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SYNCHRONIZATION OF MULTIPLEX SYSTEMS FOR
RECCRDING VIDEO SIGNALS ON MAGNETIC TAPE

D. E. Maxwell and W. P. Bartley
General Electric Company
Syracuse, New York

EEL 7

The over-all and inter-channel timing
accuracy requirements for time-division-multiplex,
nagnetic-tape recording systems are discussed.

The effects of tape flutter and skew on timing
accuracy are considered, and methods for achieving
good synchronization despite flutter and skew are
described. The effects of inadequate synchroniza-
tion on the signal output of the system are shown.

Introduction

Consideration of the many factors involved
in the design of magnetic recording systems for
operation in the megacycle frequency region led
to the choice of a time-division multiplex system.
In this type of system, information contained in
the wide-band signal to be recorded is distributed
by a time sampling process among a number of nar-
row-band chammels, the outputs of which are then
recorded on a corresponding number of parallel
magnetic tape tracks. A discussion of the basic
theory of operation and channel resp?Y?e require-
ments is given in a companion paper. The
present paper is concerned primarily with the
proper synchronization of time division multiplex
systems. '

Basic _sttan

A block diagram of an eight channel multi-
plex tape recording system illustrative of the
techniques to be discussed is shown in Figure 1.
The selection of eight channels for discussion is
arbitrary, and no particular restriction is imposed
on the number of channels except that the com-
plexity of equipment required and the difficulty
of maintaining channel uniformity makes a system
with a very large number of channels impractical.

The input signal is passed through the
Input Low-Pass Filter, having a cut-off frequency,
f, corresponding to the desired upper frequency
limit to be recorded. The signal output of this
filter is then fed simultaneously to eight Sampler
channels which sequentially sample the signal at a
channel sampling rate of 2f/8. The channel
samples are then passed through the Even-Ringing
Filters having a cut-off frequency of f/8 and into
the corresponding eight channels of the Tape
Recorder. On playback each of the recorded
channel signals is sequentially sampled in the
Itesampler, combined in the Adder, and filtered by
the Output Low-Pass Filter to restore the origin-
al bandwidth limited waveform.

Successful operation of such a system
requires exceedingly precise synchronization of

the sampling and resampling process. Basic synch-
ronization is provided by the Sync Generator unit
which generates time reference signals for the
Sampler and Resampler. The Resampler synchroniz-
ing signal from the Sync Generator is recorded on
a separate tape track, at some frequency, such as
£/12, which is sub-harmonically related to the
channel sampling frequency f/L, since the highest
frequency that can be recorded in a channel is f£/8.
The synchronizing signal from the tape is multi-
plied in the Resampler Synchronizer to the channel
sampling frequency, f/L, for synchronization of
the Resampler. Two relatively-low-frequency ref-
erence signals are also provided by the Sync
Generator for recording on the two outside tape
tracks to provide tape skew compensation as de-
scribed later.

Channel Timing Relationships

The sampling process which takes place
in the Sampler unit is shown in Figure 2. At the
top of the figure a square-wave input signal is
shown, which for convenience only, is synchron-
ously related to the sampling rate. This signal
contains no frequency components higher than f cps.
The samples, therefore, occur at time intervals of
1/2 f seconds, and same 2L successive samples are
shown in Figure 2. Although ideal narrow samples
are shown in the figure, the actual sample width
in practice may occupy a substantial portion of
the period 1/2 f seconds without serious degrada-
tion of high frequency response. It can be seen
in Fig. 2 that the sampling pulses are allocated

sequentially to the various channels. Thus,
Chammel 1 receives samples 1, 9, 17, -===-=- 3
Channel 2 receives samples 2, 10, 18, -=--- ; etc.

The time interval between samples in any channel
is accordingly 8/2f sec. Ag is shown in the pre-
viously referenced paper (1) the minimum bandwidth
required for accurate transmission of the channel
sampling information through the tape recorder is
f/8 cps. To cite an example, in an eight-channel
system designed to record 4 mc the high-frequency
response limit of each tape channel must be at
least 500 kc. Correspondingly, the time between
samples of the input signal will be 0.125 micro-
seconds, and the time between individual channel
samples will be 1.0 microseconds.

The waveforms of the channel samples is
altered in passing through the Even-RingingFilters
prior to recording on the tape. Fig. 3 shows the
response of a typical channel to a step function
applied to the input of the system. The channel
samples, which occur at intervals of n/2f seconds
(where n is the number of channels, and f is the




highest frequency component of the input signal),
are passed through the Even-Ringing Filters and
produce the waveform shown at the bottam of Fig. 3.
Note that the output of the channel filter is also
a step function, but since it contains no frequen-
cies higher than f/n cps, the rise time is greater
than the system input function, and has both a
leading and a lagging transient oscillation of
period n/f seconds.

Synchronizing Accuracy Requirements

To reconstruct the original signal from
the recorded samples requires that each of the tape
channels be sampled precisely at the point on the
tape corresponding to the correct instantaneous
amplitude of the desired samples. This process of
sampling the output of the tape channels will fre-
quently be referred to in this paper as "re-
sampling." It is not a sufficient condition in
itself that each tape channel be resampled at the
proper point; it is required in addition that the
resulting resamples which are combined in the Adder
unit be spaced exactly 1/2f sec. from channel to
channel. Due to the mechanical vagaries of the
tape medium, these two requirements may not be
satisfied simultaneously without the corrective
measures to be discussed.

Re~-sampling mis-timing in any channel
results in an error signal at the output of the
system, characterized by spurious frequency com-
ponents at the channel sampling frequency and
integral multiples thereof. In same recording
applications, such as television, where there is
usually a synchronous relationship between the
system input signal and the sampling frequencies,
re-sampling time errors may result in the formatiam
of "ghost" images of the desired signal. To gain
some appreciation of the magnitude of the elec-
trical and mechanical problems associated with
accurate re-sampling, consider the case of a
system designed to record 4 mc. In this system
two successive samples are only 0.125 microseconds
apart in time, which at a typical tape speed of
100 inches per second, means that the two success-
ive samples are spaced only 12.5 millionths of an
inch (about 0.3 microns) apart in the direction of
tape travel. Experimental and analytical evidence
indicates that for satisfactory system performance
individual samples should have a time-position
error (both with respect to their recorded posi-
tion on the tape, and in actual playback time)
less than n/20f; or less than 0.05 microsec. in a
L mc system.

In practical tape recording systems three
major sources of timing error have been encounter-
ed: first, substantial fixed differences in delay
time from channel to channel may exist, particu-
larly where separate recording and playback heads
are involved; second, there are time-varying delays
which differ from channel to channel due to the
effects of tape skew; and third, there are time-
varying delays which are the same in each channel
due to tape speed variations (flutter). These
time-error sources and methods for compensation of
them will now be discussed.

Time Invariant Channel Delay Differences

In a time division multiplex system of the
general type under discussion in this paper there
is considerable fixed time delay in each channel.
It is requisite to satisfactory operation that the
total time delay of all channels be the same with-
in a very small fraction of the channel filter

ringing period, n/f sec.

The effect on the output of an eight-
channel system due to a single mis-timed channel
is shown in Fig. L. The input signal to the
system is shown on the top line of the figure,
followed by the correct values of the re-samples
of Channels No. 1 and 2. The waveform of the
channel playbagk signal is shown by the dashed-
line curves passing through the peaks of the re-
samples. Channel No. 3 has a time-delay that is
1/f sec. less than the other seven channels.
Therefore, the correct amplitudes of the Channel
No. 3 re-samples occur 1/f sec. earlier than at
the points where this channel will actually be re-
sampled; the resulting incorrect Channel No. 3 re-
samples are shown on line five of the figure. The
addition of all channel samples results in the
pulse train shown at the bottom line of the figure,
and the system output after filtering will have
the waveform shown by the dashed-line curve con-
necting the samples. The effect of the Channel
No. 3 mis-timing is observed as an output ampli-
tude error recurrent at the charmel sampling rate.

Two major sources of fixed differences in
channel delay time are encountered in practical
system design. First, the nommal tolerances speci-
fied for circuit elements, particularly those em-
bodied in the channel filters, account for appreci-
able time-delay differences between channels.
Second, small misalignments of the individual
recording and playback heads in multichannel head
assemblies normmally exist. Of these two sources
of delay differences, head misalignment is by far
the most significant, especially when separate
recording and playback heads are employed.

A typical multichannel recording head
assembly is shown in Fig. 5. This particular
assembly contains 20 individual ferrite-cored
heads with mu-metal shielding between each head.
These heads are designed to provide satisfactory
recording of wavelengths as short as 0.0005" (0.5
mils), and therefore when used at a tape speed of
100 inches per second render useful chammel re-
sponse to about 200 kc. In the process of assem-
bly of such heads great care is taken to insure
that each gap is mechanically as well aligned as
possible with all the others in the assembly.
Individual head alignment can be held to within
{0.1 mils of the center line of the gaps. At a
tape speed of 100 i.p.s. 0.1 mil represents 1
microsecond of time difference, and it is there-
fore possible for two adjacent heads in such an
assembly to have a time-position difference of as
much as 2 microseconds with respect to each other.
The possible total time difference between
channels is increased to about L microsec. when a
separate playback head built to the same toler-




ances is employed. In actual operation even great-
er differences in head delays than can be explained
by mechanical misaligrment of the gaps are found to
exist. In some cases measured channels delay diff-
erences could be explained only by adding the delay
corresponding to the thickness of the gap spacer to
the normal aligmment tolerance. It was concluded
that there is no certainty as to which edge of the
recording head gap will define the remanent field
on the tape, this apparently being a matter of the
relative sharpness of the two gap edges.

Fixed, unequal charmel delays such as
described above can be satisfactorily compensated
for by installing adjustable delay lines in each
tape chamel. The amount of delay added to any
channel by this method is equal to the difference
between the delay of that chammel and that of the
channel having the greatest amount of delay.

Inequalities in Channel Delay Due To Tape Skew

Multiplex tape recording systems of the
type covered by this paper are subject to time-
varying inter-chanmnel timing errors arising from
small angular changes in the position of the tape
with respect to the recording and playback heads.
This effect is shown in Fig. 6. Two possible
extremes of skew angle of the tape are shown at
the top of the figure, while below is shown the
desired skew-free aligmment of tape and head. A
mmber of tape transports designed for moving tape
at speeds from 100 to 200 i.p.s. have exhibited
maximum skew angles of the order of 40.02 degrees
(0.35 milliradians) from the desired perfect align-
ment. In terms of time variation between the
center and outside edges of a 3"_wide tape running
at a speed of 100 i.p.s. the above amount of skew
will cause nearly {l. microsec. change in effective
time delay of a tape track near an outside edge of
the tape with respect to a track in the center of
the tape. In view of the channel timing accuracy
requirements given earlier in this paper, it is
evident that the above skew error is completely
intolerable.

The effect of tape skew on the time posi-
tion of the channel samples is shown in Fig. 7
for an eight-channel system. The no-skew condi-
tion is given at the top of the figure. The dots
indicate the time location on the tape of the
correct values that should be re-sampled in each
channel. Two extreme conditions of skew are shown
in the center and bottom portion of the figure,
where in one case skew has approximately doubled
the time between the tape channel samples, and in
the other case all eight channel samples occur
almost simultaneously.

In Fig. 8 is a graphical representation of
the effects of skew on a step-function input sig-
nal to the system. Actual time positions and ampli-
tudes of the correct samples on the tape are shown
for each channel, and the dots represent the times
at which re-sampling actually takes place in each
charmel. The pulse train which results from add-
ing the individual charmel re-samples is shown
near the bottom of the figure, as is the output

signal from the system after filtering. The wave-
form of the input signal has been almost com-
pletely destroyed by a train of leading and lag-
ging error signals.

Several methods are available for correc-
tion of the variation in channel time delays due
to skew. One method, which is completely elec-
tronic, is to store the correct values of the
chammel samples in box-car storage circuits, and
read them out in correct time sequence and spac-
ing. Another method is to servo control the
angular position of the playback head assembly
with respect to the tape such that the time posi-
tions of the channel samples are correctly main-
tained. The latter method will be described in
this paper.

Playback Head Skew Servo

Servo control of the angular position of
the playback head involves movement of the fairly
massive playback head assembly at tape skew fre-
quencies, and it is therefore requisite to deter-
mine the frequency spectrum of tape skew. Fig. 9
shows a plot of relative skew amplitude of a typi-
cal tape transport versus frequency. The larger
amplitude “components of skew are seen to be con-
centrated in the region below about 25 cps, with
measurable skew components extending as high as
500 cps. Therefore, the angular position of the
playback head should be servo-controlled over a
corresponding range of frequencies. Successful
operation of a head servo as a method of correct-
ing channel delay errors due to skew assumes that
the time delay variations in any channel are pro-
portional to the distance of that channel from
the center of the tape. Measurements have shown
that this assumption is valid, at least to an
excellent first approximation, and the tape can
be considered as a rigid web which maintains its
shape during the skewing process.

A block diagram of a playback head skew
servo is shown in Fig. 10. For operation of this
system sinusoidal reference signals are recorded
on the two outside tape tracks. On playback the
two reference signals are compared in phase to
provide the necessary error signal for the servo.
The error signal is amplified in a dc amplifier
and fed to an electro-magnetic driver unit, which
later rotates the head assembly about the center
of the tape in such a direction that the phase
error of the reference signals is reduced. Thus,
the playback head assembly is made to follow the
skewing of the tape, and hence, to preserve cor-
rect channel time delays, at least within its per-
formance limits.

The effectiveness of the head servo in
reducing timing errors due to skew is illustrated
by Fig. 11. In this figure are shown actual oscil-
lograms of relative skew error in a tape transport
with and without the head servo in operation. A
reduction in timing error of more than 10 to 1 is
indicated, particularly for the lower-frequency
skew components. By means of such a servo it has
been possible to reduce peak channel timing errors




due to skew to about §0.1 microsec., which was ad-
equate for satisfactory operation of the multiplex
systems with which it was employed.

Time-Varying Channel Delays Due To Flutter

In time-division multiplex systems varia-

tions in tape speed (flutter) during the record-
ing and playback process have the effect of pro-
ducing time varying channel delays which are the
same in all channels, since it can be visualized
that the samples recorded on the tape arrive at
the playback head either earlier or later than
their correct time position, depending upon the
instantaneous value of flutter. Considered from
a more-familiar point of view, flutter causes the
recorded information in each track to be frequency
modulated at the flutter frequency. Accurate re-
sampling of the tape in the presence of flutter
requires that the re-sampler unit be synchronized
from a signal which is frequency modulated in an
identical manner to the channel information.
Great care must be taken to insure that the phase
frequency characteristic of the synchronizing sig-
nal channel is identical with that of the informa-
tion channels; otherwise, the re-sampler will not
properly track the recorded samples in the presence
of flutter.

In a properly synchronized time division
miltiplex system flutter has the same effect on
the output signal as in a single-channel recorder,
in that the output signal is frequency modulated.
The allowable flutter of a tape transport depends
upon the nature of the signal to be recorded.

For recording many types of signals a peak-to-
peak tape flutter amplitude of 0.1 percent is
acceptable. Flutter is defined here as the ratio
of the speed variations to the average tape speed.
For recording television signals, especially if
industry standards for frequency stability are to
be met, flutter will have to be several orders of
magnitude better than the above figure. It may
prove more practical to meet the television
flutter requirement by electronic compensation
methods rather than by exhaustive machine tech-
niques.

Fig. 12 is an oscillogram showing the
flutter characteristics of one 100 i.p.s. tape
transport developed for recording video frequen-
cies. Peak-to-peak flutter is seen to be approx-
imately 0.07 percent. However, this oscillogram
was made with a pen recorder which does not re-
spond to flutter components above about 100 cps.
Total peak-to-peak flutter of this machine as
observed on an oscilloscope where all frequency
camponents up to several kc were included was
about 0.1 percent.

