 .1622 

.9 .1603 6.237 .95 

1.11 1913 1.123 .50 11.111 .0012 1.990 0.00 11.0 .21118 MI» .50 103 .1381 1310 8.00 
.1 .8810 1.135 .55 .J .4955 2.018 .05 .1 .2786 3.589 .55 .1 .1567 6.383 .05 
.2 .8710 1.148 .60 ..2 .4898 2.042 .10 .2 .2754 3,631 .60 .2 .1549 6.457 .10 
3 .8610 1.161 .65 .3 .4842 2.065 .15 .3 .2723 3.673 .65 .3 .1531 6.531 .15 
.4 .8511 1.175 .70 .4 .4706 2.089 .20 .4 .2692 3.715 .70 .4 .1514 6.607 .20 
.5 
.6 

.8414 1.189 .75 

.8318 1.202 .80 
.5 .4732 
.6 .4677 

2.113 .25 
2.138 .30 

.5 .2661 3.758 .75 

.6 .2630 3.802 .80 
.5 .1496 
.6 .1479 

6.683 .25 
6.761 .30 

.7 .8222 1,216 .85 .7 .4624 2.163 .35 .7 .2600 3.846 15 .7 .1462 6.539 .35 

.8 

.9 
.8128 1.230 .90 
.8035 1.245 .95 

.8 .4571 

.9 .4519 
2.188 .40 
2.213 .45 

.8 .2570 3.890 .90 

.9 .2541 3.9» .95 
.8 .1445 
.9 .1429 

6.918 .40 
6.998 .45 

23 .1943 1.339 131 7.0 .4447 2.239 30 12.0 .2112 5.981 4.00 174 .1413 7.079 .30 
.7852 1.274 .05 .1 .4416 2.265 .55 .1 .2483 4.027 .05 .1 .1396 7.161 .55 
.7762 1.288 .10 .2 .4365 2.291 .60 .2 .2455 4.074 .10 .2 .1380 7.244 .60 

.3 .7674 1.303 .15 .3 .4315 2.317 .65 .3 .2427 4.121 .15 .3 .1365 7.328 .65 

.4 .7586 1.318 .20 .4 .4266 2.344 .70 .4 .2399 4.169 .20 .4 .1349 7.413 .70 

.5 .7499 1.334 .25 .5 .4217 2.371 .75 .5 .2371 4.217 .25 .5 .1334 7.499 .75 

.6 .7413 1.349 .30 .4169 2.399 .80 .3 .2344 4.266 .30 .6 .1318 7.586 .80 

.7 .7328 1.365 .35 1 .4121 2.427 .85 .7 .2317 4.315 .35 .7 .1303 7.674 .85 

.8 .7244 1.380 .40 .8 .4074 2.455 .90 .8 .2291 4.365 .40 .8 .1288 7.762 .90 

.9 .7161 1.396 .45 21 .4027 2.483 .95 .9 .2265 4.416 .45 .9 .1274 7.852 .95 

3.0 .7079 1.413 30 8.11 .3981 2.513 4.00 13.0 .22» 4.467 .30 1821 .1209 7.943 9.10 
.1 .6998 1.429 .55 .1 .3936 2.541 .05 .1 .2213 4319 .55 .1 .1245 8.035 .05 
.2 
.3 

.6918 1.445 .60 

.6839 1.462 .65 
i .3890 

.3846 
2.570 .10 
2.600 .15 

.2 .2188 4371 .60 

.3 .2163 4324 .65 
.2 .1230 
.3 .1216 

1128 AO 
8.222 .15 

.6761 1.479 .70 .4 .3802 2.630 .20 .4 .2138 4.677 .70 .4 .1202 8.318 .20 
. .6683 1.496 .75 .3 .3758 2.461 .25 .5 .2113 4.732 .75 .5 .1189 8.414 .23 
. .6607 1.514 .80 .6 .3715 2.692 .30 .6 .2089 4.786 .80 .6 .1175 8.511 .30 
. .6531 1.531 .85 .7 .3673 2.723 .35 .7 .2065 4.842 .85 .7 .1161 8.610 .35 
.11 .6457 1.549 .90 .8 .3631 2.754 .40 .8 .2042 4.898 .90 .8 .1148 8.710 .40 
.9 .6383 1.567 .95 .9 .3589 2.786 .45 .9 .2018 4.955 .95 .9 .1135 8.811 .45 

4.0 .6310 Lias 2.00 03 .3148 2.111 -so 14.0 .1“1 0.01 2 7.00 19.0 .1123 8.912 .30 
3 .6237 1.603 .05 

6166 1.622 AO 
.1 .3508 

.3467 
...] 

2.851 .55 
2.884 .60 

.1 .1972 5.070 .05 

.2 A 950 5.129 .10 
A .1109 
.2 .1096 

9.016 .55 
9.120 .60 

. .6095 1.641 .15 .3428 2.917 .65 .3 .1928 5.188 .15 .3 .1084 9.226 ,65 
.6026 1.660 .20 .4 .3388 2.951 .70 .4 .1905 5.249 .4.20 .4 .1072 9.333 .70 

. .5957 1.679 .25 .5 .3350 2.985 .75 .3 .1884 5.309 .25 .0 .1059 9.441 .75 
.5888 1.698 .30 .6 .3311 3.020 .80 .6 .1862 1370 .30 .6 .1047 9.550 .80 

.7 .5821 1.718 .35 .7 .3273 3.055 .85 .7 .1841 5.433 .35 .7 .1035 9.661 .85 

.8 .5754 1.738 .40 .4 .3236 3.090 .90 .1 .1820 1495 .40 .8 .1023 9.772 .90 
A .5649 1.758 .45 .9 .3199 3.126 .95 .9 .1799 5.559 .45 .9 .1012 9.886 .95 

Decibel Decibel Decibel Decibel 
(Voltage) L." Gala (Power) (Voltage) Lam Gala (Power) 

20.0 .1000 10.00 10.00 40.0 001 1,000 30.00 

Um the same Mot the eame 7114 Uee the same Um the same This 
IMI•ber• CM 020 numb.. tu 0.20 =dam numbers ae 010 womb.. a. 0-20 column 
Db.. but ehat Db., but eh» repeats Db.. but shill Db., but eh» repeat& 
polo' ono step peat one step 
M the lea. I. the right. 

every 
10 Db. 

pot three saps point three Mega in 
to the MIL to lb. hula 

every 
10 Db. 

Then elam flu. dams hale» el Thu. Mace 71sue Mace Inetemi 
10 Db. = .3192 10 Db. . 3.104 every 10 Db. s- .3102 10 Db. = 2.152 ol every 
/3 014. = .03162 » Db. s 3112 20 /b. 70 Db. s. .0003192 70 Db. s 3162. 20 Db. 

40.0 11 100 20.00 110.0 .0001 10,04» 40.00 

Use the eame Uee Me emu 71da Use the lame the Me emu 7111. 
eumbers as (1» number. as 030 calumet mashers as 020 lambert. ae 0.20 column 
Db.. but eh» Db., but ahltt repeals Db.. but shin Db., but shill repeat. 
potat W O „Upo pot» two elope 
te the left. to lb. right. 

every 
10 Db. 

P•641 Moo seeps polo? low elops 
te the 1.11. to lb. rrr i,L. 

Thu. Mace Thu. dace Instead ot Tbue Mace Thu% More instead 
15 Db. = .2182 10 Db. = 2.162 every 10 Db. s .3162 10 Db. = 3.162 el every 
50 Db. = .003182 50 Db. = 318.2 20 Db. 90 D6...00003162 90 Db. s 31620. 20 Db. 

100.0 .00001 100,000 00.00 

Fig. 25-214. Relationship between decibels, currents, voltage and power ratios. 



GENERAL INFORMATION, CHARTS, AND TABLES 1701 

Fig. 25-215A. James Electronics, Inc. 
Ultra-Scan ultrasonic camera system. 

IMAGE 
OF FLAW 

FOCUSING 
AND 

DEFLECTION 
CIRCUITS 

of materials and shapes. They may also 
be used for detecting casting core shift 
and locating lack of bond in laminated 
parts. The accuracy of the measurement 
is 1 percent or better. 

25.217 Describe the basic principles 
of an ultrasonic cleaning device.—Ultra-
sonic cleaning units consist of a tank 
containing a cleaning solution agitated 
by a transducer energized from an os-
cillator operating in the range of 20 to 
40 kHz. Small cleaning units generally 
hold about one gallon of solution and 
are driven from an oscillator with 35 to 
50 watts of output. A 75-gallon tank 
takes about 3000 kilowatts of power for 
operation. . 

The transducer unit is cemented or 
bolted to the tank, either internally or 
externally. The oscillator signal is con-
verted to mechanical vibration by the 

PIEZOELECTRIC 
TARGET OF 
PICKUP TUBE 

FLAWS OBJECT 

TO 
ULTRASONIC 
GENERATOR 

\ 

TRANSMITTING 
CRYSTAL 

WATER 
LEVEL 

Fig. 25-215B. Basic principle of James Electronics Inc. Ultra-Scan ultrasonic scan-
ning system for detecting flaws in castings and many other materials. 

• • IN.. 46,. • i 
DIRECTION! CF TEST 

A> PP-MEL-MN OF tow sOEŮ 

Fig. 25-215C. Ultra-Scan picture of a nonbond. Frequency, 2 MHz. Material, alumi-
num. The nonbond area is indicated by the dark pattern in the center of the display. 
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Fig. 25-215D. Ultra-Scan display of a biological examination. Frequency, 2 MHz. 
Material is bone, blood, and tissue. 

Fig. 25-216A. Model-50-300 ultrasonic thickness-measuring gauge manufactured by 

Magnaflux Corp. 

MOTOR 

ROTATING DISC 
AND NEON LAMP 

Fig. 25-216B. Basic circuit for Magna-
flux ultrasonic thickness-measuring 

gauge. 
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transducer and is transmitted to the 
cleaning solution to cause cavitation, 

which blasts off the dirt from the sur-
face being cleaned. The use of ultra-

sonic frequency is not confined to clean-

ing, but also is made in drilling, in in-
spection of fractures in metal, in biol-
ogy, and in many other fields. 
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Index 

A 
A and B winding, 16-mat film, 18.139, 945 
Abbreviations, technical societies and commis-

sions, 25.197. 1677 
Abscissa. definition of, 25.10. 1621 
Absorber, sound, description of. 25.139, 1652 
Absorption circuit, definition of, 25.12, 1621 
Absorptivity, acoustic, effect of, 2.29, 44 
A/B test, definition of, 23.179. 1637 
Acetate recording disc, cleaning of. 13.149, 673 
Ac operational amplifier, 12.196, 691 
Acorn tube, description of, 11.28, 462 
Acoustic 

absorptivity, effect of, 2.29, 44 
blister, definition of, 25.26, 1623 
center, definition of. 1.14, 11 
clouds, use of, 2.115, 82-83 
disc recording, description of, 13.210, 682 
doors, design of, 2.69, 68-69 
elasticity, definition of, 20.108, 1121 
feedback, 2.11, 42 
fiat, construction of, 2.74, 60-61 
gain, definition of, 2.116, 83 
impedance, definition of. 2.2, 41 
labyrinth, description of. 20.66, 1107-1108 
lens, description of, 20.74, 1110-1111 
line, definition of. 2.6, 42 
measurements, prevention of standing wave 

trains, 2.71, 59 
ohm, definition of, 2.3, 41 
pendants, use of, 2.87, 70-72 
pickup, 2.8, 42 
power, loudspeaker, increase of, 20.34, 1096 
power, relation to intensity, 1.102, 26-26 
Powers, addition of, 1.86, 21; 1.88, 21 
pressures, music, 1.126, 32 
reactance, definition of, 2.2, 41 
reflectivity, definition of, 2.48, 49-50 
resonator, Helmholtz, 2.91, 73 
response, definition of, 2.7, 42 
shadow, definition of, 1.135, 34 
sound box, 2.8, 42 
suspension, loudspeaker, use of, 20.183, 

1150, 1161. 1162 
transmittivity, definition of, 2.56. 54 
treatment, 2.10, 42 

auditorium, 20.158, 1139 
Acoustical 

design, theoretical and practical, 2.53, 63 
diffusion, purpose of, 2.43, 49 
equalizer, 2.9, 42 
microphone, 4.33, 154 

hangover, definition of, 2.19, 43 
labyrinth, definition of, 2.5, 41-42 
masking, effect of. 2.20, 43 
measurements, preferred frequencies, 2.4, 41 
noise filter, design of, 2.55, 64 
pickup,  ge frequency range of. 16.25, 

740 
reflection, effect of, 2.21. 43 
suspension, description of 20.109. 1121 
use of lead sheeting, 2.52, 51-53 

Acoustics 
definition of, 2.1. 41 
effect of audience on, 2.46, 49 
effect of polished surfaces on. 2.54. 53-54 
theater, amplifier power affected by. 19.145. 

1061-1062 
warble film used to test. 19.70, 1037 

Actinic ray, definition of, 19.1, 1023 

Active network, description of, 5.99, 260 
Active transducer, definition of, 1.25, 12 
Actuator, electrostatic, microphone testing, 

4.86, 196-196 
Adapter, ac line, use of, 23.217, 1563 
Admittance, definition of, 25.85, 1629 
Advance ball, use of, 13.83, 662 
Aso Light recording, description of, 18.4, 891 
Air column, definition of, 20.52, 1099 
Air duct, noise filtering of, 2.55, 64 
Air gap, choke, use of, 8.81. 385; 8.82, 385 
Air-particle amplitude, relation to frequency 

and SPL, 4.105, 211 
Alloys, magnetic, 17.14, 754 

Alnico V and VI, 17.15, 764 
Alnico, description of, 20.22, 1091 
Alpha, transistor, definition of, 11.131, 499-501 
Alternating-current resistance, definition of, 

25.13. 1621 
Alternation, definition of, 1.47, 16 
Alternator, 3.18, 104 
Ambient noise level 

effect of, 2.14, 43 
review rooms, 2.107, 79-80 
theaters, 2.108, 80 

Ambient temperature, 3.25. 104 
Ambiphony, definition of, 2.94, 74 
American Standard pitch, definition of, 1.33, 

14 
Ammeter (a) 

hot-wire, description of, 22.3. 1228 
oscilloscopes used for, 23.181. 1637 
parallel, current reading of. 25.62, 1627 
series, current reading of, 25.61. 1627 
vacuum-tube voltmeter as. 22.107, 1363 

Ampere-hour, definition of, 25.14, 1621-1622 
Ampere turns, definition of. 8.18. 370 
Amplifier (s ) 

se heater winding center tan. 12.195, 588 
automatic level control, description of, 12.80, 

545 
autotransformer-coupled, description of, 

12.125. 667 
background suppression, description of. 

18.104, 939-941 
balanced, positive-feedback loop connection, 

12.166, 683 
basic procedures for measurement and plot-

ting, 23.7, 1435-1438 
beam-power, operation without negative feed-

back, 12.220. 602 
booster, definition of, 12.73, 644 
booster, transistor plug-in design of, 12.249, 

624-625 
bridging 

description of, 12.87. 653-554 
gain, statement of, 12.216, 598 
-input, 12.171, 586 
power of, 13.113, 670 

buffer, definition of. 12.120, 566 
bypass capacitors, 12.22, 530-531 
capacitive load, effect of, 23.125, 1605-1506 
cascoded, description of, 12.88, 554-555 
cathode bypass, effect of, 12.24, 531 
changing line voltage versus distortion, 

23110, 1566-1658 
circlotron, description of, 12.129, 569-572 
class-A 
dynamic characteristics, 12.226, 604-605 
operation of, 12.63. 643 
plate-current reaction of. 12.101, 558 

1705 
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Amplifier(s)--cont'd 
class-A, -AB, -B, single-ended, 12.68, 543 
chiss-ABI and -A132. dynamic characteristics 

of, 12,227, 606 
class-AB2, fixed-bias, circuit for, 12.243, 617 
class-AB, linearity of, 23.48, 1451-1462 
class-AB, operation of, 12.64, 643 
class-ABI, operation of, 12.65, 648 
class-A132, operation of, 12.64, 543 
class-B, dynamic characteristics of, 12.228, 

605 
class-B. operation of, 12.67, 543 
class-C, operation of, 12.69, 644 
class-D, description of, 12.209, 597 
classification of, 12.61, 642 
compander, definition of, 12.90, 556 
complementary-symmetry, transistor, class-A, 

design of, 12.252. 627-628 
complementary-symmetry, transistor, class-B, 

design of, 12.251, 627 
compound-connected, transistor, design of, 

12.254, 628-629 

compressor 
adjustment, frequency for, 18.92. 937-938 
attack time, average. 18.100, 939 
balancing of, 18.86, 936; 18.95, 938 
breakaway point, definition of, 18.84, 932 
ceiling control, purpose of, 18.102, 939 
de-assine, frequency response of, 18.91, 937 
description of, 12.79, 645 
gain of, 18.96. 938 
harmonic distortion of, 18.93, 938 
operating point of, 18.99, 939 
precautions in use, 18.97. 938 
ratios, definition of, 18.87. 937 
use of, 18.84, 931-932 
where connected, 18.98, 938 

compressor-limiter 
characteristics of, 18.85, 932 
schematic for, 18.86, 932-937 
when used, 18.90, 937 

continuous power output, levels for, 23208. 
1666 

continuous power output, measurement of, 
23.208, 1656 

croas-coupled, description of. 12.198, 696 
cross-modulation, cause of, 23.89, 1487; 

23.113, 1499 
cross-modulation, purpose of. 18.246, 985-988 
crossover and notch distortion, 12.230, 606 

crystal-cutting-head, constant-amplitude con-
stant-velocity operation of, 14.37, 707-
708 

crystal-cutting head, loading by, 14.35, 707 
crystal headphone coupled to, 20.169, 1143 
crystal microphone, description of, 4.27, 161 
cutting head, power of, 13.114, 670 
damping factor, how calculated, 12.177. 587 
decade, description of, 22.134, 1403-1404 
degenerative, definition of, 12.136, 673 
dielectric, description of, 12.134. 572-673 
difference, description of, 12.86, 562-563 
differential 

high-gain, 22.72, 1323-1326 
microphone equalizer, 4.132, 319 
off-set voltage, definition of, 12.82, 646-548 

direct coupled, 12.39. 535-536 
Loftin-White, 12-44. 636 
transistor complementary-symmetry, de-

sign of, 12.253, 628 
direct-current, definition of, 12.78, 545 
disc-record cutting head, type of. 12.164. 

681-582 

distortion 
measurement, procedure for, 23.83, 1486 
measurements, types of. 23.82. 1485-1486 
output transformer, cause of. 12.238, 616 
types of. 12.116, 565 

double-ended, definition of, 12.59, 542 
driver, definition of, 12.178, 687 
dynamic noise suppressor, definition of, 

18.106, 941 

effect of nonlinearity, 12.114, 564-565 
eleetroluminescence control, description of, 

12.84, 548-550 

Amplifier(s)—cont'd 
electrolytic and paper capacitors, 12.236, 616 

negative-feedback loop, 6.98, 297-298 
points of, 6.96, 295-296 
precautions in connecting networks, 12.211, 

698 
three-channel, 6.97, 297 

equalized, measurement of, 23.13, 1440 
equalizer, definition of, 6.24, 267 
equalizer, degenerative, 6.25, 267 
expander, description of, 12.89, 555-556 
extended class-A, description of, 12.130. 572 
extension of frequency range, purpose of, 

12.212, 698 
filament-type pentode RC, frequency 

sponse, 12.20, 630 
floating paraphaae, description of, 12.53, 

639-640 
fluid, description of. 12.264, 641 
frequency 

distortion in, 12.115, 666 
-doubler, definition of, 12.121, 666 
response, measurement of, 23.1, 1429-1431 
response, output level. 23.2, 1431 

gain expressions, 23.17, 1443 
gas-tube coupled, description of, 12.124. 566-

567 
good engineering practices, 12.98, 557-658 
grid-current effect, 12.102, 658 
grounded-grid, description of, 12.122, 666 
grounded-plate, definition of. 12.123, 666 
high-power, measurement of, 23.38, 1448 
hum modulation, test for, 23.122, 1604 
hum potentiometer, use of. 12.237, 616 
impedance-coupled, definition of, 12.93. 556-

557 
inaudible oscillation, effect of. 12.213, 698 
in parallel, increase of power output, 12.201. 

595-597; 12.203, 697 
In-phase, definition of. 12.95, 667 
input impedance, definition of, 12.181, 687 
input level, calculation of, 12.239. 616 
instantaneous peak power, sine wave, rela-

tion to, 23.207, 1562 
in tandem 

frequency characteristics of, 12.199, 696 
distortion, value of, 23.87, 1487 
gain of, 12.200, 596 

integrated circuit, design of. 12.261, 638-640 
intermodulation distortion, measurement of, 

23.113, 1499-1501 
intermodulation versus harmonic distortion, 

23.124, 1604-1506 
internal input impedance, definition of, 

12.182, 587 
internal 

noise, cause of. 12.208, 697 
noise, stating of, 12.207, 597 
output impedance, definition of, 12.183. 587 

interstage coupling, effect of. 12.153, 578 
isolation, definition of, 12.75, 645 
leaky coupling capacitor, effect of, 12.31, 633 
light valve, type of, 12.164, 681-582 
limiter, broadcasting, use of, 18.101, 939 
linearity 
measurement of, 23.94, 1489 
plotting of, 23.7, 1438 
test for, 23.36, 1447-1448 

line, definition of, 12.74, 646 
line noise, measurement of, 23.214. 1559 
load impedance, definition of, 12.184 
looking into, definition of. 12.179, 587 
loudspeaker, type of, 12.144, 681-682 
magnetic coupling, cause of, 12.210, 697 
magnetic coupling, test for, 23.59. 1461 
magnetic, description of, 12.262, 640-641 
maximum undistorted output, definition of. 

12.186, 587 
McIntosh, description of, 12.231. 606-611 
microphone, capacitor, 4.40, 157-158 
microphone, high intensity, 4.115, 219 
Miller effect. 12.191, 688 
mixer, description of, 12.77, 545 
mixer, use of center-tapped input coils, 12.77, 

645 
monitor, definition of, 12.76, 546 

re-
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Amplifier(5)—cont'd 
monitor, transistor. class-A, design of, 12.250, 

626-627 
motorboating, description of, 12.193, 688 
mounting of capacitors, 12.235, 616 
music power output, measurement of, 23.208, 

1652-1555 
music power versus continuous output. 

23.209, 1556-1556 
negative-feedback 
advantage of low internal output imped-

ance, 12.142, 576-677; 12.145, 677 
bandwidth of, 12.168, 584 
decibels of feedback, definition of, 12.148, 

677 
definition of, 12.136, 673 
design of, 12.155, 679; 12.217, 699-601 
determination of polarities, 12.151, 578 
effect of loop capacitor, 12.218, 601 
effect of loop coupling capacitor, 12.154, 

579-680 
effect on internal impedance, 12.142, 576-

577 
equalization of, 6.98, 297-298 
equivalent circuit, 12.149, 677-678 
feedback from output transformer, 12.160, 

681 
feedback from plate, 12.159, 580-581 
feedback loop connection, 12.144, 577; 

12.165, 582-583 
frequency response versus feedback, 12.143, 

577 
gain reduction, calculation of, 12.146, 577 
internal output impedance, 12.142, 676-577 
loop equalization, 12.157, 580; 12.158, 680 
number of stages in loop, 12.150. 678 
open-loop gain, definition of, 12.144, 577; 

12.165, 682-583 
operation of, 12.139, 574-675 
phase shift, 12.168. 584 
push-pull, 12.161, 681 
reduction of distortion, 12.140, 575-576 
reduction of noise, 12.141. 676 
stability of. 12.163. 581 
test for stability, 12.167. 683-684 
transformers for, 12.152, 678 

noise reduction 
definition of, 12.83, 648 
optical film recording, definition of, 18.55, 

919; 18.59, 919-921 
supersonic, description of, 18.308, 1002 
variable-area, description of, 18.72. 924-

927 
variable-density, connection of, 18.7i. 927 
variable-density description of, 18.72, 924-

927 
nominal impedance, definition of, 12.185, 587 
nonlinear, harmonics, generation of, 12.244, 

617-621 
odd-order distortion, 23.84, 1487 
operational, 12.196, 589-696 
optimum plate load, definition of, 12.204, 597 
oscilloscope 

deflection, 22.71, 1319, 1320 
dual-trace, 22.73, 1326-1329 

description of, 22.70. 1310-1311 
horizontal, 22.71, 1320 
phase-shift, measurement of, 23.110, 1497 
vertical, 22.71, 1319-1320 

output 
decibels to watts, 23.41, 1449 
stage. efficiency of, 12.214. 598 
transformer, effect of efficiency, 12.222, 

602 
transformer insertion loss, calculation of, 

12.223, 603 
transformer, definition of, 12.132, 572 
watts to decibels equation for, 23.42, 1449 

overload teat for, 23.36, 1447-1448 
parallel, definition of, 12.60, 542 
parallel-plate coupling, 12.100, 558 
pentode, transformer-coupled, 12.99, 558 
phase inverter 

cathode-coupled, 12.56, 641 
description of, 12.50. 638-639 
long-tailed, description of, 12.54. 640-641 

Aimlifler(s)—cont'd 
phase reversal, 12.97, 557 
phase shift characteristics, 12.113, 663 
phase-shift measurement by oscilloscope, 

23.111. 1498 
description of. 12.51, 539 

phase-splitter, 12.51, 539 
fixed-bias, 12.55, 541 
grid resistors. 12.108, 661 
transistor, design of, 12.259, 637-638 

phasing of, 23.104, 1492-1493 
plate-loading networks, methods of connec-

tion. 12.169, 584-586 
points of voltage measurements, 12.192, 688 
Power 

definition of, 12.71, 544 
frequency response versus power level, 

12.131, 572 
gain versus frequency. 

23.35, 1446-1447 
inductive termination, effect of, 23.189, 

1642-1543 
motion picture theaters, 2.47. 49 
selection of tubes, 12.190. 688 
transistor, half-bridge, design of, 12.255, 

629-631 
output, stating of, 12.206, 697 

preliminary, definition of, 12.133, 572 
program, definition of, 12.135, 673 
program-distribution, description of, 12.85, 

560-651 
program-leveling, description of, 12.84, 548-

550 
purpose of grid and plate capacitors, 12.219, 

602-603 
push-pull 
advantages of, 12.105, 659-560 
bypassing of, 12.106, 560-561 
operation of, 12.104, 558-659 
parallel, description of, 12.111, 663 
purpose of grid resistors, 12.175, 686 
self-bias resistor, calculation of, 12.107, 

661 
symmetrical overloading, 23.84, 1487 
transformer calculations, 12.110, 561-663 
transformer impedance relations, 12.109, 

561 
unbalance, effect of, 23.45, 1449-1450 

plate resistors 
use of, 12.174, 586 . 

Push-push, description of. 12.112, 663 
radio interference, elimination of, 12.197, 

596 
random noise, effect of, 12.117, 665 
RC (See resistance-coupled) 
recording galvanometer, type of, 12.164, 581-

582 
recording, transistor, plug-in, 17.180, 836 
residual hum, measurement of, 23.193, 1543-

1544 
resistance-coupled 

capacitors, calculation of, 12.25, 532; 12.57, 
641-542 

cathode bypass capacitor, calculation of, 
12.25, 532 

circuit 
components, determination of, 12.16. 528-

529 
components, selection of, 12.15, 628 
constants. 12.15, 528 

coupling capacitor, calculation of, 12.25, 
532 

decoupling circuits, 12.36. 634-635 
description of, 12.1, 523-624 
distortion characteristics, 12.27, 532 
equivalent circuit, high-frequency. 12.9, 

526 
equivalent circuit, low-frequency, 12.7, 626 
equivalent circuit, midfrequency, 12.8, 526 
factors affecting frequency response, 12.35, 

533-534 
frequency characteristics of, 12.3, 525 
frequency versus plate load, 12.6, 525-526 
gain 

factors, 12.4, 625 
frequency characteristics, 12.3, 525 

measurement of, 
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Amplifier(t)--cont'd 
reridance-coupled 

gain 
high-frequency calculation, 12.9. 626; 

12.12, 627-628 
low-frequency, 12.11, 527 

grid 
current, 12.1. 523-524 
leak resistance. definition of, 532 
resistance, maximum value of, 12.32, 533 

in tandem, frequency response, 12.33, 633 
low-frequency, compensation, 12.37, 536 
maximum permissible voltage, 12.34, 533 
midfrequency gain. 12.8, 626 

calculation of, 12.10, 526-527 
operation of, 12.1. 523-524 
output voltage, how determined, 12.1, 523 
pentode voltage gain, 12.13, 528 
plate load versus gain, 12.5, 525 
relation of C to R, 12.23, 531 
stopping capacitor, definition of. 12.30, 533 
supply voltage. effect of. 12.17, 529-530 
symbols for. 12.2. 624 
time constants, 12.38. 535 

resistors for, 12.205, 697 
response to square wave, 12.224, 603 
roll-off. definition of. 12.96, 657 
screen-bypass capacitor, calculation of, 12.25, 

532; 12.57, 641-642 
self-bias, how achieved. 12.28. 532 
self-bias resistor bypassing of, 12.22, 520-531 
sensitivity, calculation of. 12.239, 616 
series push-pull, description of, 12.128, 667 
70.7-volt, use of, 24.70, 1600-1601 
shot-effect, cause of, 12.118, 665 
side, definition of. 12.81, 546 
single-ended, definition of, 12.58, 542 
single-ended push-pull, description of. 12.124. 

667 
source-follower translator, design of, 12.258, 

636-637 
source impedance, definition of, 12.180. 587 
square wave response, how measured, 23.154, 

1518-1521 
stability tests, 23.211, 1668 
starvation, definition of, 12.215, 598 
stereo control center, description of, 12.245, 

641-645 
stereophonic, power of, 20.141, 1141 
stereophonic, separation tests, 23.215, 1559-

1562 
stereo, transistor, design of. 12.254, 631-633 
tertiary-winding transformer, use of, 12.142, 

581 
tetrode, transformer-coupled, 12.99, 558 
power of, theater, 19.145, 1061-1062 
three-channel equalizer, 4.97. 297 
three-terminal, definition of, 12.263, 641 
transformer-coupled, definition of, 12.92, 566 
transient measurements. 23.49. 1452-1453 
transistor 
and tube, voltage measurements, 23.168, 

1632 
bias network design, 12.246, 622 
distortion, measurement of, 23.39, 1448-1449 
(PET) substitution for vacuum tube, 

12.257, 635-636 
load impedance, effect on, 20.91, 1115-1116 
negative feedback, effect of, 12.247, 622-

623 
transformer for. 8.109. 402-403 
versus vacuum tube. 12.245. 621-622 

tubes, recommended types, 12.14. 528 
tuned, definition of, 12.91. 556 
turnover, teat for, 23.58. 1460 
types used for recording, 12.42, 542-543 
ultralinear, design of, 12.128, 568-569 
negative-current feedback, 

use of, 12.154, 678-679 
vacuum-tube, plotting of load lines, 12.48, 

638 
variable damping 

definition of, 20.95. 1117 
effect of, 23.126. 1507 
operating of, 12.242, 617 

video, definition of. 12.94, 567 

Amplifier(s)—cont'd 
voltage 

definition of, 12.70, 544 
output transformer, selection of, 12.241, 

616-617 
selection of tubes, 12.189, 688 

volume control, effect of, 12.26, 532 
VU and VI meter, use of, 12.119, 566-566 
wideband„ compensation of, 12.225, 603-604 
Williamson, description of, 12.232. 611-615 
wireless microphone. 4.72, 186-188 
zero-biased operated, 12.103, 568 

Amplitude modulation, description of, 25.4. 
1619-1620 

Amplitude, ribbon microphone, calculation of. 
4.108, 218 

Anechoic chamber, construction of, 2.84. 66-69 
Anechole chamber, description of, 2.83. 65-66 

Analyzer 
audio, description of, 22.117. 1379 
distortion. LC filter type, 22.80„ 1286-1287 
harmonic, principles of, 22.45, 1301-1306 
intermoduiation, description of, 18.274. 992; 

22.129, 1390-1395; 22.131, 1395-1401 
octave-band, description of, 22.136, 1406-1408 
spectrum, panoramic, 22.93, 1887-1338 

Anamorphic lens 
adjustment of, 19.114, 1055 
construction of, 19.118, 1066 
placement of, 19.117. 1066-1056 

Anamorphic ratio, definition of, 19.125, 1057 
Anarnorphosis, 19.19, 1025 
ANAPFET, use of, 19.149, 1075-1076 
Anechole chamber, portable, 2.84, 69 
Angle of incidence, microphone. 4.47, 177 
Angle of refraction, definition of, 2.27, 44 
Annulling network, definition of, 25.95, 1630 
Anticapacitance switch, definition of, 25.14, 

1622 
Antihalation film, description of, 18.150, 948; 

18.242. 991 
Aperiodic circuit, definition of, 25.17, 1622 
Aperiodic damping, definition of, 1.40, 16 
Aperture effect, description of, 18.168. 952 
Aperture plate, projector, 19.83, 1043-1044 
Aquadag. cathode-ray tubes, in, 11.99, 481 
Arc lamp 

polarity of, 19.36, 1028 
rectifier for, 19.114, 1064-1055 
whistle in. prevention of, 25.117, 1644 

Arclight 
motor feed in, purpose of. 19.39, 1028-1029 
projection, 19.33, 1028 

candle power of. 19.35, 1028 
current for, 19.37, 1028 
loss of light from, 19.40, 1029 
rectifiers for, 19.38, 1028 

Argon glow lamp, characteristics of, 25.99, 
1630-1632 

Argon glow lamp, description of. 25.140, 1632-
1633 

Arithmetic mean, definition of, 25.18, 1622 

Arthur, P. A., Dr., 17.236, 888 
Articulation test, 1.84, 21 
Articulators, description of, 2.100, 77 
Artificial line, definition of, 5.9, 232; 25.182, 

1672 
Artificial reverberation, 2.37. 47 
methods employed, 2.128, 89 

Ashworth, William, 8.99, 393 
Askania claw movement, description of, 19.88. 

1046 
Aspect ratio 

definition of, 19.45, 1029-1030 
Past and present, 19.124. 1057 
wide-screen, 19.44, 1030 

Assignment sheet, jack, definition of, 24.40. 
1583 

Astatic. definition of, 17.3, 753 
Asymmetric conduction, discovery of, 11.105, 

481 
Atmospheric pressure, 1.35, 14 
Attack time 

definition of, 18.61, 921 
effect of. 18.64, 921 
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Attack time--cont'd 
film recording, measurement of, 18.65, 921-

923 
optical film recording, average times, 18.63, 

921 
thump, definition of, 18.66, 923 

Attenuation 
filter, characteristics of, 7.36, 326 
high- and low-frequency, sound-mixer, 9.39, 

424-425 
loop mile, equation for. 25.181. 1672 
m-derived filters, 7.48, 332 
wall, measurement of, 2.51, 51 

Attenuator (s) 
attenuation characteristics, 5.81, 253 
balanced bridged-T, configuration of, 5.38, 

241 
balanced, definition of, 5.25. 238 
bridged-T, impedance characteristics, 5.82, 

253-254 
bridging 

definition of, 5.53, 246 
design without regard to loos, 5.55, 247 
impedance ratio, 5.56, 247 
resistor values, 5.54, 246-247 

characteristics of, 5.10, 232 
combining, calculation of loes, 5.31, 239 
compensated, L-type, 5.70. 249 
connection of balanced and unbalanced, 5.30 

239 
construction of, 5.79. 252 
decibel isolation, 5.14, 232 
definition of, 5.1, 231 
delta, definition of, 5.42. 243 
delta, design of, 5.43, 243 
determination of impedance. 5.71. 249 
devergence control, definition of, 5.74, 251 
dual, design of. 5.90, 266 
electroluminance, description of, 5.97, 259-260 
electronic, definition of. 5.86, 255 
external, gain set, calculation of, 23.21, 1443 
gain control, calculation of, 5.63, 5.64, 248 
gain set 

frequency response, measurement of, 23.28, 
1445 

loas measurement of, 23.27, 1445 
reading of, 23.4, 1432-1433 

ground effect of, 5.29, 238 
grounding of. 5.26, 238 
Hawkins effect, definition of, 5.78, 251-252 
H-type, design of. 5.39, 241-242 
impedance 

sic and dc, 5.11, 232 
conversion of. 5.68, 249 
matching, 5.8, 232 
mismatch ices, 5.50, 244 

installation of, 5.72. 249-250 
in tandem, loss of, 5.23, 234. 238 
"K" factor, 5.22. 234-237 
ladder-pad, impedance characteristics, 5.83, 

254 
ladder type, definition of, 5.51, 244-246; 5.52, 

246 
lattice. design of, 5.49, 244 
leakage control, definition of, 5.77. 251 
loss 
between equal impedance, 5.69, 249 
bridged-T equalizer, 6.57, 283 
definition of, 5.6, 232 
greater than 60-dB, 5.66. 249 
termination of, 5.12, 232 
variable equalizer, 6.61. 284 

L-type, definition of, 5.40, 242 
L-type, design of, 5.41, 242-243 
loudness control, design of, 5.65, 248 
loudspeaker. L-type, connection of. 20.141, 

1136 
loudspeaker, selection of, 20.142, 1136 
low feequency, definition of, 5.93, 266 
measurement of de resistance and ac im-

pedance, 5.67, 249 
microphone preamplifier, 9.52, 441 
minimum loss 

definition, 5.57, 247 
design of. 5.58, 247; 5.61, 247 
determination of, 5.21, 233-234 

Attenuator(5)--cont'd 
minimum loss 
matching smaller impedance, 5.60, 247 
one impedance to be matched. 5.59. 247 
resistor values, 5.62, 248 

mixer - 
description of, 9.7, 412-413 
plain-T, 9.34, 423-424 
slide-wire ladder, description of, 9.8, 413 
spacing of, 5.80, 252 

off-screen control, definition of, 5.76, 251 
oscilloscope, design of, 22.81, 1333 
0-type, design of, 5.45, 243 
panel, definition of, 22.128, 1390 
Panometric control, definition of, 5.75, 251 
panoramic control, design of, 5.73, 250 
phase effect of, 5.20, 233 
photocell type, description of, 5.96, 268-269 
Pl-type, definition of, 5.42, 243 
Pi-type, design of. 5.43, 5.44, 243 
rerecopling types, 5.80, 252-253 
resistors, tolerance of, 5.19, 233 
resistors, types of, 5.16, 232-233; 5.18, 233 
straight-line versus rotary, 5.80, 252-253 
tandem connection of. 5.92, 256 
taper type, calculation of, 5.35, 240-241 
taper type, definition of, 5.34, 240 
T-type, definition of, 5.32, 239 
T-type, equations for, 5.33, 240 
unbalanced, definition of, 5.24, 238 
U-type, impedance match, series arm, 5.46, 

243-244 
U-type, shunt arm, impedance match, 5.47. 

244 
variable, cause of noise, 5.85, 254-255 
variable, noise, measurement of, 23.136, 

1510-1511 
volume indicator, 10.29, 450-451 
VU meter, 10.25, 460 
0.1 gain set, reading of, 23.5, 1433 

Audience, effect on acoustics, 2.46, 49 
Audio circuits, wire size for, 24.24, 1673 
Audio-frequency bridge, description of, 22.36, 

1260-1261 
Audio-frequency range, 1.15, 11 
Audiometer, description of, 22.42, 1261-1262 
Auditorium, tuning of, 2.117. 83-86 
Aural harmonics. 1.118, 28 
Automatic gain control, definition of. 25.86, 

1629 
Autotransformers 

controlling three-phase load, 8.107, 401-402; 
8.108, 402 

description of, 8.8, 368 
gain-set receive section using. 22.124. 1387-

1390 
gain set using, distortion measurements with, 

22.125, 1390 
use of, 7.95, 349 
variable, construction of, 8.8, 368 

Avalanche, semiconductor, definition of, 11.149, 
513 

Average speech power, definition of, 1.75, 20 
Average voltage, 25.149, 1657 
Axes, oscilloscope, terminology for, 22.86, 1333 
Axial sensitivity, loudspeaker, definition of, 

20.114, 1122 
Ayrton-Perry winding, 5.18, 233 
Azimuth 
adjustment, improper, effects of, 17.106, 790-

791 
adjustment, photographic film recording, 

18.43, 916 
alignment, magnetic-film, frequency for, 

17.107, 792 
film 

photographic 
16-mm, frequency for, 18.46, 916 
35-mm, frequency for, 18.45, 916 
tolerances for, 18.47, 916-917 
variable-area, effect of, 18.48, 917 

test, accuracy of. 17.108, 792 
incorrect, variable-sensity, effect of. 18.44, 

916 
magnetic-head, adjustment of, 17.104, 789; 

17.148, 811 
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Azimuth--coned 
tapes and films, test. source of, 17.108, 792 
tape, teat, accuracy of. 17.108, 792 

Background 
music, frequency range for, 20.139. 1136 
noise, effect of, 1.153, 38 
projection, description of, 19.59, 1034 

Back loading, loudspeaker, definition of, 20.12, 
1084 

Badmaieff, Alexis, 16.15. 736; 20.93, 1117 
Baffle 

directional, 20.58, 1100-1101 
infinite, definition of. 20.45, 1097 
loudspeaker, infinite, dimensions for, 20.46, 

1097; 20.47. 1097 
loudspeaker, open, characteristics of. 20.75. 