The synchronization problem is then one of
insuring correct re-sampling of the output of
each tape channel in the presence of flutter.

The frequency at which the signal channels must
be re-sampled is higher than can be directly
recorded on a single channel (assuming all chan-
nels have the same bandwidth limitation); hence,
it must be derived on playback from a sub-harmonic

of the channel re-sampling frequency. Although a
recorded sub-harmonic which is one-half the chan-
nel re-sampling frequency is within the frequency
range of the recording channels, it has been more
advantageous to use a frequency which is one-third
the channel re-sampling frequency, since signals
recorded near the upper frequency limit of a chan-
nel exhibit greater amplitude modulation than
those recorded in the middle range.

Several methods of deriving the channel re-
sampling signal from the recorded sub-harmonic
frequency have been used, and two of these are
shown in the block diagrams of Fig. 13 for an
eight-channel multiplex system.

In the multiplier-type of re-sampler sSynch-
ronizer shown in Fig. 13a, the sync signal from
the tape recorder of frequency f/12 cps is fed
through a continuously variable delay line to an
amplifier-clipper stage. The delay line is vari-
able over a range of at least L/f seconds, which
corresponds to the period of the channel samples,
and permits exact adjustment of the phase of the
re-sampling pulses with respect to the recorded
channel samples. After amplification and clipping
to remove amplitude modulation, the sync signal is
passed through a band-pass filter and amplifier
tuned to the third harmonic of the sync signal,
thus forming the required f/L cps re-sampler syn-
chronizing signal. This type of re-sampler syn-
chronizer can be made to give an output signal
which exactly follows the flutter present on its
input signal, but very careful filtering techni-
ques are required to remove the sub-harmonic sync
signal from the output of the synchronizer, and
to achieve satisfactory phase delay characieris-
tics.

The locked-oscillator type re-sampler syn-
chronizer utilizes a reactance-tube-controlled
oscillator operating at the channel re-sampling
frequency f/L cps. The output of the oscillator
is coupled to a buffer amplifier which supplies
the synchronizing signal to the re-sampler, and
also drives a frequency-divider, which operates
at 1/3 the re-sampler frequency, or the same fre-
quency, f/12 cps, as the sync signal from the tape
recorder. The sync signal from the tape recorder
is fed through a variable delay line.of the same
type described above for the multiplier-type syn-
chronizer, and after amplification is compared in
a phase detector with the output of the frequency
divider. The resulting error signal from the
phase detector is amplified and applied to the
reactance-tube to control the frequency of the
oscillator. One advantage of this type of syn-
chronizer is that its output signal can be kept
very free from sub-harmonic content. The locked
oscillator type of synchronizer does not directly
follow frequency changes caused by flutter, due
to low-pass filtering action in the phase detector
and reactance-tube control circuit. This is equiw
alent to a time delay, and if the cut-off frequen-
cy of the frequency control circuit is not sub-
stantially higher than any flutter frequencies
which may be present, serious re-sampling time
errors will result.




The effect of an error in re-sampling
phase on a step function system input is shown in
Figure 14. In this figure the time positions and
proper amplitudes of the correct samples on the
tape are indicated for the eight channels, and the
dots indicate the time at which re-sampling actu-
ally occurs due to incorrect re-sampling phase.
The envelope of the pulse train resulting from add-
ing the channel re-samples is shown at the bottom
of the figure and corresponds to the system signal
output. It will be noted that the desired single
transition is altered by the addition of alternat-
ing error fghost")signals which both lead and lag
the desired transfer time. Since flutter which is
incorrectiy tracked by the re-sampling synchronizer
results in instantaneous re-sampling phase errors,
its effect on the output signal will be to cause
ghost-type errors of a complex and contimally
varying character at each change in signal level.

As an example of how well the requirements
for accurate re-sampling synchronization can be
met in the present of flutter, a typical re-sam-
pling synchronizer of the multiplier-type exhibited
a re-sampling time error of only 0.1 microsecond
for 41% simulated flutter magnitude.

Performance of Practical Systems

Advanced development work has been done on
a number of multiplex tape recording systems which
utilize the synchronizing techniques discussed in
this paper. These systems have been intended pri-
marily for military applications, and bandwidths
have ranged from 1 to 3.k mc.

Figs. 15 and 16 show, respectively, the
square-wave and pulse response of a 6-channel,
1.1 mc magnetic recording system, at various
square-wave frequencies and signal pulse widths.
The non-ideal input pulse shapes shown in the fig-

ponents of the input signal to 1.1 mc. It can be
observed that the recording system causes rela-
tively little degradation of rise times, and the
resolution of narrow pulses is very close to the
jdeal limit for a 1 mc system. Such a system is
useful for recording many types of pulse and com-
munication signals. The "grass" on the output
signals gives indication of a fairly limited sig-
nal-to-noise ratio, but much further improvement
is achievable within the framework of the basic
techniques which have been shown.

The type of multiplex system described in
this paper is designed for recording any type of
random signal within the useable frequency range
of the system. Television signals have been
recorded, but picture quality was not up to broad-
cast standards. As was indicated above, most of
the General Electric major development effort to
date has been directed toward the military require-
ments for wide-band tape recording systems rather
than toward television, but the same basic tech-
niques are applicable to either field of use.
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CHANNEL RESPONSE REQUIRSMENTS OF MULTIPLEX SYSTWMS
FOR RECORDING VIDZ) SIGNALS ON MAGNETIC TAPE

B, G, Walker
€lectronics Laboratory
General Electric Company

Syracuse, New York

Summary

Time-division multiplexing has been employed
as a means of recording a wide-band video signal
on multiple-track magnetic tape. The desired fre-
quency response in the individual tape channels is
discussed, and a simple method for relating the
sampling errors to the deviations in the frequency
response is presented. The effects of sampling
errors on the output video signals are shown,

Introduction

A system capable of recording video signals
on magnetic tape and reproducing them with reason-
able fidelity has many potential applications,

The recording of television programs, radar data,
telemetering signals, and motion pictures are
examples, Most of the applications require a
system with a bandwidth of about four or five
megacycles, It is difficult to achieve this much
bandwidth on a single track of magnetic tape;
therefore, multiplexing systems have been
developed in which the broad-band video signal is
broken down into several narrow-band signals that
can be recorded on tracks of magnetic tape operat-
ing in parallel., The purpose of this paper is to
discuss the requirements placed on the frequency
response of the narrow-band channels in a time-
division multiplex system, and what effects devia-
tions from the ideal response have on the overall
system operation,

A block diagram of an eight channel time
division multiplexing system is shown in Fig, 1.
The theory of operation of tne system is based
on the sampling theorem which may be stated as
follows: If a function f(t) contains no fre-
quencies higher than f_  cycles per second, it is
completely determined 8y piving its ordinates Tt
a series of points spaced 1/2f, seconds apart.
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In this system the input signal is passed through
a low-pass filter to insure that no frequencies
greater than f, enter the system. Next, the
signal is sampled at a rate of 2 f, times per
second, and the resulting samples are distributed
sequentially to the narrow-band tape channels,
The first sample goes to channel #1, the second
sample to channel #2, . . .the eighth sample to
channel 8, the ninth sample to channel #1, and
so on, During playback, the outputs from the
individual channels are sampled and the results
combined to form a set of sample pulses identical
to that taken from the input video signal. These
pulses are passed through a low-pass filter
having a cut-off frenuency of fo, and the output
is the reconstructed video signal,

Ideal Channel Response

Zach channel receives sample pulses at a
rate fg which is one-eighth the video sampling
frequency, 2 fo. It follows directly from the
sampling theorem that if one desires to put
independent samples into a channel at a rate of
fs and recover them with no pulse-tc-pulse cross-
talk, the channel must have a bandwidth of at
least f3/2. However, simply having the required
ban lwidth does not insure that the desired output
can be easily obtained, A channel which has a
flat amplitude characteristic and linear phase
from zero to f /2, and transmits no frequencies
greater than fg/2 is considered ideal since the
input samples can be fed into it at the maximum
rate and regained with no cross-talk simply by
sampling the output signal at the proper times.
This channel has an impulse response of the form:

n 1

fans pree TR -
t will give an bitput waveform of this type when
excited with a sampling pulse if it is much

it
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shorter than 1/f_. This ideal response is

shewn in Figure 2, and the response due to
several sample pulses spaced by intervals of
1/fg is shown in Figure 3., DNote that if the
channel output is sampled at times correspond-
ing to fst =0, 1, 2, etc.,, each resulting
sample is uniquely related to the amplitude of
the corresponding input sample. This condition
comes about because the channel impulse response
passes through zero at all but one of the sampl-
ing points. If, due to an error in the synchro-
nizing circuits, a channel output is sampled at
incorrect times cross-talk will be experienced.
Since the ringing due to an individual sample
pulse persists over a considerable number of
samples, the effects of the crosstalk will appear
as a whole series of errors in the output.
Because of this fact, it may appear desirable to
damp the channel impulse response so that it is
essentially zero outside of the two sampling
intervals in which it is rising to its peak and
decreasing again to zero. It is possible to con-
struct channels having this type of impulse
response, but the upper frequency limit of the
channel must be considerably greater than that
required for the even-ringing type of response
shown in Figure 2,

Analysis of Practical Channel Response

In a practical system a channel impulse
response will not be perfect, but will exhibit
some "zero-crossing" errors; i.e., it will not
be exactly zero at the sampling points. These
zero-crossing errors can be easily measured in
a system and their effect on the system opera-
tion can be readily determined, In order to




design and align the compensation networks which
produce the proper phase and amplitude character-
istics in the channels, it is necessary to find a
convenient method of relating the zero-crossing
errors to the frequency response of the channels.
Application of the techniques developed by Wheeler
for interpreting phase and amplitude distortion in
terms of paired echoes serves this purpose.
Details of this analysis are given in the Appendix

The results that can be obtained by this
method are as'follows: Consider the frequency
response curves shown in Figure 4. (a) is the
ideal response; (b) the response achieved in a
practical system; and (c) the difference between
the ideal and the practical response.cX{w) and
#(W) are defined as the deviations of the practi-
cal amplitude and phase response respectively
from the ideal. Figure 5 shows the impulse
response of the practical channel. The zero-
crossing error, £,, is defined as the ratio of
the impulse response at the nth sampling point
(fgt = n) to its maximum value (f_t = 0). If the
deviations of the practical response from the
ideal are small, then a good approximation for
#W) is given by:

¢/a)):f¢05/’7 ’%:‘I') {of,w’.éﬂ.{; (1)
-oo

where:
¢n= Er & (2)

An expression forc(w) cannot be derived from the
zero crossing errors; however, this is not too
important since the amplitude response can be
easily measured by other methods., It is impor-
tant to determine what zero-crossing errors a
given & (W) and $(W) will cause. These can also
be obtained from this analysis, and the express-
ions are as follows:

E,,=°(2,,-r—?l for n>0 )

= R
e o_(m__z_n, for 7<o W

where @ is the Fourier Series coefficient of
g@) in equation (1) and o(,is the Fourier Series
coefficient of o (W) as expanded in equation (5),

@ nw
or(W) :—éo(n cos i -[or lwigzﬂfs(s)

Effects of Sampling
FErrors on Output Signal

The effects of zero-crossing errors on the
output signal can best be understood by consid-
ering the results due to a single zero-crossing
error in each channel. Once this case is
clearly established the generalization to more
zero-crossing errors is obvious. The following
discussion is based on the assumption that the
only zero-crossing error is & , and that all
channels are identical, As iliustrated in
Figure 6(a), the output samples from a channel
at time fgt = n is equal to the desired output,
Sp» Plus an error £ S,.,. Figure 6(b) shows
the output samples from a channel due to a pulse
input signal, and Figure 6(c) shows the composite
of the samples from all the channels., The effect
of the zero-crossing error, £ , is to produce a
ghost in the output which is delayed 1/fs seconds
with respect to the desired output and is &,
times the desired signal in amplitude. The
effect of any zero-crossing error, £4, is to
produce a ghost delayed by n/f; seconds and
having an amplitude equal to £, times the main
signal, For negative values of n, the resulting
ghosts are leading rather than lagging the main
signal.

For some applications, such as the recording
of digital information, small ghosts do not
degrade the output signals appreciably. On the
other hand, 3 five per cent ghost in a tele-
vision picture is objectionable,

The perceptibility of ghosts in television
signals can be reduced by appropriately zlter-
nating the polarity of the sample pulses as they
are fed into the channels. Up to this point it
has been assumed that all sample pulses were the
same polarity. Suppose that a circuit is added
between the sampler and the record amplifier in
each channel which reverses the polarity of
every other pair of pulses, and that a decoding
circuit is placed in the playback sampler to
restore the sample signal to its original form.
The samples that are fed into one channel due
to a step-function input are shown in Figure 7(a).
The error signals, as they appear in the channel
outgut, are shown in Figure 7(b), and in Figure
7(c) as they appear in the output signal (after

going through the decoding circuit). The
important point to note is that every other
error signal is reversed in polarity so that the
result of the zero-crossing error is a ghost
with its polarity alternating at the sampling
frequency.

If the sampling frequency
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is an odd multiple of one-half the frame rate,
then it can be shown that at any point in the
picture a ghost will be positive in one frame and
negative on the next. This technique will reduce
the effects of ghosts considerably, especially if
they are small. Cancellation is never perfect
due to non-linearity in the picture tube and
failure of the eye to integrate the light output
perfectly from one frame to the next.

In general, it is not desirable to use this
technique of alternating pulse polarities in

systems used in applications other than television,

In pulse recording for example, the effects of
small ghosts can usually be easily reconized and
removed, If the polarity of the ghosts is alter-
nating the problem is much more difficult,

Conclusions

A system utilizing most of the techniques
described in this paper has been constructed and
evaluated, The results proved satisfactory for
some applications and demonstrated the feasibility
of the approach; however, further development is
required to bring the quality of the output signal
up to broadcast television standards.
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Appendix

Ideally, the channels should have the fre-
quency response shown in Figure lL(a) which may
be expressed in equation form as follows:

Hw) - 4w)edC®

where:

Aw) =1 for | @l < 7
Hiw) = © /or )w)>/f"rfs

The impulse response of such a filter is given
by the Fourier Transform of Hy(w),

/ G u)t
L HewelC Y (1)
halt)- 55 4 :

Substituting from (6) into (7) and integrating,
one obtains:

A /H'[ sin s (t- 0) -
z o)
This is the ideal impulse response, Now the

problem is to find the impulse response of a
practical channel having the following frequency

response. fwl
L [4/:0) / °</w)] e’ [ WM%Z)

If H(w) approaches the ideal response
quite closely, then it may be assumed that
o (w)«land Plo) << |, By expanding e-j ¢(w)
in a Taslor series 3nd neglecting all terms con-
taining powers of & (v) and @(w) greater than
unity and products of @ (w) and ¢%~), equation
(3) becomes:

. w
H(W) 2 [Ar)+ex ) - 1 Alw) ¢(w2/€7 10)

Thus the impulse response of the channel may be
written as:

Bl = hplt) 4 AlE-8 0 byt )
where hI(t) is given by equation (8) and,

@
y w?
b (¢ Z“J vl el 'y a2
< oo 2

halt) = 2 [iuire? o

@7/ = Iz Plw)fw) € dwW

-co

It is convenient at this point to expand a (w)
and @lw) in Fourier Series and substitute into
equations (12) and (13). An equation for P{w)
is required only over the frequency range of -fs
to ffs, therefore it may be expanded in a Fourier
eries over this interval. An equation for & (w)
is required over the whole frequency range.
However, if the practical response deviates only
a small amount from the ideal, it is reasonable




to assume that@ (w) = 0 for Iul?er‘ . There-
fore, a (w) can be expanded in a Fourier Series
over the interval-27f, to +2rf,
expansions are as follows:

q’(W) Zo(n (05

c/(uJ)-o

The Fourier

for jwic 2rf,
for|w)>2nf

oo
‘D(“’)f;o@"sm 7 AerlWlsm

Substituting for « {w) and @#(w) from (1h)
and (15) into (12) and (13) yields:

/7/// /f‘ {51” (zf?'fﬂﬂﬁj S"'(Zﬁ‘{f ,,,/,)}(16)

Zﬁfffﬂ, 2PLA

._——

24

ﬁ/// ,{2¢[‘ 2 Afr - a 514(0,4{4 "”)}(17)

7/57' o st 2

17

Substituting into equation (11) from (8), (16)
and (17) and evaluating the result at the sampling
points (fg(t=¥)=n), one obtains the following:

b/ﬁ ‘y: ){; /or nzo
[ 2 forns
:{.S(o(.zn+¢ ) /or <o

Thus from the definition of the zero-crossing
errors, € n ,

En=°<2,z+ Pa fﬁf n-o
5 (19)
Enz=Xyn- Pn for nc<o
2
From (19) it follows that,
@, - £y = € (20)




FERRITE HEADS FOR RECOARDING
IN THE MEGACYCLE RANGE

W, R, Chynoweth
Electronics Laboratory
General Flectric Company
Syracuse, New York

Summarx

The low losses and hardness of ferrites have
made them the logical subject of investigation
for use in magnetic recording heads, particularly
when higher than audio frequencies are to be
handled. It was thought that the hardness would
produce good wearing characteristics, and that the
main disadvantage would be poor resolution due to
the granularity of the ferrites.

A program for the development of high density
ferrites was initiated. This program has produced
a ferrite from which heads with a very short and
well defined gap can be produced. These ferrites
have a permeability of 1000 or better up to L me
and losses sufficiently low to allow operation
as playback heads over this frequency range.

Using the improved ferrites, heads have
been fabricated with discernable response to
.125 mil wavelength and with marginally useful
response to .16 mil wavelength. Saturated signal
to noise figures greater than LO db are possible,
The maximum saturated signal at the head
terminals was around 0.3 millivolt for a head
with an inductance of 1 millihenry,

When using these short gap heads as record
heads it was not possible to saturate the tape.
The ferrite head saturates about 12 db. below
tape saturation. This difficulty can be circum-
vented by using a longer record gap.

The greatest deficiency of the ferrite heads
is a short life. Although the gross wearing
qualities are better than metallic heads, there
is a local erosion at the gap edges; this
deterioration occurs primarily on the trailing
edge of the gap. Noticeable degradation in the
resolution performance occurs in less than 10
hours wear at 100 inches per second in some cases.,
The use of a glaze material in the gap improves
the wear characteristics and improvements in this

frabrication technique along with further
improvements in ferrites may solve the ferrite
head wear problems,
Text

Because of their relative hardness and low
losses, ferrites were early considered a poten-
tial core material for magnetic recording heads,
As early as 1949 some ferrite heads with an
effective gap of around .75 mil were built and
tested. Since that tire ferrite heads have
appeared commercially, mostly for pulse applica-
tions where the head was spaced from the medium.
In the field of contact heads, ferrites have not
fared quite so well, [Farly thoughts seemed to
indicate the following disadvantages:

1, difficulty in fabrication due to
hardness,

2. brittleness leading to easy chipping,

3. poor resolution due to granularity.

With the possible exception of the chipping, the
above disadvantages have not proven serious,
Ferrites can be molded and then ground and lapped,
and this process could well prove to be more
economical for production than the handling of
thin metallic laminations,

The work described in this paper was done
as part of a wide band magnetic recording develop-
ment, It was desired to build heads which could
be operated at bias or signal frequencies in the
low megacycle range with as high a resolution as
possible, Ferrites seemed to satisfy the high
frequency requirements.

It was thought at that time that the loss
of resolution due to rough gap edges caused by
granularity of the ferrite would be the most
serious problem, therefore a material development
program was initiated to produce a more homo-
geneous and dense ferrite with satisfactory mag-
netic and physical properties for use in heads,
In terms of the oririnal aims, this program was




quite successful, Ferrites were produced with
satisfactory permeabilities and Q to be used as
playback heads up to five megacycles; Figure 1
shows a graph of permeability and Q as a function
of frequency. That these ferrites had the
necessary physical properties to make sharp re-
cording head gaps is shown in Figure 9. It will
be noted that the ferrite is free from large
voids and blow holes ard that the gap edges are
quite straight and uniform. Additional evidence
of the sharpness of the gap edges is shown in
Figure 2. The sharpness of the nulls is a charao-
teristic of relatively sharp and parallel edges.

The head just described (Fig. 2) is not a
high resolution head; it could be used out to
0.5 mil wavelength., Photomicrographs of two
higher resolution heads are shown in Figure 3.
It will be noted that the gap edges appear
straight and parallel and free from large irregu-
larities. The sharpness of a gap edge is
significant only when related to the recorded
wavelength; from this point of view the edges are
not sharp and straight but have irregularities
which are comparable to the gap length. The
minimm gap length for head #15 (Fig. 3) is
around .06 mil and for head #18 is around .03 mil
therefore the irrecpularities, although relatively
large, are quite small on an absolute scale,
The wavelength response of tiese heads is shown
in Figure L; the problem of gap alignment at very
short wavelengths was dodged by recording and
playing back on the same head. There were some
differences in output between the heads but data
on such factors as front and back gap reluctance
and the effect of potting strains was not
sufficient to attach specific significance to
these output variations. It is significant that
the curves do not show tne sharp null of head #10
this is evidence that the gap edges are less
sharp relative to the recorded wavelengths at
which the null snould occur. In Figure S are
shown frecuency response curves for head #15,
taken at 100 and 160 inches per second tape
speed. It will be noted that the improvement in
frequency respcnse due to the increase in speed
is not as great as one would expect. There was
evidence that an air film between the head and
tape was produced at 100 inches/second. A spac-
ing loss of .02 mils will account for the
decreased resolution. These ferrite heads have
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a resolution which is at least as good as any
metallic heads which have been made available
for comparison at this time, a discernable out-
put was noted at .125 mil wavelength. In terms
of the equalization required, these heads would
be useful to at least .2 mil recorded wavelength.
The relatively low output would put a severe
requirement on the associated amplifiers.

It has been demonstrated that ferrite heads
with good short wavelength resolution can be
fabricated, however, they are not, at this stage
of development, a satisfactory general purpose
head at these resolutions, As a record head
they have the following shortcomings: relatively
low saturation flux density, low Curie tempera-
ture, and erosion of the gap edges. Playback
heads suffer from erosion at the gap edges.

The Curie temperature for these particular
ferrites was fairly low, around 65°C, The use
of these heads as record heads in an ambient
temperature of 25°C is marginal; the rise due
to combined bias and record current may cause
the total temperature to exceed the Curie
temperature. Thev would obviously not satisfy
military specifications, This limitation does
not appear~ to be fundamental, A further
material development should raise the Curie
temperature some, although perhaps at the
sacrifice of some of the other properties.

The low saturation flux density is not a
seriovs handicap in conventional playback heads,
or in wide gap record heads. In record heads
which have gaps as small as those described
above, saturation becomes a serious problem,
Since the recording process in a gap type head
depends upon leakage flux, and since the
relative amount of leakage flux with a very fine
gap is very small, it follows that the flux
density in the core, and especially the gap
edges must be high. It has been found that with
these ferrites and gap lengths saturation does
occur, In Figure 6 are showm Input-Output
curves for a ferrite head and a Brush BK1090
head for comparison; the same head was used for
playback in each case. It will be noted that
the first break in slope occur at 8 db. output
for the Brush head but at -1 db for the ferrite
head. It is not obvious from the data that the




Brush head is saturating but certainly the ferrite
head is saturating well below tape saturation.
This difficulty may be reduced by using materials
with higher saturation flux density or by increas-
ing the record gap length. Ferrites as a class
tend to have a low saturation flux density so that
it appears wider gaps are necessary in ferrite
record heads to avoid saturation, It should be
emphasized that the use of a wilder gap does not
mean that a decrease in the sharpness of the gap
edge is allowable, The use of a wide gap record
head would require special attention to the gap
edges in order to retain resolution and to reduce
record gap anamolies in the frequency response
curve,

Originally thoughtof as wear resistant heads
because of their hardness, ferrite heads, at
present, have wearing qualities which are poor,
“ear shows up as an erosion of the tape contact
surface. In many instances this erosion may
anpear all over the surface, but in most cases it
is concentrated at the gap edges, the worst loca-
tion as far as head performance is concerned.
ome wear tests were performed on these ferrite
heads by running them at a tape speed of 100
inches per second and then measuring the wave-
length response at low tape speeds. A4 ru-metal
head was run at the same time for control pur-
poses.,

A ferrite head (Head #5) with a Hysol gap
svacer was wear tested for a total of 93 howrs,
corresponding to 2,100,000 feet of tape. The
tape used was 3-M type 111 acetate backed tape,
and the normal force between head and tape was
around 75 grams, Ho pressure pads were used.
Figure 7 are shown photomicrographs of the gap
edges after 35 and 83 hours of wear. The original
gap was similar to that of head #15 but somewhat
more irregular, The gap after 35 hours of wear
shows a definite wearing pattern. There are long
scratches which do not appear to be serious
except as a possible site for further erosion,
After the scratches, erosion appears; actual
erosion can be considered in two categories,
surface erosion and gap edge erosion., Surface
erosion may occur anywhere on a surface where
the conditions are favorable, and in itself is
not detrimental to head performance. The type of
erosion which is very serious in ferrite heads
occurs at the gap edges. In the 35 hour photo-

In
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micrograph, the directional qualities of the gap
edge erosion are quite marked. The trailing edge
which is directed against the direction of tape
travel, is badly eroded while the leading edge
which the tape slides off of shows very little
evidence of erosion., Intuitively this situation
seems reasonable, After 33 hours of wear the
trailing edge is much more badly eroded, and
some erosion is starting to occur at the leading
edge; the surface erosion has also increased
appreciably, In Figure 8 are shown wavelength
response data showing tnhe deterioration in per-
formance as a playback head as the result of
wear. It can be seen that the bulk of the deter-
ioration in performance has occured in less than
23 hours of wear. The deterioration then
progresses slowly and there is evidence that a
usefully long life could be realized at 0,5 mil
wavelength if the direction of tape travel was
not reversed., If the tape direction is reversed
the uneroded gap edge will erode rapidly so that
no portion of the gap would be sharp or well
defined. Evidence based on some experience with
ferrite heads designed for 1.0 mil useful resolu-
tion indicates that, when both gap edges deter-
iorate, the shortest useful wavelength will be
around 1.0 mil,

Wear data obtained on both sintered ferrites
and single crystals without fabricated 7aps
indicate that the intrinsic wearing properties
are appreciably better than those experienced
with fabricated heads. For that reason methods
of making the gap area physically more like an
ungapoed ferrite have been devisad. One thought
is that when the gap is very short the tape
surface cannot get down into the gap region and
erode the trailing gap edge; if the joint were
perfect this certainly appears reasonable. It
appears unlikely, at this time, that a head with
usefully high output will have a short enough
gap to successfully resist wear. For this
reason it appears that something must be done
in the gap or within the material in order to
decrease this gap edge erosion.

A technique which holds some promise, is to
fill the gap with a glaze material which is non-
magnetic, bonds well to the gap faces, and is
hard. Such a glazed gap head (Head #10) was
fabricated and subjected to wear tests at 100
inches per second, A photomicrograph of this




head is shown in Figure 9. Most of the gap was
clean and straight when new. After LS hours of
wear (1,450,000 feet of tape) the head has a
large amount of surface erosion and the gap edges
have eroded somewhat. The directional wear quali-
ties are not very obvious on this head. It can
be seen that this head has not eroded as much in
LB hours as the previous head had in 35 hours.

In Figure 10 are shown wavelength responses taken
after 21 and 48 hours of wear. After 21 hours the
gap edges were relatively sharp giving a well
defined null but there was apparently a loss in
resolution. After LB hours the gap edges were
irregular enough to almost completely suppress
the second peak, although the resolution at wave-
lengths longer than 0.5 mil was substantially
unchanged. Comparison of the wear on heads #5
and #10 indicated that the glazing technique has
apparently increas=d the resistance to wear.
Since there is no reason to consider this glaze
optimum, it appears that there is something to be
gained by this technique.

In conclusion it can be stated that ferrite
heads can be constructed which have resolutions,
when new, comparable to metallic heads, and that
they compare favorably in performance with
metallic heads constructed from thin laminations
for high frequency use. They are, however,
defficient in wearing qualities; ferrites suffer
a reduced performance with wear while metallic
heads tend to retain performance although perhaps
wearing faster. There are grounds for hopes that
the future will produce high resolution ferrite
heads which are satisfactory from all view-points

The contributions of colleagues are grate-
fully acknowledged; in particular, Aaron P.
Greifer and Fredrick G. Keihn who developed the
ferrites and fabricated the heads, and Louis A.
Budell who participated in the evaluation and
testing. This work was accomplished under the
sponsorship of the United States Air Force.
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ATTENUATION MEASUREMENTS OM SHORT LINE SAMPLES

Louis E, Raburn
hesearch Consultant

Crosley Division, AVCO samufacturing Corp.
Cincinnati, Ohio

Introductinn

The following measuring technique has been
developed to compare the attenuations of relative-
ly short samples of r-f transmission lines. These
lines are of the type used in FM and UHF-TV broad-
cast irstallations, and have low attenuation fac-
tors throughout the frequency rangs up to at least
1,000 mc.

The measuring procedure devised requires no
unconventional test equipment or destructive line
alterations and has given good results on line
samplee only 6 to 20 feet long. The general tech-
nique employed is to close both ends of the line
sample, couple into one end and then measure with
an impedance meter and signal source the input im-
pedance of the line as a resonant coaxial (TFM)
cavity,

This resonance data for the different line
samples with minor restrictions gives a relative
comparison of their lcsses due to series resis-
tance and shunt conductance. This data can also
be used to calculate directly the line attenuation
ir decibels per 100 feet, and an example of *his
calculatior. is described herein,

The main restriction to the technique 1s that
the simnle eguations relating the carity ressnator
losses to the matched line attenuation apply only
for uniformly distributed loss factors. The series
resistance loss is, in general, so distrituted, but
if the shunt loss is due to spaced insulator beads,
it will be a function of the voltage standing-wave
pattern for the varticular resonant mode. The un-
loaded, resonant "Qp" is measured at the freqien-
cies where the line sample is (1 £ 2n)/L wave-
lengths long. This is not a severe restriction,
since even for a typical 20 frot sample of air di-
electric line, the reconances occur about 24.6 mec
apart above the tirst resonance at 12.3 MC.

In closing this section it should be explained
that 3 simple technique for closely evaluating the
Zo of "gmeoth" lines already exists. This consists
of first measuring "Cga", the quasi-static capacity
of an air dielectric section of the line, in guf/
foot and the added capacitys cf a typical insulator
bead of dielectric €., The equation Z_ = 1015 ohms
is then used with the bead capacity Ca
added as a distributed effect by the term L( V€ -1).
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Attenuation Measurement Process

A typical equipment set-up is shown in Figure
1. The line sample is terminated at the far end
by a shorting plate. The near end is fitted with
a coax-fed coupling probe separated lass than 0.05
inches. The signal generator must have good fre-
quency stability after warm-up, it must have a
Zood vernier interpolating dial, and it must be
fres »f incidental FM when amplitude modulated or
else operated without modulation. The impedance
or admittance meter must have "good laboratory ac-
curacy" and the receiver or vswr indicator require-
ments are conventional with the exception that it
must indicate cw level if the siznal penerator is
not mndulated.