1111 
microphone, use of, 4.38. 155 
multicellular, definition of, 20.73, 1110 
plate, definition of, 2.78, 62 
vented, definition of, 20.62. 1106 

Baker. F. K., 20.135, 1136 
Balanced 

density, definition of, 18.244, 986 
density, transmission, value of, 18.248, 989 
filter, conversion from unbalanced, 7.60, 334-

336 
filter, design of. 7.59, 334 

Balance stripe, purpose of. 17.185, 837-838 
Balancing loop, description of, 19.66, 1036-1037 
Ballantine. S., 4.86. 195 
Ballast tube, description of, 11.69, 472 
Ballistics, VU meter, 10.21, 448-449 
Band shell, microphone placement, 4.113. 214 
Bandptues operational amplifier. 12.196, 693 
Bandwidth 
power amplifier, 12.131, 672 
series resonant circuit, 6.119, 308 
wave filter, definition of, 7.17, 323 

Bardeen, John, Dr., 11.107, 482 
Bar, definition of, 1.42. 16 
Barium oxide, 11.6, 459 
Barkhausen noise, definition of. 17.160, 818 
Barometric pressure, sound level affected by, 

25.203, 1683-1685 
Barretter, description of. 11.69, 471 
Barrier strip, definition of. 24.41, 1583 
Base-fog density, variable area, average value 

of. 18.258, 991 
Bass energizer, description of, 20.93, 1117 
Bass-reflex enclosure 
adjustment of, 20.83, 1113-1114 
construction of. 20.61. 1102-1106 
principles of, 20.60, 1101 

Batteries, "A" "B" "C" "D", designation of, 
21.1, 1163 

Battery 
alkaline, description of. 24.93. 1613 
alkaline-manganese, description of, 24.96, 

1615-1616 
Edison, description of, 24.93, 1613 
fuel cell, description of, 25.190, 1673 
internal resistance of, 24.74, 1604 
lead-acid, sealed, description of, 24.90. 1610-

1611 
LeClanche, description of. 24.94. 1613-1614 
manganese-alkaline, discharge rate of, 24.95, 

1614 
mercury, description of, 24.96. 1614-1616 
mercury, discharge rate of. 24.95. 1614 
nickel-cadmium, description of, 24.91. 1612-

1613 
regulator, solid-state, 21.134, 1224-1226 
storage 
charging of, 25.43, 1625 
chemical changes in. 24.72. 1603-1604 
freezing point for, 24.73, 1604 
parallel connection of, 24.76. 1606 
specific gravity of. 24.73. 1604 ; 25.101. 

1633 
terminology, vacuum tubes, with, 11.64, 471 
voltage-reference, 24.96, 1615 

Battery—coned 
zinc-carbon, construction of, 24.94, 1613-1614 
zinc-carbon, discharge rate of, 24.95, 1614 

Bauer, B. B., 20.182, 1148-1160; 23.76, 1481 

Baxandall, P. J., 6.86. 290 
Beam-power tube, description of. 11.25, 460-461 

Beam splitter, definition of, 19.89, 1046 
Beam test record, N-A, use of, 23.77, 1482 
Beat, definition of, 1.11, 11 
Beats, magnetic recording, cause of, 17.132, 799 
Bench facilities, laboratory. 24.98, 1616-1617 
Bender element, definition of, 4.18, 150 
Beta, transistor, definition of, 11.131, 499-501 
B-H curve, definition of, 17.63, 777 

Bias 
cell, definition of, 24.92. 1613 
current 

distortion of, 17.50, 774 
filter, design of, 7.107, 365 
leakage, preventing of, 17.57, 776 
magnetic recorder versus distortion, 23.74, 

1476 
magnetic-recording 

average value of, 17.54. 776 
distortion effect of, 17.50, 774 
distortion limit for, 17.51, 774 
filtering of, 17.53, 776 
frequency of, 17.45, 772 
frequency response affected by, 17-49, 

773-774 
measurement of, 17.59, 776 
output level affected by, 17.48, 773 
Purpose of, 17.44, 770-772 
relation of to distortion, 17.52, 774-775 

optical film recording, use of, 18.56. 919 
stereo, 3- and 4-channel, for. 17.55, 5775 

fixed, circuits for, 12.229. 605 
high-frequency, magnetic recording, for, 

17.24, 769 
lines 

bilateral, appearance of, 18.290, 996 
duplex, appearance of, 18.290, 996 
variable-area 

class-AB. description of, 18.69, 923-924 
class-B. description of, 18.69, 923-924 
film recording, definition of, 18.60, 921 
16-mm, width of, 18.74, 927 
35-mm, width of, 18.73, 927; 18.75, 927 

mechanical, recording-stylus, 15.10, 713 
oscillator, magnetic-recording, connection of, 

17.47. 772-773 
oscillator, push-pull, design of, 17.86, 786 
voltage, magnetic recording, measurement of, 

17.58, 776 
Bidirectional microphone, definition of, 4.49, 

164 
Bifilar winding, 5.18. 233: 8.9, 369 
Bimetal thermostat control, 25.154, 1668-1660 
Bimorph crystal microphone, design of, 4.17, 

150 
Binaural sound, definition of, 2.113, 82 

Black body, definition of. 19.5, 1024 
Black-body radiation, 19.5. 1024 
Black sound, definition of. 1.14, 236 
Blanking pulse, oscilloscope, purpose of, 22.84, 

1333 
Bleeder resistance, power supply, regulation. 

effect on. 21.52, 1182 
Bleeder resistor, purpose of, 21.36, 1177-1178 
Blimp, description of, 18.182, 966 
Blister, acoustic, definition of, 25.26, 1623 
Blocks, terminal, connection procedure for, 

24.18, 1583 
Blooping, photographic film, push-pull sound 

track, 18.211, 966-967 
hoop, photographic film, calculation of, 18.210, 

966 
Bloops, photographic film, types of, 18.209, 966 
Board fade, definition of, 9.14, 414 
Board, printed-wiring, 25.50, 1626-1626 
Bale, definition of, 20.49. 1097 
Bone conduction, definition of, 1.127, 32 
Boner, Dr. C. P., 2.117, 83 

Boner method, tuning auditoriums, 2.117, 
83-86 
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Boom mierophone 
description of, 2.101. 77 
suspension, 4.37, 155 
tilting mechanism, 2.102, 78 

Soule, definition of, 15.50, 718 
Brake. prony, 3.36, 106 
Brake, selsyn interlock, 3.49, 108-109 
Brattain, Walter H., Dr.. 11.107. 482 
Breakaway point, compressor amplifier, defini-

tion of. 18.84, 932 
Bridge 
audio frequency, description of, 22.36, 1250-

1251 
circuit, series half-bridge, capacitors, pur-

pose of. 21.86, 1191 
frequency-insensitive, description of, 22.64, 

1301 
Hay, description of, 22.26, 1241 
impedance, description of, 22.38, 1262 
incremental inductance, description of, 22.32. 

1243 
Kelvin, description of, 22.31, 1242-1243 
lamp, constant-voltage or constant-current, 

21.131, 1222-1223 
Maxwell, description of, 22.25. 1240-1241 
nonelectronic, constant-voltage, or constant-

current, 21.131, 1222-1223 
Owen, description of, 22.28, 1241 
R,C,L, description of, 22.33, 1243-1246 
resonant, description of, 22.30, 1242 
Schering, description of. 22.27, 1241 
slide-wire, description of, 22.24, 1240 
vacuum-tube. definition of, 22.119. 1379-1380 
Wheatstone, description of. 22.23, 1240 
Wien, description of, 22.29, 1241-1242 
"Z" set, description of, 22.35, 1260 

Bridged-T equalizer, configuration for, 6.18, 266 
Bridging 

attenuator, calculation of. 5.36, 5.37, 241 
bus impedance, calculation of, 24.35, 1578-

1680 
gain, statement of, 12.216, 598 
transformer 

description of, 8.62. 381 
design of, 8.63, 381 
standard impedances of, 8.64. 382 

Brush, jack sleeve cleaner, 24.13. 1671 
Buck-boost, transformer, use of, 8.96, 391 
Buckle, film, definition of, 18.180. 956 
Building materials, coefficient ratings, 2.32, 44, 

46 
Building-out 
network, purpose of. 5.84, 264 
resistor, definition of, 9.24, 421 
resistors, mixer, values of. 9.44. 428-429 
resistors, negative-feedback amplifier, 12.142, 

676-677 
Burnishing 

facets. atm, effect of on frequency response, 
15.9, 713 

film, description of, 19.152, 1063 
tool, purpose of, 24.58, 1691 

Butterworth wave filter, definition of, 7.116, 
366 

Buzzer test set, advantages of. 24.56, 1689-1591 
Buzz film, projection, purpose of, 19.64, 1036 

C 
Cabinet relay rack, construction of, 24.36, 1580-

1581 
Cable 

capacitance pickup, effect of, 16.50, 747-748 
coaxial, capacitance per foot of, 25.212, 1687-

1696 
coaxial, definition of, 25.89. 1629-1630 
crystal microphone, 4.24, 161 
microphone, cable runs, 4.73. 188 
microphone, grounding of, 4.64, 175-176 
pair, definition of, 25.170, 1670 
toll, definition of, 25.171. 1670 

Cableform 
high-level, placement of, 24.23, 1573 
intermediate-level, placement of, 24.21, 1573 
lacing of. procedure for, 24.43, 1683 
placement of. 24.20, 1572-1573 

Calibration, microphone 
principles of, 22.138, 1409-1410 
standard for, 22.138, 1410 

Calibrator, microphone. reciprocity, descrip-
tion of, 22.137, 1408-1409 

Calibrator, oscilloscope, description of, 22.76, 
1331-1332 

Camera 
blimp, description of, 18.182, 956 
dolly shots, making of, 2.70, 69 
motor-control unit, design of. 3.88, 138-139 
oscilloscope, description of, 22.113, 1374-1377 
oscilloscope, ultraviolet light used with, 

22.113, 1374-1375 
synchronization of, precision unit control, 

3.80, 127-128 
synchronization with sound, 3.78, 124-126 

Camras. Marvin, 17.39, 763 
Cancellation, push-pull sound head, 18.323. 

1004; 19.97, 1050; 19.98. 1060 
Candela, definition of. 19.5, 1024 
Candle, definition of, 19.5, 1023-1024 
Capacitance 

calculation of, 25.56, 1626 
internal, crystal microphone, 4.25. 161 
parallel, equation for, 25.126, 1648 
reed-relay, 25.147, 1656 
series, equations for, 25.125, 1648 
transformation of, 8.34, 377 
transistor internal, variation of with voltage, 

11.140, 505-506 
Capacitor(s) 

cathode by-pass, effect of, 23.47, 1451 
color code, 25.202, 1683 
crossover networks, type of, 7.84, 344-345; 

7.91, 347 
current-to-voltage relationship in, 25.36, 1623 
electrolytic 

capacitance variation of, 25.30, 1623 
description of, 25.29, 1623 
frequency effect on, 25.32, 1623 
high power factor, effect of, 21.59, 1183 
leakage of versus capacitance, 26.31, 1623 
power factor of, average, 25.33, 1623 
tolerance versus voltage of, 25.30, 1623 

equalizers, tolerance of, 6.78. 287 
grid and plate, purpose of, 12.219, 601-602 
impedance, measurement of, 23.183, 1537-1538 
input, ripple voltage, calculation of, 21.22, 

1173-1174 
Input, solid-state rectifiers, use of, 21.87, 

1191 
integrating, 22.143, 1418, 1424, 1426 
internal noise, measurement of, 23.160, 1524-

1525 
leakage tester, description of, 22.111, 1368-

1369 
measurement, substitution method, 23.171, 

1533 
meter, direct-reading, 22.110, 1367-1368 
microphone 

characteristics, 4.45, 159-160 
design of, 4.40, 157-158 
head, output level, 4.42. 159 
high intensity, design of, 4.115. 218-220 
self-contained, 4.46, 160-161 

motor starting. 3.63. 113-114 
padder, definition of, 25.74, 1628 
parallel, reactance of. 25.59, 1627 
power line to equipment, calculation of. 

25.120, 1645-1647 
Q. equation for, 25.130. 1649 
RC amplifier, calculation of, 12.57, 641-642 
series half-bridge, purpose of, 21.86. 1191 
series, reactance of, 25.60, 1627 
size, capacitor-start motor, 3.37, 106 
start motor, 3.9, 102 
tester. ac milliameter or voltmeter, 23.170, 

1632-1533 
tester, description of, 22.34, 1246-1250; 22.109. 

1366-1367 
voltage-sensitive, definition of, 11.106. 482 

Capstan, magnetic-recorder. effect of, 17.43. 770 
Carbonyl-iron, use of, 17.133, 799-801 
Carlson, W. L, 17.44, 770 
Carpenter, G. W., 11.44, 770 
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Carrier frequency, definition of, 25.88, 1629 
Cartridge tilt. effect of, 14.59, 760-751 
Cassette, magnetic-tape, description of, 17.182. 

836-837 
Cathamplifier, definition of, 12.127, 567-568 
Cathode follower 

description of, 12.41, 636-637 
double, description of. 12.45, 538 
gain calculations, 12.44, 638 
high load impedance. 12.44. 538 
output line, length of, 12.47, 638 
phase relations, 12.49, 538 
tubes, selection of, 12.42, 637 

Cathode-ray 
oscilloscope, description of, 22.69, 1307-1310 
tube(s) 
Aquadag in. 11.99, 481 
beam deflection in, 11.93, 479 
description of, 11.91. 477-478 
display production in, 11.94, 479 
electromagnetic deflection in, 11.98, 481 
electrostatic deflection of, 22.79, 1332-1333 
Intensifier element in, 11.100, 481 
Intensity modulation of, 22.78. 1332 
long persistence screen for, purpose of, 

22.77, 1332 
operation of, 11.92, 478-479 
persistence of screens in, 11.96, 479; 11.97, 

479-481 
post-ultor element in, 11.102, 481 
screen characteristics of, 11.96, 479 
sensitivity of, 11.95, 479 
salter element in, 11.101, 481 
x-y plotter, as, 11.91, 478 

Cathode, vacuum-tube, 11.10, 460 
Cavity resonance, loudspeaker affected by, 

20.163, 1141-1142 
Cavity resonance microphone, effect of, 4.44, 

169 
Ceiling control, compressor, use of, 18.102, 939 
Celsius, Anders, 25.75, 1628 
Celsius temperature, definition of, 25.75. 1628 
Cent, definition of, 1.31, 14 
Center channel, stereophonic, deriving of. 

20.154, 1138-1139 
Centigrade temperature, 25.75, 1628 

conversion of to Fahrenheit, 25.135, 1649 
Centrifugal governor, use of, 3.74, 120 
Cephloid microphone, 4.79, 191 
Ceramic 

crystal, composition of, 14.43, 709 
magnet, use of, 20.183, 1162; 25.27, 1623 
microphone, design of, 4.29, 152 

Changeover, projector, indication for, 19.43, 
1029 

Charger, battery, rectifiers suitable for, 21.93, 
1195 

Charger, trickle, use of, 24.73, 1604 
Chebychev wave filter, definition of, 7.114, 365 
Chisholm, E., 19.169, 1075 
Choir room, definition of, 2.64, 57 
Choir room, use of, 2.65, 67 
Chopper, description of, 25.4, 1621 
Chopper, solid-state. 22.97, 1346-1350 
Chopper-wheel, photocell measurements, 23.198. 

1546-1647 
Chord, definition of, 1.62, 17 
Christmas tree pattern, definition of, 13.119. 

671 
Chromatic scale, definition of. 1.29, 13 
Chronistor, definition of, 11.106, 481 
Churcher and King equal loudness contours. 

1.76, 20, 22 
Cinetarium, 19.128, 1068 
Cinca strip, definition of, 18.190, 967 
Circuit laboratory, description of, 24.55, 1589 
Circular mil area, wire 

calculation of, 24.28, 1574 
table of, 25.163, 1663 

Circular mil, definition of, 25.19, 1622 
Clamp-on meter, description of, 22.12, 1235 
Clap-sticks, use of, 18.334, 1010 
Clarke, Brian, 20.184, 1162 
Cleaning, magnetic-head, solutions for, 17.101. 

789 
Click suppression, method for, 24.67, 1698-1600 

Click suppression. sound mixers, in, 9.38, 424 
Cluster, loudspeaker, description of. 20.155, 

1139 
Clusters, magnetic head, testing of, 19.76, 1038 
Coarse pitch, definition of, 13.29, 654 
Coarse-pitch recording, definition of, 13.55, 669 
Coaxial cable, capacitance per foot of, 25.212, 

1687-1696 
Code, stylus, colors for, 15.39, 717 
Coefficient rating 

acoustic materials, 2.30, 44 
building materials, 2.32, 44, 45 
versus frequency, 2.31, 44 

Coercive force, magnetic, definition of, 17.10, 
753 

Coil (s ) 
crossover networks, air-core, 7.92, 348 
crossover networks, types of, 7.90, 347 
effect of Q, 6.118, 808 
electrical center of, 8.16, 370 
encapsulated, definition of, 8.94, 391 
equalizer 

design of, 6.68, 286 
maximum Q. 6.69, 285 
tolerance of, 6.77, 287 
turnover frequency, 4.71, 285 

filter, recommended types, 7.64, 336 
honeycomb wound, description of. 6.72, 286 
hum-bucking, use of, 20.28, 1092 
hybrid 

design calculation for, 8.68, 384 
design of, 8.46, 382-383 
Impedance calculation for, 8.70, 384 
insertion loss calculation for, 8.69, 384 
internal losses in. 8.67. 884 

impedance-matching, definition of, 8.26. 373 
Inductance of, effect of iron core on, 8.77, 386 
loading, telephone line, 25.189. 1673 
multilayer, calculation of, 8.95, 391 
Q factors affecting, 8.73. 384 
"Q," measurement of, 8.72, 384 
relay, rewinding of, 24.88, 1608-1610 
relay, winding methods for, 25.153, 1658 
shorted turns in, 8.76, 385 
single-layer, calculation of, 8.95, 391 
skewed winding for, description of, 25.200, 

1678-1679 
spiral-wound, calculation of. 8.95. 391 
toroidal, 6.68, 285; 6.71. 286; 8.92, 390 
how constructed, 6.70, 285 

turns of. versus inductance, 8.75, 385; 25.137, 
1651 

unity coupling between, 8.80, 385 
waveflier  

specifications for. 7.66. 336 
tolerance of. 7.65, 336 

Collector ring, definition of, 25.20, 1622 
Color code 

audio-transformer, 24.62. 1592 
capacitor, 25.202, 1683 
power-transformer, 24.61, 1692 
resistor. 25.202. 1683 
wiring, 24.60, 1692 

Combination tones, definition of, 23.91, 1487 
Combining network 

insertion loss calculation, 5.31, 239 
series configuration, 5.31, 239 
use of. 5.31, 239 

Commas, definition of, 18.337, 1011 
Commissions. international, 25.197, 1677 
Common logarithms, table of, 25.209, 1687 
Common-mode rejection, definition of, 2535, 

1626 
Commutator noise, elimination of, 3.46, 107 
Commutator ripple, prevention of, 25.117, 1644 
Compactron, definition of, 25.110, 1638 
Comparitor. optical, 18.347, 1020 
Compass, deflection of. 25.71, 1628 
Compensated volume control, 6.85, 289 
Compensator 

definition of, 6.2, 263 
cross-modulation 
purpose of. 18.246, 985-988 
use of, 18.176, 966 

Complex waveform, 1.52, 16 
construction of, 1.65, 17-18 
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Compliance 
definition of, 15.34, 716 
loudspeaker, definition of, 20.9. 1084 
pickup 

definition of, 16.30, 742 
how measured, 16.46, 744 
vertical, effect of, 16.14, 736 

stereophonic pickup, 15.34, 716 

Composite-filter, sections, combining of, 7.42, 
328 

Compressed-air loudspeaker, description of. 
20.191, 1158-1159 

Compression 
attack and release times, average, 18.100, 939 
limiting, difference of, 18.101, 939 
recording, average values of. 18.88, 937 
volume, magnetic tape and film, cause of, 

17.124. 798 
when used, 18.94, 938 

Compressional waveform, definition of, 1.4. 11 

Compressor 
amplifier 
adjustment of frequency for, 18.92, 937-938 
balancing of, 18.95, 938: 18.80. 936 
gain of, 18.96, 938 
operating point of. 18.99, 939 
precautions in use, 18.97. 938 
ratios, definition of, 18.87, 987 
testing of, 18.341, 1016 
where connected, 18.98, 938 

breakaway point, definition of. 18.84, 932 
operational amplifier, 12.196, 593 

Comprex recording, 18.107, 941 
Compromise network, use of, 5.91. 266 
Compromise styus, definition of, 15.42, 717 
Compt, definition of, 18.337, 1011 

Concentrator, microphone, design of, 4.100, 
204-206 

Condenser microphone, design of, 4.40, 157-158 
Configuration, definition of, 5.5, 232 
Confusion, acoustical, effect of, 2.22, 43 
Conjugate impedances, 7.38, 325 
Consonance, definition of, 1.61, 17 
Consonant, definition of, 1.78, 20 

Constant 
amplitude 

constant-velocity recording, 14.7, 700-701 
cutting head, 14.5, 700 
disc recording, 13.101, 665 

angular velocity device, definition of, 13.20, 
653 

-B equalizer, 6.124, 309-311 
-current magnetic recording, definition of, 

17.67, 781 
-groove velocity recording, description of, 

13.22. 653 
-groove velocity versus recording time, 

13.206, 682 
impedance, definition of. 7.28, 324 
m, determination of, 7.53, 332-333 
-m, filter, value of, 7.50, 332; 7.53, 332 
-S equalizer, design of, 6.125, 311, 312 
-velocity cutting head, 14.3, 699; 14.4, 699 
-velocity recording, definition of. 13.175, 677 
-voltage 
transformers 

design of, 8.100. 393-397 
measurement of 8.101, 398-399 
parallel operation of, 8.103, 399 
precautions in use of, 8.101, 398-399 
tandem operation of. 8.102, 399 

Constants, dielectric, table of, 25.211, 1687 
Contact potential, definition, of, 11.67, 471 

Contact. tape-to-head, 17.95, 788 
Continuous film feed, design of, 2.133, 98-99 

Control 
center, stereophonic headphones, for, 20.182, 

1146-1160 
grand master, definition of, 9.17, 415 
mixer, description of, 9.7, 412-413 
mixer, plain-T, 9.34, 423-424 
overall master, definition of, 9.16, 415 
strip, definition of, 18.191. 957 
submaster, definition of, 9.15, 414-415 

Conversion-factor table, 25.208, 1687 
Converter, de to ac, transistor, description of, 

21.108, 1200-1201 
Converter, rotary, 3.22, 104 

Cooling fans, performance of, 24.99, 1617 
Copper master, definition of, 13.123, 671 

Core(s) 
ferrite, description of, 17.73, 782 
film, sound recording, description of, 18.155, 

950 
laminations, types of, 8.105, 401 
magnetic, 17.16, 764 
samples, testing of, 23.159, 1524 

Corundum, use of, 15.3, 712 
Cosine, definition of, 25.22. 1622 
Cosmetic effect, disc recording, in, 13.56, 659 
Counter, electronic, solid-state, principles of, 

22.142, 1416-1417 
Coupling, magnetic, definition of, 17.11, 753 
Coupling, unity, 25.97, 1630 

Crater, arc-light, definition of, 19.41, 1029 
Critical damping, definition of, 1.38, 14 

Cropping, definition of, 19.48, 1031 
Cross-fading, definition of. 9.13, 413-414 
Cross-field recording, magnetic, 17.39. 764-766 

Cross-modulation 
amplifier, cause of, 23.89, 1487; 23.113, 1499 
compensator, purpose of, 18.246, 985-988 
distortion, variable-area, determination with-

out equipment, 18.283, 994, 996 
distortion, effects of, 18.247. 988-989 
oscillator 
components of, 18.225, 970-971 
description of, 18.230, 972-976; 22.66, 1306 
recording, connection of, 18.331, 976 
16-mm film, frequencies for, 18.227, 971-

972 
testing of, 23.185, 1639-1640 
tests, how made, 18.332, 976-980 
35-mm film, frequencies for, 18.226, 971 

poor cancellation, cause of, 18.242, 984-985 
read-out 

basic components, 18.234. 980-981 
block diagram for, 18.235. 980-981 
panel description of, 22.67, 1306 
special calibrations, 18.236, 982 

tests 
carrier frequency, 35-mm selection of, 

18.245, 985 
definition of, 18.126, 944 
exposure lamp, changing of, 18.249, 989 
how measured, 18.233, 980 
minimum cancellation, value of, 18.241, 984 
photometer, use of, 18.249, 989 
plotting of, 18.238, 983-984 
procedure for, 23.128, 1507-1508 
processing, tolerance for, 18.238, 983-984 
push-pull recording, 18.251, 989-990 
read-out, procedure for. 18.237, 982-983 
recording. percent modulation, 18.228, 972; 

18.229, 972 
theory of, 18.232, 976-980 

Crossover 
constant-voltage, constant-current power 

supply, 21.114. 1203 
frequency, theatre, loudspeaker system, 

20.123, 1127 
network ( s ) 

capacitors, types of, 7.91, 347 
coils, air-core, 7.92, 348 
coila for, 7.90, 347 
connection of, 7.94, 348-349 
constant-resistance, 7.87. 347 
constants for series and parallel constant-k 

and m-derived, 7.96. 349 
cutoff rate, 7.88. 347 
electronic, definition of, 7.108, 356 
equalizers, use of, 7.83, 344 
filter capacitors, 7.84, 344-345 
frequency response. 7.81, 343 
high-impedance, 7.99, 363 
impedance and phase shift, 7.103, 364 
impedance conversion, 7.97, 349-351 
impedance of, transistor amplifier affected 

by, 20.91, 1116 
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Crossover--cont'd 
network(s) 

insertion loss, cause of, 7.84. 344-345 
loudspeaker 

connection of, 20.117, 1122 
electronic, circuits for, 20.121, 1123-1124 
measurement of, 23.64, 1466-1467 
purpose of, 9.80, 341-343 
ringing test for, 20.118. 1123 
source impedance effect on, 20.120, 1123 
waveform, complex, in. 20.119, 1123 

matching transformer, use of, 7.95, 349 
in-derived, advantages of, 7.89, 347 
mechanical, 20.3, 1080 
multiple-loudspeaker, characteristics of, 

20.115, 1122 
parallel type. 7.82, 343-344 
power loss. 7.86. 347 
selection of crossover frequency, 7.85, 345-

347 
series type, 722, 343-344 
3- and 5-way, design of, 7.98, 351-353 
unequal impedance speakers, 7.93, 348 

test 
push-pull, measurement of, 18.255, 990 
push-pull recorder, procedure for, 18.254, 

990 
variable-area, push-pull recorder, purpose 

of, 18.253, 990 

Cross talk 
cause of, 23.97, 1490-1491 
far-end measurement of, 23.102, 1492 
level, maximum of, 23.99, 1491 
magnetic-recording 
cause of, 17.135, 801-802 
standard for, 17.149, 811 

near-end, measurement of. 23.101, 1492 
pickups, description of, 16.6. 730-731 
reduction of, 23.98, 1491 

Crowbar, voltage protector, definition of, 21.88, 
1191 

Cristal (s) 
ceramic, composition of, 14.43, 709 
composition of, 25.191. 1674-1676 
filter, definition of, 7.70. 337 
headphone 

construction of, 20.168, 1143 
coupling to, 20.169, 1143 
equalizer for, 20.173, 1143 
frequency response of. 20.170. 1143 
Impedance of, 20.171, 1143 

microphone 
amplifier, 4.27, 151 
bimorph, 4.17, 150 
frequency response. 4.26, 151 
sound-cell, 4.16, 150 
types of, 4.14, 150; 4.16, 150 

polarization of, 25.191, 1675-1676 
quartz, cutting of, 25.103, 1633-1634 
quartz, oscillation of, 25.102, 1633 
used in microphones, 4.14, 160 

Cuing, vocalist, 2.63, 57 

Current 
capacity, wire, table of, 25.163, 1663 
conventional, 11.109, 483 
electron, 11.109, 484 
pulsating, definition of. 25.49, 1626 
transformer, definition of, 8.19, 370 
transistor, direction of, 11.123, 496 
vacuum-tube, direction of, 11.68, 471 

Curve, linearity of, 25.146, 1655-1656 
Curve tracer, transistor, description of, 22.121, 

1382-1383 
Cut, disc-recording, definition of, 13.122, 671 
Cut-off frequency, wave filter, definition of, 

7.19, 323 

Cutting head(s), 14.1, 693 
amplifier, type of, 12.164, 581-582 
basic principles of, 14.2, 693-699 
calibration, speed dependence of, 14.13, 702 
ceramic, description of, 14.30, 706 
constant-amplitude, 14.5, 700 
constant-velocity. 14.3, 699 
crystal, 14.5, 700 

amplifier-loading effect of, 14.35, 707 

Cutting head(s)—cont'd 
crystal 
component values for constant-amplitude 

constant-velocity operation of, 14.38, 
708-709 

coupling of, 14.33, 706-707 
description of, 14.30, 706 
hot stylus used with, 14.40, 709 
impedance of, 14.32, 706 
internal capacitance of, 14.38, 707 
precautions in use of, 14.41. 709 
recording characteristics of. 14.31, 706 

damping, 14.2, 696; 14.11, 701-702 
adjustment of, 14.12, 702 
material for, 14.15, 703 
silicone used for, 14.2, 696 
springs in, 14.11, 701-702 

disc-record, coils in, polarity of. 13.202, 680-
681 

disc-recording, percent modulation of, 13.164, 
675-676 

driving coils in, 14.2, 693, 694, 695, 697, 698 
embossing, description of, 14.44, 709 
frequency response, calibration of, 14.46, 709-

710 
frequency response of, 14.2, 694, 696, 696, 699 
hot-stylus heating coil for, 14.2, 695-698 
impedance characteristics of, 14.18, 703 
impedance, standard values of, 14.19, 703 
lateral-recording, 14.2, 693-695 
level reference for, 14.22, 705 
magnetic, advantages of, 14.42, 709 
magnetic versus crystal, 14.42, 709 
monogroove, description of, 1323, 653 
transmission line, mechanical, used with, 

14.17, 703 
moving-vane, description of, 14.2, 695-696 
negative feedback in, 14.2, 694, 695, 696, 697, 

698-699; 14.29, 705-706 
network 

action of, 14.21, 703-705 
purpose of, 14.20, 703 

nonfeedback, turnover-frequency control of, 
14.24, 706 

pressure wave versus stylus motion of, 14.45, 
709 

sensitivity adjustment of, 14.48, 710 
sensitivity of, 14.35, 705 
signal voltage required for, 14.34, 707 
stereo, description of, 14.2, 695-699 
stereo, monophonic recording with, 14.16, 

703 
stylus, angle of. 13.30. 654-655 
swing limits for, 14.25, 705 
temperature effect on, 14.14, 702-703 
turnover frequency of, 14.8, 701 
vertical, description of, 14.28, 706; 14.28, 706 
vertical, turnover frequency of. 14.27, 705 
Westrex SC and 3D, description of, 14.2, 697-

699 
Cutting rate, 13.28. 664; 13.27. 664 
Cycles per second, definition of, 1.46, 15 
Cycle, time duration of, 25.118, 1644-1645 
Cylindrical waveform, definition of, 1.10, 11 

D 
Dailies, definition of, 18.167, 952 
Damping 

amplifier, loudspeaker affected by, 20.103, 
1120 

critical, definition of, 1.38, 14-15 
cutting-head, 14.2, 696, 698; 14.11, 701-702 
cutting-head, adjustment of, 14.12, 702 
definition of, 1.37, 14 
factor 

calculation of, 12.177, 587 
loudspeaker, calculation of, 20.103, 1120 
standard for, 23.212, 1568 

material, types of, 14.15, 703 
variable 

amplifier, definition of, 20.95, 1117 
distortion, 23.126, 1507 
operation of, 12.242, 617 

Dash-pot, tight-loop system, use of, 18.28, 915 
Data sheet, gain set readings, 23.6, 1434 
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payee. L. W., 19.169, 1076 
Davis, Arthur C., 2.117, 86-86 
Davis. Charles C., 13.23, 653: 18.28, 912 
Davis, Don, 2.117, 85-86 
dB, definition of, 16.13, 447 
dB. relation to nepera, 10.39. 466 
dBm, definition of. 10.9, 447 
dBV, definition of, 4.109, 213; 10.36, 466 
Dead-beat instrument, definition of, 25.24, 

1622 
Dead room, definition of, 2.18, 43 
Decade amplifier, description of, 22.134, 1403-

1404 
Decade box, description of, 22.44, 1263 
Decay time, optical film recording, definition 

of, 18.62, 921 
Decibel (a) 

addition and subtraction, 1.152, 37-38 
attenuator isolation, 5.14. 232 
conversion of 

to absolute power unite, 25.174, 1671 
to watts. equation for, 23.41, 1449 

equations, for, 25.39. 1624-1625 
notation, use of, 25.167, 1663-1668 
percent-change chart for, 25.133, 1649 
ratio table, 25.214, 1696-1697 
versus power, 25.105, 1634-1635 

Decimal equivalents, table of, 25.205, 1687 
Decoupling circuits, definition of, 21.63, 1184 
De-emphasis, definition of, 6.6, 263 
De-essing, frequency response for, 18.91. 937 
De-essing, recording, definition of, 18.89, 937 
Degausser, magnetic tape and film, design of. 

17.66, 780-781 
Degaussing 

heads, of, 17.90, 786 
magnetic tape and film, for reuse, 17.92, 

786-787 
tool, use of, 17.91, 786 

Degree, electrical, definition of, 25.28, 1623 
Delay 

equalizer, purpose of, 6.123. 309 
propagation time, definition of, 25.70. 1628 
transmission line, cause of, 25.184, 1673 

Delta connection, 3.26, 104 
Densitometer, description of, 18.196, 957-961 
Density 

balanced, definition of, 18.244. 985 
balanced, transmission, value of, 18.247, 988-

989 
base-fog, average value of, 18.222, 970; 

18.223, 970; 18.258, 991 
control, step-tablet, use of, 18.320. 1004 
definition of, 18.123, 943 
direct-positive film recording, 18.176, 956 
draft, cause of, 18.312, 1003 
Ektachrome, color reversal, variable-area, 

average value, 18.264, 991 
fog 

cause of, 18.224, 970 
definition of, 18.124, 944 
negative, variable-area, average value of, 

18.222, 970 
print, variable area, average value of. 

18.223, 970 
high, print, when used, 18.300. 1000; 18.313, 

1003 
negative and print, determination of. 18.125, 

944 
negative and print, zero-shift method of, 

18.265, 991-992 
optimum, determination without equipment. 

18.283. 994, 996 
optimum, dupe negative, how determined, 

18.261, 991; 18.263, 994, 996 
print, 1.40, value of. 18.259, 991 
variable-area, effect of. 18.243, 986 
variable-area, selection of. 18.240, 984 
variable-density, negative and print, de-

termination of, 18.269, 992 
versus output voltage. 18.133, 946 
versus transmission, variable-density sound 

track, 18.270, 992 
visual, variable-density, average value of, 

18.271, 992 
Depopping, method of, 24.67, 1698-1600 

Dialogue 
equalization, factors affecting, 6.122, 308-309 
recording, reduction of low frequencies, pur-

pose of, 2.109, 80 
recording stage, differences from music stage, 

2.61. 56 
Diameter equalizer, definition of, 6.27, 267-268 
Diameter loss, disc-recording, 13.51, 659 
Diaphragm, capacitor microphone, 4.41, 158 
Dielectric 
breakdown voltage of, 25.57, 1626 
constant, definition of, 25.57, 1626-1627 
constants, table of, 25.211, 1687 

Difference-frequency intermodulation test, defi-
nition of, 22.133, 1403 

Differential 
amplifier, description of. 12.86, 562-563 
generator, selsyn interlock, 3.55. 110-111 
microphone, design of, 4.120. 224-225 

Differentiation circuit, description of, 25.7, 
1621 

Diffraction acoustical, effect of, 2.25, 43 
Diffuser 

definition of, 2.71, 60 
polycylindrical, construction of. 2.76. 71-72 
use of, 2.115, 82-83 

Diffusion, acoustical, purpose of, 2.43, 49 
Digital multimeter, solid-state, 22.143. 1417-

1427 
Dimensions, equipment, average, 24.80, 1606-

1607 

Diode( sf 
G. L., 18.12. 893 

od  

click-suppression, use of. 24.67, 1699-1600 
construction of, 11.147, 610-611 
current direction in. 11.109, 483-484 
current regulator, design of, 21.118, 1207-1209 
definition of. 11.15, 460 
hot carrier, description of, 11.155. 517 
meter-protection, 25.67. 1627-1628 • 
noise-generation, 22.56, 1281-1282 
parallel connection of, 11.154. 616-517 
plotter, oscilloscope, description of, 23.203, 

1549 
polarity of, 11.116, 488-492 
series connection of. 11.154, 516-517 
silicon, efficiency of, 11.153, 616 
steering, definition of. 11.160, 519-520 
tunnel, description of, 11.152, 515 
voltage regulator, design of, 21.118, 1207-

1209 
zener 
breakdown impedance, measurement of, 

23.205. 1650 
breakdown voltage, measurement of, 23.204, 

1549-1560 
description of. 11.148, 611-613 

Dip-filter, variable, design of, 7.72, 338-339 
Directivity index, loudspeaker, definition of, 

20.110, 1121 
Direct-positive 

photographic film, characteristics of, 18.176, 
955 

photographic film, gamma for, 18.176, 966 
recording 
advantages of, 18.42, 916 
cancellation, minimum value of, 18.241, 

984 
compensator, use of, 18.176, 966 
description of, 18.41. 916 
light valve, description of. 18.23, 904-905 

16-mm, variable-area appearance of, 18.304, 
1001 

sound track, class-A, variable-area, 18.29, 
916 

variable-area, 200-mil, push-pull, sound track, 
18.309, 1002-1003 

Direct radiator, definition of. 1.13, 11 
Direct radiator loudspeaker, description of, 

20.1. 1079-1080 
Disc 

Rayleigh, construction of, 2.90, 72-73 
recording 

cut, definition of, 13.122, 671 
flash in manufacture of, 13.191, 679 
grouping in, 13.190, 679 
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Disc—cont'd 
recording 

intermodulation measurements, frequencies 
for, 23.119, 1603-1604 

light pattern, making of, 23.75, 1477, 1480 
N-A beam test record, purpose of, 23.77, 

1482 
rumble in, 13.43, 658; 13.44, 668 
signal-to-noise measurement, 23.130, 1608 
stylus noise, test for, 23.78, 1482 
sweep record, use of, 23.141, 1614 
transfer channel for, 17.228. 870-871 
translation loss, definition of, 23.79, 1482 
turntable rumble, measurement of, 23.76, 

1480-1482 
reproduction, skating in, 13.81, 661 

Discriminator, description of, 25.112, 1639-
1640 

Dispersion, effect of, 2.28, 44 

Dissonance, definition of, 1.61, 17 

Distortion 
amplifier 
changing line voltage, effect of, 23.210, 

1556-1558 
cross-modulation, cause of, 23.89, 1487: 

23.113, 1499 
even-order, 23.85, 1487 
in tandem, 23.87, 1487 
measurement procedure for, 23.83, 1486 
measurement, types of, 23.82, 1486-1486 
odd-order, 23.86, 1487 

analyzer, LC filter type, 22.60, 1286-1287 
aperture effect of, 18.168, 962 
bias-current, limit for, 17.51, 774 
compressor amplifier. 18.93, 938 
cross-modulation, effects of, 18.247, 988-989 
cross-modulation test, definition of, 18.128, 

944 
crossover, description of, 12.230, 606 
disc-recording, 33%-rpm. maximum of, 13.89, 

663 
disc-recording, 45-rpm, maximum of, 13.89, 

663 
effect on human ear, 1.119, 29-30 
factor meter, cancellation type, description 

of, 22.64, 1300-1301 
factor meter, description of, 22.62, 1289-1297 
factor meter, phase-shifter, 22.64. 1300-1301 
frequency, amplifier, effect of, 12.115, 565 

harmonic 
light valve, measurement of, 23.152, 1518 
loudspeaker, 20.98, 1118 
oscilloscope measurement by, 23.92, 1487-

1488 
plotting of, 23.7, 1438 
relation to intermodulation distortion, 

23.116, 1602 
stereo dise, average of, 13.214, 684-685 

high-frequency equalization, cause of, 12.221, 
602 

high-frequency, image spread, cause of, 
18.266, 992 

human ear tolerance, 1.138, 34 
image spread, variable-area, description of, 

18.130, 944-945 

intermodulation 
amplifier, measurement of, 23.113, 1499-

1501 
audio transformer, 8.86. 385 
calculation of, 23.117. 1503 
film recording, variable-density negative, 

plotting of, 18.275, 992 
generation of, 23.117, 1502-1503 
loudspeaker. 20.96, 1117-1118 
cause of, 20.99, 1118-1119 
reduction of, 20.100, 1119 

low frequency, caused, 23.118. 1503 
magnetic recorders, procedure for, 23.129, 

1508 
printer contact, 18.282, 993-994 
statement of, 23.115, 1502 
stereo disc, average values, 13.214, 684-685 
test, definition of, 18.127, 944 
transformer, measurement of. 23.114, 1501-

1502 

Distortion—eont'd 
intermodulation 

variable-area film recording, 18.281, 993 
versus harmonic, 23.124, 1504-1505 

lateral disc recording, in, 13.159, 674 
listening level, 23.120, 1604 
magnetic 

recorders, measurement of, 21.74, 1474-1477 
recording, reference value, 23.74, 1476 
tape, characteristics of, 17.112, 792 
tape, standard for, 17.140, 806-807 

meter, automatic nulling, description of, 
22.83, 1297-1300 

meter, high-pass filter, using, 22.61, 1287-
1289 

microphone, electret, 4.126, 228 
notch, description of, 12.230, 606 
oscillator, effect on wave filter, 23.202, 1549 
oscillator, internal, measurement of, 23.174, 

1634 
output transformers, cause of, 12.238, 616 
photographic film, description of, 18.326, 1005 
pickup 

cause of, 16.40, 743 
how measured, 16.41, 743 
intermodulation, preferred method, 18.43, 

743 
push-pull amplifier, cathode by-pass capaci-

tor, effect of, 23.47, 1461 
push-pull amplifier, cause of, 23.45, 1449-1450 
RC amplifiers, 12.27, 632 
reproducer magnetic, measurement of, 23.74, 

1474-1477 
tracing, definition of, 13.173, 677 
transistor, 11.134, 602 
transistor amplifiers, measurement of, 23.39, 

1448-1449 
transistors versus vacuum tubes, 12.245, 621-

622 
scale, definition of. 1.143, 36; 23.90, 1487 
vertical disc recording, variation of, 13.160, 

674 
waveform, disc-recording, effect of, 13.155, 

674 
waveform, double-ended amplifier, 23.84, 

1486-1487 
Distributed-port loudspeaker enclosure, 20.166, 

1142 
Divergence control, design of, 5.74, 251 
D log E curve, definition of, 18.121, 943 
Dolby, R. M., 17.235, 886 
Dolly shots, making of, 2.70, 69 
Dome, apex, purpose of, 20.17, 1090 
Doors, production stage, construction of, 2.69, 

58-59 
Doppler effect, 1.124. 31 
Double-button carbon microphone. 4.9, 149-160 
Douser, purpose of, 19.42. 1029 
Drag angle, adjustment of, 13.32. 655-656 
Drive hole, definition of, 13.45, 668 
Driver unit, compression, loudspeaker, 20.10, 

1084 
Driver unit, horn, construction of, 20.32, 1093-

1095 
Drone cone, definition of. 20.164. 1142 
Dropouts, cause of. 17.119, 795-796 
Dropouts, magnetic recording, equation for, 

17.29, 760 
Dual-speed selsyn interlock system, 3.56, 111 
Dual-track magnetic tape, track placement on, 

17.150, 811-812 
Dual triode, definition of, 11.17, 460 
Dubbing, definition of, 18.112, 941 
Dubbing stage, screen dimensions for, 19.45, 

1029-1030 
Duller, definition of, 6.3, 263 
DuMont, Allen B., 11.91, 478 
Duplex 

circuit, definition of, 25.195, 1677 . 
half-circuit, definition of, 25.196, 1677 
loudspeaker, construction of, 20.25. 1091-1092 

Dynamic 
braking, motor, how applied, 3.75, 120-121 
headphone, frequency response of, 20.172, 

1143 
microphone, design of, 4.30, 152-153 
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Dynamic--cont'd 
noise suppressor, definition of, 18.105, 941 
range 

disc recording, of, 13.188, 679 
16-mm optical film, 18.175, 955 
16-mm photographic film, 18.137. 946 
symphony orchestra, 1.113, 27 
35-mm photographic film, 18.138, 945 

Dynamo, 3.20, 104 
Dynamometer meter. description of, 22.5. 1228-

1229 
Dynamotor, 3.19, 104 
Dyne, definition of, 1.125, 31-32 
Dyne per centimeter, definition of, 1.41, 16: 

1.102, 26-26 
Dynode photomultiplier tube, 11.32, 464 

E 
Ear 

distortion effect of, 1.119, 29-30 
distortion tolerance, 1.138, 34 
drum, deflection of, 1.85, 21 
human, nonlinearity effect 1.118, 27-28, 

1.119, 28-30 
human, threshold of hearing, 1.82, 21 
minimum change in sound level, 1.147, 36 
phase-shift tolerance, 1.444, 36 

Echelon synchronization system, 3.78, 126 
Echo 
chamber 

connection in audio channel. 2.82. 66 
construction of, 2.80, 62-64; 2.81, 64-66 
Pine, construction of, 2.80, 62-64 

definition of, 2.79, 62 
flutter, definition of, 2.16, 43 
spring, generation of, 2.129, 89-90 

Ede currents, definition of, 8.6, 368: 17.12, 764 
Edge numbering, purpose of, 17.30, 761-762 
Edge numbers, use of. 18.187, 956 
Edison effect, definition of, 11.1, 469 
Editing, Moviola, description of, 18.198, 961-962 
Editorial sync mark, definition of, 18.332, 1010 
Effective 

center of radiation, definition of, 1.14, 11 
power, definition of, 26.9, 1621 
sound pressure, definition of, 1.110, 37 

Efficiency, loudspeaker, close-coupled, 20.165, 
1142 

Efficiency, motor, calculation of, 3.43, 107 
Eigentone, definition of, 1.51, 16 
Elasticity, acoustic, definition of, 20.108, 1121 
Electret, definition of, 25.51, 1626 
Electret microphone, design of, 4.126, 228 
Electrical 

equivalents, tablet of, 25.20, 1687 
gearing system, 3.47, 107 
transcription, description of, 13.1, 647 

Electroluminescence-controlled amplifier, de-
scription of, 12.84, 548-550 

Electrolysis, cause of, 25.124, 1647-1648 
Electrolytic 

capacitors, series connection of, 21.46, 1179-
1180 

recorder, definition of, 25.90, 1630 
switch, description of, 25.193, 1676 

Electrometer, definition of, 25.142, 1652 
Electron-cloud magnetic head, description of, 

17.137, 805-806 
Electronic 

filter, definition of, 7.71, 337-338 
gating, definition of, 25.166, 1663 
microphone, design of, 4.69, 179 
mixer, definition of, 18.105, 941 
printing, description of, 18.201, 964 
switch, oscilloscope, connection for, 23.184, 

1538-1539 
switch, oscilloscope, description of, 22.95, 

1342-1344 
video recording, principles of, 17.239, 889 

Electrosensitive recorder, definition of, 25.91, 
1630 

Electrostatic 
actuator, microphone calibration, 4.86, 195-

196 
loudspeaker, 20.15, 1084-1090 

Electrostatic--cont'd 
microphone, design of, 4.121, 225 
shield, transformer, 8.12, 369 
voltmeter, description of, 22.6, 1229 

Electrothermal recorder, definition of, 25.77, 
1628 

Elements, vacuum-tube, 11.2, 459 
Elliptic wave filter, definition of, 7.116, 365 
Embossed disc recording 

description of, 13.203, 681 
media for, 13.209, 682 
pressure average of, 13.208, 682 

Embossing recorder, amplifier for, frequency 
response of. 13.204, 681 

Emissivity, heat-sink, average of, 21.127, 1218 
Emulsion sound recording, identification of, 

18.160, 950 
Emulsion testa, requirement for, 18.129, 944 
Enclosure 

bass-reflex 
adjustment of, 20.83. 1113-1114 
construction of, 20.61, 1102-1105 
principles of, 20.60, 1101-1102 

distributed-port, description of, 20.166, 1142 
fold-a-flex, description of, 20.67, 1108 
frequency irregularity, definition of, 1.136, 34 
Karlson, description of, 20.64, 1105 
loudspeaker 

borne, definition of, 20.49, 1097 
book-shelf, 20.183, 1150-1152 
elasticity in, definition of, 20.108, 1121 
Klipschorn, description of, 20.65, 1105-1107 
labyrinth, description of, 20.66, 1107-1108 
push-pull, 20.40, 1095 
rear-loaded, principles of, 20.71, 1108-1109 
resonance in, control of, 20.81, 1113 
resonance testing of, 20.82, 1113 
stereophonic, description of, 20.69, 1108 
volume of, 20.80, 1113 

noise reduction coefficient, 2.13, 42-43 
'parallel walla, effect of, 1.51, 16 
shape of, external, 20.77, 1111-1112 
shapes to be avoided, 2.39, 48 
transmission irregularity, definition of. 

1.137, 34 
Energy distribution, human speech, 1.21, 12 
Energy-level chart, 25.213, 1696 
Equalization 

amplifier 
negative feedback, 6.98, 297-298 
points of, 6.96, 295-296 
precautions in network connection, 12.211, 

698 
three-channel, 6.97, 297 

Baxandall circuit, 6.86, 290 
compensated volume control, 6.85, 289 
dialogue, factors governing use of, 4.114, 

214-218; 6.122, 308-309; 17.163, 819-
820; 18.81, 930-931; 18.169, 962 

diameter 
connection of, 13.112, 669-670 
hot-stylus use of, 15.66, 720-721 
use of, 13.111, 668-669 

disc-record, RIAA, 13.201, 680 
film-loss, use of, 18.169, 952 
frequency response, shifting of, 6.84, 289 
high and low, RC, 6.93, 292 
high and low, variable RC, 6.94, 292 
high-frequency distortion cause of, 12.221, 

602 
high frequency, employing inductance, 6.83, 

289 
line length, 6.114, 307 
low frequency, employing inductance, 6.82, 

289 
magnetic film 
16-mm playback, 17.174, 824 
16-mm recording, 17.174, 824 
35-mm playback. 17.175, 824-825 
35-mm recording, 17.175, 824-825 

magnetic recording, adjustment of, 17.155, 
814 

maximum amount, 6.19, 266 
microphone, how used, 4.114, 215-217 
negative-feedback loop, 12.157, 580; 12.158, 

580 
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Equalization—cont'd 
optical reduction, 36-mm to 16-mm, charac-

teristic of, 18.174, 954 
phototube output, 19.96, 1050 
pre- and post-emphasis, fm radio, 6.111, 805-

306 
pre- , disc-recording, connection of, 13.163, 

675 
pre- , magnetic recording, AME, CCIR, NAB, 

17.172, 823 
Presence, use of, 2.121, 87 
RC amplifiers, low-frequency, 12.37, 636 
reference frequencies, 6.92, 292 
RIAA, values for, 13.110, 668 
RIAA, signal-to-noise ratio improvement 

with, 13.151, 674 
series half-bridge, purpose of, 21.86, 1191 
sound head, description of, 18.171, 953 
split-termination, 6.113, 307 
sprocket tape, magnetic, specifications for, 

17.171, 821-822 
wideband, amplifier equations for, 12.225, 

603-604 
Equalized operational amplifier, 12.196, 592-

593 
Equalizer (a) 

acoustic, 2.9, 42 
acoustical microphone, 4.33, 154 
amplifier, 6.24, 267 
amplifier, definition of, 6.24, 267 
attenuator type, definition of, 6.23, 266-267 
auditorium tuning. 6.133, 319 
balanced, design of. 6.58. 283; 6.60, 284 
balanced, ground connection, 6.64, 6.65, 284-

286 
bridged-T, 

basic configurations, 6.48, 273 
high-frequency design of, 6.51, 275-276 
low-frequency design of, 6.52, 276, 278-279 
phase-shift, 6.22, 266 
reactive elements, functioning of, 6.49, 273-

274 
resonant high frequency, 6.53, 279-282 
resonant low frequency, 6.54, 282 

capacitors, tolerance of, 6.78, 287 
characteristics, plotting of, 23.63, 1464 
coils 

design of, 6.68, 285 
honeycomb wound, description of, 6.72, 286 
maximum Q, 6.69, 285 
tolerance of, 6.77, 287 
toroidal, how constructed, 6.70, 286 

constant 
-B, 6.124, 309-311 
-loss, description of, 6.15, 266 
-resistance, configuration of, 6.18, 266 
-resistance, definition of, 6.17, 265 
-S. 6.125, 311-312 

crossover networks, use of, 7.83, 344 
crystal-headphone, circuit for, 20.173. 1143 
definition of, 6.1, 263 
degenerative, description of, 6.25, 267 
delay, definition of, 6.123, 309 
dialogue, motion picture recording, 6.107, 

300-302 
diameter, configuration of, 6.28, 268 
diameter, definition of, 6.27, 267-268 
dip-type, design of, 6.55, 282 
disc-reproducer, use of, 13.106, 666 
effect on circuit gain, 6.14, 265 
film loss, design of, 6.127, 313 
frequency conversion, 6.67, 286 
graphic 

description of, 6.108, 302-303 
passive-type, 6.126, 312-313 
resonant circuits, 6.108, 302-303 

grid circuit, RC, 6.91, 291-292 
high-frequency attenuation, design of, 6.81, 

289 
high-pass, RC, 6.90, 291 
Impedance conversion, 6.56, 282-283 
Impedance relations, 6.16, 265 
integrated circuit, 6.132, 318-319 
light valve, description of, 18.173, 954 
loss conversion, 6.57, 283 
L-type, description of, 6.20, 266 

Equalizer (s)—contM 
L-type, design of, 6.95, 292-294 
loudspeaker, low-frequency, 6.128, 313-315 
low-frequency 

attenuation, design of, 6.80, 287-289 
constant-impedance, 6.131. 317-318 
RC, 6.89, 291 

low impedance, description of, 6.13. 266 
low- or high-frequency, 6.10, 263 
low-pass, RC, 6.88. 291 
measurement of, 23.62, 1463-1464 
microphone, description of, 6.100. 298-299 
negative feedback, design of, 6.73, 286 
parallel 

capacitor, 6.32, 268-269 
inductance, 6.33, 269 
resonant, 6.35, 269 

plate circuit, description of, 6.74, 286-287 
plotting of characteristics, 6.29, 268 
pre- and post-use of, 6.11, 264 
pre-, disc-recording, 13.162, 674-676 
presence, use of, 20.136, 1135 
RC network, crystal pickup, 16.10. 736-736 
resistors, tolerance of, 6.79, 287 
resonant circuits, function of, 6.50, 274-276 
resonant plate, description of, 6.76, 287 
RIAA 
low frequency, 6.103, 299 
recording, 6.104, 299 
recording and reproducing characteristics, 

6.105. 299-300 
recording, component values, 6.106, 300 
reproducing, 600-ohm, 6.102, 299 
values for, 6.101, 299 

series 
capacitor, 6.31, 268 
inductance, 6.34, 269 
resonant, 6.36, 269 
resonant, design of, 6.46, 272-273 

shelf type, definition of, 6.21, 266 
simple configuration, 6.30, 268 
stereo pickup, design of, 6.129, 316-316 
take-off point, definition of, 6.9, 263; 6.91, 

291-292 
tandem 

connected. 6.59, 283-284 
overall loss, 6.68, 285 

operation, 6.45, 272 
telephone 

adjustment of, 6.44, 272 
characteristics of line, 6.39, 270 
configuration for, 6.38, 270 
connection of, 6.42, 271 
design procedure, 6.43, 271-272 
estimation of, 6.40. 271 
functioning of, 6.41, 271 
line, reason for. 6.37, 269-270 

36 to 16mm film, 6.110, 303-304 
tone control, RC, 6.99, 298 
unbalanced, ground connection, 6.62, 6.63, 284 
universal, description of, 6.130, 316-317 
values of capacitance, how obtained, 6.47, 273 
variable, attenuator loss, 6.61, 284 
variable, purpose of, 6.12, 263-265 
vertical reproducing, component values, 

6.109, 303 
Equal loudness contours, 1.76, 20 
Equipment, dimensions of, average, 24.80, 

1606-1607 
Equivalent circuit 

long line, 25.177, 1672 
short line, 25.178, 1672 

Erasure 
bulk, magnetic recording, 17.66, 778-781 
current 
average value of, 17.82, 783 
magnetic-recording, measurement of, 17.61, 

777 
magnetic-recording, noise in, 17.56, 775-776 

description of, 17.83, 783-784 
filter, magnetic recording, 7.115, 363 
head coil, connection of, 17.84, 784 
magnetic recording, bulk, 17.65, 777-778 
magnetic-recording, bulk, techniques for, 

17.66, 778-781 
permanent magnets, with, 17.85, 784-785 
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Even harmonic, definition of, 1.55, 16 
Exciter lamp, prefocused. purpose of, 19.151, 

1063 
Expander, oscilloscope, description of, 22.82, 

1333 
Exposure 
lamp 

ac, use of, 18.316, 1004 
current, 16-mm recording. 18.256, 990-991 
current, 36-mm recording, 18-256. 990-991 
filament, direction of, 18.257, 991 
optical film recorders, filament, direction 

of, 18.250, 989 
selection of, 18.250, 989 

meter, optical film recorder, description of, 
18.26, 906-907 

test, procedure for, 18.329, 1005-1006 
testa, photographic film recording, 18.134, 945 

Extrinsic transconductance, definition of. 
11.122, 496 

Eye, human, light capability of. 19.112, 1054 
Eye, human, spectral sensitivity of, 19.111, 1054 

F 
Facets, burnishing. 15.3, 712; 15.8, 713 
Facsimile, transmission system for, 25.78, 1628 
Fade, board, definition of, 9.14, 414 
Fade, definition of, 9.12, 413 
Fader, definition of, 5.15. 232 
Fader, description of, 19.90, 1046 
Fading, cross, definition of, 9.13. 413-414 
Fahrenheit temperature, conversion of to 

centigrade, 25.135, 1649 
Fans, cooling, performance of, 24.99, 1617 
Fantasound, description of, 19.144, 1060-1061 
Farads, conversion of to microfarads, graph 

for, 25.164, 1663 
Feedback, acoustic, 2.11, 42 
Ferrite beads, description of, 25.8, 1621 
Ferrite core, description of, 17.73, 782 
Ferroelectricity, definition of, 25.192, 1676 
Ferromagnetic materials, definition of, 17.6, 

753 
Ferroresonant circuit, definition of, 25.141, 1652 
FET 

definition of, 11.106, 482 
description of, 11.145, 507-509 

Field 
coil, loudspeaker, 20.1, 1079 
-effect transistor 

definition of, 11.106, 482 
description of, 11.145, 507-509 

pattern 
crystal microphone, 4.20, 151 
dynamic microphone, 4.34, 154 

wire, definition of, 25.172, 1671 
Figure-8 winding, 5.18, 233 
Filament, tube, 11.3, 459 
Film(s) 

antihalation, description of, 18.150, 948; 
18.262, 991 

burnishing, description of, 19.152, 1063 
color, construction of, 18.311, 1003 
8-mm, projection, frame rate for, 19.26, 1026 
exposed, holding of, 18.319, 1004 
feed continuous, design of, 2.133, 98-99 
fine grain, sound recording, description of, 

18.150, 948 
footage, 16-mm, conversion of to 35-mm, 

19.147, 1062 
footage, 35-mm, conversion of to 16-mm, 

19.147, 1062 
footage of versus size, 25.162, 1663 
frames per foot of 
8-mm, 19.25, 1026 
16-mm, 19.25, 1026 
35-mm, 19.25, 1026 
super 8-mm, 19.25, 1026 

gate, purpose of, 19.82, 1042-1043 
green, description of, 18.189, 956-957 
green, projection of, 19.153, 1063 
laminated magnetic sound track on, 17.190, 

840-841 
leader, SMPTE, use of, 19.44, 1029 

Film (s)—cont'd 
loss 

equalizer, design of, 6.127, 313 
equalization, use of, 18.169, 952 
measurement of 18.170, 962-963 
per generation, values of, 18.172, 954 
plotting of, 18.170, 952-953 

magnetic 
defects in, 17.99, 789 
description of. 17.28, 760 
four-track, track designation of, 19.135, 

1059 
perforations in, 17.28, 760 
six-track, track placement for, 19.136, 1059 
test, types of, 17.237, 888 
three-track, track designation for, 19.134, 

1059 
track on, half-striped, 17.184, 837 
track on, single, placement of, 19.133, 1059 
types of, 17.30. 761-762 

nitrate, description of. 18.149, 948 
optical, perforations in, 17.28, 760 
phonograph, definition of, 18.10, 893 
photographic 

bloop, calculation of, 18.210, 966 
processing machines, descriptions of, 

18.216, 967-969 
storage of, 18.40, 915 

polygoning in, 17.197, 844 
positive stock, use of, 18.151, 948-949 
prints, release, multiple-track, reproduction 

of, 17.195, 843 
recorders 
exposure lamp, direction of lamp filament, 

18.250, 989 
gear ratios, 18.336, 1011 
optical, exposure lamp, selection of, 18.250, 

989 
photographic, slit-loes, definition of, 18.212, 

967 
recording 

attack time 
average times, 18.63, 921 
definition of, 18.61, 921 
effect of, 18.64, 921 
measurement of, 18.65, 921-923 

background suppression amplifier, use of, 
18.104, 939-941 

bias lines, use of, 18.60, 921 
compression 

attack time, average of, 18.100, 939 
distortion of, 18.93, 938 
limiting, difference of, 18.101, 939 
ratios, values of, 18.88, 937 
release time, average, 18.100, 939 
when used, 18.94, 938 

compres-or amplifier 
adjustment frequency for, 18.92, 937-938 
operation, point of, 18.99, 938 
precautions in use, 18.97, 938 
where connected, 18.98, 938 

compressor-limiter amplifier, schematic for, 
18.86, 932-937 

cross-modulation oscillator, components 
for, 18.225, 970-971 

cross-modulation tests, how made, 18.232, 
976 

de-essing, definition of, 18.89, 937 
de-essing, frequency response for, 18.91, 

937 
density drift, cause of, 18.312, 1003 
D log E curve, definition of, 18.121, 943 
8-mm, speed of, 17.170, 821; 18.50, 917 
footage counters, 18.339, 1014 
45-Hz high-pass filter, purpose of, 18.117 
gamma, definition of, 18.178, 956 
ground noise, definition of, 18.57. 919 
H and D curve, definition of, 18.121, 943 
limiting, when used, 18.94, 938 
modulation, sprocket hole, cause of, 18.200, 

963-964 
negative density, changing of. 18.162, 950-

951; 18.239, 984 
negative density, control of, 18.239, 984 
noise-reduction shutters, use of, 18.59, 919-

921 
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Film (s)—cont'd 
recording 

noise-reduction thump, checking of, 18.67, 
923 

opacity, definition of, 18.165, 962 
optical 

amplifier, limiter, use of, 18.85, 932 
biased galvanometer, image formation of, 

18.79, 930 
bias lines, class-B, variable-area, width 

of, 18.75, 927 
bias line, 16-mm, variable-area, width of, 

18.74, 927 
bias line, 35-mm variable-area, width of, 

18.73. 927 
dass-AB, noise reduction, 18.49, 923-

924 
compression, use of, 18.84. 931-932 
compressor, balancing of, 18.96, 938 
8-mm, 19.27, 1026-1027 
noise-reduction current, effect of, 18.68, 

923 
noise-reduction current, frequency re-
sponge of, 18.68, 923 

noise-reduction shutters, operation of. 
18.78, 929-930 

noise-reduction system, anticipatory, de-
scription of, 18.71, 924 

noise reduction class-B, variable-area, 
18.69, 923-924 

optical reduction, definition of, 18.164, 
949-950 

variable-area, noise-reduction amplifier, 
description of, 18.72. 924-927 

variable-area sound-track image masks, 
description of, 18.77, 927-929 

waveforms, dialogue, music, 18.83, 931 
percent modulation, definition of, 18.109, 

941 
Photographic 
azimuth, adjustment of, 18.43, 916 
azimuth, tolerance for, 18.47, 917 
bloops, types of, 18.209, 966 
cleaning of, 18143, 991 
cross-modulation read-out, basic com-

ponents, 18.234, 980-981 
read-out, block diagram for, 18.235, 

981-982 
read-out, calibrations for, 18.236, 982 
read-out, procedure for, 18.237, 982-983 
distortion, effects of, 18.247, 988-989 
test, definition of, 18.126, 944 
tests, how measured, 18.233, 980 
tests, plotting of, 18.238, 983-984 

density 
definition of, 18.123, 943 
versus output voltage, 18.133, 945 
determination of, 18.128, 944 
tolerance for, 18.161, 950 
variable-area, effect of, 18.243, 985 

direct positive, characteristics of, 18.176, 
955 

Ektachrome reversal, sound track, type 
of, 18.286, 996 

emulsion tests, purpose of, 18.129, 944 
film for, 18.142, 946 
film-loss equalization, use of, 18.169, 962 
film, types of, 18.135, 946 
fine grain, 18.142, 946 
flowchart, 16-mm, black and white, sound 

track, 18.143, 945 
flowchart, 16-mm, color reversal. 18.143, 

946 
hand tests, description of, 18.221. 970 
image spread 
cause of, 18.131. 945 
description of, 18.130, 944-946 
effect of, 18.132, 946 

interdmodulation test, use of, 18.127, 944 
Kerr cell, use of, 18.208, 966 
light valve, equalization for, 18.173, 954 
looping, marking device, 18.316, 1003-

1004 
lose per generation, values of, 18.172, 964 
negative blow-up, definition of, 18.136, 

945 

Film (0—cont'd 
recording 

photographic 
noise, painting-out of, 18.203, 965 
optical reduction, description of, 18.157, 

950 
optical reduction, 36-mm to 16-mm, 

equalization for, 18.174, 954 
PEC monitoring, description of, 18.119, 
943 

percent transmission, calculation of, 
18.166, 962 

photometer, use of, 18.26, 911-912; 
18.163, 951-952 

positive sound track, why used, 18.322, 
1004 

print-up, print-down, definition of, 
18.179, 958 

push-pull sound tracks, blooping of, 
18.211, 966-967 

raw stock, definition of, 18.147, 946 
routine tests, 18.134, 946 
silent sound track, definition of, 18.205, 

965 
16-mm, azimuth, adjustment, frequency 

for, 18.46, 916-917 
16-mm, percent modulation of, 18.175, 

954-956 
16-mm sound track, dynamic range of, 

18.137, 946 
16-mm track placement of, 18.284, 966 
solid-state modulator, 18.348, 1020-1021 
sound track, negative, processing of, 

18.156, 950 
speed, definition of. 18.219, 969-970 
supersonic noise reduction, 18.308, 1002 
tests for optimum density. 18.283, 994-

996 
35-mm azimuth, frequency for, 18.45, 

916 
35-mm sound track, dynamic range of, 

18.138, 945 
36/32-mm stock, use of, 18.120, 943 
36-mm track placement, 18.285, 996 
transmission, balanced density, value of. 

18.248, 989 
variable-area 

azimuth, incorrect, effect of, 18.48. 917 
density for, 18.240, 984 
processing of, 18.217, 969 

variable-density 
azimuth incorrect, effect of. 18.44, 916 
processing of, 18.218, 969 

work print, description of, 18.164, 952 
print denisty, changing of, 18.162, 950-961; 

18.239. 984 
print density, control of, 18.239, 984 
raw stock, identification of, 18.160, 960 
release time, measurement of, 18.65, 921-

923 
release times, average values, 18.63, 921 
reversal color, variable-area average den-

sity, 18.315, 1003-1004 
scratch track, definition of, 18.181, 956 
16-mm positive print from black and white, 

18.146, 945 
16-mm positive print, 85/82, 18.145, 945 
stock, storage of. 18.153, 949 
thermoplastic, 18.344, 1017-1019 . 
35-mm color negative, sound track, flow-

chart, 18.144, 945 
35-mm cross-modulation tests, carrier fre-

quency, selection of. 18.245, 986 
32-mm stock, use of, 18.120, 943 
toe, variable density, definition of, 18.202, 

964-966 
variable-area light valve, image mask, use 

of, 18.80, 980 
volume indicator, types of. 18.103, 939 

release, 4-track magnetic, standard for, 
17.189, 840 

release prints, level monitoring of, 17.202, 
846 

reproduction, loop box used in, 17.208, 849-
850 

reversal, definition of, 18.152, 949 
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Film(e)--cont'd 
safety base, description of, 18.148, 947-948 
sound recording, cores. description of, 18.155, 

960 
sound recording, photographic, color sensi-

tivity of, 18.141, 945 
speed, processing, definition of, 18.219, 969-

970 
splicer, diagonal and straight, description of, 

18.199, 963 
split, definition of, 18.51. 917 
squeezed, definition of, 19.154, 1063 
striped, pre- and post-, definition of, 17.181, 

886 
super 8-mm, description of. 18.50, 917 
test 

multifrequency, 19.68, 1037 
reproducing, types of, 18.177, 955-966 
scanning-beam-illumination, 19.71, 1037 
snakes-track, 19.72. 1037-1038 
sound focus, 19.74, 1038 
sound transmission, 19.69, 1037 
3-D alignment, 19.75, 1038 
warble, 19.70, 1037 

waxing, purpose of, 18.188, 966 
winding, 16-mm A and 13, definition of, 

18.139. 946 
winding, 35-mm, direction of, 18.140, 945 

Filter (s 
ac, design of, 7.72, 338-340 
acoustical, design of, 2.55, 64 
all-pass, definition of. 7.11, 322 
attenuation characteristics, 7.36, 326 
audio oscillator, use of, 22.48, 1264 
auditorium tuning, 2.117. 83-86 
balanced, design of, 7.59, 334 
band-elimination, definition of, 7.10, 321 
bandpass 

definition of. 7.8, 321 
design of, 7.46, 329 

band-rejection 
definition of, 7.9, 321 
design of, 7.47, 329-330 

bandwidth, definition of, 7.17, 323 
basic design considerations, 7.43, 328 
basic equations. constant-k, 7.39, 326-326 
Bessel, description of, 7.116, 363-365 
bias-current, design of, 7.107, 355 
brute-force, definition of, 7.13, 322 
Butterworth, description of, 7.116, 863-365 
center frequency, how determined, 7.69, 336-

337 
characteristic impedance, 7.25, 324 
Chebyshev, definition of, 7.1111, 365 
choke, overloading of. 21.28, 1173 
choke, power supply, selection of, 21.19, 1173 
classification of. 7.24, 324 
coils, recommended types, 7.64, 336 
coils, specifications of, 7.66, 336 
coils, tolerance of, 7.65, 336 
combining T and L sections, 7.42. 328 
composite, definition of, 7.14. 322; 7.42, 328 
connected in tandem, frequency character-

istics of, 7.68, 336 
constant-k 
and m-derived, combining of. 7.49, 332 
basic configurations. 7.45, 328-329 
definition of, 7.30, 324 

constants 
46- and 80-Hz high-pass, 7.105, 354 
series m-derived high-pass, 7.76, 340 
series m-derived low-pass, 7.75, 340 
shunt m-derived high-pass, 7.78. 841 
shunt m-derived low-pass. 7.77, 340-341 
6-, 8-, and 10-kHz low-pass, 7.104, 354 

conversion of impedance, 7.62. 336 
converter, connection of, 3.69, 116 
crystal, definition of. 7.70, 337 
cutoff frequency, definition of, 7.19, 323 
design procedure, 7.44, 328 
determination of, constant m, 7.53, 332-333 
dip, definition of, 7.12. 322 
double-nt and double-m prime, description of, 

7.110, 367-368 
dynamotor, connection of, 3.68. 116 
electronic, definition of. 7.71, 337-338 

niter (8)—tont'd 
elliptic, definition of, 7.116. 365 
elliptic, description of, 7.116, 363-366 
equations 

for series m-derived high-pass, 7.64, 333 
shunt m-derived high-pass, 7.56, 333 
shunt m-derived low-pass, 7.55, 333 

erasure, magnetic recording, 7.115, 363 
frequency characteristics, how measured, 

7.61, 336 
frequency, conversion of, 7.63. 336 
generator commutator, 3.46, 107 
geometric mean, calculation of. 7.69, 337 
high-pass 

definition of, 7.6, 321 
for microphone, 7.113, 362 
intermodulation analyzer, 22.131, 1397-1898 
RC, 6.90, 291 

ideal, definition of, 7.2, 321 
identification of, 7.102, 353-354 
image impedance, definition of. 7.37, 326 
impedance, conjugate definition of. 7.38, 326 
impedance, measurement of. 7.34, 326 
insertion loss, cause of, 7.33. 326 
insertion loss, definition of, 7.32, 824 
low-pass 

definition of, 7.7, 821 
intermodulation analyzer, 22.121, 1398 
RC, 6.88. 291 

m-derived 
definition of, 7.31, 324 
design of, 7.48, 330-332 
effect of constant nt, 7.50, 332 
equations for, 7.62, 332 
section impedance, 7.51, 332 

microphone, 220-221 
network, passive, 7.4, 321 
noise-suppression, use of, 7.101, 353 
notch, definition of, 7.12, 322 
null, design of, 7.72, 340 
operation in parallel or series, 7.111, 358-369 
panel, variable, design of, 7.109, 366-867 
Passband, definition of, 7.16, 822 
phase-correction, use of, 7.112, 859-362 
phase-shift, definition of, 7.23, 323 
pink-noise, use of, 7.114, 362-363 
Pi-tyPe, definition of, 7.29, 324 
power supply, 7.13, 322 
power supply 
feed-through system, 21.32, 1176-1177 
graded, definition of, 21.27, 1175-1176 
RC and L, definition of, 21.34, 1177 
tuned, definition of, 21.35, 1177 
2-section, definition of, 21.33, 1177 

radar, design of, 7.72, 338-340 
RC, design of, 21.16, 1172 
RC noise, use of, 7.115, 363 
rumble, definition of, 7.100, 353 
sections, combining of, 7.41, 327-328 
sections, selections of, 7.40, 326-327 
series m-derived, advantages of, 7.67, 333-83t 
shunt m-derived, advantages of, 7.57, 333-334 
600-ohm, 1400-Hz, shunt, m-derived, low-pass, 

design of, 7.58, 334 
solid-state, description of, 7.116, 363-366 
stop band, definition of, 7.18, 323 
surge impedance, definition of, 7.26, 324 
system, power supply, capacitors, series con-

nection of, 21.46, 1179-1180 
telephone effect, design of, 7.73. 340 
terminal impedance, definition of, 7.27, 324 
transmission band, definition of, 7.15, 322 
transmission characteristics, 7.35, 826 
unbalanced, conversion to balanced, 7.60, 334-

336 
variable dip, design of, 7.72. 388-340 
variable, high-pass, rerecording. 7.79, 341 
wave, definition of, 7.1, 321 
wave, practical, 7.3, 821 
wratten, use of, 7.106, 366 

Fishline winding, 6.18, 233 
Fish paper, definition of, 25.34. 1623 
Flaw detector, ultrasonic, 25.215, 1697-1700 
Fletcher-Munson curves, 1.76, 20, 22 
Flicker, picture, cause of, 19.114, 1054-1066 
Flicker, 16-mm, cause of, 19.115, 1065 
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Floors, rumble, prevention of. 2.50, 50-51 
Flowchart 

black and white, 16-nim sound track, 18.143, 
945 

color reversal 16-mm sound track, 18.144, 946 
35-mm color negative, sound track, 18.146, 

945 
Flutter 

definition of, 13.33, 656 
disc recorders and reproducers, 23.149, 1516-

1517 
disc recorder, standard for, 13.35, 666 
echo, definition of, 2.16. 43 
magnetic recorders and reproducers, pro-

cedure for measurements. 23.149, 1516-
1517 

magnetic-recorders, standards for, 17.144, 
808-809 

measurement of, 13.34. 656 
measurement, weighted-curve, purpose of, 

17.145, 809 
measurements, bandwidth for, 22.21, 255 
meter, description of, 22.41, 1255-1261 
meters, calibration of, 23.150, 1517 
optical 

film recorders, 18.26, 909 
film recorders and reproducers, 23.149, 

1516-1517 
printer, measurement of, 18.328, 1006 

program material, effect on, 13.38. 667 
sound head, maximum, 19.140, 1060 
sound track optical printing, effect of, 18.327, 

1005 
test film, description of. 19.63, 1036 

Fly-wheel effect, definition of, 8.84, 386 
Fm 

noise, magnetic-tape, 17.130, 799 
pickup, description of, 16.15, 736-738 
transmitter, multiplexed, description of, 

25.84, 1629 
Focus 

film, projection, description of, 19.65, 1036 
-gap head, magnetic recording, 17.40. 765-766 
photographic film recorder, how made, 18.53, 

917-919 
test, appearance of, 18.301, 1000 
test, definition of, 18.52, 917 

Focusing chart, anamorphic, 19.129, 1058 
Fog density 
cause of. 18.224. 970 
definition of, 18.124, 944 
negative, variable-area, average value of, 

18.222. 970 
print, variable-area, average value of, 18.223. 

970 
Folded-throw projection, description of, 19.16$, 

1070-1071 
Footage, film size versus, 25.162, 1663 
Footage per seat, motion picture theatres, 2.45, 

49 
Foot-candles, calculation of, 19.5, 1023 
Foot falls, prevention of, 2.70, 59 
Foot-lamberts. calculation of, 19.5, 1023 
Foot-lamberts, conversion of nits to, 19,53. 

1032 
Forming board, purpose of, 24.52, 1588 
Fractional equivalents, table of, 25.20, 1687 
Free-air resonance, dynamic loudspeaker, 20.86, 

1116 
Free-field, definition of, 1.121, 30 
Free-field pattern, definition of, 20.27, 1092 
Frequencies 
graphic equalizers, 6.126, 312-313 
preferred, acoustical measurements, 2.4, 41 
most annoying, 2.15, 43 
middle-range, definition of, 2.88, 72 

Frequency 
carrier, definition of, 25.88, 1629 
classification of, 25.87. 1629 
definition of, 1.47. 15 
doubler amplifier, definition of, 12.112, 563; 

12.121, 566 
Infrasonic. denition of, 1.17, 12 
irregularity, definition of, 1.136, 34 
response, loudspeaker, variations in, 20.153, 

1138 

Frequency—cont'd 
macrosonic, definition of, 1.20, 12 
meter 

direct-reading, 22.94, 1344-1346 
phototube used with, 22.96, 1346 
resonant, 22.37, 1251-1252 

modulated microphone, design of, 4.70. 179 
modulation, description of, 25.5, 1620-1621 

t-permanenmagnetic generator, 3.57, 112 

am and fm transmissions, 1.131, 33 
background music, 20.139, 1136 
music and speech, 2.44, 49 
paging system, 20.144, 1137 

relation to, 3.72, 119 
response, amplifier, measurement of, 23.1, 

1429-1431 
-response measurements, magnetic recording, 

level of, 1743, 775 
standard, secondary, description of, 22.40, 

1254-1255 
supersonic, definition of, 1.19, 12 
synchronization, use of, 3.79, 126-127 
test record, use of, 23.200, 1548 
transformer, effect of on, 8.13, 369 
ultrasonic, definition of, 1.18, 11 
versus period, 25.118, 1645 
wavelength nomograph, 25.204, 1686-1687 

Fricative sound, range of, 1.58, 17 
Fringing effect, magnetic recording, in, 17.162, 

818; 17.199, 844 
Fuel-cell battery, description of, 25.190, 1673-

1674 
Fundamental frequency 

definition of, 1.52, 16 
relationship to harmonics, 1.120, 30 

Fuse 
grasshopper, definition of. 24.47, 1586 
indicator, neon lamp, description of, 25.114, 

1641 
rating of, current, 25.107, 1637; 25.108, 1638 
rating of, voltage, 25.107, 1637; 25.108, 1638 
time-current characteristics of, 25.108, 1638 

Fusetron, definition of, 25.76, 1628 

G 
Gain 
bandwidth product, transistor, definition of, 

11.131, 501 
control, automatic, definition of, 25.86, 1629 
control, grid, calculation of voltage reduc-

tion, 5.64, 248 
inverting operational amplifier, 12.196, 591 
noninverting operational amplifier, 12.196, 

591 
set 

amplifier, frequency response, output level, 
23.2, 1431 

attenuator, loss relation to signal level, 
23.12, 1440 

attenuators, loss measurement of, 23.27, 
1445 

0.1 attenuator, reading of, 23.5, 1433 
autotransformer receive section of, distor-

tion measurement with, 22.125, 1390 
balanced 

circuits, shorting out of, 23.14, 1441 
description of, 22.123, 1386-1387 
input circuits, types of, 23.14, 1440-1442 
to ground input. 23.14. 1440 

dials, reading of, 23.4, 1432-1433 
equalized amplifier, measurement of, 23.13, 

1440 
equalizer, measurement of, 23.62, 1463-1464 
external attenuator, calculation of. 23.21, 

1443 
external pad, use of, 23.35, 1446-1447 
frequency measurement, tabulation of, 23.6, 

1433-1435 
frequency response, measurement of, 23.28. 

1445 
grounded input, 23.14, 1440 
ground loops, prevention of, 23.23. 1443-

1444 
impedance measurements, 23.16, 1442-1443 
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Gain--cont'd 
set 

insertion loss, measurement of, 23.55, 1458-
1459 

known voltage, supply of, 23.54, 1467-1458 
meters 

calibrations, value of, 23.22, 1443 
characteristics of, 23.25, 1444-1445 
tracking of, 23.26. 1445 

receive 
grounding of, 23.34, 1446 
meter, setting of, 23.9, 1439 
impedance, values of, 23.31, 1445 
section in, shielding of, 22.123, 1387 

repeat-coil, insertion loss, 23.20, 1443 
send, impedance matching. 23.18, 1443; 23.30, 

1445 
send meter, setting of, 23.10, 1439-1440; 

23.11, 1440 
single-meter, description of, 22.122, 1383-1386 
symmetrical input, 23.14, 1440 
transmission ground, definition of, 23.24. 