After the equipment has fully warmed-up, the
input Z' or Y' referred to the location of the
coupling prcbe is measured as the carrier frequen-~
cy is tuned in small steos across one of the reso-
nance modes, This data is plotted on 2 normallized
circle chart, "Smith Chart," to determine the gen-
eral outline of the "resorance circle.” If it has
a convenient diameter, {between about 1/5 to 3/5 of
the chart diameter), additional points are taken to
enable a smooth plot of this "circle." 1f the
measured circle is #'/Z , rotate it 180° on the
chart, inverting to Y'/Y , If the "circle” di-
ameter is not suitable ig can be increased or de-
creased by increasinz or decreasing the capacity
of the coupling prote.

The susceptance "£jBg" of the probe ends
fringe capacitance "Ce™ is then estimated from the
Y' data at frequencies well below and above the
resonance effect., This term is practically con-
stant across the narrow resonance band and can be
numerically subtracted to give Y, see Figure 2a,
The plot of Y should be a Y,

. 0 . N
perfegt circle and is graphically rotated 180° on
the circle chart, invertinrs into 2/3q.

The &/3_ curve is now centered on the real
axis at the end of the chart, and should fit as
a member of the constant R eircles on the & chart.
Since 3 should be a perfect circle, if the plotted
datg shows experimental scatter, the plot could be
refined by graphical smoothing or by plotting R
and jX vs frequency on rectangular paper and fol-
lowing "precision" techniques.

The three frequencies f » 7, and £, on this
resonance circle % are noted for : -jX = R, jX = O
and jX = R, respectively.




The unloaded Qa £ a hieh Q resonant circuit

= %
No r

is

(1)

fh-fl
If Bg® ZTrf/Vg radians/length, (2)

line attenuation "OC." = B_/2Q_. nepers/length, (3)
£ o

in ft/sec.
; (L)
2.79 x 1072 fp(me) x Vo in de/ft (5)

:O lg

8.69 f/vg Q, dv/ft if vg

This procedure for capacitively coupling to
the high impedarnce end of the cable is very con-
venient for checking the OC, of flexible cables.
The coupling can often be provided by loosening
the plug until the center contacts just barely
separate.

A Practical kxample

The measurements and calculations for a 6 foot
sample of RG-9A/U polyethylene insulated line are
presented to illustrate the actual technique. The
specified characteristics of this lins at LOO me
are: Z_, % 51 ohms, O€, = 5.2 4t/100' and V, =0.659
ve. ° -

4 resonance close to LOO mc, assuming V, =
n.56 Vc, would be the 3,75 TEM mode at LO2 ‘mc.
timure 2b shows the impedance plot of this reson-
ance at L02.26 WC. The measured points are 250 k¢
apart. The resonance "circle" is not perfectly
circular, due to errors in the impedance measure-
ments, but it zlosely resembles the circle for
®/%, = 3.3 and the marks for f and fy are 1.15 mc
apart.

S0 Gy = L02.25/1.15 = 350

From eq. S,

oC, = 2.79 » 1072 x EQ%@EE x ]

—

€ 3 .05
1.95 x 1072 db/ft.

L.95 db/100 ft.

This value of measured attenuaticn is within
5% of the nominal value and confirms the technique.
This 5% deviation may be due to the [ollowing fac-
tors: deviatinn of line sample's characteristics
from nominal value, errors in impedance measure-
ment, and errors in frequency interpolation. The
bandwidth measurements must be made with consjder-
able precisinn and for beat accuracy it would be
desirable to employ some technique more refined
than interpolations with the signal generator ver-
nier dial. One such refinement would be to mix a

small portion of the siznal generator output with
the output of a fixed V'F sipnal zcnerator and
measure the frequency of the difference siygnals
for f1 and f;; with an electronic counter-timer or

a LF receiver.

The technique as descrited requires that ore
end of the line sample be open circuited. The
same technique is applicable when the input end of
the line is short circuited. In this case the
center conductor bullet is added and a coupling
loop with an area of 1 or 2 sq. inches is mounted
on the end plate. The center conductor resonates
in all the half-wave TEX modes vhich have a low
impedance at both ends and the coupling loop re-
actance is "Xy ". The resonance circle Y/Y, = 2,/
(' - jXL) on a locus of constant G and is suit-

able for determining Q, directly.

Theory

The portions of this paper which warrant the-
oretical discussion are equations 1 and 3. The
general theory of coupled resonant cavities and
their evaluation by vswr measurements has been
rigorously presented,l and the vswr technique Could
be applied to this case but it requires the use of
a coefficient for cavity loading. When the reson-
ator Qis so high that the conventional theory for
coupled lumped circuits® applies quite well, it
leads directly to a simple technique fer evaluat-
ing Q, from input impedance data.

if the coupling coefficient is small, the cav-
ity is lightly loaded and its loaded «, "Qp" ap-
proaches J,, but when the coupling is increased to
make tne resonance effect large enough for accurate
measurements, the cavity becomes loaded and Qp de-
creases. This means that response-tand-vidth mea-
surements of generally require a correction fac-
tor to determine ¢;. If, instead, the coupled im-
pedarce adwittance at the ccupling point is mea-
sured as a function of frequency, its variation
with frequency is simply related to o without de-
pendence on the coupling coefficient.

The probe-coupled case can be viewed as a very
high—~e¢ parallel resonant circuit which is coupled
into by the probe capacitance "Gp." The prote end
fringe czpacitance "Cg" presents” the shunt suscep-
tance "r Eg" across the input where Y' is measured.
When the term £ JjLy is subtracted from ¥', the
reconance term Y remains.

At natural resonance the line and snhows a
pure resistance (Z,. This is too high for direct
measurements with an impedance meter having about
the same Z_, and the probe capacity s-rves 1o shift
the system's resonant frequency far enough down to
reduce the resistive term of the line by a factor
»n the order of 1/Q. This frequency is so far
awav from its natural resonance that the line end
now appears as a relatively low resistance, Rs, in
series with a high inductive reactance, Xjg, ind

1. J. C. Slater, "iicrowave blectronics, "p. 73-
95, Van Nostrand, N. Y.

2. Ramo & .ihirnery, "Fields and Aaves in Modern
Radio," 2nd kd. p. L6L-LT0, Wiley, N. Y.




when the parallel circuit is converted to
ite series-equivalent, see Fig.3., Both

R. and Xq are increased slightly but in the
same proportion far off resonance by the
line's resonating capacity, So:

Zz x(Rg+3 (%) ~Xcp))

Therefore the plot of Z on an imped-
ance circle chart is a cirsle of eonstant
R, and the frequencies f. and f are those
where T§X=R, These frequ%nciel Rre used to
calculate Q  sinee Q.= f./f),-1;.

The loop eoupled case can he viewed
as & loes-less, low inductance primary
loop magnetically coupled by the mutual
"M" to the high-Q series resonant secondary,
see Fig, 3, The measured input impedance
referred to the location of the loop is Z°',

Z'z 93X+ )
R.+ J(xl,"xc.)

2 Sinece the Q is high, the terms of XLe
X, and Ry are gonetant through the
resonanee and jX; ~can be subtrasted to
. P
give Z:

2= OW? = 1/¥

Rg +3{Xpq-X.q)
Y=G+ jB= maq-x(x“-xc,)

Therefore the plot of Y on an admitt-
ance circle chart is a circle of constant
G, and the frequenciee of £, and f,. are
those for t+jR=G, The efreet of chkngin;
¥ ie to change K dut not fl or fy.

Equation 3 will %e derived from the
conventional definition:

Q- Stored Ener [ ]
Loss per Cyele v

1s the stored magnetic energy in
or MKS units,

where
Joules

Assuming a uniform coax guide of:
Charatteristis impedance Z, ohms;
Inductance L, henrys per meter;
Capacitance 80 farads per meter;

Resistance loss R, ohms / meter,eeriee only

vHE JunF
SI1G GEN

} \ i

0=
r/f

L LinF saweLE

IMPEDANCE
(OR  AOMITTANCE)

WHF  unf
RCVR uETER

SHORTED END \

By conventional theory:
21 £/L Co= By radiane per meter;

2,2 YL

0= o ohms

0
OC,=Ry/2Zo 1n nepers/mecter
If line current i, flows in length "1"
UM=L011§ Joules
wL:R°11§ Joulee/second
QoiLo21Tf/Ro =
After clearing terms, OC‘;E&_ nepere/m (3)
~Qo

Lo21Tf/22,0C,

By equation 3 it is seen that the
length of the line sample does not enter
direetly into the deterwination of OC‘,
Thie ie logical mince in even a ghort
sarple the losees in the end plates are
nerlipible, Since the resonant cavity
Q=21 etored energy/losn per eyele, it is
otvious that a ehange in line length to
acdd or subtraet one or more resonant A,/2
¢ylindrical sectione will not changs thie
ratio for Q. Although the atove salcul-
ations are for series concduetor loss only,
8 uniforkly distrivuted skunt loes would
also be satisfied by (2),

The baeie principles of this atten-
uation-measuring technique apply to any
resonant syetem and consequently to any
wode in any guided tranemission system,
Obviouely for syastem's resonance, equation
(3) mas to te applied by using "waveguide
wavelengths" in the cace of waveguides or
non-TEV modes in coaxial, twin-wire,
strip lines, ete,

Conelueions

The described technique for measuring
the attenuation and velocity of propagation
of eocakial lines and otker tranewiesion
eystems makes possitle eonvenient and
accurate measurements on short sample
sections, In addition it éoee not require
any speeiallized teest equipment or de-
struective modifications to the test
samplee,

Fig, 1
Equipment Set-up
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A NEW TELEVISION TRANSMITTING ANTENNA

R. W. Masters and C. J. Rauch
The Ohio State University Antenna Laboratory

Abstract

An omnidirectional traveling wave antenna
suitable for high gain television transmitting has
been devised. It embodies a novel solution to
the problem of overcoming the inherent tendency
in wave antennas for the beam direction to change
ag the frequency varies over the operating range.
While the particular construction described lends
itself most ideally to applications in Channels 7
to 13, it is conceivable that the basic principle
of operation can be adapted to other types of
construction for use in the low and uhf channels.
The antenna is highly designable.

Brief Theory

Basically, the antenna consists of a long,
spiralled, linear array of elementary radiators
spaced moderately close together and lightly
coupled to a uniform, dissipationless trans-
mission line, The coupling is just sufficient for
a traveling wave introduced into one end of the
structure to be largely, if not entirely, dissipat-
ed by radiation upon its arrival at the remote
terminal. In order for the antenna to function
a8 intended, it is egsential that the radiators

have doublet-type patterns in the azimuthal plane .

Granted this, it follows that the spiralling of the
array advances the effective phase progression
along the aperture by the amount of the spiral.
The beam direction, §, with respect to the array
normal is therefore given by

p-2n

Bo '
where B and B, are the internal and free space
phase propagation constants respectively in
radians per turn length of the spiral. When the
spiral rate is precisely one turn per electrical
wavelength in the loaded transmission line, the
maximum radiation is in the broadside direction,
and the highly circular pancake-type beam that
results has linear progressive azimuthal phase.

sin § =

In order to stabilize the beam in the hori-
zontal direction in the neighborhood of a given
frequency, it is obviously necessary for B to
assume the stationary value, 2w, at that fre-
quency. Similar restrictions apply for other
beam directions. This condition can be realized

by causing series or shunt coupled radiators to

introduce reactance or susceptance functions re-
spectively which have negative slopes of the pro-
per magnitude at radiator resonance.

A high degree of phase correction over a
stated band requires, on the one hand, a fair
attenuation rate and a suitable radiator Q, de-
pending upon the bandwidth and the correction
tolerance. High directivity, on the other hand, is
ugually achieved by using long apertures in which
the relative excitation level has everywhere an
appreciable value. The higher the directivity
becomes, the more stringent become the needs
for beam stability, and the less becomes the
allowable attenuation rate. Since the obtainable
phase correction must inevitably decrease with
increasing aperture length, one concludes that
the directivity which can be achieved using a
given distribution is limited by the tolerance
placed on the phase function. This is true, but the
limit is not a serious one.

Well corrected, end-fed antennas having
directivities of the order of 20 relative to a
half -wavelength dipole can be built for any
channel in the 7 to 13 range. By center feeding
apertures longer than this, the emphasis on
phase correction is greatly reduced, and antennas
having very high directivity become quite feasible.

A very acceptable beam pattern having good
directivity and no nulls is produced by an ex-
ponential distribution, which is fortunately
associated with the simplest of all structures,
namely the uniform. The beam shape can be
modified to a considerable extent, however, and
the beam itself pointed at any desired elevation
by specifying the spiral rate and strength of
radiator coupling to the line as functions of dis-
tance along the aperture. Due to the progressive
azimuthal phase character of the resultant fields,
the spiral rate may be used as a design parameter
to achieve any effective phase distribution whose
fine structure is coarse compared to the radiator
spacing. The required amplitude distribution
(within reasonable limits) is obtained by adjust-
ing the coupling of the radiators to the line 5

Of utmost importance is the fact that the con-
trols on the amplitude and phase can be made sub-
stantially independent of each other. In a practi-




cal design, one would use four radiating units per
turn of the spiral. Successive units, then being
orthogonal to each other, would be blind to radia-
tion coupling which could seriously alter their in-
tended relative phase and amplitude. Units two
spaces removed from each other would be essen-
tially in phase so that radiation coupling, though
present in some degree, would not adversely
affect the excitation.

The spacing of the radiators being approxi-
mately one-quarter wavelength along the trans-
mission line, and the loading being small compar-
ed to the characteristic impedance or admittance
of the unloaded line, the input impedance of the
antenna when terminated in a matched extension
of its own line is practically the same as that of
the unloaded line itself. Hence, the usual in-
put impedance bandwidth problems are absent.

It is estimated that in practice the net attenuation
between the extremeties of the antenna would be
of the order of 20 to 25 db, which would result

in the input reflection coefficient being less than
0.05 under any terminal condition.

With such a high insertion loss through the
antenna, it is probable that transmitters not
differing greatly in frequency could operate
successfully into both ends of the antenna simul-
taneously without objectionable cross modulation.
This suggests an interesting pos sibility for the
diplexerless introduction of the aural and visual
transmitters into the one antenna. '

Construction

One suggested embodiment which appears to
be practical for Channels 7 to 13 inclusive
utilizes a coaxial transmission line of sufficiently
large dimensions to comprise a free-standing
mast. A radiating unit consists of a diametrical
pair of short, narrow, probe -coupled, axial
slots excited out of phase to achieve the required
doublet pattern in the azimuthal plane. The
space pattern of such a unit has a symmetrical
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shape approximately equal to that of a tangent
pair of identical spheres whose line of centers

is normal to the array axis. The primary source
thus manifests a rather high directivity in the
broadside direction, which is just what is
desired. This not only tends to minimize radia-
tion coupling between alternate units, but im-
proves the effective continuity of the distribu-
tion.

Since transverse-electric slots in cylinders
generate only transverse-electric radiation
fields, the resultant field of the array is en-
tirely free of cross-polarized radiation at all
elevation angles. Because the effective excita-
tion is so nearly continuous, the aperture may be
used with a maximum of efficiency toward achiev-
ing the required distribution.

Conclusions

The striking physical simplicity, the high
power handling capacity, and the relatively
inexpensive and durable construction of this
antenna are highly commendable features, but
probably the most important of all is the fact that
it is thoroughly designable to a specified per-
formance by an engineer sitting at his desk. Only
the scantest of empirical information is required.
A significant contribution to the art appears to
have been made in providing a practical physical
means for approximating the mathematically
prescribed complex aperture distributions re-
quired for various given beam shapes.