1444 
two-meter, description of, 22.122. 1383 
unbalanced, input circuits types of, 23.15, 

1442 
wave filter. measurement of, 23.61, 1462-1463; 

23.60, 1461-1462 
Galvanometer 

bias current, use of, 18.56, 919 
biased, sound track image, formation of, 

18.79, 930 
cross-over test, push-pull recording, purpose 

of, 18.253, 990 
frequency response, measurement of, 23.151, 

1618 
Improper centering, effect of, 18.291, 996-997 
of single-coil, construction of, 18.12, 893-896 
operation with noise-reduction shutters, de-

scription of, 18.78, 929-930 
recording 

amplifier for, 12.164, 581-582 
construction of, 18.12, 893-896 
definition of, 18.11, 893 
description of, 22.75. 1330-1331 
frequency characteristics, 18.13, 896 

two-coil, construction of. 18.12, 896 
Gamma 

definition of, 18.178, 966 
direct-positive film recording, value of, 

18.176, 965 
film recording, photographic, variable-area, 

values of, 18.142, 946 
strip, description of, 18.193, 967 

Gating, electronic, definition of, 25.166, 1663 
Gaussian noise, definition of, 1.149, 37 
Gauss, Karl F., 1.149, 37; 17.20, 756 
G. definition of, 1.154, 38 
Gear ratios 

recorders, 18.336, 1011 
reproducers, 18.336, 1011 

Genemotor, 3.21, 104 
Generator, 3.17, 104 

dc, ripple voltage, eliminator of, 21.23, 1174 
induction, 3.11, 103 
motion picture lighting, 3.90, 143, 144 
permanent-magnet, 3.57, 111-112 
random noise, description of, 22.56, 1280-1282 
temperature rise in, measurement of, 25.136, 

1649-1651 
tone-burst, description of, 22.139, 1410-1411 
white noise, description of, 22.56, 1280-1282 

Geneva movement, operation of, 19.87, 1044-
1046 

Geometric mean, definition of, 25.35, 1623 
Germanium 

description of, 11.103, 481 
resistance of, 11.111, 484 

Getter, 11.9, 459-460 
Gilmer belt system, 3.56. 111 
Gimp, definition of, 24.75, 1604-1605 
Glass, projection-room porthole, 19.148, 1062 
Glenn, Dr. Wm. E., 18.344, 1017 
Glow lamp(s), 25.99, 1630-1632; 25.100, 1632-

1633 
circuit for, 18.204, 965 

5I/ 

Glow lamp(s)--cont'd 
description of, 18.204, 966 
regulation, description of, 25.99, 1631 
series resistance used with, 25.99, 1631 
spectral emission of, 25.99, 1631 

Gold spluttering, description of, 13.126, 671 
Governor, motor, use of, 3.74, 120 
Grandeur film, definition of, 18.183, 956 
Graphic equalizer 

description of, 6.108, 302-303 
operational amplifier, 12.196, 593-594 
passive-type, 6.126, 312-313 

Graphic level recorders, description of, 22.112, 
1369-1374 

Grasshopper fuse, definition of, 24.47, 1686 
Graticule, oscilloscope, 22.88, 1333-1334 
Graticule, transistor curve tracer, 22.121, 1383 
Green film, description of, 18.189, 966-967 
G, relation to SPL, 1.155, 38 
Grid 

control, 11.11, 460 
current, resistance-coupled amplifier, 12.1, 

523-624 
screen, 11.13, 460 
suppressor, 11.12, 460 

Grille cloth, loudspeaker, selection of, 20.79, 
1113 

Groove 
angle, definition of, 13.161, 674 
dirt in, 15.40, 717 
disc, lateral, appearance of, 13.92, 663 
disc-recording, coarse-pitch, width of, 13.187, 

679 
disc-recording, depth of, 13.150, 673 
disc, vertical, appearance of, 13.91, 663 
lateral recording, bottom radius of, 15.13, 

713 
monophonic versus stereo, 13.212, 684 
record, worn stylus used in, 15.25, 715 
run-in, standard for, 13.185, 679 
shape, disc, monophonic, for, 13.104, 666 
starting for disc record, number of, 13.183, 

679 
stereo 

disc, standards for, 13.180, 678 
maximum excursion of, 13.212, 684 
modulation-limiting factors for, 13.213, 684 
pressing, standard, 13.181, 678 

velocity, definition of, 13.47, 668 
vertical-recording, bottom radius of, 15.14, 

713 
wall, stylus contact of, 15.23, 716 
width, vertical recording. for, 13.189, 679 

Ground 
'common, use of, 24.32, 1676-1676 
earth, construction of, 24.45, 1586-1686 
effect on balanced attenuator, 5.29, 238 
loop 

ac, 24.46, 1586 
cause of, 24.31, 1574-1676 
prevention of, 23.23, 1443-1444; 23.217, 

1663 
noise, optical film recording, definition of, 

18.57, 919 
water-pipe, 24.45, 1686 

Grounding 
attenuators, 5.26, 5.27, 5.28, 238 
gain set receive, connection of, 23.34, 1446 
jack frame, procedure for, 24.34, 1578 
microphones, 4.64, 175-176 
of mixer networks, 9.37, 424 

Grove, William, 25.190, 1673 
Grover, George, 4.119, 223 
Growler, purpose of, 24.79, 1605-1606 
Guard circuit, definition of, 25.158, 1663 
Gunning, microphone, definition of, 4.88, 197 
Guselle, John H. W., 19.128, 1058 
Gutter metal, types of, 24.49, 1586-1688 

H 
Haas effect, 17.136, 803 
Hairpin winding, 5.18, 233 
Half-duplex circuit, definition of, 25.196, 1677 
Half step, definition of, 1.27, 13 
Hall, Edwin, 25.198, 1677 
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Hall effect, description of. 25.198, 1677-1678 
H and D curve, definition of, 18.121, 943 
Hand tests, description of, 18-221, 970 
Hanger, microphone, design of, 4.117, 221 
Hangover, acoustical, 2.19, 43 
Hardness, disc, recording. effect of, 13.62, 660 
Harmonic(s) 

aural. 1.118, 28 
determination of, 1.57, 16 
even, 1.55, 16 
odd, 1.54, 16 
sub-, 1.56, 16 

Hartley, H. A., 20.49, 1097 
Hawkins effect, definition of, 5.78, 261-262 
Hazen, H. L.. 25.199, 1678 
Head (s 

clusters magnetic, mounting of, 19.101, 1051 
contact, tape. 17.95, 788 
magnetic 
alignment of, 17.109. 792 

azimuth, adjustment of, 17.104, 789 
bumps on, 17.199, 844 
cleaning solutions for, 17.101, 789 
coil, connection in, 17.128, 799 
contact with, testing for, 17.98, 788-789 
clusters of, testing of, 19.76, 1038 
degaussing of, 17.90, 786 
electron-cloud, description of, 17.137, 805-

806 
erase, gap height of, 17.87. 785 
erasure, alignment of, 17.111. 792 
erasure, construction of, 17.80, 783 
lines of force in, 17.129. 799 
magnetization of, 17.89. 786 
noise, contact, with, 17.97, 788 
overloading of, 17.131, 799 
recording 
gap height in, 17.75, 782 
gap height versus frequency response of, 

17.77, 782-783 
lamination of, 17.74, 782 
metal for, 17.74, 782 
nomenclature for, 17.76, 782 
second gap in, purpose of, 17.78, 783 
voltage-recording characteristics of, 

17.211, 852 
record-playback, alignment of, 17.110, 792 
record-reproduce, definition of, 17.70, 782 
reproducer, injection circuit for, 23.52, 

1454-1456 
reproducer, output voltage of versus fre-

quency, 17.127, 799 
reproducing, fringing effect in, 17.199, 844 
salvaging of, 17.94, 787-788 
shielding of, 17.103, 789 
staggered, 17.138, 806 
transformer-coupled, frequency response of, 

altering, 17.205, 846 
types of, 17.147, 809-810 
wear of, 17.93, 787 ; 17.152. 818-814 
wear pattern of, 17.96, 788 

magnetization, effect of, 17.102, 789 
tone, description of, 9.46, 432 

Headphone(s) 
crystal 

construction of, 20.168, 1143 
coupling to, 20.169, 1143 
equalizer for, 20.173, 1143 
frequency response of, 20.170, 1143 

dynamic, frequency response of, 20.172, 1143 
impedance, rating of, 20.175, 1144-1146 
language-laboratory, description of, 20.180, 

1146 
magnetic, connection of, 20.174, 1144 
magnetic, construction of, 20.167, 1142-1143 
microphone boom operator, 2.103. 78-79 
monitoring, motion picture production, 

20.178, 1145 
moving coil, frequency repsonse of, 20.172, 

1143 
phasing, importance of, 20.176, 1146 . 
stereophonic 

characteristics of, 20.179, 1146-1146 
control center for, 20.182, 1146-1160 
network for, 20.181, 1146 

stethoscope, construction of. 20.177, 1145 

Hearing 
aid, integrated-circuit, description of, 20.189, 

1157-1158 
effect of age and sex on, 1.70, 19; 1.99, 25 
loas, human ear, 1.99, 25 
tests, audiometer for, 22.42. 1261-1262 
threshold of, 1.82, 21 

Heat equivalents, table of, 25.20, 1687 
Heater circuit, series connected, shunt resistors, 

calculation of, 21.65, 1184-1185 
Heater, vacuum-tube, 11.4, 469 
Heat sink 

description of, 21.125, 1215-1218 
material, average emissity of, 21.127, 1218 
silicone fluid, use of, 21.126. 1218 
thermal characteristics of, 21.125, 1215-1218 
three-phase, design of, 21.125, 1217-1218 
types of, 21.125, 1215-1218 
use of, 11.159, 619; 21.125, 1215-1218; 21.126, 

1218; 21.127, 1218 
Helmholtz resonator, 2.91, 73; 26.60, 1101 
Herter-Driflield curve, definition of, 18.121, 

943 
Hertz, definition of, 1.41, 16 
Hertz, relation to frames per second, 3.72, 119 
Hertz, Heinrich Rudolph, 1.46, 16 
High-level mixing, definition of, 9.3, 406 
High-pass filter, rerecording, purpose of, 18.117, 

942 
Hook-on meter, description of, 22.12, 1236 
Horn (s) 

exponential 
definition of. 20.50, 1097 
equations for, 20.51, 1098-1099 

folded, definition of, 20.63, 1105 
loading, definition of, 20.11, 1084 
loudspeaker 

catenoid, description of, 20.70, 1108 
curled, definition of, 20.59, 1101 
diffraction, principles of, 20.85, 1114-1115 
flare rate of, 20.54, 1099 
length of versus cutoff frequency, 20-53. 

1099re-entrant, description of, 20.57, 1099-1100 

resonance in, control of, 20.56, 1099 
multieellular 

description of. 20.72, 1109-1110 
spread of, 20.134, 1136 

Horsepower 
calculation of, 3.42, 107 
motor, calculation of, 3.42, 107 
versus torque, 3.41. 107 
versus watts, 3.34, 106 

Hot carrier diode, description of, 11.155, 517 
Hot stylus 

ac operated, 15.63, 720 
crystal cutting head, use with, 14.40, 709 
current used with, 15.62. 720 
diameter equalization used with, 15.66, 720 
heating coil for. 15.64. 720 
modulation noise with. 15.61, 720 
modulation power with, 15.67. 721 
procedure for use of, 15.70, 721 
recording, advantages of, 15.59, 720 
recording, definition of. 15.58, 720 
rf operated, 15.65, 720 
signal-to-noise ratio with, 15.71, 721 

Hot switching current, definition of, 21.12, 
1170 

Hot-wire ammeter, description of, 22.3, 1228 
Howe, Lyman H., 19.46, 1030 
Human ear 
drum, deflection of, 1.85, 21 
dynamic range, 1.83, 21 
frequency response, 1.70, 19 
hearing loos, 1.99, 26 
sensitivity of, 1.70. 19; 1.76, 20 

Human speech, energy distribution, 1.21, 12 
Human voice 
frequency range, 1.68, 18 
removal of low frequencies, 1.69, 18-19 
sound-pressure range, 1.80, 21 

Hum-bucking audio transformers, design of, 
8.98, 392 

Hum-bucking coil, use of, 20.28, 1092 
Hum modulation, test for, 23.122, 1504 
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Hum, residual, amplifier, measurement of, 
23.193, 1543-1644 

Hunting, motor-generator, 3.64, 114-116 
Hybrid coil 

balancing of, 23.72, 1472-1473 
design calculation for, 8.68, 384 
design of, 8.66, 382-383 
impedance calculation for, 8.70, 384 
insertion loss calculation for, 8.69, 384 
interrnodulation analyzer, used in, 22.131, 

1399-1402 
internal losses in, 8.67, 384 
mixer (See Mixers.) 
mixer, balancing resistors for, calculation 

of, 9.31, 423 
Hysteresis 

core samples, testing of, 23.159, 1524 
loop, magnetic, plotting of, 23.158, 1522-1524 
loss, magnetic, description of, 17.19, 766 
motor, design of, 3.70, 116 
power transformer, measurement of, 23.158, 

1522-1624 

Ideal studio characteristics, 2.38, 47 
Idler, turntable. 13.16, 663; 13.17, 653 
Image 
impedance, definition of, 7.37, 326 
sound track, variable-area, most commonly 

used, 18.267, 992 
spread 

cause of, 18.130, 944-945; 18.131, 945 
description of. 18.130, 944-946 
effect of. 18.132, 946 
effect on high frequencies, 18.266, 992 

Impedance 
acoustic, definition of, 2.2, 41 
affected by equalizer, 6.16, 265 
amplifier 

effect of negative feedback, 12.142, 576-577 
Internal onipust, measurement of, 23.138, 

1511-1512 
Internal output, variable damping, 23.139, 

1512 
attenuator 

ac and dc, 5.11, 232 
conversion 'of, 5.68, 249 
determination of, 5.71, 249 
loss because of mismatch, 5.50, 244 
measurement of de resistance and ac im-

pedance, 5.67, 249 
blocked, loudspeaker, definition of, 20.87. 

1115 
breakdown, zener diode, measurement of, 

23.205, 1550 
bridge, description of, 22.38, 1252 
bridged-T attenuator, 5.82, 253-254 
bridging 

-bus, calculation of, 24.35, 1678-1580 
pads, impedance ratio, 5.56. 247 
transformers, of, 8.64, 382 

capacitor, measurement of, 23.183, 1537-1538 
capacitor, 60 Hz, values of, 23.183, 1538 
characteristic, transmission line, 25.183, 1672-

1673 
conjugate, 7.38, 325 
constant, definition of, 7.28, 324 
coupled, definition of, 8.79, 386 
crossover network(s). 7.103, 354 

conversion of, 7.97, 349-351 
loudspeaker, source impedance effect on, 

20.120, 1123 
matching of, 7.94, 348-349 
unequal speaker, 7.93, 348 

crystal 
headphone, 20.171, 1143 
microphone, 4.21, 151 
pickup, average value of, 16.11, 736 

cutting-head, crystal, 14.32, 706 
drum, recorders, purpose of, 18.27, 912 
dynamic loudspeaker 
EIA standard for. 20.89, 1115 
typical, 20.89, 1116 

equalizer, conversion of, 6.56, 282-283 

Impedance—coned 
gain set input, matching of, 23.18, 1443 
headphone, rating of, 20.175, 1144-1145 
hybrid-coil, calculation of. 8.70, 384 
image, wave-filter, equation for, 7.37, 325 
input 

definition of, 12.181, 587; 12.182, 587 
internal, value of, 23.32, 1446 
measurement of, 23.137, 1511 
standard values of, 23.30, 1445 

internal 
constant-voltage, constant-current, com-

parison of, 21.48, 1181 
loudspeaker, measurement of, 23.140, 1512-

1514 
oscillator, 23.206, 1660-1552 
output, definition of, 12.183, 687 
power supply 
average values of, 21.49. 1181 
constant-voltage, constant-current, com-

parison of, 21.48, 1181 
measurement of, 21.47, 1180-1181 

iterative, definition of, 25.96, 1630 
ladder-pad, 5.83, 254 
light valve, matching of, 18.19, 903 
light valve, values of, 18.19, 904 
line 

factors affecting, 20.150, 1137 
high, 20.149, 1137 
low, 20.148, 1137 

load, definition of, 12.184, 587 
looking into, definition of, 12.179, 587 
loudspeaker 

de to ac, ratio of, 20.145, 1137 
transistor amplifier affected by, 20.91, 

1115-1116 
tube amplifier affected by, 20.90. 1116 

magnetic cutting head, 14.18. 703 
matching, princivles of, 8.28, 374 
m-derived filters. 7.48, 332 
measurement, gain set, use of, 23.16, 1442- 

14 43 
microphone 

p1ho4n3e d 

high, 4.28, 151-152 
values of, 4.78, 191 

terminating, effect of, 4.76, 188-189 
mismatch, tolerance of, 8.41, 377 
motional, loudspeaker, definition of, 20.88, 

1115 
nominal, definition of, 12.185, 587 
oscillator, audio, internal, 22.49, 1267 
output, amplifiers in parallel, 12.201, 597 
output, series mixer, 9.29, 423 
parallel resonant circuit, 6.116, 308 
pickup, rating of, 16.31, 742 
ratio, definition of, 8.29, 374 
ratio, hybrid-coil mixer, 9.33, 423 
relations, push-pull amplifier, 12.109, 661 
repeat-coil, 8.16, 370; 8.24, 372-373 
ribbon microphone, 4.53, 166 
series resonant circuit, 6.117, 308 
source, definition of, 12.180, 587 
standard, 60Q-ohm, 24.27, 1573 
terminal, wave-filter, 7.27, 324 
terminating, telephone line, effect of, 23.103, 

1492 
transformer 
between taps of, 8.88, 386 
microphone output, 4.78, 191 
mismatch effect of, 8.40, 377 
reflected, 8.30, 374-375 
unterminated secondary, value of, 23.33, 

1446 
transistor, input and output, 11.126, 497 
measurement of, 23.53, 1456-1467 

value, loudspeaker, reason for, 20.92, 1116-
1117 

volume indicator, 10.29, 450-451 
VU and VI meters, correction factors, 10.31, 

451 
VU meter, conversion to 160 ohms, 10.34, 

452-453 
wave filter 

conversion of, 7.62, 336 
-definition of, 7.25, 324 

Incandescent lamp, projection, 19.33, 1028 
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Included angle 
coarse-pitch recording, for, 15.11, 713 
recording and reproducing styli, relation-

ship of. 15.22, 714-716 
reproducer-stylus, standard for, 15.18, 714 
stylus. definition of, 15.6, 713 
vertical recording, for, 15.12, 713 

Incremental inductance, definition of. 8.85, 385 
Indicator, fuse, neon, description of, 25.114, 

1641 

Inductance 
coil, turns versus, 25.137, 1651 
current-to-voltage relationship in, 25.37. 1624 
effect of iron core on, 8.77, 385 
incremental, definition of, 8.85, 386 
parallel, equations for. 25.128, 1648-1649 
series, equation for, 25.128, 1648 
variable, design of, 8.110, 403 
wire effect on, 25.131. 1649 

Induction 
generator, 3.11, 103 
magnetic, surface, 17.23, 766 
motor, 3.6, 101 

Inductor microphone, design of. 4.123, 226 
Infrared magoptical sound track, description 

of, 18.314, 1003 
Infrasonic frequency, definition of, 1.17, 12 
Inharmonic frequency, definition of, 1.72, 19 

Injection circuit 
magnetic reproducer head, 23.52, 1454-1456 
microphone preamplifier, use of, 23.50, 1453-

1454 
phonograph pickup, use of, 23.51. 1454 

Injection measurement, frequency, 17.217, 854-
855 

Ink-mist recorder, definition of, 25.92, 1630 
In-line microphone, design of, 4.97, 201-203 
In-phase, definition of, 1.101, 26 

Insertion losa 
crossover network, 20.116. 1122 

cause of, 7.84, 344-345 
measurement of, 23.64. 1465 

definition of, 5.7, 232 
ladder-control mixer, 9.40, 425 
measurement, gain set. 23.55, 1458-1459 
mixer, calculation of, 9.27, 422 
output transformer, measurement of, 23.71, 

1472 
series-mixer, calculation of. 9.30, 423 
transformer, cause of, 8.27, 374 
wave-filter 
cause of, 7.33, 325 
equation for, 7.32. 324 

Inside-out motors, use of. 3.70. 116 

Instantaneous 
peak power, amplifier, sine wave, relation of, 

23.207, 1562 
sound pressure, definition of. 1.107, 27 
speech power, definition of, 1.73, 19 

Instruments, musical, electronic, 25.145, 1653-
1655 

Instrument transformer, definition of, 22.20, 
1239 

Insulation, motors, grading of. 3.73, 119-120 
Insulation, wire leakage resistance of, 25.1, 

1619 

Integrated circuit (a ) 
description of, 11.162, 521 
design of, 12.261, 638-640 
equalizer amplifier, 6.132, 318-319 
monolithic, description of, 11.162, 521 
operational amplifier, 12.196, 595-596 

Integrating circuit, description of. 25.7. 1621 
Integrating sphere, description of, 18.196, 957 
Intelligibility test. 1.84, 21 

Intensity 
definition of, 1.103. 26 
level, definition of, 1.103, 26 
level, musical instruments. 1.132, 33 
light, variation of, 19.6, 1024 

Intercommunication system 
microphone-loudspeaker, 24.66, 1598 
solid-state, 24.64, 1592-1597 
sound-powered, 24.77, 1605 
split-headphone, 24.65, 1597 

Interference, acoustical, effect of, 2.23, 43 
Interference, radio, prevention of, 24.71, 1601-

1603 

Interlock 
projector, 19.142. 1060 
switch, purpose of, 21.61, 1183 
system 

phasing of, 3.82. 131-132 
reversible use of, 3.83, 132 
variable speed, 3.50. 109 

Interlocking, nonsynchronous equipment, 3.18, 
128-131 

Intermittent movement 
Askania claw, 19.88, 1046 
operation of, 19.87. 1044-1046 
purpose of, 19.86. 1044 

Intermodulation 
analyzer, description of, 18.274, 992: 

1390-1395; 22.131, 1396-1401 
analýzer, signal-generator section of, 22.130, 

1396 
disc recording, frequencies for, 23.119, 1503-

1504distorti1on 

amplifier, measurement of, 23.113, 1499-
1601 

audio-transformer, 8.86. 385 
calculation of. 23.117, 1603 
capacitive load, effect of. 23.125, 1605-1606 
changing line voltage, effect of, 23.210, 

1668 
film recording, photographic, negative, 

plotting of, 18.275, 992 
film recording, variable-density, value of. 

18.275, 992 
generation of, 23.117, 1602-1503 
hum frequencies, effect of, 23.121, 1504 
loudspeaker, 20.96, 1117-1118 

listening quality affected by, 20.97, 1118 
reduction of, 20.100, 1119 
test for, 23.127, 1607 

low frequency, cause of, 23.118, 1603 
pickup, frequencies used, 16.41, 743 
plotting of. 23.7, 1437-1438 
relation to harmonic distortion, 23.116, 

1602 
statement of, 23.115. 1602 
tests, variable-area film, 18.281, 993 
transformer, measurement of. 23.114, 1601-

1602 
variable-density, print density, plotting of, 

18.276, 992-993 
measurements 
CCU', 22.132, 1402-1403 
sidebands in, 22.132, 1402 
SMPTE, 22.132, 1402 

one-to-one ratio, when used, 23.123, 1604 
test 

bias conditions, 18.277, 993 
difference-frequency, definition of, 22.133, 

1403 
light valve 

frequencies for, 18.279, 993 
percent modulation, 18.278, 993 

magnetic recorders, procedure for, 23.129, 
1508 

use of, 18.127. 944 
variable-density, 18.269, 992 

frequencies, ratio of, 18.280, 993 
versus harmonic distortion, 23.124, 1604-1505 

Internal input impedance, 12.182, 587 
International volt, value of, 23.196, 1645 
Interstage transformers, shielding of, 8.57. 381 
Intertone, definition of, 1-148, 36-37 

Inverse peak voltage 
1 and 8-phase circuits, 21.92, 1193. 1195 
maximum, calculation of, 21.11, 1168-1170 

Inverter, 3.23, 104 
electronic, description of, 21.107. 1200 
phase. vacuum-tube. 12.50, 538-539 

Ionic loudspeaker, description of, 20.16, 1090 
Ionization, definition of, 11.53, 468 
Iris. definition of. 19.23, 1026 
Isolation 

attenuator, definition of, 5.14. 232 

22.129, 
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Isolation—coned 
flats, construction of, 2.74. 60-61 
vocalist from orchestra, 2.62, 56-57 

Iterative impedance, definition of. 25.96, 1630 

Jack 
assignment sheet, description of, 24.40, 1583 
field, definition of, 24.2, 1565 
frames, grounding of, 24.34, 1578 
multiple, definition of, 24.11, 1570-1571 
normal, use of, 24.9, 1569-1570 
open-circuit, use of, 24.8, 1569 
pair, low-level side of, 24.18. 1671 
patch cord, shielded, connection of, 24.14, 

1571 
sleeve, cleaning of. 24.13, 1571 
spacers, dimensions for, 24.54, 1689 
strap, connection of, 24.7. 1667-1669 
strip, construction of, 24.6, 1567 
strips, dimensions for, 24.53, 1588-1589 
tip-ring-sleeve, construction of, 24.10, 1570 

Jewel, definition of, 15.51, 718 
Junction, definition of, 11.113. 486 
Junction thermocouple, description of, 22.1, 

1227-1228 

K 
Lord Kelvin, 22.31, 1242 
Kerr cell, description of. 18.208, 966 
Kersta, Lawrence G., 1.151, 37 
Keystoning, 19.54, 1032-1033 

correction of, 19.54, 1031-1032 
maximum, 19.55. 1033 

"K" factors, attenuator loss, 5.22, 234, 236-237 
Klipech, Paul W., 20.65, 1105; 20.154, 1139 
Klipschorn loudspeaker enclosure, description 

of, 20.65, 1105-1107 
Kudelski, Stephan, 3.78, 126; 3.84, 136; 3.85, 

135; 17.179, 833 
Kudelski, synchronous recorders, 3.78, 126 
Kuhl, Dr. W. K., 2.130, 91 

L 
Labial sounds, definition of, 1.58, 17 
Laboratory 
bench facilities for, 24.98. 1616-1617 
circuit, description of, 24.55, 1689 

Labyrinth, acoustical, definition of, 2.5, .41-42 
Lacing, cableform, procedure for, 24.43, 1583 
Lag, angle of, definition of, 25.15, 1622 
Lambert, definition of, 19.2, 1023 
Laminating machine, magnetic sound track, 

description of, 17.190, 840-841 
Laminations 
transformer, reason for, 8.2, 367 
types of, 8.105, 401 

Lamp (s ) 
exciter, high-frequency Power 

19.165, 1073; 19.166, 1073 
pilot, color code for, 24.86, 1608 
prefocused, 19.151, 1063 
projection, xenon, construction of, 19.106, 

1052-1053 
recorder, prefocused, selection of, 18.250, 989 
xenon, circuit for. 19.109, 1053-1054 
xenon, life of, 19.107, 1053 

Language-Laboratory headphones, description 
of, 20.180, 1146 

Lapping tape 
description of, 17.125, 789-799 
use of, 17.126, 799 

Latching relay 
description of, 25.159, 1663 
use of, 17.227, 870 

Latent image keeping, test, description of. 
18.310, 1003 

Lateral recording, definition of, 13.3. 651 
Lateral-vertical disc recording, description of, 

13.217, 689-692 

supply for, 

Lauridsen, microphone placement, 4.62, 172-173 
Lavalier microphone, design of, 4.81, 191 
LC ratio, definition of, 6.115, 307 
Lead, angle of, definition of, 25.15, 1622 
Leader stock, magnetic film, splicing to, 17.203, 

845-846 
Leading sheeting, acoustical properties of, 2.52, 

51-53 
Lead screw, description of, 13.25, 654 
Lead sheet, acoustic use of, 2.52. 51-53 
Lead, VU-meter, 17.163, 819-820 
Lead, VU meter, procedure for, 10.28, 450 
Leakage 

capacitor, maximum, 22.111, 1369 
mixer network, measurement of, 23.67, 1468-

1469 
power supply, measurement for. 23.165, 1529-

1530 
power supply to ground, measurement of, 

21.132, 1223-1224 
reactance, transformer, cause of. 8.32, 376; 

8.33, 376-377 
Leconte, Leon, 20.190, 1158 
Lens (es) 

acoustic, description of, 20.74, 1110-1111 
anamorphic 
adjustment of, 19.116, 1055 
construction of, 19.118, 1056 
placement of, 19.117, 1055-1056 
ratio of, 19.125, 1057 

basic types of, 19.7, 1024 
chromatic aberration in, 19.14, 1025 
cleaning of, 19.21, 1025-1026 
coated, 19.20, 1025 
concave-convex, 19.7, 1024 
curvature of versus focal length, 19.16, 1025 
double-concave, 19.7, 1024 
double-convex, 19.7, 1024 
f number of, 19.10. 1024 
focal length of, 19.9. 1024 
meniscus, 19.17, 1025 
negative, 19.7, 1024 
optical axis of, 19.13, 1025 
picture size for, calculation of, 19.50, 1031 
picture size related to, 19.159, 1067; 19.160, 

1067 
plano-concave, 19.7, 1024 
plano-convex, 19.7, 1024 
positive, 19.7, 1024 
projection, multiple-element, 19.22, 1026 
projection, picture size relation to, 19.52, 

1031 
16-mm, short focal length, use of, 19.163, 

1071 
speed of. definition of, 19.12, 1026 
spherical aberration in, 19.15, 1025 
T-stop of, 19.11. 1024-1025 
wide-angle, 19.8, 1024 

Lettering, panel, methods for, 24.78, 1605 
Letter symbols, semiconductors, for, 11.115, 

488 
Level 
constant-amplitude recording, for, 14.39, 709 
operating 

average values of. 24.30, 1574 
designation of. 24.19, 1571-1572 

sound, barometric-pressure effect on, 25.203, 
1683-1685 

tape recording. standard, 17.139, 806 
Lewin, George, 18.314, 1003 

Light 
arc 

candle power of, 19.35, 1028 
current for, 19.37, 1028 
polarity of, 19.36, 1028 

intensity, variation of, 19.6, 1024 
modulator, definition of. 18.11, 893 
modulator, percent deflection vs decibels, 

18.24, 905 
pattern 
equation for, 14.47, 710 
measurement of, 23.75, 1479 
recording of, 23.75, 1477-1480 

printer, description of, 18.192. 957 
projection, screen size relation to, 19.47, 

1030-1031 



1728 INDEX 

Light—coned 
valve 

amplifier for. 12.164, 681-682 
biplanar, definition of, 18.21, 903 
clash point, definition of. 18.17, 903 
coplanar, definition of, 18.20, 903 
construction of, 18.15, 896-903 
definition of, 18.14, 896 
direct-positive recording, 18.23, 904-906 
equalization for, 18.173, 964 
four-ribbon, construction of, 18.15, 902 
frequency response, measurement of, 

23.151, 1518 
impedance matching of, 18.18, 903; 18.19, 

903 
intermodulation tests, percent modulation, 

18.278, 993 
monoplanar, definition of, 18.20, 903 
negative recording, 18.23, 904-906 
three-ribbon, construction of. 18.15, 901-

902 
tuning, definition of, 18.16, 903 
two-ribbon, construction of, 18.15, 897-900 
variable-area 
image mask, use of, 18.80, 930 
Position of. 18.80. 930 
200-mil direct-positive, 18.309, 1002-1003 

velocity effect, description of, 18.22, 903-
904 

Lim, definition of, 20.36. 1095 
Limiter amplifier, use of, 18.84, 931-932 
Limiting, recording, average value of, 18.88, 

937 
Linearity 

amplifier 
class-AB, 23.48. 1451-1462 
measurement of, 23.94, 1489 
plotting of, 23.7, 1438 

curve, 25.146, 1655-1666 
Linear speed, definition of, 13.19, 653 
Line(s) 

acoustic, definition of, 2.6, 42 
ac, rack placement of, 24.22, 24.24, 1573 
(Lc. twisting of, 24.25, 1673 
artificial, definition of, 25.182, 1672 
audio 

loss calculation of, 23.100, 1491 
wire size for, 24.26, 1573 

electrical length of, 25.179, 1672 
loaded 

continuously, 25.187, 1673 
lump, 25.187, 1673 

loading, definition of, 25.186, 1673 
long 

definition of, 25.176. 1672 
equivalent circuit of, 25.177, 1672 

loudspeaker 
high-impedance, 20.149, 1137 
low-impedance, 20.148, 1137 

length of versus wire size. 20.151, 1138 
operational amplifier, 12.196, 593 
pad, definition of, 5.13, 232 
parameters for, 25.180, 1672 
short 

definition of. 25.175, 1671-1672 
equivalent circuit of, 25.177, 1672 

transmission, characteristic impedance of, 
25.183, 1672-1673 

Lip-sync, definition of, 18.113, 941 
Lissajous figures 

definition of, 22.87, 1333 
frequency calibration, use of, 23.176, 1534-

1536 
frequency ratio, calculation of. 23.177, 1536 

Listening fatigue, effect of, 1.145, 36 
Litz wire, description of, 25.46, 1626 
Liveness, definition of, L134, 33-34 
Load current, wire size for, calculation of, 

24.29, 1574 
Load impedance, pickup, definition of, 16.32, 

742 
Loading 

bag, definition of, 18.184, 056 
coils, telephone line, construction of. 25.189, 

1673 
hook, description of, 18.195, 957 

Loading--coned 
line 

continuous, 25.187, 1673 
effect of, 25.188, 1673 

lump, 25.187, 1673 
Locked groove, definition of, 13.77, 661 
Loftin-White RC amplifier, 12.40, 536 
Logarithms, common, table of, 25.209, 1687 
Log sheet, production mixing, 18.345, 1019 
Longitudinal waveform, definition of, 1.5, 11 
Loop 

box, description of, 17.208, 849-850 
gain, power supply, definition of, 21.124, 

1214-1215 
mile 

attenuation for. 25.181, 1672 
definition of, 25.173, 1671 

tight, description of, 18.28, 912-915 
Looping 

definition of, 17.223, 864 
foreign dialogue, description of, 17.225, 866 
magnetic, system for, 17.224, 864-865 
marking device for, 17.234, 886; 18.315, 1003-

1004 
stage, construction of. 2.110, 80-82 
system for, virgin magnetic, 17.226, 865-870 

Loss, definition of, 5.6, 232 
Loss, reflection, definition of, 25.69, 1628 
Loudness 

control, design of, 5.65, 248 
definition of, 1.63, 17 
percentage change, 1.63, 17-18 
scale of, 1.70, 19; 1.87, 21; 1.88. 21 

Loudspeaker(s) 
acoustic 

lens used with, 20.74, 1110-1111 
power of, 20.34, 1095 
suspension 

description of, 20.109. 1121 
efficiency of, 20.109, 1121 

air column in, definition of, 20.52, 1099 
apex dome in, 20.17, 1090 
array 

series-parallel, 20.184, 1162-1153 
sound column, description of, 20.185, 1153-

1156 
attenuator 

L-type, connection of. 20.141, 1136 
selection of, 20.142. 1136 

auditorium, placement of, 20.158, 1139 
axial sensitivity of. 20.114, 1122 
background, small combo, 4.112, 214 
back loading of, 20.12, 1084 
baffle 

directional, 20.58. 1100-1101 
flat, loudspeaker placement in, 20.48, 1097 
infinite 

description of. 20.45, 1097 
dimensions for, 20.46, 1097; 20.47, 1097 

vented, definition of, 20.62, 1105 
balanced-armature, description of, 20.43, 

1096-1097 
bass energizer for, description of, 20.93. 1117 
blocked impedance of, 20.87, 1116 
bale for use with, 20.49, 1097 
book-shelf, enclousre for, 20.183, 1150-1152 
capacitor, definition of, 20.44, 1097 
cavity-resonance effect on. 20.163, 1141-1142 
center-channel, stereophonic, deriving of, 

20.154, 1138-1139 
ceramic, description of, 20.41, 1095-1086 
close-coupled, efficiency of, 20.165, 1142 
cluster, description of, 20.155, 1139 
coaxial, 20.3. 1080-1081 
compliance of. 20.9. 1084 
compressed-air, description of, 20.191, 1158-

1159 
compression driver unit for, definition of, 

20.10, 1084 
connection to crossover network, 7.94, 348-

349 
coplanar, 20A, 1081 
crossover network 

connection of, 20.117, 1122 
cutoff-rate in. fast, 20.118, 1122-1123 
electronic, circuits for, 20.121, 1123-1124 
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Loudspeaker (s)—coned 
crossover network 

insertion loss of, 20.116, 1122 
ringing teat for. 20.118, 1128 
source impedance effect on. 20.120, 1123 
waveform, complex, in, 20.119, 1123 

crystal, description of, 20.41, 1095-1096 
curled born, definition of, 20.59, 1101 
diaphragm displacement of, average, 20.107, 

1121 
diaphragm movement of versus radiated 

power, 20.106, 1121 
directivity index, definition of, 20.110, 1121 
directivity, standard for, 20.110, 1121 
direct-radiator 

description of, 20.1, 1079-1080 
design factors affecting. 20.112, 1121 

doppler effect in. 20.35. 1096 
drone cone, definition of, 20.184, 1142 
duplex, construction of, 20.25, 1091-1092 
dynamic 

free-air resonance, 20.86, 1115 
impedance of, typical, 20.89, 1116 
resonant frequency of, lowering. 20.94, 1117 

efficiency of, 20.30, 1093; 20.105, 1120-1121 
electrical equivalents of, 20.42, 1096 
electrodynamic 

construction of, 20.1, 1079-1080 
field-coil power supply, 21.82, 1183 
shading ring in. Purpose of, 20.111, 1121 

electrostatic. 20.15, 1084-1090 
equalizer, low-frequency, 6.128, 313-815 
enclosure 

bass-reflex, construction of, 20.61, 1102-
1105 

bass-reflex, principles of, 20.60, 1101-1102 
elasticity in. definition of, 20.108. 1121 
fold-a-flex, description of, 20.67, 1108 
Klipschborn„ description of, 20.65, 1105-

1107 
Karlson, description of, 20.64. 1105 
labyrinth, description of, 20.68. 1107-1108 
phase-inverter, definition of, 20.62, 1105 
rear-loaded, principles of. 20.71, 1108-1109 
resonance in, control of, 20.81, 1113 
resonance, testing of, 20.82, 1113 
shape of, external. 20.77, 1111-1112 
volume of, 20.80, 1113 

field coil used in, 20.1, 1079 
floor, height above, 20.129, 1131 

folded horn, definition of, 20.63, 1106 
freefeld  pattern of, 20.27, 1092 

frequency-response 
rating of, 20.33, 1096 
variations in, 20.153, 1138 
white noise, use of, 23.135, 1510 
without anechoic chamber, 23.188, 1541-

1542 

general-purpoee, description of, 20.19, 1090 
grille cloth for, selection of, 20.79, 1113 

harmonic-distortion characteristics of, 20.98, 
1118 

high-frequency 
multicellular„ spread of, 20.134, 1135 
phasing of, 20.127. 1128 
slot-loaded, 20.186, 1156 
solid-state, description of, 20.78, 1112-1113 

horn 
catenoid, description of, 20.70, 1108 
diffraction, principles of, 20.85. 1114-1115 
driver, 20.32. 1093-1095 
exponential 

definition of, 20.50. 1097 
equation' for, 20.51, 1098-1099 

flare rate of, 20.54, 1099 
length of versus cutoff frequency, 20.53, 

1099 
loading of, 20.11, 1084 
re-entrant, description of, 20.57, 1099-1100 
throat in, effect of, 20.55, 1099 

hum-bucking coil in, 20.28, 1092 

impedance 
de to ac, ratio of, 20.145, 1137 
internal, measurement of. 23.140, 1512-1614 
motional, definition of, 20.88, 1115 

Loudspeaker (s)—cont'd 
impedance 

transistor amplifier affected by, 20.91, 1115-
1116 

tube amplifier affected by, 20.90, 1115 
value, reason for, 2032, 1116-1117 

intermodulation distortion 
characteristics of, 20.94, 1117-1118 
cause of, 20.99, 1118-1119 
listening quality affected by, 20.97, 1118 
reduction of, 20.100, 1119 

intermodulation, test for. 23.127, 1507 
ionic, description of, 20.16, 1090 
liin rating of, 20.36, 1095 
line 
high-impedance, when used, 20.149, 1137 
high-impedance, wire size for, 20.152. 1138 
low-impedance, definition of, 20.148, 1137 
low-impedance, wire size for, 26.151, 1138 

lines, rack, placement of, 24.23. 1573 
lines, wire size of, frequency effect on, 20.147, 

1137 
loading effect of. 20.90, 1115; 20.91, 1115-

1116; 20.113, 1121-1122 
low-frequency response of, reduction of, 

20.140, 1136 

microphone intercommunication system, 
24.86, 1598 

monophonic, placement of, 20.162, 1141 
motion, linear portion of, 20.105, 1120 
motor mechanism in, definition of, 20.8, 1084 
multicellular baffle for, definition of, 20.73, 

1110 
multieellular horn, description of. 20.72, 

1109-1110 
multiple, crossover network for, character-

istics of, 20.115, 1122 
multiple, use of, 20.2, 1080 
musical-instrument, 20.146, 1137 
nodes in, definition of, 26.7, 1084 
omidirectional, description of, 20.76, 1111 
open baffle for, characteristic of, 20.75, 1111 
permanent-magnet, construction of, 20.1, 

1080 
phasing of, 20.124, 1127; 20.125, 1127 
pierced ring in, purpose of, 20.24, 1091 
polar curve, definition of, 20.26, 1092 
Power rating of, 20.33, 1096 
precedence effect in use of, 20.135, 1135 
presence equalizer used with, 20.134, 1136 
projector-type, description of, 28.20, 1090 
protective circuit, description of, 20.138, 1135-

1136 
pyroacoustie. description of, 20.190, 1158 
radiation resistance of, 20.157, 1139 
reinforcement, placement of, 20.131, 1181 
resonant frequency of free-air, 20.84, 1114 
resonance in, control of, 20.54, 1099 
series connection of, 20.143, 1136-1137 
70.7-volt line used with, 24.70, 1600-1601 
single-diaphragm, action of, 20.29, 1092-1093 
solid-state, high-frequency, description of, 

211.78, 1112-1113 
spherical, description of, 20.76, 1111 
spider in, purpose of, 20.21, 1091 
stereophonic, two-channel, placement of, 

20.160, 1140-1141 
stereophonic, waveguide, description of, 28.69, 

1108 
subbarmonie generation by, 20.156, 1139 
surround, use of, 20.130, 1131 
system(*) 

integrated, definition of. 20.68, 1108 
multiple, phasing of, 20.122, 1127 
push-pull, 20.40, 1095 
stereophonic 

pseudo, 20.159, 1140 
reflectors, curved, for, 20.187, 1156-1157 
3-channel, phasing of, 20.128, 1127-1128 

testing of, reverberant room, 2.99, 76; 
20.188, 1157 

theater, description of, 20.133. 1132-1135 
two-channel home, phasing of, 20.132, 1132 

theater, crossover frequencies of, 20.123, 1127 
three-way, description of. 20.5, 1081-1082 
tone-burst test for, 20.101, 1119-1120 
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Loudspeaker(s)—coned 
transformerless, 20.31. 1093 
transient tests for, 20.101, 1119-1120 
transient test on, fm receiver used for, 

20.102, 1120 
Triaxial, description of, 20.6, 1082-1084 
tweeter, definition of. 20.13, 1084 
volee coil, centering of, 20.21. 1090-1091 
voice filter used with, 20.137, 1185 
whizzer used in, 20.18, 1090 
wide-screen projection, placement of, 19.137. 