Author ‘s Note

The work briefly described here is part of a
Aissertation being submitted to the University of
Pennsylvania in fulfillment of a requirement for
the Ph.D. It was performed at The Ohio State Uni-
versity Antenna Laboratory under a contract spon-
sored by the RCA Victor Division of the Radio
Corporation of America. A comprehensive paper
is in preparation,




SPURIOUS EMISSION FILTERS FOR HIGH POWER TV TRANSMITTERS*

Williem J. Judge
Allen B. Du Mont Laboratories, Inc.
Communication Products Divigion
Transmitter Engineering Department
Clifton, New Jersgey

Summary

The basic theory of the coaxial
short-line filter is reviewed from a
survey of the literature. Specifi-
cations for spurious emigsion filters
for television transmiseion service are
arbitrarily assigned. Step by atep
design of a high power VHF filter is
outlined and experimentally verified.
Discussion includes 25 KW channels 2-13,
50 KW channels 7-13, and 12.5 KW channels
14-83 low pass filters. Image parameter
design with constant K and m-derived
(series and shunt) sections is uged
throughout. Effect of ingertion of the
filter in the transmission system is
studied.

Introduction

The term "Spurious Emisgion Filter"
18, in a sense, a misnomer. Meagure-
ments on a large number of televigion
transmitters have shown that only the
fundamental harmonics require attenu-
ation if the F.C.C1 specifications on
spurious radiation! are to be gatisfied.
Consequently, the spurious emigsgion
filter, intuitively a band-pags device,
1s usgually in practice a low-pass or a
harmonic filter. Since it must be
aggumed that the magnitude of the
harmonic signal appearing at the trana-
mitter output terminals 1s a function of
the final amplifier only, the spurious
emisslon filter has as requigites low
fundamental logs and high power handling
capacity. Thig suggests physically
large, high-Q elements, which are not
usually realized in a lumped circuit.
Standard coaxial trangmisgsion line
elements, however, may be uged to
construct satisfactory high-power
rfilters for the VHF and UHF televigion
bands at all existing power levels.

Coaxial line filters can be
generally classified as: (a) resonant-
line filters, (p) short-line filters.

* The development work described here
wag sponsgored by Allen B. Du Mont Labsg.,
Communication Products Divisilon.
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Regonant-line filters providing adequate
harmonic attenuation and utilizing a
minimum of elements are both practical
and economical but they are by nature
channel gelective and do not readily lend
themselves to large quantity production.
On the other hand, the sghort-line filter,
in essence a broad-band device, has the
advantage of being in general non-channel
selective and requires no field adjust-
ment, two obvious economles over the
resonant-line type. Therefore, it ig the
short-line filter which will be discussged
here.

The purpose of the paper is two-fold;
(a) some observations are passed along to
the development engineer which it ig hoped
will help to facilitate future designsa;
(b) personnel associated with television
transmitting equipment, but not neceg-
sarily with the development thereof, may
derive a better undergtanding of the
transmission line power filter wnich hasg
only recently appeared on the electroniec
scene. For information pertaining to
the resonant-line type coaxial filter,
which takes many interesting forms, the
reader 1s referred to the literature 2:3.

Coaxial Short-Line Filters

It 1s desirable to base the design
of ghort-line filters on classical filter
theory, and this will pe realized if
short-line sections can be shown to simu-
late the requisite elements of the
clagsical filter. From the succeeding
brief analysis“ some necessary relation-
ships are derived.

The input impedance, Z; , of a

length, { , of transmission line of
characteristic impedance, Z,, is given by

- 7 BcofRr 7 s B2
Z Z’Zw/ﬂﬂi&hﬁi ‘“

where Zi_ terminating impedance

Z [},/60]71
L = olC)-
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Equation (1) may also be written
! |+ J Zetan 32 =
Zo

If the inequallty

f%ﬁnﬁl <1

and if G Bl =

then (2) becomes

E_ZI = ZL +J.(JL°2 ()

holds (3)

a series inductance plus the terminating
impedance.

We can algo write (2) as
- L . A
\f— ZJL-"- \.)2}0
| +J§-:m52
and if the inequality

%_twﬁl <1
with @Bl 2Bl

then (5) becomes
_ L4+ jwG
Y=g Y

(5)

holds (6)

(7)
a shunt capacitance across the terminating
impedance.

For a coaxial line

.= Ze
v

henrys per cm (8)

farads per cm

(9)

So from (4) and (8), the inductance.l~ ’
of a ghort length of line

| = Zul

(10)
V
and from (7) and (9)
- l
¢z ()

The development of (4) and (7) establishes
the degign parameters for the short-line

filter as (a) characteristic impedances
(b) line lengths. The limitation on the
parameter (a) is physical, beilng depend-
ent primarily on the power to be trans-
ferred through the section5. The
parameter (b) effects the stop-band
performance with respect to both attenu-
ation_ and location of spurious pass-
bands“. The latter occurs for values of
€©-=hJ7’, where 71 1e integral and ©- 1ig
defined as the phase ghift along a line

length Ll , and 1s given by
w!
© =
A (12)

Values of ©r = 40° for inductlve
lengths and € = 20° for capacitive
lengthg have peen fourd practlical for
low-pase powcr fllters. € being greater
than & » the first gpurious pass-cand
is generslly due to ©;i. and has a width
which 1e approximately equal to(eﬁéi £ -
The peak of the pass-band, though,” 1
extremely sherp, end the "width", as
defined here, represents poirts 1ln the
spurious pass-bend vherc conslderable
attenuation still exilsts.

The @lscontinuity susceptance presgert
at the impedance transition where the
ghort-line elements of the low-pass flilter
are Jolngd together has been thoroughly
analyzed®. The discontinulty is e shunt
capacitance and for low-pass filtera can
conveniently be lumped into the capacl-
tance section, the necessary modification
of which ie givenby?

-55.—_- ZMC-[EV\EEI\- % e Bczocj (13)

_ ‘ -5
BcZoc - 5£ DCd Zoc /10 (14)
where
€;¢ - the corrected phase angle
D = outer dlameter in 1nches
f. = cutoff freguency in megacycles
Cy = uuf/em (ag per reference #6)

With equations 10 through 1/t as a
point of depsrture, the deslgn of a
composite low-pass filter can be
attempted.

Specificetions for Fillterg Used on Tele-
vigion Trangmitters

On the basils of meapuremente made on
a large number of vigusl and aural trana-
mitters’ and in view of possible tighten-




ing of future F.C.C. specifications on
spurlous radiation, realletic minimum

values of harmonic attenuation by the

spurious emission filter would geem to
be

2nd harmonic - 55 db
3rd harmonic - 45 db
L4th harmonic - 40 ab
5th harmonic - 20 db
6th and higher - ueually very little.

This would provide a system level of at
least -80 db on all harmonice. To mini-
mlze pass-band ingertion loss and effect
on transmitter loading, the filter VSWR
throughout the operating channel should
be a maximum of 1.1. The heat riee of
the filter while passing its maximum
rated power should be congistent with
tranemigslon line specifications.

VHF 25 KW Filters

The required decreasing attenuation
levels for guccessive harmonics as out-
lined in the previous paragraph and the
1.1 VSWR specification suggests the usge
of m-derlved eections. If m = .6 termi-
nating half gections are employed, the
lmage lmpedance of a conventional low-
pass ladder filter will be within 5% of
ite hagacteriatlc impedance up to
.80f ©. The VHF televiglon low-band
(54-88 me) consequently 1g conveniently?d
handled by two low-pass filters, chsnnels
2, 3, 4 and channels 5, 6 both of which
wlll eupply the required harmonic attenu-
atlion with a minimum of gections. For
the VHF television high-tand, a single
fllter suffices for channele 7-13.

The firet filter dlecuseed is the
channel 2, 3, 4 unit which 1g required
to pass a peak power of 25 KW. The
lumped element values ere calculsted by
the lmage parameter method. A cutoff
frequency of 100 mc ls chosen because the
stop-baend attenuetion is met slmply and
the 80% pass-band includes channel 4.
(Figure 1)

Ag the firat gtep in the transfor-
mstion of the filter to transmigsion 1ine
sections Zo.ls computed from the phage
angle ©; which 1s arbitrarily chosen to
posltion the first spurloue page-band
conveniently, i.e., somewhere above the
fourth harmonic region of channel 4. A
good starting point 1s to agsume Lz ({the
lurgest series lnductance) (Figure 1)
regpongible for the first pass-band, al-
though intultively it may seem that
2L3 will produce a lower freguency pags-
band, particularly if the shunt leglyq+Cy
presents a hlgh impedance at or about the

/2. frequency of 2L3 . It Just g0
happens that the first paes-band depends

on Lbz,2L; anal4+C3, so 1t 1g
necegsary f; the deeign of the inductive
sectiong to utllize the smallegt possible
phage angles conslatent with the power o
reguirements. A €, = .8 redlans or- 46
will develop a pase-tand at about 390 mcs,
80 lnitiallyclzf ‘ /akx ‘/3_,& X lo (,= o3
oSt A A

EZFOL = . & o

A power requlrement of 25 KW suggests
elther 3 1/8" or 6 1/8" tranemission line.
3 1/8" line with a 3/8" inner conductor
produces a Z, = 125 _ft- which 1s greater
than that arbitrarily calculated, but the
higher impedance produces a more desirable
phage angle per gection. Estimation of
the heat riaee of the line section under
full power 1s attempted by calculating
the stable operating temperature of a
3/8" copper rod in free gpace. If use 1is
made of the fmplrlcal thermodynamic
relationghip 0

(;7 = [_/f;ISéL
BTU/HR
BT
#R-Deceees F - FT 2

(15)

1}

where (;
Lj =

cross-sectlonatl conduction ares
temperature rige degreeg F

A

at

the tempereture rise of the 3/8" copper
rod ig computed to be 110°F.

The inverse square law of classical
physics suggeets that the temperature
rise of the outer conductor ie pro-
portional to the rise of the inner
conductor times the sguare root of the
ratio of the radil, which in thise
specific case would pe 38°F.

If the internal filter sectionsg are
sllver brazed and teflon dielectric is
uged, the computed full power operating
temperatures indicate that 3 l/g" line
cen be rated at 25 KW for VEF short-line
filter construction.

Referring to the gchematic diagram
of Figure 1, the ghort-line section
lengths for L; and 2.3 are csloulated
uslng equation (8) with ZoL = /25 .0
The firet spurious pass-tand due to 2Lz
1s found at 262 mcs. but thig dependas,
among other thinge, on the leg L4 and C3
shunting a high lmpedence across the
line, which 18 not the cese at 262 mcs.
The spurious pase-tana due to Lz 1e
calculsted at 500 mecs. The actual firat
spurious pass-band, therefore, should 1lie
somewhere between 262 and 500 mecs. since

1t depends on mutual impedance relation-
ships between the various short-line




sections, and 1s probably a function of
Lz /{2t3 +L2D) 1l. "Thig being the
hypothesis, the frcquency of the first
actual pass-bend is estimated as belng
346 mcs.> which 1s well above the fourth
harmonic frequency of channel 4.

The impedance Zoc=7- yﬂ-providee
a satigfactory phase angle for Cgz of
179. Thie impedance 1is realized with a
3 1/8" line of gso0lid teflon dlelectric
and an inner conductor of 2 1/2", If
the dielectric, which has a width of
1/4™ ig extended another 1/4" at each end
of the short-line low impedance section
(Figure 2), a voltage breakdown gafety
factor o{ 5 to 1 at a 25 KW level 1is
obtainedl2. In addition, the fringing
field at the impedance trangition is
partially in the dielectric, increasing
the discontinulity susceptance and lower-
ing the value of & (equation 13). As
has been pointed out previously, a low
value of G, 1g desired, G being the
limiting factor on the width of the first
spurious pass-band. For this speciflc
cage Oy = 130, making the pass-band at
346 mecs. apbout 20 mcs. wide. The com-
posite filter construction can now pro-
ceed. The legs L,C, and L4 C;5 are of
courge realized with coaxlal tee_sgections
(Figure 3). The calculation of C, and C
is straightforward, except that 1in closing
off the outer conductor asg indicated in
Figure 3, an additlional parallel plate
capacitance 1s added. The latter
suggests a simple method for compensation.
of the effects of mechanicel tolerances
on the electrical performance of the
filter. If the design values of C, and(.
are purposely conastructed gomewhat lesgs
than required, the outer conductor plate
can be made ad justable and the filter can
be "tuned" for minimum VSWR in the usable
pass-band without appreclably effecting
the stop-band performance.

Filgure 4 ghowe the construction of
the compogite filter. The inner con-
ductor, except at the terminals, 1s built
of golid copper. Use of solid copper in
the low impedance sectlons permits better
conductivity of heat away from the 3/8"
rods than would occur if hollow copper
drume were uged. The thermal conductivity
of the teflon dielectric 1is enough to
afford a good path to the outer conductor.
Add1itional cooling 1s supplied by drilling
four 1/4* holes radielly spaced through
the length of C, and locating heavy wire
mesh screens on the outer conductor,
(Figure 4). Natural convection currents
permlt the hot alr in the fllter to
egcape through the center screen to be
replaced by cooler air drawn in through
the end gcreena. Expanslion of the inner
conductor i1g allowed along the series
bullets located near each flange. The

flanges are swivel type affording maxi-
mum physical flexibliity when mounting
the unit in the transmission gystem. At
25 KW levelas, though, 1t 1ls necessary
that the center gcreen face up to provide
the maximum effective convection cooling.

Experimental verificetion or the

paper deslgn of the channel 2, 3, 4

25 KW filter wae almost completely
realized. 1Its transmission character-
istics are given in Figure 5 where close
correlation with the characterligtics of
Figure 1 are apparent. The major dis-
crepancy invoives the locetion of the
first spurious pass-band which appears
26 mce. lower than calculated. However;
it was found that removal of the two
support beads near the center tee shifted
the pags-tand out to 335 mca. The support
peadg could not pe sufficlently undercut
due to the small dlameter of the inner
conducior and consequently represent als-
continuities (of no effect in the pass-
tand) which tend to "tune" with the leg
L,C3 in determining the spurious pass-
tend center frequency. The beads were
replaced and the pass-tand left at
320 mcs. since 1t did not fall on any
specific harmonic frequency. The
spurious pass-band width (Figure 5) is
about 25 mcs. at the 30 db points. The
ingertion lose at the 5th harmonic
frequencies of the channel 3 visual and
aural cerriers is about 20 db, which 1is
adequate. The target velueg of 55, 45
and 40 db for 2nd, 3rd and 4th harmonic
attenustion, regpectively, are met.

The chennel 5, 6 25 KW filter
(Figure 6) 1s a replica of the channel
2, 3, b unit, differing only in its
linear dimensions.

A single filter gerves the VHF high
band, channel 7-13, at the 25 KW level.
It duplicstes the low-band design except
that two additional consgtant-K sections
are added gliving the symmetrical con-
tiguration Mz +2K +"z +2K + /3
and a stop-rand attenuation which 1is
literally out of sight, (Figure 7). A
similar stop-band performance could have
been achleved on the low-band filters by
the addition ot one or two congtant-K
sections but the filter lengths begin to
get excesslve and a system attenuation of
80 db does not demand it. It 1s not
inconcelvable, however, that some gitu-
ation may require, say 120 db system
attenuation on a specific harmonic. If
80, note (Figure 4) that the end section
of the filter may be removed from the
main body and as many constant-K gections
added as desired.

With reference to heat rise, the
power tests for the 25 KW filters were




performed on the channel 5, 6 prototype.
It may pe recalled that the calculated
temperature rise was 110°F for the inner
oonductor. Experimentally, the inner
conduotor stabilized between 200° and
225°F with an ambient of 95°F under
continuous full power operation over a
period of four hourg. The outer con-
duotor estabilized at 120°F, which was
more or legs as expected.

Figure 8 1a a photograph of the
three 25 KwWw VHF filters. Thege unite
lend themgelves rcadily to productlion 1in
reagonable quantitien withonut any deteri-
oration in performance. The mechanical
tolerances on machined parta are a sgtrict
£.002" and on most line lengtha £1/6H",
enguring uniformity of product.

50 KW VHF High-Band Filter, Channels 7-13

If operating temperatures similar to
those obgerved on the 25 KW filterg are
to be realized at 50 KW, the coaxial line
diameters should be increased.

Intuitively, therefore, it 1s only
necessary to scale up the 3 1/8" VHF
high-band filter to 6 1/8", but closer
irivestigation reveals that the ghunt
elements of the gerles m-derived gectiong
are inconglstent with the larger line
dlameter. Lowering Z,. of the shunt
sectione 1s an apparent golution, but
this lowers the frequency of the firet
spurlous pass-band objectionably.

A psatigfactory solution can be
obtained by utlilizing ehunt m-derived
terminating half sectiona in the esymmetri-
cal ladder structure Mjz + 3K + Mm/z

Flgure 10 illustrates the physical
realization of the shunt m-derived half
section as uged on the 50 KW channel
7-13 espurious emission filter. The
effective 1lmpedance of the series leg
L,C, (Figure 9) must be duplicated by
the outer conductor coaxial cavity for
proper operatinn of the filter. The
correct cavity impedance oz 18 calcu-
lated as 25 ohmell, and its length should
be A/ at 375 mce. (the frequency of
maximum attenuation for the m = .6
section). 1t 1s convenlent, however, to
construct the cavity from standard trang-
mission line, 3 1/8" and 6 1/8"; conse-
quently the Z,; value of 39 ohme 1is
obtained, which,» i1t will be geen, 1is not
fatal. Since ., 18 given as 39 ohme,
equations (16) and (17) may be equated
and tan-©- 1s found to equal .685 at 195
mce. This places the quarter-wave
resonant frequency of the 39 ohm cavity
at 447 mce. If the regonant frequency 1ie
raised to 490 mce. and an adjustable
capacitive slug inserted across the cavity
mouth (Figure 10), the proper pass-band
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impedance is obtalned oy adjusting the
slug for minimum filter VSWR. Further-
more, the alug has much more effect on
the cavlity resonant frequency than 1its
pans-band impedance, the result being
that when minimum pass-band VSWR 1is
achieved, the actual regonant frequency
of the ocapacitive loaded cavity 1s 385
mcs.» close enough to 375 mcse. for
proper stop-band performance. Needless
to pay, the slug also provides a con-
venient method for "tunln% out" mechani-
cal discrepancies. The 1" gap at the
cavity mouth ia chosen nn the basls of
arc over requirementa.

In the balance of the channel 7-13
50 KW filter (Figure 11) Zou = 125 ohnms
and Z%, = 7.8 ohme are again used, except
that overlapping of the dlelectric is
carried to zreater lengths because of the
higher voltages involved. Consequéetly.
calculation of the exact value of “ec 1ig
so difficult that the correct lengths
nf the low impedance sectlons are finally
obtained by cut-and-try. The inner con-
ductor is constructed of gllver plated
brass, lte expansion being allowed along
the center bullet.

Furthermore, the 1inner conductor ls
vhysically anchored with the outer con-
ductor at the teflon sleeve of Cz by a
teflon pin held 1n place externally with
a hoge clamp. Additional inner con-
ductor lateral support is supplied by
anchor inaulator bullets at the filter
terminalg. The brass tuning slug hae a
teflon cup on the end which protrudes
intn the cavity, providing a long arc
over path.

The damping filter, shown coupled
into the 539%-A input cavity (Figure 11)
1s a lumped element high-pass filter with
a cutoff frequency of 300 mcs.,» ite stop-
band ingertion loss in the region 174-216
mca. being greater than 40 db. The
purpose of the damping filter is to pro-
vide sufficient loading on the line feed-
ing the 5394-A go that the VSWR on har-
monics 1s restricted to 20 tn 1, pre-
cluding the possibility of harmonics
ercing over the spurious emigsion filter
or the input feed line. The impedance
of the 1lnput cavity being much greater
on harmonics than in the channel pass-
band, adequate loading is obtained by
light coupling with no noticeable effect
on the pass-band VSWR.

As expected, the stable operating
temperature of the 50 KW filter under
full power 1is approximately the game as
the full power temperature of the 25 KW
design.

Each of the three constant-K gections
1s convection cooled by perforating the




outer conductor (Figure 11). The first
spurlous pass-bsnd appears 200 mc. lower
tnan calculated, but not low enough to
cauce trouble. This discrepancy apparent-
ly has to do with the height of the
capacitive secticns and 1s discussed in
the section on UHF fllters. The pass-
bend peek 1s over 10 db down which may be
due to moding inside the fllter proper.

UKF filters

Tre 50 KW declgn 1s appiicablec to
the UHF. Three filters, having a power
rating of 12.5 KW ané respective cutoff
freguencles of 800, 1000 and 1190 cover
the seventy channel UHF television bend.
Due to 1ts lower power reting, the UHF
filter (Flgure 12) becomes pnysicalily
quite pimple. The only vsriations from
the 50 Kw design lle 1n the closer
approximated outer conductor_cavilty
impedances and the 12.5 ohm Zoc . With
reference to the latter, the higher
impedance was origlnally chogen to glve
the capecitlve ghort-llne sectlons
edditional lengtl since the major part of
the calculsted cepacity at 7.8 ohms was
supplied by the impedance discontinuity.
However, an additionel gpurious pass-tand
relatively close to the cutoff frequency
nae been obgerved on thege filters which
igs hypothetically a function of the
rhysical helght of the capacltance short-
line gection. If the section 1is viewed
ap a foreshortened quarter-wave stub
support on a high impedance line, the
attenuatlion of the composite fillter will
depend only on its series elements at
the resonant frequency of the gtub
supporte, and when lmpedance relation-
ships are optimum throughout the filter,
a spurious pass-tand of low attsnustilon
ex.ste. Thlg nypothesis has been
experimentally verified by changing the
impedance of the capacltance sectlons
vith a resultant ghift 1in the spurlous
pass-tand center frequency. Like the
pass~tand due to the inductive lengths,
this eddltional pass-tand le extremely
sharp at the peak and narrow at the base.
On the 1000 mc. cutoff filter which
operatesg on channelg 37-59%, the peak of
the additional pass-band wasg obgerved at
1725 mcs. at an attenuation level of 25
db, disrupting an otherwise 60 db stop-
pand extending from 1250 to over 3000 mcs.
The charinel 60-83 filter, = = 1190 has a
30 db peak at 1825 mcs. oth filters use

Zoe = 12.5 ohms anéd, fortunately, the
pass-bend belng dilscugsed lles between
tne second and third harmonic regions of
the respectivc operating chennels of the
filters. A reversion to 7.8 ohms was
necegsary on the channel 14-36 filter
( fe = 800 me.) to shift the 25 db
gpurlous pass-bend from 1650 mcs.

(12.5
ohmg) to 1375 mes.»

Just below the third
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harmonic of channel 14.

The channel 14-3é filter passed 15
KW of peak power continuously for four
hours with a regultant outer conductor
heat rise of only 25°F.

Insertion of the Filter in the
Trensmiscsion System

There are some theoretlcel and
empirical consideretions concerning the
insertion of a spurlous emission filter
into the televielon transmisslion systec
which 1t i1s worth while to discuss. A
filter with & VSWR < 1.1 will contritute
1ittle to the VSWR of the system in the
operating channel of the tranemltter
(the maximum possible syastem VSWR being
equal to the product of the VSWR's of all
the components in the system. Theoretl-
cally, therefore, the fllter can oe
ineerted anywhere in the transmlssion
syetem. In practice, location of the
filter directly at or cloese to the trans-
mitter output terminals provides two
obvioue adventages: (a) the filter need
not be presgurized, a distinct mechanical
deslgn economy, thus natural convectlon
cooling repleces costly blowers and
associlauted interlocks; (b) adverse erfect
of high harmonic VSWR on tranemitter teest
equipment and indlicetors 1s more con-
veniently eliminated. Wlth reference to
the latter, if a filter 1s in the system,
non-frequency sensltive devices such as
envelope detectors, dlode demodulators,
broad-band directional couplers are likely
to produce erroneous informatilon about
the channel pass-band. This has been
traced to the presence of hlgh harmonlc
VSWR on the trsnsmiscion line into which
the devices were coupled. Conseqguently,
the coupling probesg of such devices shouwd
succeed rather than precede the filter,
and this 1s most easlly accomplished
when the fllter 1s physlically close to
the transmitter.

The behavior of the filter in the
stop-bend cen be computed or measured.
Initially the attenuation is probably
calculated utiitizing the attenuation
function which depends only on the type
and number of sections 1in the composite
filter. Secondly, the fllter ingertion
lose 1g measured in the laborsatory by
the subatitution method using real fixed
source snd terminating impedances. If
the filter 1a non-diseipative and perfect-
ly desipgned, the two methods should not
be at veriance by more than 6 dbl%. When
the filter 1s inserted 1in the television
transmiselion system, it is the syetem
lose rather than the fllter loes which
muat oe considered since the nature of
the terminating impedance on the fllter
1s nebulous. This situation has been




analyzed3.

The analysis shows that under
certain conditions it 1s poassible for the
filter to become completely transparent,
in which case the total power generated
by the trangmitter 1g delivered to the
load. This ocours when the ratio of the
VSWR's at the filter input and output ie
unity. On the other hand, it 1is pointed
out that the equal VS8WR's may produce a
db system loss twice that of the
rfilterl>. The case of filter transparency
seems to be a gloomy one at firsgt glance,
but mathematical probability and the
basls of the analysls on non-digeipative
network shows that nature 1s witn us.

The practical televigion transmission
system 1g of ocourge, not non-diesipative.
Conslder the hypothetical case of total
transparency on a typical installation
where the trangmigeion line run to the
antenna will ugually be about 400 feet of
3 1/8" line.

The filter reflection coefficlent 1is
no less than .999 for frequencies at
which the attenuetion of the filter 1s
4o db or more2. For trensparency the
load reflection coefficient 1ieg also .999.
The magnitude of t2e voltage ingertion
ratio is given byl

-2T7K
ER‘ K | —KgKse€
=1=¢ [T - (18)
ER ' - KthG
where o{ = .384 x 16_4 nepers/ft. for a

3 1/8" 50 1. alr dlelectric copper
coaxial line at 50 mcs.

X = Loo rt.
o= (+))e<
Kr = Kez .999

trom which

JEe_' ~
E.

an insertion logs of 32 db. The key
factor in equation (18) 182X ypon
whion the 1ingertion lose of the gystem
dependa.

.049
.00l

=40

As the transmigeicn line separating
the filter from the antenna reduces in
length, the poesibility of low system
harmonlc attenustion increases. On the
other hand, the mathematical probability
tor total transparency tends toward zero.
In fact, the probability thet the filter
transmlseclon lose willl decreasc by as
much as 6 db 1s only .25. All of which
seems to indicate that large decreases in
system harmonic attenuation are not

generally likely but that it is probably
worth while to conslder in gome specific

cases.

Of course, the real danger resulting
from high VSWR is that a few watte of
harmonic power may be sufflclient to arec
over the line or the filter. This
phenomenon has been obeerved on 50 KW
transmitters where 3 1/8" line 1s commonly
uged for ghort rune 1nside the tranamitter
room, but 1t gnould be noted that the
obgerved arc overes occurred only on full
power stopping and starting transients.
not under steady operation. As previously
mentioned, the damping filter used on the
5394-A 1g deslgned to eliminate the
poseibllity of arc over by restricting
the VSWR on the input line due to the
filter in the harmonic region.
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ELBCTRONICALLY CONTROLLED AUDIO FILTERS®

Le O. Dolansky

Northeastern University, Electronics Research Project
Boston, Massachusetts

Summary

The use of filters whose cutoff character-
istics are controllable by electronic means is
often desirable in problems dealing with audio
signals. Based on the recent work on fixed RC
active filters by J. G. Linvill, variable active
low-pass and high-pass filters have been devel-
oped using transistor negative impedance con-
verterse.

The design theory of such filters is sum~
marized and measured characteristics and other
experimental results are presenteds An appli-
cation, in which the cutoff characteristics are
controlled by the incoming audio signal for use
in formant tracking, will be described and ex~
perimental results given,

Introduction

In certain problems dealing with audio sig-
nals®* it is desirable to use filters whose cut-
off characteristics are continuously variable in
accordance with an applied voltage or current
signal, preferably with a minimm of delay. The
requirement of variable cutoff characteristics
implies (a) that some of the filter components
can be varied almost instantaneously by means of
a suitable control signal, (b) that such a con-
trol signal can be obtained, The control signal
may either be related to some property of the
incoming audio signal, or it may be generated by
independent means.

In the application considered a low-pass and
high-pass filter were required, both-having cut-
off frequencies continuously variable between
200 and 1000 cpse

Theoretical Considerations

The filter design adopted was based on the
recent york on fixed RC active filters by J. G.
Linvill+, In this design a negative-impedance
converter is used in addition to passive elements;
however, the magnitude of the reactive filter
elements used here can be varied by electronic
means 80 that electronically variable filter cut-
off frequencies are obtained.

¥ This work was performed under Comtract AF19
(604)~1039 with the Air Force Cambridge Research
‘Center of the Air Research and Development
Command,

“e.g. formant tracking in speech analysis.

The block diagram of either the low-pass or
the high-pass filter constructed is shown in Fig.
1. The transfer function of the emtire filter in
terms of the open circuit driving-point and trans-
fer impedances of the individual networks can be
shown to be equal to

Iy s iy g
e =it — +
* thvou (o) -z * WORK m;
Es | conve E
B (Zylg Zople 3 "E‘# 3 Zyky un’J N
— e [ — @y [
Fige 1. Block Diagram of HP or LP Filter,
Ep
H = 2 -
(B) 21 12.0 Il. IZUO
=1
- -1 . (z].l)b + (222)3. ° 1 (1)
(7’12)3, (hz)b (z12)a (212)b

(zlz)a. (222)p .
(zzz)a-'(’n)b

H(s) will be a ratio of two polynomials and can be
written

N(s

n(s) *

In order to synthesize H(s) by means of RC

and RL networks only, it is convenient to divide
both N(s) and D(8) by

M(B) - (B '0'1)(5 'a'z) ese (5 -O'n) (3)

where G-y, G% eee Up represent the poles of
(222)a and (z11)pe

H(s) = (2)

The denominator of H(s) becomes

Di(s) » —2X8 ()

- G~
1-1(s X




n
-k°+ z

. J&.‘I - (zzz)s - (h).)b ’

while the numerator is equal to

NSs!

n
W (s =6y

=1

Nt(s) = = (212)4(212)pe (5)

If in eq. 4 the positive k!'s are associated
with (2,3), and the negative ones with (2;,), the
networks a and b can be synthesized, e.g. by
Cauer's continued fraction expansion. The nega=
tive sign before (z,,)}, is supplied by the nega~
tive-impedance converter,

Iow-Pass Filter

The desired low=pass filter characteristic is
of the Butterworth type (n = 3), so that, in nor-
malized form,

k

(8 + 1)(s* +8 + 1) (6)

H(s) =

The distribution of the poles of H(s) is shown in
Fige. 2.

jw

j0.866

e |/
a5 |o

o

-)0.866

Pole Pattern for Butterworth
LP Filter.

Fig. 2.

A considerable freedom of choice exists about the
location of the U'i's. In the present design,
G, = =0,3, G, = - 1.05 and = - 1.5 have been
chosen. The circuit element values, after scal-
ing to a suitable frequency and impedance level,
are given in Fige 3. As indicated in the diagram,
three electronically controllable capacitors are
used in the filter. The negative~impedance con-
verter simulates at its input terminals the nega~
tive of the physical impedance connected across
its output terminals, which in this case is com-
posed of a 1300-ohm resistor and a capacitor
whose value varies between 0.08047 and 0.4023 uf,

Negative Impedance Converter

The requirements which the negative imped-
ance converter must meet exceed the possibilities
of a combination of passive elements alone. The
converter mist therefore contain active elements
as well. As indicated by Fig. L, two transistors
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RESISTANCE IN KILOMMS
CAPACITANCE N 1

Fige L. Transistor Negative-impedance

Converter.

are included in the negative-impedance-converter
circuit. When Z1 is connected to the output
terminals, the apparent input impedance Z4p is
approximately equal to -Zy. Since this circuit
differs only in minor details from the original
design described by J. G. Li.nvil.ll, a detailed
description of its operation will be omitted
here. Figure 5 represents the values of the in-
put impedance magnitude |2| and phase angle @
for a purely resistive 21, = 1,02 kohm, It is seen
that |21 is substantially constant for 200 cps
<< f < 20 ke, and increases rapidly for frequen~
cies lower than 200 cps. The phase varies from
=10.5° to +12.5° for 100 cps < £ < 10 ke,

Variable C Circuit

In the electronically controllable low=pass
filter three electronically controllable capaci-
tors are required. A three~tube circuit, whose
apparent input capacitance can be varied by means
of a varying de voltage, has been designeds The
operation, which is based on the so-called Miller
effect, can be explained by means of the simpli-
fied circuit shown in Fig. 6.