1059 
woofer, definition of, 20.14, 1084 

Low frequency reduction, dialogue purpose of, 
2.109. 80 

Low-level mixing, definition of. 9.2, 405. 406 
Low-pass filter, monitor. rerecording, purpose 

of. 18.115, 942 
Lumen, definition of, 19.3, 1023 
Lumens, calculation of. 19.5. 1023 
Luminance, screen, standard for, 19.53. 1031-

1032 
Luminous flux, definition of, 19.5, 1024 
Lumistor, definition of, 11.106, 482 
Lux, definition of, 19.4, 1023 

M 
Macrosonic frequencies, definition of, 1.20, 12 
Magic eye, volume indicator, 10.44, 457 -
Magnet(s) 

Alnico, 20.22, 1091 
ceramic, use of, 25.27, 1623 
permanent 
charge loss of, 20.23. 1091 
charging of, 25.111, 1639 
erasure with. 17.85, 784-785 
heat effect on, 24.85, 1608 

Magnetic 
alloys, 17.14, 754 

Alineo V and VI, 17.15, 754 
amplifier, description of, 12.262, 640-641 
and engraved sound track, purpose of, 17.196, 

843 
circuits, horn-driver, 20.32, 1094-1095 
coupling, amplifiers 

cause of. 12.210, 597 
test for, 23.59. 1461 

field, conductor moving in. 25.138. 1651-1652 
fields, exploration of. 23.190, 1643 
film 
balance strip on, 17.30. 761 ; 17.185, 837-838 
base thickness of. 17.33. 762 
description of, 17.28. 760 
4-track, release prints using standard for. 

17.189, 840 
full-coat 

description of. 17.30, 761 
purpose of, 17.186, 838 

half-striped, 17.184, 837 
high-output, 17.164, 820 
leader stock, splicing to, 17.203, 845-846 
level for, 17.139. 806 
linear speed of versus response, frequency, 

17.113. 792 
oxide coating for, thickness of, 17.33. 762 
particle alignment of. 17.116, 793-795 
particle thickness of, 17.116, 793-796 
perforations in, 17.28, 760 
recorder 
erasure heads not used in, 17.88, 785 
portable, description of, 17.177, 827-829 
production, block diagram for, 17.176, 

825-827 
studio description of, 17.178, 829-833 

reproduction, sound head, description of. 
18.9. 892-893 

speed of 
standard, 17.146, 809 
lowest, 17.114, 793 

splicer, description of, 17.214, 863 
standard speeds for. 17.32, 762 
stripe, description of. 17.30. 761-762 
35-mm, 3 and 4 track, track placement for, 

17.169. 821 

Magnetic—coned 
film 

types of, 17.30. 761-762 
width of, standard, 17.146, 809 

head(a) 
alignment of, 17.109. 792; 17.148, 810-811 
azimuth 
adjustment of, 17.104, 789 
alignment of. frequency for, 17.107. 792 

bumps, cause of, 17.199, 844 
cleaning solutions for, 17.101. 789 
coil connection in, 17.128, 799 
contact noise with, 17.97, 788 
contact with, testing for, 17.98, 788-789 
degaussing of, 17.90, 786 
erasure 
alignment of, 17.111, 792 
construction of. 17.80, 783 
current value for, average, 17.82, 783 
gap height of, 17.87, 785 

frequency response of, altering, 17.205, 
846 

inductance losa of. 17.93, 787 
lines of force in, 17.129, 799 
magnetization effect on, 17.102, 789 
overloading of, 17.131, 799 
recording, voltage-recording characteristics 

of, 17.211, 862 
record-playback, alignment of, 17.110, 792 
reproducer, output voltage of versus fre-

quency, 17.127, 799 
reproducing, construction of, 17.69, 781-782 
salvaging of, 17.94, 787-788 
shielding of, 17.103, 789 
types of, 17.147. 809-810 
wear of, 17.152, 813-814 
wear pattern of, 17.96, 788 

headphone 
connection of, 20.174, 1144 
construction of, 24.147, 1144 

looping 
marking device for, 17.234, 885 
system for. 17.224, 864-865 
virgin 

leaders for, 17.226, 866-867 
system for, 17.226, 865-870 

material, Remendur, description of, 25.147, 
1656 

materials, precautions in use of, 17.18, 755 

particles, orientation of, 17.120, 796-797 

playback 
equalization, 17.173, 823-824 
operational amplifier, 12.196, 592 

reader, description of, 17.212, 852 
recorder 

classification of, 17.162. 818 
dual, definition of, 17.143, 808 
film, specifications for, minimum, 17.35, 

762 
flutter in, standards for, 17.144, 808-809 
heads in, three, 17.71, 782 
heads in, two, 17.72, 782 
heads, wear of, 17.93, 787 
injection frequency measurement of, 17.217, 

854-855 
measurement of, precautions in, 17.204. 846 
17.5-mm. sound-track placement for, 17.168, 

821 
16-mm, sound-track placement for, 17.167, 

821 
specifications for, minimum, 17.34, 762 
split-film, definition of, 17.141, 807 
staggered-head, 17.138, 806 
steel-tape, description of, 17.221, 860 
tape, description of, 17.41, 766-768 
transistor, electronics for, 17.219, 855-859 
vibration effect on, 17.134, 801 
wire 

basic principles of, 17.220. 859-860 
frequency response of, 17.220, 860 

recording (See also operational amplifiers) 
advantages of, 17.25, 760 
audio current 
average value of, 17.62, 777 
measurement of, 17.60, 776-777 
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Magnetic--coned 
recording 
Barkhausen noise in, definition of, 17.160, 

818 

beats, cause of, 17.132, 799 

bias 
head for. 17.39, 766 
oscillator, design of. 17.86, 785 
oscillator for, connection of, 17.47, 772-

773 
voltage in, measurement of, 17.58, 776 

bias current 
measurement of, 17.59, 776 
filtering of, 17.53, 775 
frequency of, 17.45, 772 
frequency response affected by, 17.49, 

773-774 
harmonic distortion affected by, 17.52, 

774-776 
leakage of, preventing. 17.57. 776 

borderline, 17.165, 820-821 
bulk erasing of, 17.65, 777-778 
constant-current 

definition of, 17.67, 781 
description of, 17.210, 851-852 

continuous, description of, 17.230, 876-877 
cross-field, description of, 17.39, 763-765 
crosstalk, cause of, 17.135, 801-802 
de erasure of, 17.83, 783-784 
drop outs in, cause of, 17.119, 795-796 
erasure, bulk, techniques for, 17.66, 778-

781 
erasure current 
average value of, 17.54, 775 
measurement of, 17.61, 777 
noise in, 17.56, 775-776 

erasure of, 17.64, 777 
film 
8-mm. frequency response of, 17.170, 821 
16-mm, equalization for, 17.174, 824 
16-mm, reference frequency for, 17.200, 

844-845 
35-mm, reference frequency for, 17.200, 

846 
frequency response, standard, 17.162. 818-

819 
fringing effect in, 17.199, 844 
head(s) 

construction of, 17.68, 781 
cross-field, description of, 17.39, 764-766 
erasure, coil connection of, 17.84, 784 
focus-gap, description of, 17.40, 765-766 
gap height in, 17.75, 782 
gap height versus frequency response of. 

17.77, 782-783 
magnetization of, 17.89, 786 
metals used in, 17.74, 782 
nomenclature for, 17.76, 782 
record-reproduce head, construction of, 

17.70, 782 
second gap in, purpose of, 17.78, 783 
wrap around of, 17.81, 783 

high- and low-level amplifier system for, 
17.229, 871-875 

intermodulation tests, procedure for, 23.129, 
1508 

loop box used with, 17.208, 849-850 
media, storage of. 17.218, 855 
multitrack, terminology for, 17.151, 812-813 
noise reduction for, 17.154, 814 
noise reduction, separation of spectrum for, 

17.235, 886-888 
output voltage generated in. 17.24, 757, 759 
primary reproducing for calibrated, 17.207, 

847-849 
principles of, 17.24, 755-760 
print-through of. 17.121, 797-798 
release-print, monitoring of. 17.202, 845 
sequential, description of. 17.198, 844 
signal-to-cross-talk ratio for, standard, 

17.149. 811 
signal-to-noise 
measurement, 23.130, 1508 
ratio in, standard for, 17.159, 817-818 

slow-speed multichannel, 17.233. 883-885 

Magnetic—coned 
recording 

soundtrack scriber used with, 17.209, 850-
851 

speed of. changing, method for, 17.215, 
853-854 

speed standards for, 17.31, 762 
striped-film, technique for, 17.194, 842 
synchronizing with photocell, 17.201, 845 
system, resolving power of. 17.79, 783 
tape speed in, measurement of, 17.158, 

816-817 
tape, unequalized characteristics of, 17.46, 

772 
35-mm, equalization for, pre- and poet-, 

17.175, 824-826 
time delay between heads in, 17.156, 814 
transfer to disc, description of, 17.228, 

870-871 
video, basic principles of, 17.231, 877-882 
video disc, description of. 17.232, 882-883 
video, home equipment for, 17.231, 882 
volume compression in, cause of, 17.124, 

798 
VU-meter lead for. 17.163, 819-820 
warped reels in, effect of, 17.161, 818 
wire, invention of, 17.24, 755 

reproduction 
cassette, used in, 17.182, 836-837 
ideal, time constants for, 17.206, 847 

reverberation, description of, 17.136, 804-805 
shielding 

effectiveness, test for, 23.162. 1626 
materials, 17.14, 754 
output transformers, of, 8.56, 381 
transformers, in, 8.51, 379-380; 8.52, 380-

381; 8.53, 381; 8.54, 381 
transformer, rating of, 8.52. 380-381 i 

8.53, 381; 8.54, 381 
sound track 

multiple, reproduction of, 17.195, 843 
visibility of, 17.133, 799-801 

stripe, recording on, 17.194, 842 
striper, description of, 17.191, 841 
striping 
8-mm and 16-mm film, standard for, 17.183, 

837 
placement of, 17.192, 841 
polygoning of, 17.197, 844 

synchronizer unit, description of, 17.213, 852-
853 

tape 
and film 

defects in, 17.99. 789 
head contact of. 17.95, 788 
reuse of. 17.92, 786-787 
squareness factor of, 17.142, 807-808 
substitution of, 17.123, 798 
volume compression in, 17.124, 798 

black, 17.118, 795 
cartridge, description of, 17.230, 875-876 
chromium dioxide, description of, 17.236, 

888 
distortion characteristics of, 17.112, 792 
distortion in, standard for, 17.140, 806-807 
dual-track, track placement on, 17.150, 811-

812 
fm noise in, 17.130, 799 
linear speed of versus frequency response, 

17.113, 792 
output-level consistency of, 17.100, 789 
paper base for, 17.29, 760-761 
particle alignment of. 17.116, 793-795 
particle thickness of, 17.116, 793-795 
plastic base for. 17.29, 760-761 
program level for, standard, 17.139, 806 
recorder boundary displacement, 17.165, 

820-821 
recorder quarter-track, description of, 

17.222, 861-864 
recording 

equalization for, adjustment of, 17.155, 
814 

frequency response of, standard for, 
17.162, 818-819 

time of, 17.153, 814 
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Magnetic— coned 
tape 

red, 17.118. 795 
signal-to-noise ratio of, standard for, 

17.159, 817-818 
speed of 

lowest, 17.114, 793 
measurement of, 17.158, 816-817 

sprocket, specifications for, 17.171, 821-822 
storage of, 17.122. 798 

test tapes, recording of, 17.105, 789-790 
time delay description of. 17.136, 802-803 
track sound width of versus output, 17.115, 

793 
virgin looping system, schematic for, 17.227, 

870 

Magnetism 
definition of. 17.2, 753 
gauss as unit of, 17.20, 755 
oersted as unit of, 17.20. 755 
residual, definition of, 17.5, 753 
theory of, 17.21, 765 

Magnetization 
longitudinal, 19.37, 763 
perpendicular, 17.36, 762 
transverse, 17.38, 763 

Magnetostriction oscillator, definition of, 25.80. 
1629 

Mag-optical 
print, description of, 18.307, 1001-1002 
release print, infrared, use of, 18.314. 1003 
sound track 

description of, 17.187, 838 
editorial, use of, 17.188, 839 

Main frame, definition of, 24.48, 1586 
Majority carriers, definition of, 11.112, 484, 485 
Margin 

optical film recording, definition of, 18.70, 
924 

VU meter, procedure for, 10.28, 450 
Marker device, looping, 18.315, 1003-1004 
Masking, acoustical, effect of. 2.20, 43 
Master contour, use of, 15.15. 713 
Matrix, switching, intercommunication system, 

24.64, 1593-1695 

McIntosh, F. IL, 12.231, 606 

McProud, C. G., 20.121, 1126 
Mechanical equivalents, table of, 25.207, 1687 
Medium, recording, definition of, 13.46. 658 
Megger, description of, 25.116, 1641-1644 
Mel. definition of, 1.34, 14 
Mercer clip, description of, 18.333, 1010 
Mercury cell, voltage of, 23.196, 1545 
Mercury-vapor tube, noise, elimination of, 

21.57, 1182-1183 
Mercury-vapor tubes, warming time for, 11.81, 

476 
Meter(s) 

ac volts, calibration, from de source, 23.166, 
1631 

ammeter, voltmeter, connection of, 23.169, 
1632 

balance, tests for, 22.16, 1238 
capacitor, direct-reading, 22.110, 1367-1368 
clamp-on, description of, 22.12, 1235 
crest, definition of, 25.23, 1622 
D'Arsonval, logarithmic, 22.19, 1239 
diode protection of, 25.67, 1627-1628 
distortion-factor, description of. 22.62, 1289-

1297 
distortion, high-pass filter, using. 22.61, 1287-

1289 
dynamometer, description of, 22.5, 1228-1229 
frequency 

direct-reading, 22.96, 1344-1346 
resonant, description of, 22.37. 1251-1262 

gain set 
calibrations, value of, 23.22, 1443 
characteristics of, 23.25, 1444-1446 
tracking of, 23.26, 1446 

hook-on, description of, 22.12, 1235 
mirror, scale in, 22.14, 1235 
movement 

D'Arsonval, balance of, 25.119, 1646 
resistance of. 25.45, 1625 

Meter (8)--eont'd 
movement 

sensitivity of, 25.45, 1626 
sensitivity, measurement of, 23.182, 1537 

multipurpose, description of, 22.11, 1231-1235 
power level, definition of, 10.4, 444 
quasi-rms, description of, 22.10, 1230-1231 
rectifier type 

description of. 10.6, 444 
distortion, cause of, 23.93, 1488-1489 

scale 
accuracy of, 22.13. 1236 
calibration of, machine, 22.13, 1235 

shunt, transportation, purpose of, 24.83, 1607 
sound-level, description of, 22.94, 1338-1342 
taut-band, description of, 22.7. 1229-1230 
thermocouple 

calibrations of, 22.2, 1228 
phase-shift effect on, 22.4, 1228 
waveform effect on, 22.18. 1238-1239 

transistor, measurement, 22.15, 1238 
true rms volts, calibration of, 23.216, 1562 
vacuum-tube 

accuracy of affected by waveform, 22.103, 
1361-1362 

cathode-coupled, 22.100, 1352-1357 
VI, voltage calibration, 23.167, 1532 
VU and VI, amplifier for, 12.119, 565-566 
zero-suppressed, purpose of, 24.81. 1607 

Metronome 
electronic, description of, 2.132, 98 
spring driven, 2.132, 98 

Metric units, prefixes for, 25.157, 1662-1663 

Mica-card winding, 5.18, 233 

Microbar, definition of, 1.35, 14 

Microbars, relation to frequency and SPL, 
4.105, 211 

Microfarads 
conversion of 

to farads, graph for, 25.164, 1663 
to picofarads, 25.165, 1663 

Microgroove recording 
advantages of, 13.8. 662 
definition of, 13.7, 652 

Microphone(s) 
angle of incidence, 4.67, 177 
average output levels, 4.106, 211 
basic principles. 4.2, 147 
bidirectional 

definition of, 4.49, 164 
low-frequency effect, 4.56, 166 
polar pattern, 4.49, 164 
ribbon-velocity, polar-pattern, 4.56, 166 

boom 
description of, 2.101, 77 
tilting mechanism, 2.102, 78 

British E.M.I. system, 4.62, 173-174 
broadcasting, 4.92, 199 
cable, maximum run, 4.73, 188 
calibration, 4.86, 192-196 

principles of, 22.138, 1409-1410 
standard for, 22.138, 1410 

capacitor 
cavity resonance, 4.44, 159 
characteristics of, 4.46, 159-160 
design of. 4.40, 167-168 
head, design of. 4.41, 168-169 
high intensity, design of, 4.115, 218-220 
linearity testing. 4.87, 196-197 
output level, 4.42, 169 
ti type, 4.71, 179-186 
self-contained, 4.46, 160-161 
transient response, 4.63. 175 

carbon 
design of, 4.8, 148-149 
double-button, 4.9, 149-160 
noise cancelling, 4.120, 224-225 
packing of, 4.11, 150 
precautions in use, 4.10, 160 

cardoid 
characteristics of, 4.39, 155-157 
polar pattern, how obtained, 4.65, 176-177 

cephloid, definition of, 4.80, 191 
ceramic, design of, 4.29, 152 
concentrator, design of, 4.100, 204-205 
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Microphone(s)—cont'd 
controlled-reluctance, design of, 4.122, 225-

226 
crystal 
bender element, 4.18, 150 
bimorph, 4.17, 160 
cable length, 4.24. 151 
connection for output, 4.23, 151 
design of. 4.12, 150; 4.14, 160 
field pattern, 4.20, 151 
frequency response, 4.26, 151 
impedance, 4.21, 161 
internal capacitance. 4.25, 161 
output level, 4.22, 151 
piezoelectric effect, 4.13, 150; 25.191, 1676 
types of, 4.14, 150 
twister element, 4.19, 151 

definition of, 4.1, 147 
dialogue recording, 4.92, 199 
differential, design of, 4.120, 224-226 
dual, stereophonic, 4.48, 161-164 
dynamic 

baffle, use of, 4.38, 156 
design of, 4.30, 162-153 
directional, 4.39, 165-157 
exploded view, 4.35, 164 
field pattern, 4.34, 154 
transient response, 4.63, 175 
variable frequency response, 4.39, 165-157 

effective output level, 4.105, 209-210 
8-ball, 4.30, 161 
electret 

design of, 4.126, 228 
polarizing of, 4.126, 228 

electronic, design of, 4.69, 179 
electrostatic-velocity, 4.121, 225 
equalizer, description of, 6.100, 298-299 
equations associated with design, 4.3, 147 
extraneous, test for, 23.81, 1484-1485 
filter, use of. 4.116, 220-221 
frequency-modulated, design of, 4.70, 179 
frequency response, measurement without 

anechoic chamber. 23.80, 1482-1484 
German MS system, 4.62, 172-173 
grounding of, 4.64, 176-176 
gunning, definition of, 4.88. 197 
hanger, design of, 4.117, 221 
high-impedance 
transformer for. 4.78, 191 
values of, 4.78. 191 

highly directional, 4.101, 205-208; 4.102, 208-
209 

high SPL, 4.35, 155 
impedance, high, 4.28, 161-162 
inductor, design of, 4.123, 226 
in-line directional, design of, 4.97, 201-203 
input attenuator, description of, 9.52, 441 
lavalier, design of, 4.81, 191 
monophonic placement, 4.94, 200 
motion picture and television, 4.58, 167 
moving-coil, 4.32. 154 
music recording, 4.93, 200 
noise cancelling, design of, 4.120, 224-225 
omnidirectional. use of, 4.36, 165 
open-circuit operated, 4.75. 188 
optical, design of, 4.118, 221-223 
outlet plug code. 4.95, 200 
panning, definition of. 4.88, 197 
phasing 

importance of, 4.84, 192 
methods, 4.85, 192 
standard for, 4.124, 226-227 

placement 
band shell, 4.113, 214 
general rules, 4.114, 214-218 
large symphony orchestra, 2.127, 88-89 
monophonic recording, 2.118, 86-87 
radio broadcast, 2.126, 87-88 
single monophonic recording, 2.123, 87 
small combo, 4.112, 213-214 
small dance band, 2.124, 87 
sound effects, 2.126, 88 
stage pickup, 4.112, 213-214 
stereophonic, 4.62, 171-174 
stereophonic recording. 2.122, 87 
television show, 2.125, 87 

Microphone(s)--cont'd 
polar pattern, 4.7, 148 
polydirectional, 4.68, 177. 179 
power supply, design of, 4.71, 180-185 
preamplifier 

injection circuit, use of, 23.50, 1453-1464 
operational amplifier, 12.196, 592 
overloading, prevention of, 9.52. 440-441 

pressure 
doubling, 4.43, 159 
gradient, 4.4, 148 
operated, 4.4, 147 
ribbon velocity, operation of, 4.66, 177 
suspension of, 4.37, 155 
waveform, 4.74, 188 

prevention of ac pickup, 4.99, 204-205 
Proximity effect, 4.127, 228 
rain screen, design of. 4.91, 198-199 
real voice testing, 4.86, 196 
reciprocity calibrator, 22.137, 1408-1409 
ribbon 

field pattern, 4.56, 166 
pole piece design, 4.52, 165 
resonant frequency, 4.54, 165 
ribbon impedance, 4.53, 165 
velocity 

boom-operated, 4.111, 213 
calculation of ribbon amplitude, 4.108, 

213 
construction of, 4.51, 165 
design of, 4.50, 164-165 
movement of, 4.89, 197 
unidirectional construction of, 4.59. 167-

170 
variable polar pattern, 4.77, 189-190 

rifle, design of, 4.103, 209-210 

semiconductor, design of, 4.119, 223-224 
shock tube testing, 4.87, 196-197 
signal-to-noise ratio, long line, 4.96, 201 
sound powered, definition of, 4.83, 191-192 
terminating impedance effect of, 4.76, 188-189 
throat, definition of, 4.82, 191 
transformer, design of, 4.110, 213 
transistor amplifier, 4.72, 186-188 
turret head, description of, 2.102, 78 
ultrasonic, design of, 4.125, 227 
uniaxial, definition of, 4.79, 191 
unidirectional, 4.47, 161 

dual dynamic units, 4.61, 170-171 
early model, 4.60, 170 

variable polar pattern, 4.77, 189-190 
Van-Directional, description of, 4.103, 209-

210 
velocity operated. 4.5, 147 
voice filter, 4.55, 165-166 
wind screen 
design of, 4.90, 197-198 
effectiveness of, 4.90, 197-198 

wireless 
design of, 4.72, 186-188 
transmitter frequency. 4.72, 187 

Microphonic vacuum tube, 11.58, 469 
Microscope, optical sound track inspection, 

18.346, 1019-1020 
Microvolter, audio frequency, description of, 

22.43, 1262-1263 
Middle-range frequencies, definition of, 2.88, 72 
Miles-of-loss, definition of. 10.38, 455-456 
Miller effect, description of, 12.191, 588 
Miller, James A., 18.114, 942 
Miller, R. IL, 1.150, 37 
Millimeter equivalents, table of, 25.205, 1687 
Minigroove disc recording, definition of. 13.98, 

665 
Minimum loss attenuators, 5.21, 233-234 
Minority carriers, definition of, 11.112, 484-485 
Mirror 

folded-throw, 19.163, 1070-1071 
front surfaced, 19.163, 1070 
meter-scale, purpose of, 22.14, 1235 

Mistuned consonants, definition of, 1.61, 17 
Mixer 

auxiliary, description of, 9.45, 429 
console 
components of, 9.5, 406 
minimum requirements for, 9.5, 406-407 



1734 INDEX 

Mixer—cont'd 
console 
monitor system for, 9.48, 436-437 
rerecording, reverberation unit with, 9.49, 

437-438 
three-section split-channel 

block diagram for, 9.47, 433-436 
mechanical layout and components of, 

9.46, 429-433 
control (a) 

balanced, description of, 9.9, 413 
bridged-T, attenuation required for, 9.10, 

413 
noise measurement of, 23.136, 1510-1511 
plain-T, 9.34, 423-424 
servicing of, 9.35, 424 
slide-wire ladder, description of, 9.8, 413 
spacing of. 9.52, 252 
straight-line, description of, 9.7, 412-413 

electronic, definition of, 9.43, 428; 18.105, 941 
four-position stereo, description of, 9.22, 417-

421 
high- and low-frequency attenuation in. 

9.39, 424, 425 
hybrid-coil 

balancing resistora for, calculation of, 9.31, 
423 

description of, 9.23, 421 
Impedance ratio of, 9.33, 423 

insertion loss 
ladder-control, 9.40, 425 
measurement of, 9.28, 421; 23.68, 1469-1470 

log sheet, 18.345, 1019 
network 

leakage of, 9.11, 413 
characteristics, measurement of, 23.66. 

1468 
description of, 9.1, 405 
grounding of, 9.37, 424 
leakage, measurement of, 23.67, 1468-1469 
multiple or split-section phasing, proce-

dure for, 23.107, 1495-1497 
parallel-connection, description of, 9.19, 

415 
phasing of, 23.106, 1495 
series-connected, description of, 9.20, 416 
stereophonic, phasing of, 23.108, 1497 

operational amplifier, 12.196, 595 
parallel 

building-out resistors for, 9.25, 421-422; 
9.44, 428.429 

insertion loss, calculation of, 9.27, 422 
phasing of, 9.36, 424 
preamplifier, average gain of, 9.4, 406 
recording and broadcast, description of, 9.6. 

407-412 
series 

insertion loss, calculation of, 9.30, 423 
output impedance of, 9.29, 423 
terminating resistors for, calculation of, 

9.28, 422 
solid-state 

portable, description of, 9.50. 438-440 
sound-reinforcement, 9.42, 425-428; 9.50, 

438-440 
sound, description of, 9.1, 405 
split, definition of, 9.18, 416 
switching, prevention of clicks in, 9.38, 424 
three-channel stereo, description of, 9.21, 

416-417 
Mixing 

low-level, definition of, 9.2, 405-406 
high-level, definition of, 9.3, 406 

Modulation 
bilateral sound track, appearance of, 18.292, 

997 
disc-cutting head, percent of for, 13.164, 675 
duplex sound track, appearance of, 18.292, 

997 
intensity, cathode-ray tube, 22.78, 1332 
noise 

cause of, 17.117, 795 
definition of, 13.193, 680 
hot-stylus, 15.61, 720 

over, variable-area, appearance of, 18.293, 
997-998 

Modulation—cont'd 
percent, calculation of, 18.110, 941 
percent, 16-mm photographic film, 18.175, 

954-955 
percentage, definition of, 18.109, 941 
radio transmitter 
measurement of, 23.186, 1540-1541 
power requirements for, 25.44, 1625 

radius versus tip radius, 15.21, 714 
sprocket hole, photographic film, cause of, 

18.200, 963-964 
transformer, description of, 8.61, 381 

Modulator 
amplifier measurement, description of, 23.208, 

1552-1553 
solid-state optical film, 18.348. 1020-1021 

Module, description of. 25.68, 1628 
Monaural sound. definition of, 2.112, 82 

Monitor 
card, optical film recording, purpose of, 

18.116. 942 
headphones, boom operator, 2.103. 78-79 
level, 16-mm film, 18.175, 965 
low-pass filter, rerecording, purpose of, 

18.115, 942 
room, tuned, purpose of, 18.343, 1017 
system 

rerecording-console, 9.48, 436-437 
automatic, description of, 19.164, 1073 

window 
angle of, 2.57, 64 
construction of, 2.57, 54 

Monitoring 
level 
16-mm rerecording, 18.343, 1017 
35-mm rerecording, 18.343, 1017 

PEC, description of, 18.119, 943 
16-mm optical film, techniques for, 18.175, 

954-955 

Monogroove recording, description of, 13.23, 653 

Monolithic-type operational amplifier, 12.196, 
690 

Monophonic 
reproduction, loudspeaker placement for, 

20.162, 1141 
sound, definition of, 2.112, 82 

Montage, definition of, 18.186, 956 

Motion picture 
screen luminance, standard for, 19.53, 1031-

1032 
theater, recommended amplifier power, 2.47, 

49 
theater, wall shape, 2.49, 50 

Motor (s) 
asynchronous, 3.33, 106 
calculating efficiency of, 3.38. 107: 3.43, 107 
capacitor-start, 3.9, 102 
control, 3-phase design of, 3.88, 138-139 
dc, magnetic tape recorder powered by, 

17.179, 833 
generator, hunting, 114-115 
horsepower, calculation of, 3.42. 107 
hysteresis, design of, 3.70, 116 
induction, 3.6, 101 
insulation, 3.73, 119-120 
mechanism, loudspeaker, definition of, 20.8, 

1084 
nomograph for unknown factors, 3.76, 122 
printed circuit. 3.89, 139-142, 144 
shaded-pole, 3.15, 103 
speed, calculation of, 3.76, 121-122 
speed reduction, 3.71, 116-119 
squirrel-cage, 3.77, 122-123 
starting capacitors, testing of, 3.63, 113-114 
synchronous, 3.4, 101 

slip, 3.12, 103 
temperature rise in, measurement of, 25.136, 

1649-1651 
three-phase, 3.32, 105 
torque 

calculating of, 3.39, 107 
used in rewind, 3.65, 115 

use of torque, 3.65, 116 
Motorboating, description of, 12.193, 588 
Mounting, flexible, description of. 24.82, 1607 
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Moving-coil 
headphone, frequency response of, 20.172, 

1143 
microphone, 4.32, 164 

Moviola, description of, 18.198, 961-963 
Mullin, John T., 17.229, 872 

Multicellular 
baffle, definition of, 20.73. 1110 
horn, spread of, 20.134, 1135 

Multifrequency test films, description of, 19.68, 
1037 

Multimeter, digital, solid-state, 22.143, 1417-
1427 

Multiple, rack-panel, 24.37, 1681 
Multiplexed fm transmitter, description of, 

25.84, 1629 
Multiplier, voltmeter, 22.9, 1280 
Multivibrator 

solid-state, description of. 22.59. 1284-1286 
tube-type, 22.59. 1286-1286 

Multivoltmeter, solid-state, 22.97, 1346-1350 
Music 
frequency range, 2.44, 49 

power, amplifier, measurement of, 23.208, 
1552-1555 

recording stage 
interior construction of, 2.66, 57-58 
recommended reverberation characteristics, 

2.67, 58 
room, tuning of, 18.343. 1017 
scoring stage 

definition of, 2.60, 56 
reverberation time. 2.58, 54 

stage 
optimum number of musicians, 2.86, 69-70 
projection rooms, treatment of, 2.68, 58 

Musical instruments 
electronic, 25.145. 1653-1655 
frequency range compared to human voice, 

1.131, 32-33 
growth and decay characteristics, 1.100, 26 
intensity level, 1.132. 33 
loudspeaker, 20.146, 1137 
peak power, 1.139, 34-35 

Mutual conductance, definition of, 11.33. 464 
Mylar tape, magnetic, standard for, 17.27, 760 

N 
Nagoaka's formulas, definition of, 25.58, 1627 
Negative 

blow-up, definition of. 18.136, 945 
feedback, control of phase, 12.234, 616 
resistance, definition of, 25.47, 1625 

Neon glow lamp 
characteristics of, 25.99, 1630-1632 
regulation, 25.99, 1631 

Neon VI meter, description of, 10.7, 446-446 
Neo-Pilot, synchronisation system, 3.78, 126 
Neper, definition of, 10.39, 456 
Nested shield 

theory of, 8.51, 376-380 
transformer, 8.50, 379 

Network (s ) 
active, definition of, 7.5, 821 
annulling, definition of, 25.95, 1630 
compromise, use of, 5.91, 256 
crossover, electronic, 7.108, 356 
cutting-head 

action of, 14.21, 703-705 
purpose of, 14.20, 703 

filter, passive, 7.4, 321 
four-terminal, definition of, 7.22, 323 
Impedance matching, 5.8, 232 
mixer, split-section phasing of, 23.107, 1495-

1497 
mixing (See Mixers) 
parallel-T, 25.109, 1638 
plate-loading, purpose of, 12.169, 584-586 
three-terminal, definition of, 7.21, 323 
transfer functions, table of, 25.132, 1649 
two-terminal, definition of, 7.20, 323 
weighted noise measurements, design of, 

5.98, 260 

Newman, Stevens, and Davis measurements, 
1.118, 28 

Newton's rings, 19.18, 1025 
Nickel master, definition of, 13.124, 671 
Nit, definition of, 19.5, 1023 
Nits, conversion of to foot-lamberts, 19.53, 1032 
Nitrate film, description of, 18.149, 948 
Nodal diagram, definition of, 1.123, 30-31 
Nodal point, definition of, 1.122, 30 
Node, 1.122, 30 

Nodes, loudspeaker, definition of, 20.7, 1084 
Noise 
ac line 
measurement of, 23.214, 1559 
shunt capacitors, purpose of, 21.45, 1179 

amplifiers, stating of, 12.207, 597 
Barkhausen, definition of, 17.160, 818 
cancelling microphone, design of, 4.120, 224-

225 
capacitor, internal, measurement of, 23.160, 

1524-1626 
commutator, elimination of, 3.46, 108 
contact, cause of, 17.97, 788 
definition of. 1.16, 11-12 
disc-recording 
cause of, 13.58, 660 
monophonic 
measurement of, 13.85, 662 
standard for, 13.85, 662 

stereo, measurement of, 13.88, 662-663 
erase-current, effect of, 17.56, 775-776 
film, photographic, painting out of, 18.203, 

965 
filter 
RC, use of, 7.115, 363 
use of, 7.101, 353 

filtering, air duct, design of, 2.55, 54 
fm, magnetic-tane. 17.130, 799 
generator diode, 22.56, 1281-1282 
high-frequency, turntable, measurement of, 

23.76, 1481 
internal, amplifiers, cause of, 12.208, 597 
level 

ambient, effect of, 2.14, 43 
review rooms, 2.107, 79-80 
theoretical value of, 23.132, 1608-1609 

low frequency, reduction of, 4.114, 216 
mercury-vapor rectifier, elimination of, 21.57, 

1182-1183 
modulation, 13.193, 680 

hot-stylus, 15.81, 720 
magnetic-tape, cause of. 17.117, 795 

power supply, measurement of, 23.165, 1630 
random 
vacuum tube, 25.148, 1667 
transistor, 25.148, 1667 

ratio, disc-recording, 13.60, 660 
reduction 

acoustical, 2.13, 42-43 
closing time test, 18.303, 1000-1001 
current 

effect of, 18.68, 923 
frequency response of, 18.68, 923 

intennodulation tests, use of, 18.277, 993 
magnetic tape, for, 17.154, 814 
negative film, 18.321, 1004 
opening time test, 18.302, 1000 
print, action of, 18.322, 1004 
push-pull recording, 18-318. 1004 
shutters 

operation of, 18.78, 929-930 
optical film recording, description of, 

18.69, 919-921 
supersonic, description of, 18.308, 1002 
system 

anticipatory, description of, 18.71, 924 
double, description of, 18.58, 919 
magnetic recording, for, 17.235, 886-888 
margin, definition of, 18.70, 924 
photographic film recording, definition 

of. 18.55, 919 
variable-density, connection of, 18.76, 

927 
thump 

checking of, 18.67, 923 
definition of, 18.66, 923 
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Noise—cont'd 
reduction 

variable-area 
insufficient margin. 18.294, 998 
3-db margin. 18.295, 998 

recording styli, test for, 15.43, 717 
sound head, optical, 19.91, 1046-1047 
transistor, equation for, 11.138, 503 
vacuum tube, internal, test for, 23.194, 1644 
values, addition of, 23.131, 1508 
white, 13.64, 661 
with signal, appearance of, 23.134. 1509-1510 

Nominal impedance, definition of, 12.185, 687 
Nomograph, microphone, open-circuit and 

terminated. 4.107, 211-213 
Nonlinearity human ear, 1.118, 27-28 
Nonlinear reproduction, effect on human ear, 

1.119, 28-30 
NRC, definition of, 2.13, 42-43 
Null detector, harmonics elimination of, 

23.180. 1537 
Null indicator, definition of, 22.22, 1239-1240 
Nuvistor tube, description of, 11.27. 461 
Nyquist curve, description of. 12.137, 673-574 

o 
O'brien, Brian, Dr., 19.161, 1069 
Octave-band analyzer, description of, 22.136, 

1405-1408 
Octave, definition of, 1.26, 12-13 
Octave, pitch interval, 1.26. 12-13 
Octaves, characteristics of, 1.58, 17 
Odd harmonic, definition of, 1.54, 16 
Oersted, definition of, 17.20, 765 
Oersted, Hans Cristian, 17.20, 755 
Off-set 

angle, definition of, 13.198, 680 
voltage 

definition of, 12.82, 546-548 
measurement of, 12.82, 546-548 

Ohm, acoustic definition of, 2.3, 41 
Ohmmeter, ac, description of, 22.35, 1250 
Ohm's law, 25.38, 1624 
Olson, H. F., 4.86, 195 : 20.69, 1108 
Omnidirectional microphone, use of, 4.36, 155 
Once-around, definition of, 13.40, 667 
Opacity, definition of, 18.165, 952 
Open-loop gain, definition of, 12.144, 577 
Operating levels, average values of, 24.30, 1574 
Operational amplifiers 

ac amplifier, 12.196, 691 
bandpass, 12.196, 593 
compressor. 12.196, 693 
design of, 12.196, 689 
equalized, 12.196, 592-693 
frequency characteristics, 12.196, 590 
gain-inverting, 12.194, 591 
gain-noninverting, 12.196, 691 
graphic equalizer, 12.196. 693.594 
line, 12.196, 593 
integrated-circuit, 12.196, 596-596 
magnetic playback. 12.196, 592 
microphone preamplifier, 12.196, 592 
mixer, 12.196, 595 
monolithic type, 12.196, 690 
power, 12.196, 594 
power supplies. 12.196, 690-591 
transistor types, 12.196, 590 
tube types, 12.194, 690 
uses of, 12.196, 590 

Optical 
comparitor, 18.347, 1020 
film recorders, description of, 18.26. 906-912 
film recording 
cross-modulation testa, procedure for, 

23.128. 1607-1508 
distortion measurements, procedure for, 

23.153, 1518 
galvanometer frequency response, measure-

ment of, 23.151, 1518 
light valve, frequency response, measure-

ment of, 23.151. 1518 
signal-to-noise measurement, 23.130, 1508 
variable/intensity, definition of, 18.25, 905 

Optical—cont'd 
film reproduction 

film phonograph, definition of, 18.10, 893 
sound head, description of, 18.9, 892-893 

masks, variable-area, appearance of, 18.77, 
927-929 

microphone, design of, 4.118, 221-223 
reduction, definition of, 18.154, 949-950 
reduction printer, objections to, 18.158, 950 
sound track printer, description of, 18.157, 

960 
system, cleaning of, 18.54, 919 
system, variable-area, 18.338. 1011-1014 
train, push-pull sound head, for, 19.94, 1048 

Ordinate, definition of, 25.11, 1621 
Organ pipe, operation of, 2.92, 73 
Orthocoustic disc recording, definition of, 13.99, 

666 
Orthophonic disc recording, 13.100, 665 
Oscillating system. 1.40, 15 
Oscillation, parasitic, definition of, 25.48, 1625 
Oscillator 

audio 
beat frequency, description of, 22.51, 1274-

1277 
bridged-T, description of, 22.49, 1264-1267 
distortion in, low, 22.48, 1264 
frequency, requirements for, 22.47, 1264 

bias, magnetic-recordings, design of, 17.86, 
786 

calibration, parallel connection, 23.175, 1534 
capacitor microphone, 4.71, 179-186 
cross-modulation 
components of, 18.225, 970-971 
description of, 18.230, 972-976; 22.66, 1306 
35-mm film, frequencies for, 18.226, 971: 

18.227, 971-972 
recording, connection of, 18.231, 976 ' 
testing of, 23.185, 1639-1540 
tests, how made, 18.232, 976-980 

distortion, wave filter, effect on, 23.202. 1549 
internal distortion, measurement of, 23.174, 

1534 
internal output impedance, 23.206, 1650-1652 
local, harmonic wave analyzer, 22.65, 1301, 

1302, 1303, 1305 
magnetostriction, definition of, 25.80, 1629 
master, definition of, 25.81, 1629 
multivibrator. solid-state, 22.59, 1284-1285 
negative resistance, design of, 22.50, 1267-

1273 
neon, description of. 22.65, 1280 
output Impedance of, internal, 22.49, 1267 
phase-shift, 22.57, 1282-1284 
quartz-crystal, circuit of, 25.102, 1633 
resistance-stabilized, 22.58, 1284 
square wave, description of, 22.54, 1279-1280 
subharmonica, generation of, 23.173, 1534 
sweep, description of, 22.53, 1277-1279 
tuning-fork, definition of, 25.79, 1628-1629 
ultrasonic cleaning, 25.217, 1701 
warble, description of, 22.52. 1277 
Wien bridge, design of, 22.50, 1267-1273 

Oscillograph, description of, 22.75, 1330-1331 
Oscilloscope 

amplifier phase-shift, measurement of, 
23.110, 1497 

axes, terminology for, 22.86, 1333 
blanking pulse in, purpose of, 22.84. 1333 
calibrator, design of, 22.76. 1331-1332 
camera 

description of, 22.113, 1374-1377 
ultraviolet light used with, 22.113, 1374-

1375 
cathode-ray, description of, 22.69, 1307-1310 
current 
measurement with, 23.181. 1637 
probe, description of, 22.89. 1334-1336 

differential amplifier, high-gain, 22.72, 1323-
1326 

dual-trace 
amplifier, 22.73, 1326-1329 
plug-in amplifiers, with, 22.70, 1310-1312 

electronic switch 
connection for, 23.184, 1538-1539 
for, purpose of, 22.95, 1342-1344 
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Oscilloscope—cont'd 
electrostatic deflection, 22.79, 1332-1333 
expander circuit, 22.82, 1333 
five-inch, circuitry for, 22.71, 1312-1322 
frequency-response characteristics of, 22.80, 