Assuming that the loading of the plate
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Fig. 6. Principle of Operation of Electronically
Variable Capacitor,

circuit by C, is negligible, the input current

I=[3Cy + JCa(1 + A)] B (N
where
A = gtage amplification .
Thus the input admittance
T = I/E= ju[Cy +Ca(l + A)]
(8)
= jﬂceq:
if A is a real number.
The equivalent input capacitance
Ceq = C1 + C2(1 + 4) (9)

can be varied if the stage gain is varied, for
example by warying the gu of the tube,

In the present application, fairly large
values of Ceq are required which means that large
grid-to~plate capacitors must be used. This
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causes the stage gain to become complex, so that
the input impedance has a resistive component as
well, The loading of the plate circuit by C, is
not negligible. To remove this excessive load-
ing of the plate circuit, a cathode follower has
been inserted between the plate load resistor and
Cae

The complete variable-capacitor circuit is
shown in Fige 7. The heart of the circuit is a
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Fige 7o Gircuit Diagram of Electronically
Controllable Capacitors.

type 6B8 variable-gp tube (V,)e. The gain of this
stage varies according to the variations in the
zrid-to-cathode voltage. These variations are
achieved by controlling the dc input to V3. The
first stage (Vy) represents the isolation cathode
fo er mentioned before, The variable capaci-
tor & appears between the terminals a and b. For
each of the three variable capacitors used in the
low-pass filter a different value of C,p must be
used, as indicated in the table of Fig. 7. Other-
wise the three circuits are identical.

Tracking of the Electronically Controllable Ca-
pacitors

Each of the controllable capacitors should be
capable of a 5:1 variation in apparent capacitance,
corresponding to the 5:1 variation in filter cut-
off frequency. Moreover, the same increment in
control voltage eg should vary the capacitance
values by the same ratio for all three capacitors,
The measured values of apparent input capacitances
¢y, #2, ¢3 are shown in Fig. 8, The ratios of the
capacitance values vary over the following ranges:

ratio desired value measured value
(for 200 ocps < £ < 1000 cps)
¢1/¢ 0.Lli5 0.ul3 - 0.516
fz ho73 hoho - h-?o
1 ¢§ 2.11 2,00 = 2.2

Experimental Circuit

A circuit diagram of the entire electroni-
cally controllable low-pass filter is presented
in Fig. 9. A cathode-follower circuit (V,) is




included to provide the proper impedance for the
low-impedance input of the filter; it also pre-
vents any disturbing loading of the preceding
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Fig. 8. Variation of ¢1, ¢2 and ¢3 vs. Control
Voltage ege

850~cps LP filter. Tubes V, through V,, repre=
sent the three controllable capacitors while the
filter resistors are shown before and after the
negative~impedance converter,

High~Pass Filters

Low=-Pass-High-Pass Transformation

If in the original low-pass filter expres=

sions, given in equation 6, s is replaced by 1/s,
a high-pass filter with the same cutoff frequency
is obtained. The impedances which replace the
variable capacitors must vary in proportion to s

instead of =, as was required in the lowW-pass

8
case. Thus an electronically controllable induc-
tor is needed in the high-pass filter. A suit-

able unit has recently been manufactured by CGS
Laboratories under the name "Increductor®,

Driving Circuit for "Increductor®

The "Increductor® is a saturable inductor
and its inductance depends upon the degree of
magnetic saturation of the core, which in turn
depends upon the magnitudes of two currents in
two available control windings. While a control
voltage source was necessary to achieve the
desired variations of the capacitors in the low-
pass case, a suitable current source had to be
designed to vary the variable inductors over the
desired range in the high-pass case. It was
desired, however, to start with the same origi-
nal control signal for both filters., Hence a
circuit for transforming variations of voltage
into variations of a current source has been
designed, as shown in Fig. 10, The control
voltage in this circuit is fed into the 6AG7
pentode which represents an approximate current

source.
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Fige 10. Control Circuit for Electronically

Controlled HP Filter.

Tracldng of the Electronically Controllable Induc-
Lors

48 in the case of the electronically control-
lable capacitors, the inductors should change by
tne same ratio for a given change in control sig-
nal. This is achieved by connecting all the main
control windings of all increductors in series and
bypassing each of them by a suitable resistor so
that only the desired fraction of the total vary-
ing control current passes through the winding.

If a constant difference in magnetization between
any two Increductors is desired, this can be
achieved by means of the second control winding,
usually called "bias" winding, which is connected
to +300v through a suitable resistor,.

The measured variation of the electronically
controllable inductors is given in Fige 1l

1
T
[

3n - ——
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Fige 11, Variation of Aj, 25 and/é vs. Control
Voltage ege

o

Because of the large control-winding inductance
and comparatively small parallel resistance, the
time constant of the control circuit is somewhat
excessive. It is believed that this drawback can
be minimized by using a separate control pentode
for each Increductor and by reducing the total
control current, rather than by passing a part of
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it through the parallel resistor. Another diffi-
culty encountered with the use of Increductors is
a certain amount of hysteresis, Both these
effects will be demonstrated presently by means

of dynamic-behavior oscillograms, representing the
output signals of the filters.

Experimental Circuit

Figure 12 represents the electronically con-
trollable high-pass filter, without the control
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Fige 12 Electronically Controlled HP Filter.

circuit which has already been shown in Fig. 10.
As in the case of the low-pass filter, two of %he
variable reactances are before, one behind the
negative <impedance converter., In order to secure
more favorable conditions with respect to hyster-
esis and Q, L, is composed of two Increductors
Ipa and L;pe In this way it is possible to oper=
ate all Increductors nearer to their optimmum
rangese.

Experimental Results

low-Pass Filter

A family of curves representing the sinu-
soidal steady-state response of the low-pass fil-
ter for various values of the control voltage eg
is given in Fige 13.

The attenuation in the stop-band is at a rate
of about 17 dbfoctave. The theoretically expected
value is 18 db/octave. Once the attenuation of
35 db is reached, the response remains below this
value for all higher frequencies. The residual out-
put at these higher frequencies seems to be most-
ly due to high-frequency noise generated by the
transistor-negative~impedance circuit, with a
srmaller component due to 60 cps hums A larger
input signal will increase the difference between
the pass-band and stop-band response, but at the
same time a distortion of the sinusoidal output
is observed.

Figure 1A represents the output of the low=-
pass filter for three values of the control volte-
age, corresponding to three cutoff frequencies -




Fige 13. Response of Electronically Controlled
IP Filter for Various Values of Control Voltage eg

200 cps, 500 cps and 1000 cps - when the frequen~
cy of a constant=magnitude signal sweeps between
100 and 1500 c¢ps. In Fige 4B the input-signal
frequency is fixed but the ccatrol voltage varies
sinusoidally at various rates. In Figs. 154 and
B the control signal varies in a saw-tooth and
square-wave fashion, respectively, the remaining
conditions being the same as in the preceding
figu.re.

High-Pass Filter

A family of measured response curves of the
electronically controllable high-pass filter is
iven in Fig. 6. It is seen that the desired
+1 variation in cutoff frequency can be achieved,
and the filter attenuvates at a rate of about 16

db/octave, with a stop-band attenuation of 45 db
or more.

The response for a constant-magnitude sweep-
ing-frequency input signal is demonstrated by
Fig. 17A, again for three fixed values of the
control signal corresponding to three cutoff
frequencies. The response of the filter in the
case of a constant sinusoidal signal, with the
control voltage varying in a square-wave fashion,
is shown in Fig. 17B. Although the control
voltage assumes the new value almost instanta-
neously, the output reaches the new steady-state
response only after considerable delay,

Figure 18 represents the output of the filter
when the control voltage is varied very slowly in
a triangular fashion, so that the sluggishness of
the control circvit is minimized. This oscilloe
gram is indicative of the effect of hysteresis
upon the filter response. Variations of up to
about 10 percent of the total inductance value
have been observed when the Increductor was sub-
Jected to the maximum control-current variation,
required for the 5:1 change in inductance.

Application to Formant Tracking

In speech analysis, it is often desirable to
obtain automatically an approximate indication of

|
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LA (left) fg = 100 - 1500 cps, ec adjusted

for fe = 200 cps (a), 500 cps (b), 1000 cps (c),
4B, (right) f5 = 500 cps, sinusoidal control
voltage, foy = 5 cps (a), 10 cps (b), 20 eps {c),
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15A.(1left) fg = 500 cps, saw-tooth control
voltage, f.o. = 5 cps (a), 10 cps (b), 17 eps (c)h
l’SB.a?righ%g fg = 500 cps, square-wave control
voltage, fey = 10 cps (a), 5 cps (b), 20 cps (c).

Figs. 1l & 15, Filter Output for Varying
Input Signal Frequency and Control Voltage.

the values of formamt® frequency. The block dia=
gram of Fig. 19 represents a scheme for the

* The short-time power spectrum of most speech

sounds has several broad peaks along the frequen-
¢y axisj these concentrations of sound power are
sometimes called formants, The formant frequen-
¢y indicates their approximate location on the
frequency axis.




separation of the formants. An 850 cps LP filter
eliminates that part of the power spectrum which,
as a rule, does not contain the first formant.
The density of zero-crossings of the remaining
signal is converted into a voltage signal which
controls the cutoff frequencies of a low-pass and
a high=pass filter., The output of the low-pass
filter should contain essentially only the first
formant and a voltage proportional to the first
formant frequency should appear at F,. Similarly,
the output of the high-pass filter should contain
the second and possibly higher formants.

OENSITY OF
. PILOT ZERO CONTROLLING

of Input Frequency. SPEECH '_.W o r——-F l
INPUT N [ e
o gy S
| ELECTRONICALLY

|
) o | |
| |
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cps - l FILTERS
MAIN [- - !
CHANNEL - .1 HP :. - .r f_’o}__, f,

Fige 19. A Scheme for Formant Tracking,

As an example of the performance of the
electronically controllsble low-pass filter,
sound spectrogrars of the sound sequence i- £ -a~0
-u are shown in Fig. 20.

Ao (left)
oo T 2
o = gt o o e .
£4 = 1000 cps (a), 500 cps (b) a
200 cps (c)
B. (right)

fg = 300 cps  eg=2v T8

eg = =8.6v dec. plus square
wave 10v peak to peak

fo = 5 cps (a) 10 cps (b) >
20 cps (c)

Fige 17. Dynamic Response Characteristics _—

f Electronically Controllable High= .
© = Pass Fil:er. Hig Fig. 20. Sonagrams for i-€-a-o-u. (A) wide band,

no filter, (B) wide band, variable LP filter,
Note: The Sona~graph was set on HS (high shaping).

In these spectrograms, the formants are rep-
resented as dark bars whose vertical position,
corresponding to frequency, varies with time.

Fig. 20A represents the sound before filtering,
while Fig. 20B shows the spectrogram after the
gound sequence has been filtered through the
electronically controllable low-pass filter. It

is seen that the separation of the first formant
is accomplished reasonably well even if the second
Fig. 18, Hysteresis Display, Sweep forment is very close to the first formant, as for
Rate 0.33 cps, Triangu Jari= example for o and u.

ation of ec Between 3.6v and 16v.
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In Fige 21 the behavior of the electronically
controllable high-pass filter is indicated by

Fig. 21, Filtered (A) and Unfiltor-
ed (B) Samples of the Sound ®i®,

means of the oscillograms of the filtered and un-
filtered sound "i", It is seen that the lower
frequency components have been attcnuated con-
siderably, although for the given purpose more
attenuation would be desirable.

Conclusions and Limitations

In view of the investigations which have been
reported in this paper, and subject to the limi-
tations listed below, the following conclusions
can be mades

1. The performance of the constructed elec~
tronically controllable low-pass and high~pass
filters have been found to be close to the
expected behavior in the pass-band and in the
cutoff region.

2. A suitable voltage source is needed for
the control of the cutoff frequency of the low-
pass filter,

3. A current source is necded for the con-
trol of the cutoff frequency of the hipgh~pass
filter.

L« The 5:1 range of the cutoff frequency is
close to the maximum value which can be achieved
with the present low-pass filter.

5. In the cage of the high-pass filter, the
range of tho cutoff frequency is presently
limited by the maximum current of the controlling
pentode. However, if a larger current sourco
were uscd, a deterioration of the slope in the
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cutoff region is to be expected because of the
lower Q@ of the Increductors under such conditioms,.

6. In the stop-band the response is at least
35 db below the maximum response for the low-pass
filter and about 45 db for the high-pass filter.
A larger attcnuation would be desirable, parti-
cularly in the low-pass case. The residual sig-
nal seems to be predominantly high-frequency
noise, with a smaller hum component.

7+ At pregent, tho transistor-negative-
impedance converter is the limiting factor for
maxirum signal size without distortion. However,
the Yimitations imposed by the variable reactamnce
elements are only slightly above the limitations
of the transistor circuit.

8. Hysteresis causes the apparent inductance
of the saturable inductors to vary by about 10
percent, for the same value of the control cur-
rent.
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DISTORTION IN CLASS B TRANSISTOR AMPLIFIERS

Maurice V. Joyce*
Polytechnic Institute of Brooklyn
Brooklyn, N. Y.

Abstract

An experimental investigation has been made
of distortion in Class B amplifiers using 50 M
watt junction transistors. Qualitative explana-
tions are given for the results which show that
distortion depends largely on 1) source impedance;
2) emitter bias; 3) signal current amplitude; and
in grounded emitter stages, L) transistor balance.
Correct design will depend on the proper compro-
mise between distortion, gain, and standby power
drain.

Introduction

This article will deal only with distortion
in low power drain Class B, grounded base and
grounded emitter, junction transistor amplifiers.
Grounded collector amplifiers will not be mention-
ed as they do not exhibit the type of distortion
studied here, even though they are quite important
Space does not permit discussion of bias stability
which may also be an important problem.

Feedback as a method of distortion reduction
will not be considered since it too is a topic in
jtself. It may be said, however, that feedback is
not the best cure for distortion here. As will be
shown, distortion in the range of 254 can be re-
duced to less than 5% with proper circuit design.
Such a reduction might be difficult to obtain with
feedback due to the low power gain of the output
stage, and the necessity of feeding back around
not only the output transformer but also around the
ugual transformer at the input to the Class B
stage. Both these transformers will normally be
designed for small size, and will have corres-
pondingly poor amplitude and phase characteristics.
Thus, only small amounts of local feedback are
1ikely to be found in these amplifiers.

Grounded Base, Class B (Fig. 6)

Two facts stand out: 1. All the results
to be shown vary remarkably little from transis-
tor to transistor, even for those of different
manufacture. The various curves shown invariably
exhibit the same form. 2. Distortion is almost
entirely due to nonlinearity of the emitter cir-
cuit, due to the fact that emitter resistance rg
varies inversely with emitter current.