1333 
graticule, 22.88, 1333-1334 
input attenuators in, design of, 22.81, 1333 
Lissajous figures on, definition of, 22.87, 

1333 
long-persistence screen for, purpose of, 

22.77, 1332 
packing in display of, 22.85, 1333 
plug-in amplifiers, using, 22.70, 1310-1312 
power supply, 22.71, 1322 
probe 

demodulator, 22.91, 1336-1337 
low-capacitance, 22.90, 1336 

rise time, definition of, 22.74. 1329-1330 
rms voltmeter, calibration of, 23.216. 1562 
storage type, description of, 22.70, 1311-1312 
sweep circuits, description of, 22.71, 1320-

1321 
synchrosseope, definition of, 25.121, 1647 
timing circuits, 22.71, 1320-1321 
transistor curve tracer, 22.121, 1382-1383 
triggering circuit, 22.71, 1321 
use as a VI meter, 10.45, 457-458 
vacuum tube plotter, 23.197. 1545-1546 
writing speed, definition of, 22.83, 1833 

OTAL. definition of, 12.132, 572 
Ounce-inches, definition of. 3.45, 107 
Output 

level, microphones, average, 4.104, 211; 4.107, 
211-213 

transformer 
description of, 8.60. 381 
efficiency, 12.222, 602 

Overhang, pickup, definition of, 16.54. 749 
Overrnodulation„ definition of, 18.108, 941 
Overtone, definition of, 1.22, 12; 1.53, 16 

Packing 
microphone, cause of, 4.11, 160 
oscilloscope, definition of, 22.85, 1333 

Pad, definition of, 5.3, 231 
Padder capacitor, definition of, 25.74, 1628 
Paging system, frequency range of, 20.144, 

1137 
Panel, rack, notching dimensions for, 24.37, 

1681-1583 
Panels, lettering of, 24.78, 1606 
Panornetric control, definition of, 5.75, 261 
Panoramic spectrum analyzer, description of, 

22.93. 1337-1338 
Pan-pot, design of, 5.73, 250-251 
Parallel 
and series resonant circuit, essential differ-

ences, 6.120, 308 
-plate coupling, amplifier, 12.100, 658 
-resonant circuit, impedance of, 4.116, 308 
T network, 25.109, 1638 

Paraphase inverter, description of, 12.53, 539-
540 

Partial, definition of, 1.66, 18 
Particles, magnetic, orientation of, 17.120. 796-

797 
Particle velocity, definition of, 1.98, 25 
Passband, wave filter, definition of, 7.16, 323 
Pass element, power supply, 21.85, 1190-1191 
Passive 

element, definition of, 25.21, 1622 
transducer, definition of, 1.24, 12 

Patch bay, definition of, 24.1, 1566 
Patch-cord 

plug 
cleaning of, 24.12, 1671 
double-circuit, description of, 24.4. 1666 
single-circuit, description of, 24.3, 1565-1566 
tip-ring-sleeve, 24.5, 1666-1567 

reversing of, 24.5, 1667 
shielded, internal ground in, connection of, 

24.15, 1671 
test set, use of, 24.59, 1691-1592 

Peak 
energy, music versus dialogue, 4.114, 214-218; 

6.122, 308-309; 17.163, 819-820; 18.82, 
931 

plate current, maximum, definition of, 21.10. 
1167-1168 

power, musical instruments, 1.139, 34-35 
sine wave, determination of polarity, 23.192, 

1643 
sound pressure, definition of. 1.109, 27 
speech power, definition of, 1.74, 19 

Peak-to-peak 
definition of, 1.3, 11 
voltage, 25.149, 1657 

PEC monitoring, description of, 18.119, 943 
Pendants acoustic, use of, 2.87, 70-72 
Penumbra intensity optical film recording. 

definition of, 18.25, 906 
Percent 
change, chart for. 25.133. 1649 
modulation, decibels, light modulator, 18.24, 

906 
transmission, film recording, calculation of, 

18.166, 962 
Perforations per frame 

film, systems using more than four, 19.130, 
1058 

8-mm, 19.28, 1027 
55-mm, 19.28, 1027 
70-mm, 19.28, 1027 
16-mm double, 19.28, 1027 
16-mm single. 19.28, 1027 
35-mm, 19.28, 1027 

Periodic damping, definition of, 1.39, 16 
Period versus frequency, 25.118, 1645 
Periscope, use of, 18.204. 965 
Permanent-magnetic generator, 3.57, 111-112 
Permeability 

definition of, 8.74, 385 
magnetic, definition of, 17.17, 754-755 

Perspecta sound, description of, 19.162, 1070 
Perveance, definition of, 11.42, 466 
Phantom circuit, definition of, 25.41, 1625 
Phase 

amplifiers in parallel, 12.202, 697 
correction network, use of, 7.112, 369-362 
effect of attenuators on, 5.20. 233 
grounded-emitter transistor, 12.97, 557 
inverter 
balancing of, 23.46, 1450-1461 
description of, 12.50. 538-539 
long tailed, description of, 12.54, 540-541 
loudspeaker enclosure, definition of, 20.62, 

1105 
meter, description of. 22.108, 1363-1366 
modulation, definition of, 25.3, 1619 
relations, vacuum-tube, 11.60, 469-470 
reversal in amplifiers, 12.97, 667 
standard, secondary, description of, 22.68, 

1306 
Phase shift 

amplifier, 12.113, 663-664 
measurement by oscilloscope, 23.111, 1498 

calibrated network, measurement by, 23.112, 
1498-1499 

crossover networks, 7.103, 364 
filter, definition of, 7.23, 323-324 
human ear tolerance of, 1.144, 36 
negative-feedback amplifier, 12.168, 584 
network, use of, 23.112, 1498-1499 
oscillator, 22.57, 1282-1284 

Phase splitter 
fixed-bias, 12.55, 541 
transistor, design of, 12.259, 637-638 
vacuum-tube, description of. 12.51, 539 

Phasing 
amplifier, procedure for, 23.104, 1492-1493 
device, stereophonic recording and reproduc-

tion, for, 20.128, 1128-1131 
headphone, importance of, 20.176, 1146 
high-frequency unit, procedure for, 20.127, 

1128 
interlock, systems, 3.82, 131-132 
loudspeaker systems 

multiple, 20.122, 1127 
stereophonic, 3-channel, 20.126. 1127-1128 
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Phasing—cont'd 
microphones 

importance of, 4.84, 192 
methods of, 4.85, 192; 4.124. 226-227 

mixer network, split, procedure for, 23.107, 
1495-1497 

networks, procedure for, 23.106, 1496 
of mixers, 9.36, 424 
oscilloscope, precautions for, 23.109, 1497 
recording systems, testing of, 23.105, 1493-

1496 
speaker system, two-channel home, procedure 

for, 20.132, 1132 
stereo-disc, standard for, 13.158, 674 

stereophonic 
cutting-head coils, of, 13.202, 680-681 
mixer, procedure for, 23.108, 1497 
pickup coils, of, 13.202, 680-681 
system, 19.139, 1069-1060 

transformer, identification of, 8.90, 387-389 

Phon 
definition of, 1.129, 32 
relation to sone, 1.129. 32 

Phonic wheel, magnetic tape recorder, used in, 
17.179, 833 

Photocell, measurement with chopper-wheel, 
23.198, 1646-1547 

Photoconductive cell, definition of, 11.106, 482 

Photofet 
definition of, 11.106, 482 
description of, 11.161, 520 

Photographic film recording, definition of, 18.1, 
891 

Photometer, film recorders, calibration of, 
18.163, 951-952 

Photomultiplier tube, description of, 11.32. 464 

Phototransistor 
definition of, 11.106, 482 
description of, 11.161, 620; 19.104, 1061 

Phototube 
circuit, standard and push-pull sound tracks, 

for, 19.96, 1049-1060 
construction of, 19.93, 1047-1048 
coupling methods for, 19.113, 1054 
description of, 11.31, 463 
frequency response, adapter for, 23.199, 1647-

1548 
gas filled, spectral sensitivity of, 19.110, 1054 
gas type, operation of, 19.95, 1049 
installation of, 19.93, 1048 
push-pull, construction of, 19.93, 1048 

Piano, frequency range, 1.30, 13-14 

Pickup 
acoustical, frequency range, average of, 16.25, 

740 
arm 

curved, purpose of, 16.35, 742 
definition of, 16.24. 740 
design of, 16.52, 748-749 
mass, effect of, 16.29, 742 
height adjustment of, 16.58, 760 
mounting of. 16.52, 748-749; 16.53, 749 
resonance, effect of, 16.28, 741-742 
resonance, measurement of, 23.146, 1516 
resonant frequency of, 16.55, 749 
zero tangent error, 16.52, 749 

cable capacitance, effect of, 16.50, 747-748 
capacitor, definition of, 16.13, 736 
carbon, description of, 16.16, 738 
cartridge 

definition of, 16.23, 740 
tilt, stereophonic, effect of, 16.59, 750-751 

ceramic 
crystal, equivalent circuit, 16.61, 761 
stereo, description of, 16.21, 739-740 

compliance 
definition of, 16.30, 742 
how measured, 16.46, 744 

crystal 
average internal impedance, 16.11, 736 
construction of, 16.9, 734-735 
coupling transformer for, 16.12, 736 
temperature, maximum of, 16.39, 742-743 

definition of, 16.1, 726 

Pickup—cont'd 
disc record 
monophonic, use with stereophonic records, 

16.62, 761 
stereophonic, use with monophonic records, 

16.63, 751 
distortion 

cause of, 16.40, 743 
frequencies used, 16.41, 743 
how measured, 16.41, 743 

electronic, description of, 16.19, 738-739 
extraneous magnetic field, test for, 23.147. 

1616 
frequency 

modulated, description of, 16.15, 736-738 
response, measurement of, 23.142, 1614-1516 

impedance, rating of, 16.31, 742 
injection circuit, use of, 23.51, 1464 
intermodulation distortion, preferred method, 

16.43, 743 
load impedance, definition of, 16.32, 742 
load resistance 

effect on frequency response, 16.45, 743-744 
load values of, 16.45, 743-744 

magnetic 
construction of, 16.2, 726 
equivalent circuit, 16.61, 761 
lateral/vertical, coarse-pitch, 16.4, 728-729 
moving-coil, construction of, 16.5, 729-730 
moving-magnet construction of, 16.8, 733-

734 
push-pull, stereophonic, construction of, 

16.6, 730-731 
recorder, 17.238, 888-889 
variable-reluctance, design of, 16.3, 726-728 

magnetostriction, description of, 16.22, 740 
monophonic, voltage output, measurement of, 

23.144, 1515 
moving-vane, description of, 16.17, 738 
N-A test record, use of, 16.48, 745-746 
output voltage, definition of, 16.33, 742 
overhang, definition of, 16.54, 749 
photocell, description of, 16.18, 738 
piezoelectric, network for, 16.10, 735-736 
pinch effect, description of, 16.27, 740-741 
playback loss, definition of, 16.34, 742 
playback of monophonic and stereo records. 

16.62, 751 
preamplifiers, design of, 16.47, 744-745 
semiconductor, stereo, construction of, 16.7, 

731-733 
stereo, monophonic records, effect on, 16.63, 

761 
stereophonic, voltage output, measurement of, 

23.144, 1616 
strain-gauge, description of, 16.20, 739 
stylus 

force, measurement of, 23.143, 1515; 23.148, 
1516 

pressure, values of, 16.36, 742 
wear test for, 23.145, 1615 

sweep record, use of, 16.49, 746-747 
tilt, how applied, 16.60, 761 
trackability. definition of, 16.42, 743 
tracking error, definition of, 16.26, 740 
torsional resonance, definition of, 16.57, 749 
turntable drag 

effect of, 16.56, 749-750 
prevention of, 16.56, 749-760 

twister element, definition of, 16.38, 742 
vertical compliance, effect of, 16.14, 736 
vibration, description of, 16.44, 743 

Picofarads, conversion of to microfarads, 
25.165, 1663 

Picture size, lens related to, 19.159, 1067; 
19.160, 1067 

Piezoelectric 
effect 

description of, 25.191, 1674-1676 
microphone, 4.13, 150; 25.191, 1676 

pickup, construction of, 16.9, 734-735 
Pie winding, transformer, 8.10, 369 

Pilot lamps, color code for, 24.86, 1608 

Pinch effect, 13.170, 677 
pickup, 16.27, 740-741 
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Pinch wheel, magnetic-recorder, effect of, 17.43, 
770 

Pin count 
RCA, description of, 24.42, 1683 
Westrex, description of, 24.42, 1583 

Pink-noise filter, use of, 7.114, 362-363 
Pink sound, definition of, 1.141, 36-36 
Pletonphone, microphone calibration, 4.86, 192-

194 
Pitch 
American standard, 1.33. 13 
definition of, 1.32, 14 
gauge, film, magnetic and optical, used with, 

17.28, 760 
relative to sound intensity, 1.77, 20 

Plane wave, definition of, 1.8, 11 
Plate-loading networks, purpose of, 12.169, 

684-685 
Plate-to-plate, definition of, 12.176, 586 
Plate, vacuum-tube, 11.14, 460 
Playback 

prerecorded, definition of, 2.95, 76 
system, radio, 2.104, 79 
system with resolver, 3.85, 135-136 

Playing time, disc-recording, calculation of, 
13.115, 670 

Plotter, oscilloscope 
diode rectifiers, description of, 23.203, 1549 
vacuum tube, plate voltage-plate current 

characteristics, 23.197, 1646-1546 
Plotting 

amplifier linearity, 23.7, 1438 
damping factor, 23.212, 1658 
decibels with reference frequency, 23.7, 1436 
equalizer, 23.63, 1464 
frequency response 

actual gain, 23.7, 1436 
percent gain, 23.7, 1436 
voltage gain, 23.7, 1436 

harmonic distortion, 23.7, 1438 
versus power output, 23.7, 1438 

harmonic wave analyzer, 23.7, 1438 
intermodulation distortion, 23.7, 1438 
music power output, 23.208, 1665 
phase shift, 23.7, 1437-1438 
recording channel characteristics, procedure 

for, 23.65, 1467-1468 
system, automatic, audio-frequency, 22.140, 

1411-1412 
wave filters, 23.63, 1464 

Plug 
dummy, definition of, 24.51, 1588 
patch-cord 

double-circuit, 24.4, 1565-1666 
single-circuit, 24.3, 1565-1566 
tip-ring-sleeve, 24.5, 1666-1567 

termination, purpose of, 24.50, 1688 
Poi& definition of, 13.194, 680 
Polar 

curve, loudspeaker, definition of, 20.26, 1092 
pattern 

bidirectional microphone, 4.49, 164 
cardioid microphone, how obtained, 4.65, 

176-177 
microphone, 4.7, 148 

concentrator, 4.100, 204, 205 
variable, 4.77, 189-190 

ribbon-velocity microphone, 4.56, 166; 4.57, 
167 

plot 
flat diffuser, 2.77, 62 
polyoylindrical diffuser, 2.77, 61 

Polarity 
magnetic, instantaneous, definition of, 17.13. 

754 
meter, solid-state, description of, 22.97, 1349 

Polarizer, microphone, 4.46, 160 
Pole pieces, ribbon microphone, 4.52, 166 
Poles, magnetic 

attraction of, 17.22, 755 
repulsion of, 17.22, 756 

Poleycran, 19.128, 1058 
Polished surfaces, effect of, 2.54, 53-64 
Polish, patch-cord-plug, type of, 24.12, 1671 
Pollack equal loudness contours, 1.76, 20. 23 
Pop mark, use of, 18.335, 1010-1011 

Polybelt, description of, 19.155, 1063 
Polycylindrical diffuser, construction of, 2.76, 

61-62 
Polygoning, film, 17.197, 844 • 
Post 

-emphasis, definition of, 8.6, 263 
-equalization, definition of. 6.8, 263 
-synchronization stages, construction of, 

2.110, 80-82 
Potentiometer 

alteration of linearity, 5.95, 267 
dual, design of, 5.90, 266 
precision types, construction of. 5.94, 256-257 
spiral types, construction of, 5.94. 257 
voltage comparison, description of, 23.196, 

1545 
Poulsen, Valdemar, 17.24, 765 
Power 

absolute units of, conversion of to decibels, 
25.174, 1671 

factor, 3.58, 112 
constant-voltage transformers, in, 8.100, 

398 
correction 

of dynamotor, 5.66, 116 
use of synchronous motor for, 3.59, 112 
using capacitors, 3.60, 112-113 

electrolytic capacitor, average, 25.33, 1623 
estimation of. 3.61. 113 
filter capacitors, effect of, 21.59, 1183 
motor starting capacitors, 3.63, 113 
transformer, 8.11, 369 

level 
calculation of, 2.89, 72 
indicator, description of, 10.35, 453-455 
meter, definition of, 10.4, 444 

maximum transmission of, 12.187, 687; 
12.188, 587 

operational amplifier, 694 
output, amplifiers 

in parallel, 12.203, 597 
stating of, 12.206, 697 

vacuum-tube, maximum transmission of. 
12.188, 687-588 

versus decibels, 25.105, 1634-1636 
Power supply 
capacitor input, description of, 21.15, 1171-

1172 
capacitors, high power factor, effect of, 21.59, 

1183 
choke input, description of, 21.13, 1170-1171 
classification of, 21.1, 1163 
cold-cathode, description of, 21.55, 1182 
combination, definition of, 21.26, 1175 
constant-current, characteristics of, 21.112, 

1202 
constant-voltage 

characteristics of, 21.111, 1202 
constant-current, characteristics of, 21.113, 

1202-1203 
copper-oxide rectifier, design of, 21.72. 1189 
crossover, constant-voltage, constant-current, 

21.114, 1203 
current limiting resistor, purpose of, 21.60, 

1183 
decoupling circuits, definition of. 21.63, 1184 
digital multimeter, solid-state, 22.143, 1417, 

1426-1427 
dynamic characteristics, definition of, 21.30, 

1176 
electronic inverter, description of, 21.107, 

1200 
filter 

capacitors, series connection of, 21.46, 
1179-1180 

choke 
overloading of, 21.20, 1173 
selection of, 21.19, 1173 

feed-through system, 21.32, 1176-1177 
RC and L, definition of, 21.34, 1177 
two-section, definition of, 21.33, 1177 

filtering of, 21.42, 1179 
400-Hz, filtering of, 21.42, 1179 
full-wave, description of. 21.5, 1165 
graded filter, definition of, 21.27, 1175-1176 
heat-sink, description of, 21.125, 1215-1218 
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Power supply--cont'd 
high frequency, description of, 21.109, 1201 
high-voltage 

electro-dynamic loudspeaker field-coil.21.82, 
1183 

nonregulated, design procedure, 21.67, 1187-
1188 

interlock switch, purpose of, 21.61, 1183 
Internal impedance 
average values of, 21.49, 1181 
constant-voltage, constant-current, com-

parison of. 21.48, 1181 
measurement of, 21.47, 1180-1181 

isolation, measurement of, 23.165, 1529-1680 
leakage to ground, measurement of, 21.132, 

1223-1224 
line capacitors, purpose of, 21.45, 1179 
load characteristics, measurement of, 23.164, 

1527-1628 
10013 gain, definition of, 21.124, 1214-1215 
low-voltage, electrodynamic loudspeaker 

field coil, 21.42, 1183 
mercury-vapor 

noise elimination of, 21.57, 1182-1188 
rectifier, advantages of, 21.56, 1182 

microphone, 4.71, 180-185 
operational amplifier, 12.196, 690-591 
oscillation of, 21.30, 1176 
oscilloscope, 22.71. 1322 
projector, high-frequency, use of, 19.165, 1073 
RC filter section, description of, 21.111, 1172 
rectifier 

half-wave, description of, 21.4, 1166 
design of, 21.11, 1168-1170 
types of, 21.9, 1167 
tube 

blue glow, cause of, 21.54, 1182 
Plates glowing red, cause of, 21.53, 1182 

regulated 
diagram for, 21.3, 1164 
line drop calculation for, 24.87, 1608 
parallel connected, 21.68, 1188 
series connected, 21.49, 1188 

regulation 
bleeder resistance, effect of, 21.52, 1182 
calculation of, 21.50, 1181-1182 

regulator 
constant-voltage or constant-current, de-

sign of, 21.129, 1221 
solid-state, description of, 21.121. 1210 

remote sensing circuit, 21.114, 1204-1205 
ripple filter, electronic, design of, 21.46, 

1186-1187 
ripple voltage 

decibels, conversion to, 21.25, 1174 
definition of, 21.21, 1178 
frequency of, 21.28, 1176 
maximum permissible values of, 21.51, 1182 
measurement of, 23.163, 1626-1627 

selenium, characteristics of, 21.71, 1189 
sake connection of, 25.40, 1625 
shunt regulator, design of, 21.122, 1210-1211 
solid-state, regulated, description of, 21.128, 

1218-1221 
static characteristics, definition of, 21.29, 

1176 
substitution of solid-state rectifier for 

vacuum tube, 21.18, 1173 
swinging choke, design of, 21.14, 1171 
transformerless, definition of, 21.43, 1179 
transient recovery time, 21.115, 1203-1204 
transistor regulated, description of, 21.123, 

1212-1214 
tuned filter, definition of, 21.35, 1177 
Tungar rectifier, description of, 21.58, 1183 
tuning fork, description of, 21.110, 1202 
unregulated 

description of, 21.2, 1163 
Parallel connected, 21.70, 1189 

vacuum-tube heater, low voltage,' design of, 
21.64, 1184 

variable, vacuum tube, description of, 21.133, 
1224 

vibrator 
description of, 21.104, 1198 
nonsynehronous, 21.105, 1199 

Power supply--cont'd 
vibrator 
synchronous, description of, 21.106, 1199-

1200 
voltage divider 
bypassing of, 21.41, 1179 
calculation of, 21.38, 1178 
definition of, 21.37, 1178 
series, definition of, 21.40, 1179 
wattage calculation of, 21.39, 1178-1179 

voltage-doubler, description of, 21.8, 1165-
1166 

voltage quadrupler, description of, 21.8, 1166 
voltage tripler, description of, 21.7, 1166 
zener diode regulation, design of, 21.118, 

1207-1209 

Preamplifier 
de operation of, 12.194, 688-689 
design of, 12.72, 544 
elimination of radio interference, 12.72, 644 
microphone, overloading, prevention of, 9.51, 

440-441 
mixer average, gain of, 9.4, 406 
mixer, characteristics of, 9.4, 406 
open-circuit, 12.170, 585-686 
pickup, design of, 16.47, 144-146 
RC equalizer, 6.91, 291-292 
terminated secondary, purpose of, 12.170, 585-

686 
transistor plug-in, design of, 12.248, 623-624 

Pre- and poet-emphasis equalization, fre. radio, 
6.111, 305-306 

Precedence effect, definition of, 20.135, 1136 

Pre-emphasis 
definition of, 6.4, 263 
in fm, how obtained, 6.112, 306-307 

Pre-equalization, definition of, 4.7, 263 
Preferred ratios, recording stages, 2.40, 48 
Prefixes, metric unit, 25.157, 1662-1663 
Prefocused lamps, 19.151, 1603 
Preheating vacuum tubes, object of, 11.55, 468-

469 
Prerecording, definition of, 2.95, 74-75 
Preecoring, definition of, 2.95, 74-75 

Presence 
definition of, 2.119, 87 
equalization, use of, 2.121, 87 
how obtained, 2.120, 87 

Pressings, disc, noisy, 13.59, 660 
Pressure 

doubling, microphone, 4.43, 169 
wave, stylus motion, versus, 14.45, 709 

Preview magazine, 19.81, 1042 
Primary standard, frequency, definition of, 

22.39, 1262 
Printed circuit 

heater-wiring capacity for, 25.140, 1662 
motor, 3.89, 139-142, 144 

Printed-wiring board, description of, 25.50, 
1626-1626 

Printer 
contact 

description of, 18.159, 960 
distortion, test for, 18.282, 993-994 

distortion, definition of, 18.326, 1005 
film laboratory, description of, 18.324, 1004 
lights, description of, 18.192, 957 
optical reduction, objections to, 18.158, 960 
photographic 

nutter, effect of, 18.327, 1005 
flutter, measurement of, 18.328, 1005 

Printing, electronic, description of, 18.201, 964 
Print-through, 17.121, 797-798 

Probe 
demodulator, description of, 22.91, 1336-1337 
high-voltage, description of, 22.92, 1337 
oscilloscope 

current, description of, 22.89, 1334-1336 
low-capacitance, 22.90, 1336 

Processing 
film 

photographic, variable area, 18.217, 969 
variable-density, 18.218, 969 

machine, photographic film, description of, 
18.216, 967-969 
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Processing—coned 
optical film 

negative density, control of, 18.239. 984 
print density, control of, 18.239. 984 

reversal description of, 18.287, 996 
sound track, negative, solution for, 18.156. 

960 

Production stage 
altered for music recording, 2.115, 82-83 
doors, construction of, 2.69, 58-59 

Program level, standard, 17.139, 806 

Program material, waveform classification, 
1.44, 17-18 

Projection 
anamorphie, focusing chart for, 19.129, 1068 
anamorphie lens for, 
adjustment of, 19.116, 1055 
construction of, 19.118, 1066 
placement of, 19.117, 1055-1056 

arc-light 
candle power of, 19.35, 1028 
crater in, 19.41, 1029 
current for, 19.37, 1028 
loss of light from, 19.40, 1029 
motor feed in, 19.39, 1028-1029 
Polarity of. 19.36, 1028 
rectifiers for, 19.38. 1028 
past and present. 19.126, 1067 
wide-screen, 19.46, 1036 
definition of, 19.45, 1029-1030 

background, description of, 19.59, 1034 
balancing loop for, description of, 19.66, 

1036-1037 
Cinemascope, sound track placement for, 

19.119, 1066 
curved screen used for. 19.121, 1067 
douser used in, 19.42, 1029 
8-mm 
frame rate for, 19.26, 1026 
silent, frame rate for, 19.24, 1026 
super, frame rate for. 19.26. 1026 

flutter teat film for, 19.63, 1035 
folded-throw 

description of, 19.163. 1070-1071 
system, mirrors, number of, 19.163. 1070 

frame rate 
for 8-mm, 19.24, 1026 
for 16-mm, 19.24, 1026 

green film, 19.153, 1063 
keystoning in, 19.54, 1032-1033; 19.55, 1033 
lamp 

incandescent, 19.33, 1028 
prefocused, purpose of, 19.151, 1063 
xenon, 19.33, 1028 

circuit for, 19.109, 1053-1054 
leader. smpTE, used in, 19.44, 1029 
lens, picture size relation to, 19.52. 1031 
light 

are, 19.33, 1028 
incandescent, candle power of, 19.34, 1028 
screen size relation to. 19.47, 1030-1031 
sources for, 19.33, 1028 

linear speed of, 19.31, 1028 
magnetic heads for, testing of, 19.76, 1038 
magnetic sound, frequency response for, 

19.78. 1038 
monitor for sound in, automatic. 19.164. 1073 
multifrequency test film for, 19.68. 1037 
optical sound, frequency response of, 19.78, 

1038 
preview magazine used in, 19.81, 1042 
printing, definition of, 18.154. 949-950 
room 
music stage treatment of, 2.48. 68 
porthole glass for, 19.148, 1062 

scanning-beam illumination film for, 19.71, 
1037 

screen 
evaluation of, 19.56, 1033 
luminance of, standard for, 19.53, 1031-

1032 
types of. 19.58, 1033-1034 

sound-focus film for, 19.65, 1036 
sound sensor for solid-state, 19.170, 1077 
sound transmission test film for, 19.69, 1037 

Projection—coned 
stereophonic 

crosstalk level for, minimum, 19.138. 1059 
phasing of system for, 19.139, 1059-1060 

synchronism, definition of, 19.32, 1028 

system 
characteristics, measurement of, 23.95, 1489 
Cinerama, 19.143, 1060 
drive-in, radio-frequency. 19.168, 1073-1074 
Fantasound, 19.144, 1060-1061 
multilingual, description of, 19.164. 1071-

1073 
perforations per frame used in more than 

four, 19.130, 1058 
perspecta, description of, 19.162, 1070 
signal-to-noise ratio in, measurement of, 

19.141, 1060 
speeds used in, greater than 90 fpm, 19.132, 

1058 
Todd-A0, description of, 19.161, 1067-1070 

test films for, 19.61, 1036 
theater, test film for, 19.62, 1036 
three-I), screen for, 19.57, 1033 

flicker in, 19.114, 1054-1055 
frame rate for, 19.24, 1026 

visual test film for, purpose of, 19.67, 1037 
warble film used with, 19.70, 1037 
wide-screen 

focus loss in, 19.124, 1057 
loudspeaker placement for, 19.137, 1069 
systems for. 19.127. 1057 
systems for special, 19.128, 1058 
width determination of, 19.123, 1057 

work print, 19.153. 1063 
xenon lamp for, 19.105, 1052; 19.107. 1053 

Projector 
and resolver, use of, 3.86, 136-188 
aperture plate in, 19.83, 1043-1044 
Askana claw movement for, 19.88, 1046 

beam splitter in, definition of, 19.89, 1046 
buzz film for test of, 19.64, 1035 

change over, indication for, 19.43, 1029 
8-mm • 

picture size versus lens size of, 19.159, 1067 
throw versus lens size of. 19.159, 1067 

exciter lamp, power supply for, high-fre-
quency, 19.165, 1073; 19.166, 1073 

film gate in, 19.82, 1042-1043 

interlocking of. 19.142, 1060 
intermittent movement in 

operation of, 19.87, 1044-1046 
purpose of, 19.86, 1044 

optical sound, slit height for. 19.77, 1038 
parts of, demagnetizing, 19.102, 1051 
power supply in, high-frequency, circuit for, 

19.165, 1073; 19.166. 1073 
rate-generator, use of, 3.81, 128 
recorder. magnetic, 16-ram, description of, 

19.158. 1066-1067 
remote control, 19.80, 1042 
reversible, 19.80, 1042 
shutter design for, past and present, 19.146, 

1062 
shutter, rear, 19.146, 1062 

16-mm 
frequency response for, 19.79. 1039 
heavy-duty, 19.156, 1063-1066 
high frequency exciter lamp power supply. 

21.109, 1201 
picture size versus lens size of, 19.159, 

1067 
resolution target for, 19.73, 1038 
selsyn interlock, conversion to, 19.157, 

1065-1066 
sound focus film for, 19.74, 1038 
throw versus lens size of, 19.159, 1067 

sound heads 
misalignment of, 19.92, 1047 
optical, noise in. 19.91, 1046-1047 

stabilizer, rotary, used in, 19.85. 1044 
television, 19.60, 1034-1035; 19.84, 1044 
theater, principal components of, 19.80, 1039-

1042 
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Projector—cont'd 
35-mm 

Picture size versus lens size of, 19.160, 
1067 

sound focus film for, 19.74, 1038 
throw versus lens size of, 19.160, 1067 

threading path of, 19.80, 1040-1041 
35/70-mm, description of. 19.80, 1039-1042 
throw of, 19.49, 1031 

calculation of, 19.51. 1031 
water cooled, connection of, 19.167. 1073 

Prony brake, 3.36, 106 
Propagation-time delay, definition of, 25.70, 

1628 
Propagation velocity, variation of. 25.185, 1673 
Protective circuit loudspeaker, transistor am-

plifier, 20.138. 1135-1136 
Proximity effect, microphones. 4.127, 228 
Puck, definition of, 13.18, 653 
Pull-in, oscillator calibration, prevention of, 

23.175, 1534 
Pulsating current, definition of, 25.49, 1626 
Pulse head, use of, 3.78, 126 
Pulse modulation, definition of, 25.2, 1619 
Punching sheet, definition of, 24.39, 1683 
Punch-through, definition of, 11,120, 495 
Pseudostereophonic reproduction, definition of. 

20.159, 1140 
PWL reverberant chamber, calculation of, 2.99, 

75-77 
Pyroacoustie loudspeaker, description of, 

20.190, 1168 

Q 
..Q ., 

factors affecting, 8.73, 384 
capacitor, equation for, 25.130, 1649 
of circuit, reduction of, 8.121, 308 
of coil, effect of, 6.118, 308 
coil, measurement of, 8.72, 384 

Quadrature waveform, definition of, 24.134, 
1649 

Quality control, rerecording channel, 18.341, 
1016 

Quartz crystal, cutting of, 25.103, 1633-1634 
Quartz crystal, oscillation of, 25.102, 1633 
Quasi-rms meter, description of, 22.10, 1230-

1281 

R 
Rack 
cabinet type, construction of, 24.36, 1580-

1581 
cableform placement in, 24.20, 1572-1573 
high-level side of, 24.17, 1571 
low-level side of, 24.16, 1671 
panel, notching dimensions for. 24.37, 1581-

1583 
Radiation resistance, loudspeaker, definition of, 

20.157, 1139 
Radio 

interference, elimination of, 12.72, 544; 
12.197, 596 

playback system, description of, 2.104, 79 
transmitter modulation 
measurement of, 23.186, 1540-1541 
Power for, 25.44, 1626 

Rain screen microphone, construction of, 4.91, 
198-199 

Random noise, definition of, 12.117, 665 
Random-noise generator, description of, 22.56, 

1280-1282 
Ranger. Colonel H. B., 3.78, 124 
Rangertone, system of synchronization, 3.78, 

124-125 
Rarefaction, definition of, 2.24, 43 
Rate-generator, use of, 3.81, 128 
Raw stock 

definition of, 18.147, 946 
sound recording, identification of, 18.160, 950 
temperature, effect on, 18.49. 916 

Rayleigh dise, description of, 2.90, 72-73 
Rayleigh, Lord, 20.1, 1079 
Raysistor, definition of, 11.1116, 482 

RC amplifiers (See Amplifiers, resistance-
coupled) 

Reactance 
acoustic, definition of, 2.2, 41 
capacitors 

parallel, 25.59, 1627 
series, 25.60, 1627 

chart, use of, 25.201, 1679-1683 
Read, Oliver, Dr., 20.67, 1108 
Reader, magnetic, description of, 17.212, 852 
Readout panel, cross-modulation, description 

of. 22.67, 1306 
Readout tube, description of, 25.25, 1622-1623 
Rear projection, folded-throw, 19.163, 1070-

1071 
Record 

disc 
moiré pattern in, 13.42. 657-658 
spokes in, 13.41, 657 

long-playing, definition of, 13.6, 652 
N-A pickup, use of, 16.48. 745-746 
playback, monophonic and stereo pickups, 

16.82, 751 
standard test, re-cording of, 13.192, 679-680 
sweep-frequency, 13.176, 678 
sweep, pickup, use of, 16.49, 746-747 

Recorder (le 
and resolver, use of, 3.84, 132-135 
dass-AB, characteristics of, 18.317, 1004 
density drift, cause of, 18.312, 1003 
disc, flutter 

cause of, 13.39, 657 
standard for, 13.36, 656 

dual, definition of, 17.143, 808 
electrolytic, definition of, 25.90, 1630 
electrosensitive, definition of, 25.91, 1630 
eleetrotherrnal, definition of, 25.77, 1628 
embossing, amplifier frequency response for, 

13.204, 681 
exposure lamp 

ac, use of, 18.316, 1004 
current 
16-mm, 18.256, 990-991 
35-mm, 18.256, 990-991 

filament, direction of, 18.257, 991 
film, photographic 

periscope, use of, 18.204, 965 
scanning beam heights, 18.215, 967 

graphic level, description of, 22.112, 1369-1374 
impedance drum, purpose of, 18.27, 912 
ink-mist, definition of, 25.92, 1630 
lamp, pre-focused base, types of, 18.250, 989 
location, used with resolver, 3.85, 136 
magnetic 

battery-operated, description of, 17.179, 
833-836 

bias current versus distortion, 23.74, 1476 
characteristics, measurement of, 23.73, 

1473-1474 
pickup, 17.238, 888-889 
steel-tape, description of, 17.221, 860 
ten-channel slow-speed, 17.233, 883-885 
torque motors in, 17.41, 766-767 
transistor, electronics for, 17.219, 855-859 
video, Instant-replay, 17.232, 882-883 
wire, basic principles of, 17.220, 859-860 

magnetic film 
minimum specifications for, 17.35, 762 
17.6-mm/35-mm, 17.178, 829 
16-mm/35-mm, 17.178, 829 
studio, description of, 17.178. 829-833 

magnetic tape 
34 inch, design of, 17.42, 768-770 
quarter-track, description of, 17.222, 861-

864 
sync-pulse, description of, 17.179, 833-836 

optical film 
description of, 18.26, 906-912 
light beam, monitoring of, 18.26, 906-907 
transport systems, description of, 18.26, 

905-906, 910-911 
photographic film 

aperture effect, description of, 18.168, 952 
exposure test, 18.329, 1005-1006 
focus test, how made, 18.53, 917-919 
monitor card, purpose of, 18.116, 942 
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Recorder(s)—cont'd 
photographic film 

noise reduction 
shutters, use of, 18.59, 919-921 
system, definition of, 18.55, 919 

optical system. 18.338, 1011-1014 
cleaning of, 18.54, 919 

slit height, cut-off frequency, 18.214, 967 

photographic, push-pull cross-modulation 
tests, 18.251, 989-990 

push-pull, crossover test, measurement of, 
18.255, 990 

split-film, definition of, 17.141, 807 

thermoplastic, description of, 18.344, 1017-
1019 

tight-loop system, 17.41, 768 
tight-loop transport system, description of, 

18.28, 912-915 
variable pitch, description of, 13.24, 654 
video, synchronous connection of, 3.81, 130-

131 

Recording 
air-check, definition of, 13.145, 673 
amplifier, transistor, plug-in, 17.180, 836 
blanks, pregrooved, 13.12, 652 

channel 
block diagram for, 18.340, 1014-1016 
characteristics, plotting of. 23.65, 1467-1468 
magnetic film, portable, description of, 

17.177, 827-829 
production, magnetic-film, block diagram 

for, 17.176, 825-827 
remote, measurement of. 23.201, 1648-1549 
transfer, magnetic to disc, 17.228, 870-871 

coarse-pitch, definition of, 13.29. 654 
compressor amplifier, ratios, definition of, 

18.87. 937 
comprex, description of, 18.107, 941 
constant-amplitude, level for, 14.39, 709 
constant groove-velocity, description of. 13.22, 

653 
dialogue, equalization, factors governing of, 

4.114, 214-218; 6.122, 308-309; 17.163, 
819-820; 18.169. 952; 18.81, 930-931 

dialogue, VU-meter lead for, 17.163, 820 
direct-positive 

advantages of, 18.42, 916 
purpose of, 18.41, 916 

disc (a) 
acoustic, description of, 13.210. 682 
acetate, cleaning of, 13.149. 673 
back plate in manufacture of, 13.132, 672 
binder used in, 13.137, 672 
biscuit used in manufacture of, 13.139, 672 
bridging amplifier for, power of, 13.113, 

670 
buzz in, 13.66, 661 
chatter in, 13.67, 661 
chip in, 13.68, 661 
Christmas tree pattern used with, 13.119. 

671 
classical system of. 13.22, 653 
coarse-pitch 

definition of, 13.55. 669 
groove width for, 13.187. 679 

cold-stylus, signal-to-noise ratio with, 
13.60, 660 

compatible, 13.148, 673 
constant-amplitude, 13.101, 665 
constant implitude-constant velocity, 14.7, 

700-7P1 
constant groove velocity versus recording 

time of, 13.206, 682 
constant velocity, 13.175, 677 
constant velocity versus recording time of. 

13.206, 682 
copper master for, 13.123, 671 
cosmetic effect in, 13.56, 659 
cut, direction of, 13.28, 664 
cutover in, 13.72, 661 
cutting-head amplifier power for, 13.114, 

670 
cutting-head coila for, polarity of, 13.202. 