* This article is based in part on work done at
the Microwave Kesearch Institute under Signal
Corps kngineering Labs Contract DA-36-039 sc-
L2525.
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Figure 1 shows oscilloscope photos of
typical Class B distortion. The output current
waveform at the top of Figure 1 results from the
emitter current vs emitter voltage characteristic
shown below it, for a pair of push-pull transis-
tors with no emitter bias. Each emitter is seen
to effectively conduct less than half the time due
to the very high emitter input resistance in the
low current region.

This may be remedied by a small emitter vol-
tage bias in the forward direction, or by attempt-
ing to feed from a high impedance source. With a
current source there would be no distortion since
the input current would be independent of the non-
linear input impedance.

Source Impedance

Figure 2-shows collector current waveforms
with a 25Q and a 1000Q source impedance. It can
be seen that there is considerably less distor-
tion with the latter, although it still has a
noticeable notch, indicating higher harmonic dis-
tortion.

Figure 3 shows the maximum 3rd harmonic dis-
tortion vs source impedance, with no emitter bias.
The "maximm" refers to the fact that distortion
varies also with signal level, and that the points
of Figure 3 correspond to the peak of Figure 7.

Figure 3 shows that low distortion may be
obtained bty using a high source impedance. The
trouble with using this method of reducing dis-
tortion is that a high source impedance gives low
power gain. The low distortion that may be ob-
tained this way shows that there is little or no
distortion introduced by the fall off of alpha at
very low currents.

Emitter Bias

Figure L shows scope photos of collector
current waveforms with a little emitter blas, and
without. Also shown are the two separate collec-
tor current waveforms, proving that even with blas
each is still conducting essentially 50% of the
time. It is surprising that such a large improve-
ment may be made with only a small bias.

Figure 5 shows the dependence of third har-
monic distortion on emitter bias. Bias is mea-
sured by measuring the DC collector current, Ic,
which flows in the collector as a result of emit-
ter bias. I, is a handier parameter to use than




emitter voltage. It is more easily measured than
Ve and more important since it is a measure of
standby power drain., Also, for a good transistor
Ic 18 practically independent of collector voltage
and is roughly proportional to Ve.

The curve of figure S was taken at a con-
stant (and fairly low) source impedance. The fact
that this curve 1s of maximum distortion refers to
dependence on signal level. The polnts correspond
to the peaks of figure 9.

The top point on the curve is with no emit-
ter bias, and 16 microamps DC flows in the collec-
tor. This curve shows clearly that as the emltter
blasg is increased the distortion decreases. With
100pA flowing in the collector, which glves very
little standby power drain, distortion is fairly
low. This corresponds roughly to a 0.1-volt emit-
ter to base bias,

Figure 6 shows how the emltter blas is ob-
tained from a divider across a 1.5-volt battery.
The blas is developed across a low impedance, here
622, in an attempt to obtain a constant voltage
blas. Since the full-wave rectified signal cur-
rent flows through the 622, same blas in the wrong
direction is developed which offsets the applied
blas. The divider may be bypassed by a capacitor
to give better AC gain, but since the DC component
still flows through the 622 the resistance level
must be kept low,

In these tests no C was used, and the varia-
ble resistor R was on the order of 1 K2 for 100uA
DC flowing in the collectors. The corresponding
emitter blas at room temperature is on the order
of 0.1 volt, (The 622 must be counted in the
source impedance when unbypassed. )

Signal Current

Another important variable that distortion
depends on 1s the size of the AC emitter current
swing. Here collector current swing 1s measured
because it is easier to measure than emlitter cur-
rent swing and also is equal to the emitter cur-
rent swing for all practical purposes.

Figure 7 shows odd harmonic distortion as a
function of the peak collector current swing in a
Class B grounded base amplifier, with no emitter
bias, and with a constant source impedance., It
1s seen that the 3rd harmonic predominates here,
and may be very large.

The dependence of distortion on output cur-
rent swing is at first surprising but is easily
explained. Note that:

1) Distortion is very low for low AC current
swings;

2) It reaches a large peak for slightly lar-
ger current swings; and

3) It drops off steadily for large current
swings.,

The explanation is this:

1) In the region of low AC current swing,
the operation is in the region between dotted
lines shows on the input characteristic in figure
8a. This portion of the curve is fairly linear,
even though the input impedance is very high and
the gain very low. The presence of a low gain re-
gion for small signals precludes this type of
operation in most cases, but it can be seen here
that the distortion should drop off to a low value
when the input gets into this low current swing
region.

2) For slightly larger signals, the current
swing 1s half in one region and half in the other,
and distortion 1s at its worst. This corresponds
to the peak in distortion seen at some fairly
small value of current swing.

3) As the signal becomes larger the propor-
thndtMcwhttheﬁ@ﬂsmMthMs
high input impedance region becomes less and less,
S0 on a per cent basis the distortion falls off,
Fourier analysis based on the broken line charac-
teristic of figure 8b predicts that 3rd harmonic
distortion will fall off approximately proportion-
ately to the size of the swing. It 1s seen that
this happens.

Eventually at high current swings distortion
will begin to rise due to fall off of alpha, How-
ever, in good 50 MW transistors, and grounded base
operation, this does not begin to occur until a-
bout 25 to 30 ma collector swing, which 1s about
the limit of collector dissipation anyway. For
large power transistors this may not hold true,
but most good 50 MW transistors will show only a
1% or so rise in distortion at these high collec-
tor swings. Thus, grounded base amplifiers have
been operated at around 30 ma peak swing, 100
microamps or less DC collector current due to
emitter bias, and 1 to 2% distortion.

Figure 9 shows a family of curves of 3rd
harmonic distortion vs AC collector current swing.
The DC collector current is taken as the parameter
here,

The top curve, with 13 microamps flowing in
the collector is for no emitter blas, As the
emittar bias is increased and more DC collector
current flows, the distortion peaks become smaller
and smaller, and flatten out until with 95 micro-

impleC flowing the distortion is at a fairly low
evel,

The remarkable thing here is that such a
small amount of bias gives such a good reduction
in distortion, Note that even for the lowest dis-
tortion shown, the standby power drain will be

negligible since less than 100 microamps flow in
each collector,

Figure 10 shows the
emitter bias such
the collectors,

same amplifier with
that 95 microamps DC flows in
and here the scale is blown up to
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show how the aigher order harmonics come in. It
ig seen that these also are greatly reduced s0 the
third harmonic still predominates, although at
larger current swings the higher order harmonics
may become appreciable. In general, it is seen
here that distortion is quite small, having been
reduced from about 20% to about 3% for an increase
of DC collector current drain of only 80 microarps
or so.

Load Impedance

As might be expected, since there is almost
no distortion in the grounded base collector
characteristics, distortion is practically inde-
pendent of load, as Figure 11 shows. Here the AC
collector currant swing was kept constant as the
load was varied. It is seen that over a wide range
of loads, distortion remained constant, both with
and without emitter bias. Note that with constant
AC current swing, power output here varies direct-
1y with load.

This and the preceding figures point up the
fact that, for the type of operation described
here, distortion is practically independent of
power output, and that it depends instead on out-
put current swing.

The even harmonics depend almost entirely
on the unbalance in the transistors, and are pretty
much independent of current swing. The 2nd har-
monic was about 1% and the Lth about 0.1% in this
case, both with and without emitter bias,.

For the grounded base connection, both the
even and odd harmonic distortion is almost com-
pletely independent of frequency for the audio
frequency range.

One point that should be made is that all
the grounded base distortion behavior presented
here is remarkably constant from transistor to
transistor, even for transistors from different
manmufacturers. The magnitude of the distortion
may change somewhat, but the shape of the curves
and the dependence on bias and swing does not
change. Thus, the general behavior of grounded
base Class B circuits is quite predictable as far
as distortion goes.

Grounded Emitter, Class B (Fig. 12)

Several facts stand out here: 1. There is
an appreciable distortion of the grounded emitter
collector characteristics, which varies from trans-
sigtor to transistor so that distortion is not as
predictable as for grounded base. This also means
that distortion depends gsomewhat on load, and
usually increases with power output. 2. There may
be considerable even order harmonic distortion due
to unbalance in both phase and amplitude of the
current gain. 3. 0dd harmonic distortion acts
pretty much like that in grounded base, since it
too is largely a result of nonlinearity in the
base-emitter circuit. Thus, 3rd harmonic distor-
tion decreases with increased source impedancae.
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As in grounded base it also decreages with in-
creased emitter bias, and with increased current
swing. Somewhat larger blases may be necessary,
however, to get as low a 3rd harmonic as with
grounded base.

Source Impedance

Besides affecting 3rd harmonic distortion,
source impedance affects even harmonic distortion,
due to the unbalance in alpha between the two
trangistors.

Low Impedance Source: If fed from a zero
impedance voltage source, the voltage gain for
good high alpha transistors is approximately

ol
os 2L
re

where Ry, is the load, re the emitter resistance.
Fourier series analysis shows that the per cent
2nd harmonic distortion is then approximately

4D a 20(at; ‘“2)

whereok; and ®p are the two current gains. This
distortion will be small, and can be balanced out
by putting an external resistor Rg in one emitter,
where the size of Rg necessary for balance is

RE - (ul -o(z)re approximately.

This will usually amount to only a few ohms, and
is put in the emitter of the transistor with the
high alpha.

The circuit is shown in Figure 12, and the
emitter bias is obtained exactly in the same way
as for grounded base.

High Impedance Source: If the amplifier is
fed from a current source instead, then unbalance
in oL shows as a much larger unbalance in the cur-
rent gain,

ol

ﬁn_—

l-o

If A = By - B2 is defined as the unbalance in the
betas, then the per cent 2nd harmonic 1is

.« 20A
%D 7

where B is the average current gain. This distor-
tion may easily run to 10% or more, since a spread
of two to one in beta is common for most manufac-
turers.

To balance this out an external resistance
Rg large enough to change the current gain must be
used, so that the current gain A} on the high beta
side is reduced from A = P1 to

. o
Ll l-ul‘-r— .
Cc




For balance 4] = 5 which gives

R
L

which easily may run as high as 10K.

Thus, as the source impedance increases, 2nd
harmonic distortion increases from perhaps 1 to
15% while 3rd harmonic distortion decreases, Clear-
ly there is some optimum source impedance, depend-
ing on the unbalance. Also, if it is desired to
balance out the 2nd harmonic with an external emit-
ter resistance, this resistance may have to be in-
creased from a few ohms at low source impedance to
10K or more at high source impedance. This latter
value may be too high to be practical, making bal-
ance impossible for a constant current source.

Figure 13 shows how both third and fifth
harmonic distortion fall off with increase in
source impedance, while second and fourth both
rise. The total harmonic distortion curve shows a
broad optimum from 500 to 700 ohms source inped-
ance. This amplifier has emitter bias, with about
500 microamps DC flowing in each collector. The
second harmonic was balanced to a minimum at low
source impedance by an Rg = 7. This value was
then left in the emitter as the source impedance
was increased.

Phase Shift

It is very easy to get distortion in ground-
ed emitter due to unequal phase shifts of the two
halves of the waveforms. This in turn is due to
the two transistors having unequal alpha cutoff
frequenclies. This effect is exaggerated in ground-
ed emitter since the current cutoff and its atten-
dant phase shift is lowered in frequency by the
magnitude of the current gain.

Fourier series analysis shows that for a
small difference in phase shifts, the per cent 2nd
harmonic distortion is approximately £ D = 20 0,
where 6 is the difference in phase shifts in radiarns
or
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a0 [ e
where the f,, are the two alpha cutoff frequen-
cies. Distortion thus increases linearly with
operating frequency f. For the GE 2NL3, with a
production spread on cutoffs of 0.5 to 2.5 MC and
B = 50 a second harmonic distortion of L.8% at 3KC
is possible. The linear behavior of this distor-
tion with frequency can easily be observed.

This type of 2nd harmonic distortion may
often be excessive in complementary symmetry cir-
cuits, where the alpha cutoffs of the NPN and PP
may be quite dissimilar,

Signal Current

The variation of distortion with signal cur-
rent is similar to grounded base. Figure 1l shows
odd harmonic distortion in a grounded emitter
Class B amplifier. Here, for no emitter bias, it
is seen that the third harmonic is quite enormous.
In Figure 15, with emitter bias, it is seen that
distortion is greatly reduced. In this case 500
nicroamps DC flowed in the collectors which is
somewhat larger than that necessary for grounded
base. Distortion will usually increase again at
currents larger than shown in Figure 15, due to
distortion in the collector characteristics. Thus,
the grounded emitter circuit will almost always
exhibit more distortion than grounded base for the
same output power and standby drain. On the other
hand, the grounded emitter has extra pover gain
which when used in local feedback may give it the
better over-all performance.

In conclusion, Class B offers many advan-
tages to the circuit designer. Both high effi-
clencies and low distortion can be obtained, and
Wl th very little standby power drain. 70 to 75%
efficiencies, standby collector currents of only
100uA or so, and about a quarter watt out of a
pair of 50 milli-watt transistors make these cir-
cuits worthwhile.
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DETECTION OF AUDIO POWER SPECTRUM DISPERSION®

H. S. Littleboy and J. Wiren
Northeastern University
Boston, Massachusetts

Abstract

This paper deals with the design and descrip-
tion of a "V" filter which is to be used to dis-
tinguish between power spectra having the same
central frequency and average power but different
dispersions. The power spectra that are discussed
have a Gaussian distribution curve when plotted on
a logarithmic frequency scale. The filter is
adaptable for use in the analysis of speech and
its use in this analysis will be discussed. The
design of the filter including graphical means of
establishing the filter characteristics from the
dispersion of the given power spectra is included.

Introduction

The work carried on at Northeastern Univer—
sity on the analysis of speech has as its goal
the coding of speech into signals which may be
transmitted over a channel of considerably narro-
wer bandwidth than now required for normal voice
communication. In order to apply appropriate
techniques for the extraction of these parameters
it is desirable initially to separate speech into
major classes such as turbulent and non-turbulent
sounds. A device for performing the initial
separation is described on pp. 1L, 18-20 of refer-
ence 1. The present paper is concerned with the
analysis of the output from this device which
contains those sounds referred to as being turbu-
lent in nature.

These turbulent speech sounds have similar
properties to noise signals passed through filters,
as seen by the typical power spectra for s (as
in see) and / (as in ship) shown in Fig. 1., Ex-
perimental results have shown that knowledge of
the center frequency of these power spectra is not
always sufficient information to distinguish one
sound from the other., The additional parameters
which synthesis of these turbulent sounds has
indicated as being necessary are the dispersion
and the envelope of the original sound.

The work described in this paper has been
initiated to determine means of obtaining a meas-
ure of the dispersion of noise signals of this
type. This measure of dispersion may be used to
classify a turbulent speech sound into one of two
arbitrary groups, which is a discrete type of
analysis, where the mean value of the dispersion
of each group is known beforehand. Also, a con-
tinuous type of analysis has been suggested where
the output gives a continuous rather than discrete
indication of dispersion.

are assumed to have the same
different values, "1 and o 5, of the parameter o=

Theo;z

The development of the network, as discussed
below, assumes that the center frequency is known.
This is justified since this value can be obtained
by using an average frequency meter. For the pur-
pose of the development which follows it is as—
sumed that the input spectrum is a Gaussian curve
when plotted against the logarithm of frequency,
as shom in Fig. 2.

g,tx)
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Fig. 2. Assumed Input Power Spectrum.

The equation of this curve is:

2
Qi(x) = 071?? exp(- ’2‘_05)

where the logarithmic frequency x has been nor-
malized with respect to the central frequency foo
The ordinate

power spectral density, in that areas under this

i(x) is similar to the normalized

curve are assumed proportional to power in corres-

ponding bands and, as indicated by the equation,

the total area is normalized to unity,

The signals
91(x)

except for

The choice of the network characteristic to

accomplish the analysis was based upon the avaijil-
ability of methods for synthesizing this type of
network as well as the simplifications which are
introduced into the development by this choice.
The network characteristic of the "y filter is
shomn in Fig. 3,
logarithm its equation is:

Using the notation 1n for natuml

Ina+ix (0