680-681 
depth of cut in, 13.75, 661 

Recording—cont'd 
disc(s) 
diameter equalization for, connection of, 

13.112, 669-670 
diameter equalization used with, 13.111, 

668-669 
differences in manufacture of, 13.63, 661 
dry cut in, 13.71, 661 
dynagroove, description of, 13.215, 685-686 
dynamic range of. 13.188, 679 
eccentricity in, 13.186, 679 
echo effect in, 13.80, 661 
embossed 

description of. 13.203, 681 
media for. 13.209, 682 
pressure average of, 13.208, 682 
reproduction of, 13.205, 681-682 
stylus for, 13.205, 681-682 

engraved versus embossed groove for, 
13.207, 682 

equalization of, RIAA, 13.201, 680 
filler used in, 13.138. 672 
flat characteristic for, 13.105. 666 
gold spluttering of, 13.126, 671 
gray cut in, 13.74, 661 
groove 

angle for, measurement of, 13.161, 674 
depth of, 13.150, 673 
width of, 13.189, 679 

half-speed, purpose of, 13.108, 666-667 
handling of, 13.146, 673 
hardness effect in, 13.62, 660 
horns in, 13.82. 661-662 
hot-stylus, signal-to-noise ratio with, 13.60, 

660 
innermost diameter of. 13.184. 679 
land in, 13.79, 661 
land-to-groove ratios for. 13.90, 663 
lateral 

distortion variation of, 13.159. 674 
appearance of, 13.92, 663 

lateral-vertical, description of, 13.217, 689-
692 

light pattern used in, 13.118, 671 
linear velocity of. formula for, 13.52. 659 
locked groove on. 13.77, 661 
manufacture of. 13.53, 669 
margin for between sine wave and complex 

wave, 13.97, 665 
master 

definition of, 13.133. 672 
inspection of. 13.147, 673 
playback of. 13.61, 660 
shipping of, 13.144, 673 

matrix for duplicating, 13.128, 671 
metal master of, 13.131, 672 
minigroove. 13.98, 665 
modulation noise in, 13.193, 680 
monophonic 
groove for versus stereo groove, 13.212, 

684 
groove shape for, 13.104, 666 
signal-to-noise ratio for, standard, 13.85, 

662 
standard reference level for. 13.87, 663; 

13.96, 664-665 
mother made from, 13.129, 672 
nickel master for, 13.124, 671 
orange-peel surface in, 13.65, 661 
orthocoustic, definition of, 13.99, 665 
orthophonie, 13.100. 666 
platen in manufacture of, 13.134, 672 
playing-time calculation for, 13.115, 670 
poor tracking in. cause of, 13.172, 677 
pre-equalization for, 13.162, 674-675; 

13.163. 675 
pressing of, 13.130, 672 
pressings, noisy, 13.59. 660 
processing of, 13.142, 672-673 
recommended sizes for. 13.57. 659-660 
reverse copy of. 13.135, 672 
RIAA equalization for, 13.110, 668 
run-in grooves of, standard for, 13.185. 679 
shellac pressing of, 13.136, 672 
signal-to-noise ratio of, RIAA equalization 

used to improve, 13.151, 674 
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Recording--cont'd 
disc(s) 

silver spraying of, 13.125, 671 
spiral for starting, 13.182, 678 
spiral out, 13.76, 661 
stamper for duplicating, 13.127. 671 
standard for change in, 13.93, 663-664 
starting grooves for, number of, 13.183, 

679 
stereo 
geometry of, 13.211, 682-683 
groove standards for, 13.180, 678 
harmonic distortion in, 13.214. 684-685 
intermodulation distortion in, 13.214, 

684-685 
limiting factors in, 13.213, 884 
minimum separation for, 13.156, 674 
noise measurement for, 13.86, 662-663 
reference level for, 13.87, 663 

storage of, 13.143, 673 
stylus whistle in, 13.73, 661 
surface noise in. 13.58, 660 
tape-to-disc transfer channel for, 13.216, 

686-689 
33%-rpm, distortion in, maximum, 13.88, 

663 
tracing distortion in, 13.173, 677 
transition frequency for, 13.197, 680 
turnover frequency for, 13.107, 666 
twinning in. 13.78, 661 
undulation in, 13.70, 661 
unmodulated groove in, 13.69, 661 
vacuum system used in, 13.120, 671 
vacuum turntable for, 13.121, 671 
velocity, effect of, 13.50, 658 
vertical 
appearance of, 13.91, 663 
characteristic for, 13.94, 664 
distortion variation of, 13.160, 674 
tracing distortion in, 13.194, 680 
turnover frequency for, 13.94, 664 

vinylite used for, 14.141, 672 
waveform distortion in, 13.155, 674 
wavelength in, calculation of, 13.84, 662 
wax, 13.140, 672 
shaving of, 13.195, 680 

white noise in, definition of, 13.64, 661 

electronic video, principles of, 17.239, 889 

film 
density of versus percent transmission, 

25.160, 1663 
16-mm, reference frequency for, 17.200, 

844-845 
35-mm, reference frequency for, 17.200. 845 
winding, 16-mm A and B, definition ok, 

18.139, 946 
galvanometer, definition of, 8.11, 893 
hill and dale, definition of, 13.5, 652 

lateral, definition of, 13.3, 651 

lathe 
definition of, 13.13, 662 
description of, 13.2, 647-661 
direct-drive, 13.14. 652 
weight-driven, description of, 13.21, 653 

lip-sync, definition of, 18.113, 941 
magnetic 

bias-current frequency for, 17.46, 772 
definition of, 17.1. 753 
distortion, measurement of, 23.74, 1474-

1477 
multitrack, terminology for, 17.151, 812-813 
pre-equalization for, 17.172, 822-823 
principles of, 17.24, 755-760 
slow-speed communications, 17.233, 883-

885 
test films for, 17.237, 888 

mechanographic, description of, 18.114, 941-
942 

media for, 13.10, 652; 13.11, 652 

medium, definition of, 13.46, 658 

microgroove, definition of, 13.7, 662 

monogroove, description of, 13.23, 663 
music versus dialogue, 4.114, 214-218; 6.122, 

308-309; 17.163, 819-820; 18.82, 931 

Recording—cont'd 
optical film 

definition of, 18.1. 891 
double system, description of, 18.6, 892 
exposure light 

type of, 18.7, 892 
ultraviolet, 18.7, 892 

glow lamp, description of, 18.4, 891 
stereophonic 

four-ribbon light valve, 18.15, 902 
three-ribbon light valve, 18.15, 902 

single system, description of, 18.5. 891-892 
ultraviolet filter, use of, 18.8, 892 

overmodulation, definition of, 18.108, 941 
percent modulation, calculation of, 18.110, 

941 
plants, transmission lines in, testing of, 

24.63, 1592 
production, bandwidth of, 18.118, 942-943 
speed of changing method for, 17.215, 853-854 
speeds, standard. 13.9, 652 
stages, ratio of dimensions, 2.40, 48 
shapes to be avoided, 2.39, 48 
stereo, rumble in. 13.44, 658 
stylus 
alignment of, 13.31, 666 
angle of, 13.30, 664-666 
drag angle of, 13.32, 655-656 
signal-to-noise ratio of, 15.3. 712 

sync pulse, 3.78, 124-126 
system (s ) 
gain and loss, computation of, 23.37, 1448 
interference to radio, 24.71, 1601-1603 
magnetic resolving power of, 17.79, 783 
phasing of, 23.105, 1493-1496 
reversible, use of, 3.83, 132 

35-mm film winding, direction of, 18.140, 945 
time, magnetic tape, 17.153, 814 
vertical, description of, 13.4, 651-652 
VU-meter lead for, 17.163, 819-820 

Rectifier(s) 
bridge 

full-wave, advantages of, 21.95, 1195-1196 
grounding of, 21.102, 1197-1198 
precautions in use, 21.101, 1197 
three-quarter, description of, 21.96, 1196 
transformer, selection of, 21.103, 1198 

circuit, factors affecting, 21.90, 1191-1192 
cold-cathode, 21.9, 1167 
cooling of, 21.83, 1190 
copper-oxide, design of, 21.72, 1189 
current paths. 21.125, 1217 
design of, 21.11, 1168-1170 
forward 

direction, definition of, 21.75. 1189-1190 
resistance, definition of, 21.76, 1190 
voltage drop, definition of, 21.78, 1190 

full-wave, definition of, 21.5, 1165 
germanium, 21.9, 1167 
half-wave, description of, 21.4, 1165 
half- and full-wave, ripple, voltage per-

centage of, 21.24, 1174 
hot switching current, definition of, 21.12, 

1170 
inverse peak voltage (PIV). 1 and 3-phase 

circuits, 21.92, 1193, 1196 
mercury-vapor, advantages of, 21.56, 1182 
meter, description of, 10.5, 444 
meter distortion, cause of, 23.93, 1488-1489 

1 and 3-phase, configurations for, 21.91, 1193 
opposed half-bridge, description of. 21.97. 

1196 
parallel connection of, 21.31, 1176 
projection 

arc-lamp, 35-mm circuit for, 19.114, 1054-
1055 

are light, for, 19.38, 1028 
quarter-bridge, description of, 21.99, 1197 
reverse 

current, definition of, 21.79, 1190 
resistance, definition of, 21.77, 1190 

selection of, 11.151, 515 
selenium 

characteristics of, 21.71, 1189 
motor, rating of, 21.82, 1190 
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Rectifier (s)—coned 
series half-bridge 

description of, 21.98, 1196-1197 
quarter-bridge, where used, 21.100, 1197 

silicon, 21.9, 1167 
silicon controlled, description of, 11.150. 513-

515 
solid-state 

design of. 21.11, 1168-1170 
diode 

parallel connection of, 21.11, 1170 
series connection of, 21.11, 1170 

frequency of operation. 21.89, 1191 
Input capacitor, use of, 21.87, 1191 
substitution for vacuum tube, 21.18, 1173 
symbols for. 21.94, 1195 

stack, identification of, 21.81, 1190 
stacked, 21.9. 1167 

description of, 21.74, 1189 
Installation of, 21.84, 1190 

tube 
blue glow, cause of, 21.54, 1182 
plates glowing red, cause of, 21.53, 1182 

Tungar, description of, 21.58, 1183 
types of, 21.9, 1167 

Reed relay 
capacitance of, 25.147, 1656 
description of, 25.147, 1656-1657 

Reels, magnetic-recording, warped,. effect of, 
17.161, 818 

Reference frequency 
magnetic recording 
16-mm, standard for, 17.200. 844-846 
35-mm, standard for, 17.200, 846 

recording, film 
16-mm, 17.200, 844-845 
36-mm, 17.200, 845 
value of. 23.29. 1445 

Reference level 
disc recording, stereo, standard for, 13.97, 

665 
monophonic, standard. 13.87, 663 
1 milliwatt and 6 milliwatt, relation of, 

10.40, 456 
stereo, standard. 13.87, 663 
stated in dB, 10.10, 447 
terminology, 10.36, 456 
VU meter, 10.18, 447-448 
VU meters, industry standards, 10.18, 447-448 

Reflection 
effect of, 2.21, 43 
loss, definition of, 25.69, 1628 
losses, 8.35. 377 
percent, film, density versus, 25.160, 1663 

Reflectivity, acoustic, calculation of, 2.48, 49-60 
Refraction, acoustical, effect of, 2.26, 43-44 
Regulation, power supply, calculation of, 21.50, 

1181-1182 
Regulator 

constant-voltage, constant-current, nonelec-
tronic. description of, 21.131, 1222-1223 

constant-voltage, or constant-current, design 
of, 21.129, 1221 

shunt, design of, 21.122, 1210-1211 
solid-state 

battery operation, 21.134, 1224-1226 
aeries type, description of, 21.121, 1210 

voltage, electromechanical, 8.104, 399-400 
Reinforcement loudspeakers, placement of, 

20.131, 1131 
Rejection 
common-mode, definition of, 25.55. 1626 
in-phase, 25.55, 1626 

Relay 
Sc, design of, 25.151, 1658 
adjusting tools, description of, 24.57, 1691 
chattering, prevention of, 24.68. 1600 
coil 
rewinding of, 24.88, 1608-1610 
windings, types of, 25.153. 1658 

de 
design of, 25.150. 1657-1668 
sensitive, construction of, 25.156, 1661-1662 

latching 
description of, 25.159, 1663 
use of. 17.227, 870 

Relay—cont'd 
reed 

capacitance of, 25.147, 1666 
description of, 25.147, 1856-1657 

spring pile, definition of. 25.152, 1658 
time-delay, thermal, 25.155, 1660 

Release prints, bandwidth of, 18.118, 942-943 
Release time 

film recording, measurement of, 18.65, 921-
923 

optical film recording 
average times, 18.63, 921 
definition of, 18.62, 921 

Reluctance 
magnetic, definition of, 17.4, 753 
microphone, controlled, 4.122, 225-226 

Remanence, magnetic, definition of, 17.7. 753 
Remendnr, description of, 25.147, 1656 
Retentivity, magnetic, definition of, 17.8, 753 
Repeat coil(s) 

center-taPPed, use of, 12.77, 545 
external connections of, 8.49, 379 
impedance relations in, 8.16. 370; 8.24, 372 
insertion loss, value of, 23.20, 1443 
terminating resistance, connection of. 23.19, 

1443 
used with attenuators, 5.30, 239 

Reproducer 
disc, once-around, definition of, 13.40, 657 
gear ratios, 18.336, 1011 
magnetic, distortion, measurement of, 23.74, 

1474-1477 
phonograph, frequency test record, use of, 

23.200, 1548 
Reproducing, disc 
AES curve for, 13.102, 665 
RIAA standard for. 13.95, 664; 13.103, 665-

666 
time constants of, 13.95, 664 

test, typical, 13.199. 680 
vertical, characteristic for, 13.94, 664 

Reproducing disc records 
78.26-rpm, characteristic for, 13.167, 676 
side thrust in, 13.200, 680 
16%-rpm. characteristic for, 13.168, 676 
tangent error in, 13.174. 677 

Reproduction 
disc, compatible, 13.148, 673 
offset angle in. 13.198, 680 
optical sound head, equalization of, 18.171, 

964 
16-inch, characteristic for, 13.166, 676 
stereo disc 

balance between channels in, 13.157, 674 
phasing of, 13.158, 674 

translation loss in, 13.165, 676 
Rerecording 
channel, testing of. 18.341, 1016 
definition of, 18.111. 941 
push-pull sound tracks, use of, 18.252, 990 
16-mm, techniques of, 18.175, 954-956 
speed change by, use of, 17.215, 853-854 

Resistance 
ac, definition of, 25.13, 1621 
card, definition of, 25.63, 1627 
load, pickup, frequency, effect on, 11.45, 

743-744 
negative, definition of, 25.47, 1626 
parallel, equations for, 25.127, 1648 
radiation, loudspeaker, 20.157, 1139 
series, equation for, 25.127, 1648 
stabilized oscillator, 22.58, 1284 

Resistor(s) 
color code, 25.202, 1683 
composition, construction of, 5.88, 255 
current-limiting, purpose of, 21.60. 1183 
equalizer, tolerance of, 6.79, 287 
in-rush current, 3.49, 109 
noninduetive, use of, 5.16, 232, 233 
nonlinear, description of, 25.64, 1627 
swamping, definition of, 12.260. 638 
terminating, types of, 5.87, 256 
tolerance of, 5.19, 233 
voltage-dependent, description of, 24.84, 1607-

1608 
wirewound, wire for, 25.42, 1625 
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Resolver 
and projector, use of. 3.86, 136-138 
stroboscopic, 3.86. 136-138 
use of. 3.84, 132-135 

Resonance 
condition for. 6.75, 287; 6.87, 291 
free-air, dynamic-loudspeaker, 26.86. 1115 
pickup arm, effect of, 16.28, 741-742 

Resonant 
circuit(s) 

characteristics of, 41.211, 267 
equations for, 25.129, 1649 
graphic equalizer, 8.108. 302-303 
parallel, measurement of, 23.191, 1643 
series. measurement of, 23.191. 1613 

frequency 
dynamic loudspeaker, lowering of. 20.94, 

1117 
loudspeaker, free-air, measurement of, 

20.84. 1114 
Retard coil, definition of, 8.78, 385 
Reverberant 
chamber, construction of, 2.99, 75-77 
room, loudspeaker testing in. 2.99, 76; 20.188, 

1157 
Reverberation 

artificial, methods used, 2.80, 62-64; 2.81, 
64-65; 2.128. 89 

auditorium 
effect of, 2.85, 69; 2.97 
reduction of, 20.158, 1139 

characteristics, music and production stages, 
2.58, 54-55 

effect of, 2.34, 44-46 
long periods, effect of, 2.42, 48-49 
period, definition of, 2.34, 44-46 
purpose of, 2.85, 69; 2.97, 75 
time 

artificial, 2.37, 47 
optimum, 2.35, 47; 2.36, 47 
recommended, 2.35; 46-47 

unit 
rerecording, 9.49, 438-439 
steel plate, construction of, 2.130, 90-94 
steel springs, construction of, 2.129, 89-90 

Reversed-loop winding, 5.18, 233 
Reversible recording system, use of, 3.83, 132 
Review rooms 

ambient noise level, 2.107. 79-80 
definition of, 2.105. 79 
screen luminance for, 19.53, 1032 
SPL, 2.106, 79 

Review, beating space, 2.45, 49 
Rewind motors, torque, 3.65, 116 
Rhythm section, definition of. 1.58, 17 
RIAA, 13.169, 676 

equalizatión, values for, 6.101, 299 
equalizer 
low frequency, 4.103, 299 
recording, 6.164, 299 
600-ohm reproducing, 6.142. 299 

recording and reproducing characteristics, 
6.105, 299-300 

recording equaliser, component values. 6.166, 
300 

Standard, adoption of, 13.189, 677 
Standard, dise-reproducing. 13.103, 665-666 

Ribbon velocity 
effect, light valve, description of, 18.22, 904 
microphone 

construction of, 4.51, 165 
design of, 4.511, 164-166 

Rifle microphone, design of, 4.103, 209-210 
Right-hand rule, definition of. 25.122. 1647 
Ring, collector, definition of, 25.26. 1622 
Rings. Newton's, 19.18, 1025 
Ripple 
commutator, prevention of, 25.117, 1644 
filter, electronic, design of, 21.66, 1186-1187 

Ripple voltage 
capacitor input, calculation of, 21.22, 1173-

1174 
dc generator, elimination of, 21.23, 1174 
decibels, conversion to, 21.25, 1174 
definition of. 21.21, 1173 
frequency of, 21.28, 1176 

Ripple voltage—eont'd 
half- and full-wave, percentage of. 21.24, 

1174 
maximum permissible values of, 21.51, 1182 
power supply, measurement of, 23.163, 1626-

1527 
Rise time 

capacitor and dynamic microphones. 4.63, 176 
modulator, amplifier measurement, 23.208, 

1552 
oscilloscope, definition of, 22.74, 1329-1330 

Rms voltage, 25.149, 1657 
Robinson and Dadson equal loudness contours, 

1.76, 20. 23 
Rochelle salt 

crystals, use of, 16.9, 734-735 
microphone, 4.12. 160 

Room noise sound track, definition of, 18.207. 
966-966 

Rotary 
converter, 3.22. 104 
stabilizer, construction of, 19.85, 1044 

Ruben, Samuel, 24.96, 1614 
Rumble 

disc recording, in, 12.43, 658; 13.44, 658 
earth, prevention of, 2.50, 50-51 
filter, definition of, 7.106, 363 
turntable 

effect of, 13.154, 674 
measurement of, 22.76, 1480-1482 

Running 
sheet, definition of, 24.39, 1583 
time, film, 16-mm, 26.161. 1663 

Rushes, definition of, 18.167, 962 
Ryder, Loren L., 3.78, 125 

S 
Sabine unit, definition of, 2.33, 44 
Sabine. Wallace C., 2.33, 44 
Safety film, description of, 18.1418. 947-948 
Sapphire 
hardness of, 15.54, 719 
manufacture of, 15.55, 719 

Saturable reactor, definition of, 8.83, 385 
Saturation, magnetic, definition of, 17.9, 763 
Seale distortion, definition of, 1.143, 36; 23.90, 

1487 
Seale of equal temperment„ definition of, 1.30, 

13-14 
Scanning berm 

height 
variable-area, value of, 18.215, 967 
variable-density, value of, 18.215, 967 

illumination film, purpose of, 19.71, 1037 
optical sound head. 35-mm, standard. 19.103, 

1061 
Scattering, acoustical, effect of, 2.22, 43 
Scoring stage 

definition of, 2.80, 66 
Interior construction, 2.66, 57-58 
recommended reverberation characteristics, 

2.67, 68 
Scrambled speech, definition of, 25.82, 1629 
Scratch track, definition of, 18.181, 966 
Screen 

beaded, description of, 19.58, 1033 
curved 

plotting of, 19.122, 1057 
reason for, 19.121, 1067 

dimensions for, 19.45, 1029-1030 
lenticulated. 19.58, 1033-1034 
luminance. 16-mm, standard. 19.53, 1031-1032 
matte-white, 19.58, 1033 
motion picture. sound transmission loss, test-

ing for, 23.187, 1541 
projection 

evaluation of, 19.56, 1033 
luminance of, standard for, 19.53, 1031-

1032 
rear projection, 19.58, 1033 
viewing angle of, 19.58, 1033 
wide, focus, loss of at edges, 19.124, 1057 
wide, width determination of, 19.123, 1057 

Seating space, motion picture theaters, 2.45, 49 
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Secondary standard, definition of, 22.40, 1252 
Selenium 

rectifiers, battery charger, use of, 21.93, 1195 
transient-voltage suppressor definition of, 

11.106, 482 
Self-bias resistor, push-pull amplifier, calcula-

tion of, 12.107, 561 
Self-rectification, vacuum-tube, cause of, 11.59, 

469 

Selsyn interlock 
differential generator, 3.55, 110-111 
Projection systems for, 19.142. 1060 
projector, 16-mm, converted to, 19.147, 1065-

1066 
variable speed, 3.50, 109 
system 

dual-speed, 3.56. Ill 
function of, 3.49, 108, 109 
phasing of, 3.82, 131-132 
reversible, 3.83, 132 
simple design, 3.54, 110 

Semiconductor(s) 
basic theory of, 11.114, 485-488 
microphone, design of. 4.119, 223-224 
devices, 11.105, 481-482 
impurity in, purpose of, 11.104, 481 
materials, sensitivity of to light, 11.161, 621 

Semitone, definition of, 1.27, 13 
Sensing, remote, power supplies, purpose of, 

21.116. 1204-1206 
Sensitometric strip, description of, 18.191, 957 
Sensor, solid-state, description of, 19.174, 1077 
Separation 

stereo disc recording, minimum value of, 
13.154, 674 

stereophonic amplifiers, effect of, 23.215, 
1559-1562 

vocalist from orchestra, 2.42, 56-67 

Sepmag, definition of, 18.337. 1011 

Sequential recording, magnetic, description of, 
17.198, 844 

Series and parallel resonant circuit, essential 
differences, 6.120, 308 

Series resonant circuit, impedance of, 4.117, 
308 

Serving, methods for, 24.44, 1583-1585 
Servomechanism, definition of, 25.199, 1678 

Shaded-pole motor, 3.15, 103 
Shading ring, loudspeaker, purpose of, 20.111, 

1121 
Shadowgraph, use of, 15.44, 717 
Sharma, Madan M., 12.256, 631 
Shear waveform, definition of, 1.6, 11 

Shockley, Wm., Dr., 11.107, 482 
Shock tube, microphone testing, 4.87, 196-197 

Shorter, D. E. L., 20.94, 1117 
Shot effect, cause of, 12.118, 565 
Shunt 
ammeter, 22.8, 1230 

calibration of, 22.17, 1238 
current, vacuum-tube-voltmeter, 22.107, 1363 
meter, transportation, purpose of, 24.83, 1607 

Shutter(s) 
barrel-and-cone, 19.146, 1062 
efficiency of. 19.80, 1041 
electronic, television-projector, 19.60, 1034, 

1035; 19.84, 1044 
front and rear, 19.146, 1062 
projector, designs past and present, 19.146, 

1062 
3-blade, 19.26, 1026 
3-blade, I6-mm, flicker rate with, 19.115, 1055 

Sibilance, testing for, 2.96, 75 
Sibilant testa, for optimum density, 18.283, 

994, 996 
Sibilants, definition of, 1.76. 20-21 
Side 

circuit, definition of, 25.73, 1628 
thrust, disc-record, definition of, 13.244, 680 
tone, definition of, 25.72, 1628 

Signal generator section, intermodulation an-
alyzer, 22.130. 1395 

Signal-to-cross-talk ratio, magnetic recording, 
standard for, 17.149, 811 

Signal-to-noise 
measurements, 23.130, 1508 
ratio 

increasing of, 23.133, 1509 
magnetic tape, standard for, 17.159. 817-

818 
projection sound system, measurement of, 

19.141, 1060 

Signal tracer, description of, 22.114, 1379 
Silent sound track, definition of, 18.205, 965 

Silicon 
definition of, 11.110, 484 
resistance of, 11.111, 484 

Silicon controlled rectifier 
definition of, 11.106, 482 
description of. 11.159, 513-515 

Silicone 
fluid, heat-sink, use of, 21.126, 3218 
use of, 14.2, 696 

Silver spraying, definition of, 13.125, 671 

Simplex circuit, definition of, 25.194. 1676-1677 
Sinusoidal waveform, definition of, 1.45. 16 

Sine wave 
definition of, 1.44, 16 
peak, determination of polarity, 23.192, 1543 

Skewed winding, description of, 25.200. 1678-
1679 

Slit height 
cutoff frequency, 18.214, 967 
Projector, 19.77, 1038 

Slit-losa, definition of, 18.212, 967 

Slope, 6-dB per octave, decibel values for, 
25.144, 1634 

Slotted-form winding, 5.18, 233 
Snake track, use of, 19.72, 1037-1038 
Societies, technical, 25.197, 1677 

Socket, turret, definition of, 24.89, 1610 
Sone 

definition of, 1.128, 32 
relation to phon, 1.129, 32 

Sono-Vor, Purpose of, 2.1“, 77 
Sound 

absorber, description of, 26.139, 1652 
acceleration, definition of, 1.97, 24 
and camera, synchronous connection of, 3.311, 

127-128 
attenuation through air, 1.94, 24 
bailie, air ducts, 2.55, 54 
binaural, definition of, 2.113, 82 
black, definition of, 1.142, 36 
box, acoustic, 2.8, 42 
cell, crystal microphone, 4.16, 150 
column array, loudspeaker, description of, 

20.185, 1163-1166 
decay rate, definition of, 1.95, 24 
decay rate, measurement of, 1.96, 24 
definition of, 1.1, 11 
direct radiation, 1.13, 11 
head 

clusters, magnetic, mounting of, 19.101, 
1051 

flutter in, maximum, 19.140. 1060 
magnetic film reproduction, description of, 

18.9, 892-893 
optical 
beam splitter in, 19.89, 1046 
equalization of, 18.171, 964 
film reproduction, description of, 18.9, 

892-893 
noise in, 19.91. 1046-1047 
phototube installation in, 19.93, 1048 
35-mm scanning beam for, standard, 

19.103, 1051 
output, balancing of, 19.100, 1050-1051 
projector, misalignment of, 19.92, 1047 
push-pull 
adjustment of, 18.323, 1004 
cancellation adjustment of, 19.97, 1050 
cancellation in, 19.98, 1050; 19.99, 1060 
optical train for, 19.94, 1048 

standard and push-pull, circuit for, 19.96, 
1049-1060 

high-frequency, directional characteristics of, 
20.38, 1096 



1748 INDEX 

Sound—cont'd 
level 
meter 

angle-of-incidence effect on, 22.94, 1342 
body effects on, 22.94, 1341 
description of, 22.94, 1338-1342 
weighted curve, 2.93. 73-74 

pressure (SPI.), 22.94, 1338, 1342 
review rooms, 2.106, 79 
theaters, adjustment of, 2.46, 49 
typical daily life, 1.117, 27 

low-frequency, directional characteristics of, 
20.37, 1096 

mixers (See Mixers) 
monaural, definition of, 2.112, 82 
monophonic, definition of, 2.112, 82 
particle velocity, definition of, 1.198, 25 
pink, definition of, 1.141, 35-36 
positive film, definition of, 18.135, 946 
powered 

intercommunication system, 24.77, 1605 
microphone, definition of, 4.83. 191 
telephone, description at, 25.143, 1662 

power, definition of, 1.112, 27 
pressure 

effective value, definition of, 1.110, 27 
how stated. 1.111, 27 
human voice, 1.80, 21 
instantaneous, definition of, 1.107, 27 
level, 1.35, 14; 1.117, 27 
maximum, definition of. 1.108, 27 
measurement of, 1.114, 27 
measurement using Rayleigh disc, 2.90, 

72-73 
recording film 

color sensitivity of, 18.141, 945 
fine grain, description of, 18.150, 948 
positive stock, use of, 18.151, 948-949 
reversal, definition of, 18.152, 949 
storage of, 18.153, 949 
types of, 18.135, 945 
variable-area, type of, 18.135, 945; 18.142, 

945.; 18.150, 948; 18.151, 948-949 
variable-density, type of, 18.142, 945 

relation of distance to intensity, 1.104, 26 
reproducing, system, solid-state, 19.169, 1074-

1077 
source, simple, definition of, 1.12, 11 
stages, measurement of, 2.59, 55-60 
stereophonic, definition of, 2.114, 82 
3-D, definition of, 2.111, 82 
through water, frequency range, 1.92, 21 
track 

bilateral 
bias lines, appearance of, 18.290. 996 
duplex, variable-area, 18.29, 916 
heavily modulated, appearance of, 18.292, 

997 
9000 Hz, appearance of, 18.289, 996 
variable-area, 18.29, 916 
variable-area, description of. 18.31, 916 

black and white, 16-mm, flowchart, 18.143, 
946 

class-AB, characteristics of, 18.317. 1004 
class-A, push-pull, variable-area, 18.29, 915 
class-B, variable-area modulation and bias 

lines, 18.298, 999 
class-B, variable-area, noise reduction, 

18.69, 923-924 
CinemaScope, placement of, 19.119, 1066 
cleaning of, 18.263, 991 
color reversal 16-mm, flowchart, 18.144, 946 
comprex 

bilateral variable-density, 18.29. 915 
unilateral, variable-density, 18.29, 915 
variable-density, 18.29, 915 

control, definition of, 18.38, 916 
direct-positive 
16-mm, variable-area, appearance of, 

18.304, 1001 
variable-area, 200-mil, push-pull, 18.309, 

1002-1003 
displacement of. 19.30, 1027-1028 
double bilateral 
appearance of, 18.299, 999 
use of, 18.267, 992 

Sound—cont'd 
track 

dulateral, appearance of, 18.35, 915 
dupe-negative, optimum density, how de-

termined, 18.261. 991; 18.283, 994, 996 

duplex 
bias lines, appearance of, 18.290, 996 
40 Hz, appearance of, 18.288, 996 
heavily modulated, appearance of, 18.292, 

997 
9000 Hz appearance of, 18.289, 996 

Ektachrome 
color reversal, variable-density. average 

density, 18.264, 991 
reversal film, type of, 18.286. 996 

exposed, holding of, 18.319, 1004 
exposure test. 18.329, 1006-1006 

40 Hz, bilateral, appearance of. 18.288. 996 
high-density print, when used, 18.300. 1000; 

18.313, 1003 

image 
formation of, 18.79. 930 
past and present, description of, 18.29, 

915 
spread, high frequency loss, cause of, 

18.266, 992 
inspection, microscope, 18.346, 1019-1020 

laminated, description of, 17.190, 840-841 

magnetic 
8-mm, frequency response of. 17.170. 821; 

19.27, 1027 
multiple, reproduction of, 17.195, 843 
retardation of. 19.29. 1027 
single, placement of, 19.133, 1069 
steel parts and. 19.102, 1061 
striped, 8-mm and 16-mm, 17.183, 837 

magnetic film 
four-track, designation of, 19.135, 1059 
70-mm six-track, placement of, 19.136, 

1069 
17.5-mm, standard for, 17.168, 821 
three-track, designation of, 19.134. 1069 
35-mm, 3 and 4 track, placement of. 

17.169, 821 

mag-optical, 17.188, 839 
description of. 17.187, 838: 18.307, 1001-

1002 
minus dialogue, purpose of, 18.39, 916 
multiple variable-area, purpose of, 18.37, 

915-916 

negative 
and print, variable-density, determina-

tion of, 18.269, 992 
development of, 18.156, 950 
processing of, 18.156, 950 
reproduction, use of, 18.321, 1004 

9000 Hz. focus test, 18.301. 1000 
noise reduction, opening time test, 18.302. 

1000 

optical 
advancement of, 19.29, 1027 
8-mm, 19.27, 1026-1027 
film, 8-mm, 18.50, 917 
reduction, objections to, 18.158, 960 
reduction, 35-mm to 16-mm, equalization 

for, 18.174, 954 
optimum density, without test equipment, 

18.283, 994, 996 

painting out of, 18.203, 966 
papering of, 18.185, 956 
photographic 

development, speed of, 18.220, 970 
film, calculation of, 18.210, 966 
processing, speed, definition of, 18.219, 

969-970 
push-pull blooping of, 18.211, 966-967 
variable-area, processing of, 18.217, 969 
variable-density, processing of, 18.218, 

969 
placement, 16-mm photographic Mtn, 

18.284, 996 
positive, why used, 18.322, 1004 
prestriped, unprocessed film, on, 17.193, 

841-842 
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Sound--cont'd 
track 

printer 
contact, description of, 18.159, 960 
optical reduction, description of, 18.157, 

960 
push-pull 
class-AB variable-area, 18.29, 916 
class-A, direct-positive, 18.29, 916 
class-B, variable-area, 18.29, 916; 18.32. 

916 
noise reduction, 18.318. 1004 
use in rerecording, 18.252, 990 
variable-area, 18.29, 916 
variable-density, 18.29, 916 
variable-density, definition of, 18.34, 916 
variable-density squeeze, 18.29, 916 

release-print 
4-track magnetic, standard for, 17.189, 

840 
magoptical. Infrared use of, 18.314, 1003 

resyneing of, 19.150. 1063 
reversal film, process for, 18.287, 996 
room noise, definition of, 18.207, 966-966 
scriber, purpose of, 17.209. 860-861 
16-mm, center, placement of, 17.166, 821 
16-mm. placement of, 17.167, 821 
6000/400 Hz cross-modulation test, 18.297. 

998-999 
squeeze, definition of, 18.36, 916 
striped-film, recording on, 17.194, 842 
35-mm color negative, 18.146, 946 
35-mm photographic, speed of, 18.49, 917 
tolerances for, 18.161, 960 
trans-track, when used, 18.313, 1003; 

18.300, 1000 
unilateral variable-area, 18.29, 916 

description of, 18.30, 916 
variable-area 
image most commonly used, 18.267, 992 
insufficient margin, 18.294, 998 
overrnodulated, appearance of, 18.293, 

997-998 
Print, density of, 18.240, 984 
6000 Hz, 18.296, 998 
3-dB margin, 18.295, 998 

variable-density 
appearance of, 18.33, 915 
Image most commonly used, 18.268, 992 
intermodulation distortion, value of, 

18.275, 992 
modulated, 18.305, 1001 
negative, visual density, average value 

of, 18.27, 992 
overmodulated. effect of, 18.273, 992 
print, visual density, average value of, 

18.272, 992 
squeeze, 18.29, 916 
200-mil, 18.306, 1001 
transmission versus density, 18.270, 992 

transistors versus vacuum tubes, 12.245, 621-
622 

transmission, through vacuum, 1.146. 36 
truck, description of, 18.342, 1016-1017 

velocity 
in air, 1.50, 15-16 
temperature effect on, 1.50. 15-16 
value for scientific measurements, 1.133, 

33 

wave, relation to aine wave, 1.105, 26-27 
white, definition of, 1.146, 36 

Source follower transistor, design of, 12.258, 
636 

Space charge, vacuum-tube, definition of, 11.56, 
489 

Spacers, jack, dimensions for, 24.54, 1689 
Spatial effect, definition of, 20.39, 1096 

Specific gravity, battery, storage, 25.101. 1633 
Spectral sensitivity 
human eye, 19.111, 1064 
phototube, gas-filled, 19.110, 1054 

Spectrum analyzer, panoramic, 22.93, 1337-1338 
Spectrum, frequency, classification of, 25.87, 

1629 

Speech 
frequency range, 2.44, 49 
power, definition of, 1.73, 19 
scrambled, definition of, 25.82, 1629 
waveform, 1.81. 21 

Speed 
control, solid-state, design of, 21.130, 1221-

1222 
hearing, average rates, 1.150, 37 
linear, definition of, 13.19, 653 
magnetic tape, measurement of, 17.158. 816-

817 
projection, standard, 19.31, 1028 
recording, standard, 13.9, 652 
reduction, methods used, 3.71, 116-119 
synchronous, calculation of, 3.44, 107 

Spherical waveform, definition of, 1.9, 11 

Spiral out, definition id, 13.76, 661 
SPL 

calculation of, 2.89, 72 
relation to frequency and pressure, 4.105, 211 
relation to G's, 1.155, 38 
reverberant chamber, calculation of, 2.99, 

76-77 
Splay, definition of, 2.75, 61 

Splicer 
film, diagonal, description of, 18.199, 963 
film, straight, description of, 18.199, 963 
magnetic-film, description of, 17.214, 853 

Splicing, magnetic film to leader, methods of. 
17.203, 846-846 

Split film, definition of, 18.51, 917 
Split-film recorder, definition of, 17.141. 807 

Split-termination equalization. 6.113, 307 
Spool-bank film, design of, 2.133, 98 
Sprocket, CinemaScope, 19.120, 1066 
Sprocket tape, magnetic, specifications for, 

17.171, 821-822 
Squareness factor, magnetic tape and film, 

17.142, 807-808 
Square wave 

amplifier output level for, 23.166, 1621 
amplifier response to, 12.224, 603 
composition of, 23.165, 1521 
generator, description of, 22.64, 1279-1280 
measurements, procedure for, 23.154, 1518-

1621; 23.156, 1621 
testa, images, interpretation of, 23.154, 1679 

Squirrel-cage motors, characteristics of. 3.77. 
122-123 

Stability factor, transistor, calculation of, 
11.141, 506 

Stability teats, amplifiers, 23.211. 1668 

Stabilizer, rotary, purpose of, 19.85, 1044 
Stabistor, definition of, 11.101, 482 
Stage. brilliant, 1.134, 33-34; 2.12, 42 
Standard 

coefficient rating, 2.30, 44 
cutting head calibration for, 14.22, 706 
disc-recording, change in, 13.93, 663-664 
disc-recording run-in grooves, for, 13.185, 679 
disc-reproducing, 13.93, 663-664 
flutter, disc-reproducer, 13.36, 666 
flutter measurements, disc-recorder, 13.35, 

656 
flutter meten, 23.150, 1517 
frequency, primary, definition of, 22.39, 1262 
Input impedance, measurement of, 23.137, 

1611 
intermodulation tests, variable-density, fre-

quencies for, 18.279, 993 
international volts, 23.196, 1546 
microphone, output level, 4.164, 210-211 
microphone phasing, 4.124, 226-227 
PH22-41-1967, 16-mm sound track place-

ment, 18.284, 996 
PH22-61-1961, intermodulation testing, 

18.279, 993 
phase, secondary, description of, 22.68, 1306 
reference level 

disc recording, monophonic, for, 13.96, 
664-666 

disc recording, stereo, for, 13.97. 666 
VU meter, 10.8, 447 
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Standard—cont'd 
reproducing, RIAA, 13.103, 666-666 
RIAA, adoption of. 13.169. 677 
secondary, definition of, 22.40, 1262 
16-mm film, track placement, 18.284, 996 
16-mm film winding. 18.139, 945 
35-mm photographic film, track placement, 

18.285. 996 
transient measurement, 23.49, 1462 
turntable rumble. 23.76, 1480 
voltage cell, description of, 23.195, 1544-1545 
volt, USA National Bureau of Standards, 

23.196. 1545 
weighted curves, sound level meters, 2.93, 

73-74 
Standing waves. 2.41, 48 
Standing wave trains, prevention of, 2.71. 69 
Star connection, 3.28, 104 
Starting control, selsyn interlock, 3.49, 108-109 

Static pressure, definition of, 1.106. 27 
Steering diode, definition of, 11.160, 519-620 

Step generator, definition of, 22.135. 1404-1406 

Step tablet, use of, 18.320, 1004 

Stereo disc 
groove, characteristics of, 13.180, 678 
phasing of. standard, 13.158, 674 
recording, geometry of, 13.211, 682-683 

Stereophonic 
center channel, deriving of. 20.154, 1138-1139 
control centers, description of. 12-265, 641-

645 
disc pressings, groove, standard, for, 13.181, 

678 
equalizer, pickup, design of, 6.129. 316.316 
headphones 

characteristics of. 20.179, 1146-1146 
control box for, 20.179, 1146 
network for, 20.181. 1146 

loudspeaker system, reflectors, for, 20.187, 
1156-1157 

microphone placement. 4.62, 171-174 
microphones, design of, 4.48, 161-164 
mixer (See Mixers) 
optical film recording, 18.15. 903 
recording and reproducing systems, phasing 

device for, 20.128, 1128-1131 
reproduction 

amplifier power for, 20.161. 1141 
precedence effect in, 20.135. 1135 
pseudo-, definition of, 20.159, 1140 

sound, definition of, 2.114, 82 
system 

cross-talk level in, minimum, 19.138. 1059 
phasing of, 19.139, 1059-1060 
speaker', for, slot-loaded, 20.186, 1156 
two-channel, loudspeakers, placement for, 

20.160, 1140-1141 
test films, 19.149, 1062-1063 

Stethoscope headphones, construction of, 20.177. 
1145 

Stop band, wave-filter, definition of, 7.18, 323 
Stopping capacitor, definition of. 12.30, 633 
Storage battery, charging of, 25.43, 1626 
Strap jack, connection of, 24.7, 1567-1569 
Striation, definition of. 18.3, 891 

Striped film 
magnetic, polygoning of. 17.197. 844 
reclaimed-base, 17.30, 762 
recording on, 17.194, 842 
pre- and; oat-, definition of, 17.181, 836 

Striping 
machine, magnetic, description of, 17.191. 

841 
magnetic, placement of. 17.102, 841 
magnetic, super 8-mm film, 18.50, 917 
pre-, unprocessed film, of, 17.193, 841-842 

Strobe light, description of, 22.120, 1380-1381 

Stroboscope 
description of, 22.120, 1380-1381 
disc, purpose of, 13.116, 670 
use of, 13.35, 656 

Stroboscopic resolver, design of, 3.86, 136-138 
Studio characteristics, ideal, 2.38, 48 
Studio review room, definition of, 2.105, 79 

Stylus (styli) 
boule used in manufacture of, 15.50, 718 
burnishing facet on, 15.8, 713 
burnishing facets, frequency response af-

fected by. 15-9. 715 
cold, signal-to-noise ratio with, 13.60. 660 
compliance of, 15.34, 716 
compromise, description of, 15.42, 717 
corundum used in, 15.3, 712 
disc, definition of, 15.72, 721 
effective mass of, 15.35, 716 
embossed disc record, type for, 13.205. 682 
force 
measurement of, 23.143, 1616 
pickup, measurement of, 23.148, 1516 
reproducing. measurement of. 15.37, 716 
values of, 15.36, 716 

friction of, 15.30, 716 
friction, side walls affected by, 15.38. 716-717 
friction, temperature rise caused by, 15.31, 

716 
hot 

ac operated, 15.63, 720 
advantages of, 15.59, 720 
current used with. 15.62, 720 
description of, 15.58, 720 
hard discs used with, 15.69, 721 
heating coil for, 15.66, 720 
modulation noise with, 15.61, '720 
modulation power requirements for, 15.67, 

721 
procedure for use of, 15.70, 721 
rf current in, 15.65, 720 
signal-to-noise ratio with. 13.60, 660; 15.71, 

721 
temperature of, 15.60, 720 
vacuum-system effect on, 15.68, 721 

identification code for, 15.39. 717 
included angle of, 15.6, 713 

for vertical recording, 15.12. 713 
jewel used in manufacture of, 15.51. 718 
life, long, 15.33, 716 
master contours used in making, 15.15, 713 
noise, recording, test for. 23.78. 1482 
osmium, description of, 15.32, '716 
pressure, pickup, values of, 16.36, 742 
recording 
alignment of, 13.31, 665 
and reproducing, included angle relation-

ship of, 15.22. 714-715 
"ANM." 15.17, 713-714 
burnishing facets on. 15.3, 712; 15.8, '713 
cold 

effect of. 13.49, 668 
frequency range of, 13.49, 658 

construction of, 15.3. 711-712 
definition of, 15.1, 711 
diamonds used in, 15.16, 713 
differences in manufacture of, 15.47, 718 
drag angle of. 13.32, 655-656 
frequency response of, 15.3, 712 
hot 

effect of, 13.49. 668 
frequency range of, 13.49, 658 

installation of, 15.7, 713 
recording, life of, 15.51, 719 
mechanical bias of, 15.10, 713 
resharpening of, 15.48, 718 
signal-to-noise ratio of, 15.3, 712 
test of for noise, 15.43, 717 
whistle of, 13.73. 661 

reproducer 
elliptical construction of, 15.74. 721-723 
fitting of, 15..15, 715 
groove-wall contact of, 15.23, 715 
included angle of, standard, 15.18. 714 
life of, comparative, 15.29, 716-716 
sapphire, life of, 15.28. 715 
wear test for, 23.145, 1615 
worn, sound of, 15.27, 716 

reproducing 
description of, 15.2, 711 
differences in manufacture of, 15.47. 718 
pressure of on groove wall. 15.24. 716 
resharpening of, 15.49, 718 
tip radius of. standard, 15.19, '714 
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Stylus (sty1)—cont'd 
reproducing 

tip radius of versus modulation radius. 
15.21. 714 

vertical pressure for, values of, 15.20, 714 
sapphire 
manufacture of, 15.55. 719 
hardness of. 15.54, 719 
used for, 15.53, 718 

scoop-shaped, purpose of. 15.57, 719-720 
shadowgraph used with, 15.44, 717 
shank 

length of, 15.45, 717 
shape of, 15.46. 717-718 

Stellite, 15.52, 718 
stereo, mounting of. 15.73, 721 
tip radius of, 15.4, 713; 15.5, 713 
truncated, description of, 15.41, 717 
worn, effect of on groove wall, 16.26, 715 

Subharmonics 
definition of, 1.56, 16 
loudspeaker, generation of, 20.156. 1139 
oscillators, generation of, 23.173. 1534 

Sum and difference frequencies, effect on 
human ear, 1.118, 28 

Summation frequency, definition of, 1.130. 32 

Sunlight 
intensity of, 19.33. 1028 
xenon light, compared to, 19.33, 1028 

Super 8-mm film 
description of, 18.50, 917 
processing of, 18.50, 917 

Superpositioning, definition of, 1.43, 15 
Supersonic, definition of. 1.19, 12 
Suppressor 

surge, use of, 11.158, 519 
transient, purpose of. 21.120, 1209-1210 

Surface induction, magnetic, definition of. 
17.23, 766 

Surge impedance. wave-filter, 7.26, 324 
Surround loudspeakers, placement of, 20.130. 

1131 
Swamping resistor, definition of, 12.260, 638 
Sweep-frequency record, use of, 13.176, 678 
Sweep generator, audio description of, 22.53. 

1277-1279 
Sweep record, use of, 23.141, 1514 
Swell tones. 1.58, 17 
Swinging choke, design of. 21.14, 1171 
Switch 

anticapacitance, definition of, 25.16. 1622 
electrolytic, description of, 25.193, 1676 

Symbols 
amplifiers, 12.2, 624 
semiconductor, 11.115, 488 
terminal, solid-state rectifiers, 21.94, 1196 
vacuum-tube, 11.34, 464-465 

Sympathetic vibration, definition of, 1.115, 27 

Sync pulse 
recording of, 3.78, 124-126 
magnetic recorder, destription of, 17.179, 

833-836 
Synchronism, projection, definition of. 19.32, 

1028 

Synchronization 
camera and sound. 3.78, 124-126 
clap-sticks, use of, 18.334, 1010 
editorial, 18.332, 1010 
electronic printing, method of, 18.201, 964 
frequencies used, 3.79, 126-127 
motor control unit, 3.88, 138-139 
pop mark, use of, 18.335. 1010-1011 
rereeording, SMPTE leader used in. 19.44, 

1029 
stereophonic recorder, use of, 3.78, 126 

Synchronizer, magnetic, description of, 17.213. 
852-853 

Synchronizing, magnetic-tape, photocell, used 
for, 17.201, 845 

Synchronous 
camera and sound. systems used. 3.80, 127-

128 
motors, 3.4, 101 

characteristics of, 3.77, 122-124 
Synchroecope, definition of, 25.121. 1647 

Take-off point 
definition of, 6.9, 263 
equalizer, definition of, 6.91, 291-292 

Talk-back system, 24.61, 1598 
Tangent error, description of. 13.174, 677 
Tank circuit, definition of, 25.52, 1626 

Tape 
and film, magnetic, substitution of, 17.123, 

798 
cartridge, continuous, description of, 17.230, 

875-877 
lapping 

description of, 17.125, 798-799 
use of, 17.126, 799 

magnetic, 
black. 17.118. 795 
chromium dioxide, description of, 17.236, 

888 
defects in, 17.99, 789 
dual-track, track placement on, 17.150, 

811-812 
paper base for. 17.29, 760-761 
plastic base for, 17.29, 760-761 
red. 17.118, 795 
sprocket holes in, 17.30, 761 
storage of, 17.122, 798 

recording 
width of, standard, 17.27, 760 
winding of. 17.26, 760 

Taper 
curves, variable controls, 5.89, 266 
pad 

calculation of, 5.35, 240-241 
definition of, 5.34. 240 

Target, projector resolution, 16-mm, 19.73. 
1038 

Taut-band meter, description of, 22.7, 1229-
1230 

Teaser transformer, use of, 8.23, 372 

Telemetering 
definition of. 25.83, 1629 
flutter meter. calibration of, 23.150, 1517 

Telephone, frequency range, 1.71. 19 

Telephone line 
characteristics, measurement of. 23.96, 1489 
classification of, 25.168. 1668 
croas talk 
maximum of, 2349, 1491 
reduction of. 23.98, 1491 

loading coils for, connection of. 25.189. 1673 
maximum signal level, 10.15. 447 
open wire, definition of, 25.169, 1668-1670 
terminating impedance, effect of, 23.103, 

1492 
transposition of. 24.69, 1600 

Telephone, sound-powered, description of, 
25.143, 1652 

Teleprompter, construction of, 2.72, 69-60 

Television projector, description of, 19.60, 
1034-1035 

Temperature 
ambient, 3.25, 104 
Celsius, definition of, 25.75, 1628 
centigrade, conversion of to Fahrenheit. 

25.135, 1649 
Fahrenheit, conversion of to centigrade. 

25.135, 1649 
rise, generator, measurement of, 25.134, 1649-

1651 
rise, motor, measurement of. 25.134, 1649-

1661 

Tempo regulator, description of, 2.131, 94-98 

Terminal blocks, connection procedure for, 
24.38, 1683 

Terminating 
impedance, iterative, definition of, 25.96, 

1630 
resistance, repeat-coil, connection of. 23.19, 

1443 
resistors 

series mixer, calculation of, 9.28, 422 
types of, 5.87, 255 
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Termination 
bridging bus, calculation of, 24.35, 1580 
double, definition of, 23.57. 1460 
Inductive, effect of. 23.189, 1542-1543 
line, 20.150, 1137 
panel, variable, description of, 22.127. 1390 
resistors, types of, 23.56. 1469 
transformer, split, 8.48. 379 

Terminators, transformer, 8.43, 378 

Terminology 
amplifiers, gain, expression of, 23.17, 1443 
multitrack recording, for, 17.151, 812-813 

Tertiary winding, definition of, 8.65, 382 

Test film(s) 
buzz track, purpose of, 19.64, 1035 
focus, sound. 16-mm, 35-mm, 19.74. 1038 
flutter, description of, 19.63, 1036 
magnetic, 17.216, 864 

types of. 17.237, 888 
multifrequency, description of, 19.68, 1037 
optical, types of. 18.177, 955-956 
photographic. 17.216, 854 
scanning-beam-illumination, purpose of, 

19.71, 1037 
snake-track, use of, 19.72. 1037-1038 
sound-focus, description of, 19.65, 1036 
sound-transmission, description of, 19.69, 

1037 
stereophonic, 19.149, 1062-1063 
theater, description of, 19.62. 1035 
3-D alignment, 19.75. 1038 
2-D alignment, 19.75. 1038 
visual, purpose of, 19.67, 1037 

Test records 
standard, recording of, 13.192, 679-680 
typical. 13.199, 680 

Test tapes 
magnetic. 17.216. 854 
recording of, 17.105. 789-790 
video. 19.61, 1035 

Tester, capacitor description of, leakage. 22.111, 
1868-1369 

Theater (s) 
ambient noise level, 2.108, 80 
amplifier power for, 19.145, 1061-1062 
drive-in, sound system for, radio-frequency, 

19.168. 1073-1074 
frequency response for, 19.78. 1038 
loudspeaker system, stereophonic, 3-channel, 

phasing of, 26.126, 1127-1128 
persons cubic footage for, 2.45, 49 
sound level adjustment of, 2.46, 49 
tuning of, 18.343. 1017 

Thermal noise, definition of, 1.149, 37 
Thermal time-delay relay, construction of, 

25.155. 1660 

Thermistor 
characteristics of, 11.157, 517-518 
definition of. 11.106, 482 

Thermocouple 
description of, 22.1. 1227-1228 
meter 

calibrations of, 22.2, 1228 
phase-shift effect on, 22.4, 1228 

true-responding voltmeter, in. 22.98, 1361 

Thermophone, microphone calibration, 4.86, 
194-195 

Thermoplastic recording, description of, 18.344. 
1017-1019 

Thermostat. bimetal. description of, 25.154. 
1658-1669 

Thevenin's theorem, 25.125, 1648 
Thickness gauge, ultrasonic, 25.216, 1700-1701 
Thorium. 11.5. 469 
Three-phase motor, 3.32, 106 
Threshold 

of hearing, 1.35, 14; 1.82, 21 
of pain, definition of, 1.36, 14 

Throw 
definition of. 19.49, 1031 
projector, calculation of. 19.51, 1031 

Thyratron switching circuit, description of, 
25.113, 1640-1641 

Thyrector. definition of, 11.106, 482 

Thyrite 
definition of, 25.66, 1627 
varistor, definition of, 11.106, 482 

Tight-loop system 
description of, 18.28. 912-916 
recorder, 17.41, 768 

Tilting mechanism, microphone boom, 2.102, 78 
Timbre, definition of, 1.22, 12 

Time constants 
computation of, 25.106, 1635-1637 
equations for, 25.106. 1635 
magnetic-reproduction, ideal. 17.206, 847 
RC amplifiers, 12.38, 636 

Time delay, magnetic recording, calculation of, 
17.156, 814 

Timer, electronic, 2.132, 98 
Time, running, film, 16-mm, 25.161, 1663 
Timing circuits, oscilloscope. 22.71, 1320-1321 
Tip radius, reproducing, standard for, 15.19, 

714 
Tip, stylus, radius of. 15.4, 713 
Todd-A0. description of, 19.161. 1067-1070 
Toe recording, variable-density film recording, 

definition of, 18.202, 964-966 
Toll Cable, definition of, 25.171, 1670 

Tone 
arm, definition of. 16.24, 740 
burst generator, description of, 22.139. 1410-

1411 
burst test, loudspeakers, for, 20.101, 1119-

1120 
control, design of, 6.99, 298 
definition of, 1.28, 13 
side, definition of. 25.72, 1628 

Tool, burnishing, purpose of. 24.58. 1591 
Tools, relay-adjusting, description of, 24.57. 

1591 
Toroidal coil. 4.68, 285; 6.71, 286; 8.92, 390 

Torque, 3.16„ 103 
motor, how calculated, 3.76, 121-122 
motors, use of. 3.65. 116 
versus 

horsepower, 3.41. 107, 
watts, 3.40, 107 

Torsional resonance, definition of, 16.57, 760 
Tracing distortion 

definition of. 13.173, 677 
pickup, definition of, 16.26. 740 

Trackability, pickup, definition of, 16.42, 743 
Tracking 

disc-recording, defects in, 13.172, 677 
error, 13.171. 677; 16.26, 740 

Track placement, magnetic tape, continuous. 
17.230, 876-877 

Track, sound, magnetic, width of versus out-
put, 17.115, 793 

Transconductance 
definition of, 11.33, 464; 11.35, 465-466 
extrinsic, definition of. 11.122, 496 
vacuum-tube, measurement of, 11.85, 476; 

11.87, 477 
Transcription 

disc, 16-inch, characteristic for, 13.166. 676 
electrical, description of, 13.1. 647 

Transducer 
active, definition of. 1.25, 12 
definition of. 1.23, 12 
electromechanical. 14.1, 694; Mt, 726 
passive, definition of. 1.24. 12 
ultrasonic cleaning, 25.217, 1701-1703 

Transfer 
channel 

block diagram for, 18.331, 1007-1009 
magnetic film, 18.330. 1006-1007 
magnetic tape. 18.330, 1006-1007 
magnetic to disc, description of, 13.216, 

686-689; 17.228, 870-871; 18.331, 1007-
1009 

photographic film, 18.330, 1006-1007 
tape to disc, description of, 13.216, 686-

689 
characteristics, disc recording, 13.109, 667-

668 
functions, network, table of, 25.132, 1649 
magnetic-optical, limiting, use of. 18.90. 937 
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Transformation 
capacitance, 8.34, 377 
single-phase to three-phase, 8.99, 392-394 

Transformer(s) 
ampere turns, definition of. 8.18, 370 
amplifier. screen-grid tube, selection of, 

12.241, 616 
audio 
and power, compared, 8.17. 370 
balanced input with, 8.25, 873 
center-tapped, purpose of, 8.25, 373; 8.42, 

377 
characteristics, measurement of, 23.69, 

1470-1471 
class-B. unity coupling, 8.109, 402-403 
color code for, 24.62, 1592 
distributed capacitance in, 8.25, 373 
frequency response, calculation of, 23.70, 

1471-1472 
hum-bucking design for, 8.98. 392 
plug-In, 8.106. 401 
shorted turns in, 8.76, 385 
symmetrical input with, 8.25, 373 
terminated, characteristics of, 8.47. 378-379 
ungrounded input with, 8.25, 373 
unterminated, characteristics of, 8.46, 378 
unterminated, use of, 8.44. 878 

bandwith, how designated, 12.233, 616 
billar winding, description of, 12.231, 607-

608 
bifilar winding in, 8.9, 369 
bridge rectifier, section of, 21.103, 1198 
bridging 

description of, 8.62, 381 
design of, 8.63, 381 

buck-boost, use of, 8.96, 391 

constant-voltage 
design of, 8.100, 393-397 
measurement of, 8.101. 398-399 
parallel operation of, 8.103, 399 
precautions in use of. 8.101, 398-399 
tandem operation of, 8.102, 399 

copper loss, definition of, 8.4, 367 
core loss, 8.5, 367-368 
core saturation in. 8.3. 367 
coupled impedance in, 8.79, 385 
crystal pickup, coupling for, 16.12, 736 

current 
definition of, 8.19, 370 
turns-ratio calculation for, 8.20, 371 

definition of, 8.1, 367 
eddy currents, cause of, 8.6, 368 
electrical center of, 8.16, 370 
electrostatic shield in, 8.12, 369 
filament, definition of, 8.15, 370 
four-coil repeat, external connections of, 

8.49, 379 
400-Hz operation of, 8.14. 370 
frequency effect on, 8.13, 369 
geoformer, description of, 8.93, 390-391 
hybrid, balancing of, 23.72. 1472-1473 
ideal, definition of, 8.31. 375 
ideal, voltage gain calculation. 12.240, 616 
Impedance 
between taps of, 8.88, 386 
matching, gain set, 23.18, 1443 
matching with, 8.28, 374 
ratio of, 8.29, 374 
ratio versus turna ratio in, 8.37, 377 

input 
description of, 8.58, 381 
terminology used with, 8.25, 373 

Insertion loss, cause of, 8.27, 374 
instrument, definition of, 22.20, 1239 
intermodulation 

distortion in, 8.86. 385 
measurement of, 23.114, 1501-1502 

interstage 
description of, 8.59, 381 
phase splitting with, 8.87, 386-386 
shielding of, 8.57, 381 

isolation 
ac, use of, 23.217, 1562-1563 
design of, 8.24, 372-373 

laminations, reason for, 8.2, 367 

Transformer (s)--cont'd 
leakage reactance, cause of, 8.32, 376; 8.33, 

376-377 
low-impedance, loes when used for bridging, 

12.173, 686 
magnetic shielding, test for, 23.162, 1626 
McIntosh, description of, 12.231, 607-609 
microphone 

design of, 4.110, 213 
high impedance, 4.78, 191 

modulation, description of, 8.61, 381 
negative-feedback amplifiers, types of, 12.152, 

578 
nested shield for, 8.50, 379; 8.51, 379-380 
operating load for, 8.97, 392 
output 

description of, 8.60. 381 
efficiency of, 12.222, 602 
insertion loss, measurements of. 23.71, 1472 
power loss, calculation of, 12.223, 603 
shielding of, 8.56, 381 
ultralinear, design of, 12.128, 668-569 

phasing, Identification of, 8.90, 387-389 
pie winding in. 8.10, 369 
polarity, identification of, 8.90, 387-389 
power 

color code for, 24.61, 1692 
hysteresis, measurement of, 23.158, 1522-

1524 
shorted turns, test for, 23.161, 1525 
transfer calculation for, 8.91, 389-390 

practical, internal losses in, 8.32, 375-376 
primary current, 8.7, 368 
push-pull 
impedance calculations, 12.110, 661-563 
Impedance relations, 12.109, 661 

reflected impedance in, 8.30, 874-375 
repeat, connections for, 8.16, 870 
rotary, definition of, 3.49, 110 
split termination of, 8.48, 379 
teaser, use of, 8.23, 372 
terminals, identification of, 8.89, 386 
terminated, 8.43, 378 
tertiary winding, use of, 12.162, 581 
three-phase, connection of, 8.22, 371 
transistor 

class-B, design of, 8.109, 402-403 
selection of, 11.137, 503 

turna ratio 
determination of, 8.36, 377 
versus impedance ratio in, 8.39, 377 

unity coupling, description of, 12.231, 607 
unterminated secondary, value of, 23.33, 1446 
Variac, description of, 8.8. 368 
voltage ratio versus turns ratio in, 8.38. 377 
voltage regulation of. 8.21, 371 
volt-ampere rating of. 8.11, 369 
wattage rating of, 8.11, 369 

Transhybrid loss, definition of, 8.71, 384 
Transient 

distortion, amplifier, 23.49, 1452-1453 
response 

capacitor microphone, 4.83, 175 
dynamic microphone, 4.63, 175 

suppressor 
purpose of, 21.120. 1209-1210 
semiconductor, use of, 11.158, 519 

test loudspeaker, fin receiver used for, 20.102, 
1120 

time, power supplies. 21.115, 1203-1204 
Transistor (a) 

ac 
base resistance of, 22.141, 1416 
collector resistance of, 22.141. 1416 
gain of, 22.141. 1413, 1414, 1416 
transconductance of, 22.141, 1416 

alpha of, 11.131, 499-601 
amplifier, load impedance effect on, 20.91, 

1115-1116 
ANAPFET, description of, 19.169. 1075-1076 
asymmetric conduction ln, 11.105, 481 
audio, frequency characteristics of, 11.142, 

506 
basic theory of, 11.114, 487-488 
beta of, 11.131, 499-501 
bias methods for, 11.133, 501-502 
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Transistor (s)—cont'd 
breakdown of, 11.121, 496 
capacitance, internal, variation of, 11.140, 

605-506 
circuits for, 11.127, 497-499 
construction of, 11.107, 482; 11.118, 493-494 
converter, de to ac, description of, 21.108, 

1200-1201 
current through, 11.123, 496 
cutoff current of, 11.132, 501 
dc 

base resistance of, 22.141, 1416 
collector resistance of, 22.141, 1416 
gain of, 22.141, 1416 
transconductance of, 22.141, 1416 

derating of, 11.146, 509-510 
direct-coupled circuit with, 11.127, 498 
distortion characteristics of, 11.134, 502 
epitaxial, definition of. 11.106, 482 
equivalent circuits for, 11.124, 496 
extrinsic transconduetance of, 11.122, 496 
field-effect 

definition of, 11.106, 482 
description of, 11.145, 607-609 

gain-bandwidth product, definition of, 11.131, 
601 

gain-control connection with, 11.135, 502 
gate-insulated, 11.144, 507 
hum pickup in, 11.161, 521 
Idling current in, 11.133, 602 
Impedance of, 11.126, 497 
Input and output impedance, measurement of, 

23.53, 1456-1467 
internal capacitance of, 11.140, 605-506 
invention of, 11.105, 481 
junction, description of. 11.107, 483 
large signal operation of, 11.136, 502-503 
leakage in, 22.141, 1412, 1414-1415, 1416 
letter symbols for, 11.115, 488 
light, sensitivity of, 11.161, 521 
load lines, calculation of, 11.139, 503-505 
negative feedback with, 11.130, 499 
noise-factor equation for, 11.138, 503 
ohmmeter use with, 11.117, 493; 11.119, 494 
operational amplifier, 12.196, 594 
oscillation-caused failure of, 11.142, 506 
parallel operation of, 11.127, 498-499 
phase of, 12.97, 657 
phase relationships in, 11.125, 497 
polarity identification of, 11.116. 492 
power and voltage gain of, 11.128, 499 
power-gain equation for, 11.129, 499 
precautions in use of, 11.119, 494-495 
Punch-through in, 11.120, 496 
push-pull operation of, 11.143, 606-607 
radiation effect on, 11.108, 483 
regulated power supply, description of, 

21.123, 1212-1214 
regulator, series type, description of, 21.121, 

1210 
resistance between elements of, 11.117, 492-

493 
small-signal operation of, 11.136, 502-503 
speed control, design of, 21.130, 1221-1222 
stability factor of, 11.141, 506 
test set, description of, 22.141, 1412-1416 
transformer-coupled circuit for, 11.127, 498 
transformers for use with, 11.137, 603 
versus vacuum tubes, 12.245, 621-622 
voltage, meter for, 22.15, 1238 

Translation loss 
definition of, 23.79, 1482 
disc-recording, definition of, 13.165, 676 

Transmission 
band, wave filter, 7.15, 322 
characteristics, wave-filter, 7.35, 326 
film recording, calculation of, 18.166, 952 
ground 

connections for, 24.33, 1676-1678 
definition of, 23.24, 1444 

Transmission irregularity, definition of, 1.137, 
34 

line(e) 
characteristic impedance of, 25.183, 1672-

1673 
cutting heads, used with, 14.17, 703 

Transmission irregularity--cont'd 
fine(3) 

delay, cause of, 25.184, 1673 
maximum length without equalization, 

6.114, 307 
recording-plant, testing of, 24.63, 1592 
velocity of propagation in, variation of, 

25.185, 1673 
Percent, film, density versus, 25.160, 1663 
Print density 1.40, value of, 18.259, 991 
set, definition of, 22.126, 1390 
unit, definition of. 10.37, 455 

Transmittivity, acoustic, definition of, 2.56, 54 
Transport system, tight-loop, description of, 

18.28, 912-916 
Transposition, telephone line, purpose of. 24.69, 

1600 
Trans-track, definition of, 18.300, 1000; 18.313, 

1003 
Transverse waveform, definition of, 1.7, 11 
Tremaine„ H. M., Dr., 19.128, 1058; 19.144, 

1061; 19.164, 1072 
Tremolo, definition of, 1.60, 17 
Triac, description of, 11.156, 617 
Trigger circuit, oscilloscope, 22.71, 1321 
Trigonometric functions, natural, table of, 

25.210, 1687 
Truck-in, definition of, 2.98, 75 
True-responding voltmeter, description of. 

22.98, 1350-1351 
Truncated stylus, description of, 15.41, 717 
Tubby, definition of. 2.17, 43 
Tube tester 
dynamic mutual conductance, description of, 

22.115, 1378-1379 
emission, definition of, 22.114, 1377-1378 
transconduetance, description of, 22.115, 

1378-1379 
Tuning-fork 

oscillator, definition of, 25.79, 1628-1629 
Power supply, description of, 21.110, 1202 

Tunnel diode 
definition of, 11.106, 482 
description of. 11.152, 515 

Turnover frequency 
cutting-head, 14.8, 701 
definition of, 13.107. 666 
early values of, 14.10, 701 
effect of on reproduction, 14.9, 701 
vertical cutting head, value for, 14.27, 705 

Turnover test, procedure for. 23.58, 1460 
Turntable 

idler, 13.16, 663 
magnetically supported, description of, 13.37, 

656-667 
rim-driven, description of, 13.15, 652-653 
rumble, measurement of, 23.76, 1480-1482 
vacuum, purpose of, 13.121. 671 

Turret head, description of, 2.102, 78 
Turret socket, definition of, 24.89, 1610 
Tweeter, definition of, 20.13. 1084 
Twister element 

crystal microphone, 4.19, 151 
pickup, definition of, 16.38, 742 

U 
Ultransonic 

cleaning, description of, 25.217, 1701-1703 
definition of, 1.19, 12 
flaw detector, description of, 25.215, 1697-

1700 
frequency, definition of, 1.18, 12 
microphone, design of, 4.125, 227 
thickness gauge, description of, 25.216, 1700-

1701 
Ultraviolet 

filter, optical film recording, use of, 18.8, 
892 

light, optical film recording, use of, 18.7, 892 
Undistorted power output, definition of, 12.186, 

587 
Unidirectional microphone, design of, 4.47, 161 
Unilock synchronization, design of, 3.81, 128 
Unity coupling, definition of, 8.80, 385; 25.97, 

1630 
Universal leader, use of, 19.44, 1029 
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V 
Vacuum system, disc recording, used in, 13.120, 

671 
Vakuum tube(s) 

ac operated, purpose of center tap, 12.195, 
589 

acorn, 11.28, 462 
amplification factor of, 11.36, 466; 11.89, 477 
anode current of, 11.46, 467 
baretter, description of, 11.69. 471 
battery terminology with, 11.64, 471 
beam-power 

description of, 11.25, 460-461 
operation without feedback. 12.220, 602 

bias voltage for, 11.70, 472 
bridge, definition of, 22.119, 1379-1380 
cathode leakage, 11.80, 476 
classification of, 11.45, 467 
compactron, definition of, 25.110, 1638 
contact potential in, 11.67, 471 
current direction in, 11.68, 471 
cutoff point of, 11.43, 466 
deionization potential in, 11.54, 468 
diode, definition of, 11.15, 460 
directly heated, 11.8, 459 
dual-triode, definition of, 11.17, 460 
dynamic characteristics of, 11.41, 466 
dynamic-transfer characteristics of, 11.41, 

466 
efficiency of. 11.84. 476 
electron-ray, definition of, 11.26, 461 
emission current, measurement of, 11.90, 477 
gain per stage of, 11.37, 466 
glass, construction of, 11.75, 472-473 
grid current in, 11.44, 467 
grid voltage-plate current, characteristics of, 

11.52, 468 
hard, definition of, 11.51, 468 
heater (s) 

connections of, reversing, 25.98, 1630 
power supply, design of, 21.64, 1184 
series connected, shunt resistors, calcula-

tion of, 21.65, 1184-1186 
voltage of. 11.55, 468; 11.71, 472 
warmup time of, 11.79, 475 

heptode, description of, 11.21, 460 
hexode. description of, 11.20, 460 
indirectly heated, description of, 11.7, 459 
internal 

capacitance in, 11.63, 470-471 
contaminants in, 11.80, 476 
noise, test for, 23.194, 1544 

Inverse-peak-voltage rating of, 11.57, 469 
Ionization in. 11.53, 468 
life prolongation of, 11.55, 469; 11.71. 472 
maximum plate dissipation for, 11.49, 467 
metal, construction of, 11.74, 472 
microphonic, 11.58, 469 
miniature, construction of, 11.76, 473 
multigrid, where used, 11.24, 460 
mutual conductance of, 11.33, 464 
noise in, reduction of, 11.55, 469; 11.71, 472 
nomenclature for. 25.144. 1652-1653 
nuvistor, description of, 11.27, 461 
octode, description of, 11.23. 460 
output power, measurement of, 11.88, 477 
power, maximum transmission of, 12.188, 

587-588 
parallel connection of, 11.72, 472 
pentagrid, description of, 11.22, 460 
pentode, description of, 11.19, 460 
perveance of, 11.42, 466 
phase relations in, 11.60, 469-470 
phototube, 11.31, 463 
plate resistance of, 11.38, 466 
plate-voltage conversion, computations for, 

11.77, 473-475 
plate voltage versus plate-supply voltage of. 

11.61, 470 
power-sensitivity of, 11.83, 476 
preheating of, 11.55, 468-469 
purpose of dc heater supply, 12.194. 588-589 
quiescent, condition of, 11.73. 472 
rejection of, 11.82. 476 
saturation of, 11.48, 467 

Vacuum tube(s)--cont'd 
screen-grid, description of, 11.18. 460 
secondary emission in, 11.47, 467 
secondary-emission multiplier, description of, 

11.32, 464 
self-rectification in, 11.59, 469 
series screen-grid resistor for, 11.86, 476 
soft, definition of, 11.50, 467-468 
apace charge in, 11.56, 469 
stabilization of, 11.55, 468-469; 11.71, 472 
static characteristics of, 11.40, 466 
steady-state characteristics of, 11.40, 466 
symbols for, 11.34, 464-465 
tetrode. description of, 11.18, 460 
thyratron 

description of, 11.29, 462 
switching circuit using, 25.113, 1640-1641 

transconductance of, 11.33, 464; 11.35, 465-
466 

transconductance, signal for measuring, 
11.85, 476 

transit time in, 11.66, 471 
triode, definition of, 11.16, 460 
variable-mu, definition of, 11.65, 471 
versus transistors, 12.245, 621-622 
voltage change on, effect of, 11.39, 466 
voltage measurement points of, 12.192, 688 
voltage-regulator, description of, 11.30. 462-

463 
voltmeter 
accuracy of affected by waveform, 22.103, 

1361-1362 
ammeter, as, 22.107, 1363 
audio-frequency, 22.99, 1351-1352 
cascoded, description of, 22.101, 1358-1359 
cathode-coupled, 22.100, 1352-1357 
decibel scale, linear, with, 22.102, 1359-

1361 
error of, waveform, 22.104, 1362 
hum effects on, 22.106, 1363 
peak-reading, waveform effects on, 22.105, 

1362-1363 
Varactor diode, definition of, 11.106, 482 
Variable-area recording, definition of, 18.1, 891 
Variable-density recording, definition of, 18.2, 

891 
Variable-intensity optical film recording, defini-

tion of, 18.25, 905 
Variac, description of. 8.8, 368 
Varidirectional microphone, description of, 

4.103, 209-210 
Varistor, definition of. 25.65, 1627 
Vector, definition of. 25.53, 1626 
Velocity 

definition of, 1.90. 21 
effect, light valve, description of, 18.22, 903-

904 
groove, definition of, 13.47. 658 
linear, calculation of, 13.52, 659 
recording-dise, effect of, 13.50, 658 
sound 

different materials, 1.91, 21. 24 
in air. 1.50, 15-16 
relative to frequency, 1.93, 21, 24 
scientific measurements, 1.133. 33 

Vertical recording, description of, 13.4, 651-652 
VertiVision, 19.128, 1058 
Vibration 
magnetic recorder affected by, 17.134, 801 
mounting, prevention of, 24.82, 1607 
pickup, description of. 16.44, 743 
sympathetic, definition of, 1.115, 27 

Vibrato, definition of, 1.59, 17 
Vibrator power supply 

description of, 21.104, 1198 
nonsynchronous design of, 21.105. 1199 
synchronous, description of, 21.106, 1199-1200 

Video 
disc recorder, description of, 17.232, 882-883 
tape recorder 

basic principles of, 17.231. 877-882 
synchronous ponnection of, 3.81. 130-131 

test tapes, 19.61, 1035 
VI meter 

accuracy of, 10.20, 448 
neon, description of, 10.7, 446-446 
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VI meter--cont'd 

peak reading. 1025. 457-458 
voltage calibration, 23.167, 1632 

Virgin magnetic looping, system for, 17.226, 
866-870; 17.227, 870 

Vise°'old, description of, 11.37, 742 
Vocalist 

cuing of, 2.63, 57 
separation from orchestra, 2.62, 66-67 

Vocoder, definition of, 25.94. 1630 
Yoder, definition of, 25.93, 1630 

Voice 
coil, loudspeaker, centering of, 20.21, 1090-

1091 
filter 
loudspeaker system, purpose of, 20.137. 

1136 
microphone, 4.66, 166 

frequency range compared to musical in-
struments, 1.131, 32-33 

print, use of, 1.161, 37 
Volkman, John E., 2.117, 83 
Voltage 

amplifiers, selection of tubes, 12.189, 688 
average, 26.149, 1667 
cell, standard, description, 23.195, 1644-1645 
-dependent resistor, description of, 24.84, 

1607-1608 
divider 

bypassing of, 21.41, 1179 
calculation of, 21.38. 1178 
capacitive, advantages of, 22.46, 1263 
definition of, 21.37, 1178 
resistive, high-voltage, 22.46, 1263 
series, definition of, 21.40. 1179 
wattage, calculation of, 21.39, 1178-1179 

doubler, description of, 21.6, 1166-1166 
drop, power supplies, regulated, for, 24.87, 

1608 
gain 

equal impedances, calculation of, 23.43, 
1449 

unequal impedances, calculation of, 23.44, 
1449 

generation of, 25.138, 1661-1662 
level, VU meters, equations for, 10.42, 467 
peak-to-peak, 25.149, 1667 
protector, crowbar, definition of, 21.88, 1191 
quadrupler, description of, 21.8. 1166 
regulation, calculation of, 8.21, 371 
regulator 

electromechanical, 8.104, 399-400 
tube 
ambient light, effect of, 21.117, 1207 
description of, 11.30, 462-463 
light effect on, 11.30, 463 
power supply, design of, 21.117. 1206-

1207 
regulation characteristics, 21.117, 1207 
series connection, 21.117, 1206 

rms, 25.149, 1667 
-sensitive capacitor, definition of, 11.106, 482 
tripler, description of, 21.7, 1166 
zero, point, 26.64, 1626 

Volt, international, value of, 23.196, 1646 
Voltmeter 

calibration, from de source, 23.166, 1631 
crest, definition of, 25.23, 1622 
electrostatic, description of, 22.6, 1229 
resistance-coupled amplifiers, 23.168, 1632 
transistor measurements, 23.118, 1632 
true-responding, description of, 22.98, 1350-

1351 
true rms, calibration of, 23.216, 1662 
vacuum-tube 

audio-frequency, 22.99, 1351-1352 
decibel scale, linear, 22.102, 1369-1361 

Volt-ohmmeter, description of, 22.11, 1231-1236 
Volume compression, magnetic tape and film, 

cause of, 17.124, 798 
Volume indicator 
attenuator for, 10.29, 460-461 
ballistics identification of, 10.23, 449 
Impedance, 10.29, 450-451 
magie eye, 10.44, 467 

Volume indicator—cont'd 
meter 

correction factor, need, for, 10.31, 461 
definition of, 10.1, 443 
photographic film recording, types of, 

18.103, 939 
reading of, 10.21, 460 

Volume range, definition of, 1.67, 18 
VU and dB, definition of, 10.13, 447 
VU and VI meters 

bridging loss 
definition of, 10.33, 462 
equation, 1022, 461-462 

correction factor equation, 10.32. 461-462 
reference level terminology, 10.36, 465 

VU meters 
A and B scales, 10.19, 448 
accuracy of, 10.20, 448-449 
addition of, 10.43, 467 
attenuator for, 10.25, 460 
ballistics, 10.3, 444; 10.21, 448 
calibration of, 10.14, 447 
complex waveforms, effect of, 10.27, 460 
connections, 10.24, 449-450 
conversion to 160 ohms, 10.34, 462-453 
correction factor, need for, 10.31, 461 
definition of, 10.2, 443 
dynamics, 10.3, 444 
frequency response, 10.3, 444 
general characteristics, 10.3, 444 
harmonic distortion, 10.3, 444 
impedance, 10.3, 444 
impedance other than 600 ohms, 10.30, 461 
insertion of lead, 10.28, 460 
lead, magnetic recording, for, 17.163, 819-

820 
1-milliwatt calibration of, 10.17, 447 
operating voltage, equations for, 10.42, 467 
optical, description of, 10.41, 466-467 
overload characteristics, 10.3, 444 
power level indicator, description of, 10.35. 

463-466 
reading of, 1026, 460 
rectifier distortion, cause of, 23.93, 1488-1489 
reference level, 10.11, 447 
reference standard, 10.8, 447 
scale, 10.3, 444 
sensitivity, 10.3, 444 
voltage across 600-ohm line, 10.12. 447 
voltage across 600-ohm line, 10.11. 447 
voltage calibration, 23.167, 1632 
wide range, decsription of, 102, 444-446 

Walls, attenuation, measurement of, 2.51, 61 
Wall shape, motion picture theater, 2.49, 49-60 
Warble film, use of, 19.70, 1037 
Warble oscillator, description of, 22.52. 1277 
Water cooling, projector, connections for, 

19.167, 1078 
Water, frequency range through, 1.92, 21 
Watts 
conversion to decibels, equation for, 23.42, 

1449 
versus horsepower, 1.34, 106 
versus torque, 3.40, 107 

Wave 
analyzer, plotting of, 23.7, 1438 
filter 

characteristics, plotting of, 23.63, 1464 
definition of, 7.1, 321 
measurement of, 23.60, 1461-1462; 23.61, 

1462-1463 
oscillator distortion, effect of, 23.202, 1649 

Waveform 
complex, 1.65, 17-18 

generation of, 23.172, 1533-1634 
compressional, 1.4, 11 
cylindrical, definition of, 1.10, 11 
dialogue and music, characteristic of, 18.83, 

931 
human speech, 181, 21 
longitudinal, 1.5, 11 
peak-to-peak amplitude, 1.3, 11 
plane wave, definition of, 1.8, 11 
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Waveform—cont'd 
quadrature, definition of, 25.134, 1649 
shear, definition of, 1.6, 11 
sinusoidal, definition of, 1.45, 15 
spherical, definition of, 1.9, 11 
thermocouple meter affected by. 22.18, 1238-

1239 
transverse, definition of, 1.7, 11 

Wavelength 
definition of, 1.48, 16 
disc-recording, calculation of, 13.84, 662 
recording, calculation of, 17.157, 814-816 
relation to recording diameter and frequency, 

16.51, 748 
sound in air, calculation of, 1.50, 17 

Wave trains, prevention of, 2.71, 69 
Waxing photographic film, purpose of. 18.188, 

956 
Weighted 

curve 
characteristics of, 2.93, 73-74 
definition of, 23.88, 1487 
flutter measurement, purpose of, 17.145, 809 
selection of, 2.93, 74 

noise network, design of, 5.98. 260 
Wente. E. C., 18.14, 896 
Weston, Edward, 23.195. 1644 
Wheatstone bridge, 22.21, 1239 
Whistle, arc-lamp, prevention of, 25.117, 1644 
White noise, 13.64, 661 

generator, description of, 22.56, 1280-1282 
loudspeaker frequency characteristics, tests 

for, 23.135, 1510 
White sound, definition of, 1.140, 35 
Whizzer, loudspeaker, definition of. 20.18, 1090 
Whole tone, definition of, 1.89, 21 
Wien bridge, audio frequency, description of, 

22.36, 1250-1251 
Wild shot, definition of, 18.325, 1004-1005 
Williams, J. R., 25.213, 1696 
Williamson amplifier, 12.232, 611-615 
Winding, tertiary, definition of, 8.65, 382 
Window, monitor, construction of, 2.57, 54 
Wind screen, microphone, 4.90, 197-198 
Wire 

circular mil area of, 24.28, 1574 
code, colors for, 24.60, 1692 
field, definition of, 25.172. 1671 
Inductance affected by, 25.131, 1649 
lita, description of, 25.46. 1626 
shielded, insulation-resistance measurements 

for, 25.1, 1619 
size 

load current, for, 24.29. 1674 
power supplies, regulated, for, 24.87, 1608 

Wire--cont'd 
size 

speaker-line, frequency effect on. 20.147, 
1137 

table, 25.163, 1663 
Wireless microphone, design of, 4.72, 186-188 
Wenderama, 19.128, 1068 
Wood, John F., 4.119, 223 
Woofer, definition of, 20.14, 1084 
Work print 

description of, 18.164, 952 
projection of, 19.153, 1063 

Woven-tape winding, 5.18, 233 
Wow, disc-recorder, standard for 13.35, 656 
Wrap around, definition of, 17.81, 783 
Wye connection, 3.27, 104 

X 
Xenon lamp 

characteristics for, 19.108, 1053 
circuit for, 19.109. 1053-1054 
construction of, 19.106, 1062-1063 
mounting of, 19.105, 1052 
life of, 19.107, 1063 
light, wavelength of, 19.105, 1062 

Xenon projection lamps, 19.33, 1028 

Z 
Z-angle mater, definition of, 22.118, 1379 
Zener diode 

current regulation, design of, 21.118. 1207-
1209 

de breakdown, measurement of, 23.204. 1549-
1550 

definition of, 11.106, 482 
description of, 11.148, 511-518 
dynamic impedance, measurement of, 23.205, 

1550 
operating range of, 21.119, 1209 
voltagg regulation, design of, 21.118, 1207-

1209 
Zenith, magnetic-head, adjustment of, 17.148, 

811 
Zero 

beat, definition of, 23.178, 1536-1537 
level, definition of, 10.16, 447 
-shift, negative and print densities, determi-

nation of, 18.265, 991-992 
-suppressed meter, purpose of, 24.81, 1607 
voltage point, definition of, 25.54, 1626 

"2" set, description of, 22.35, 1250 


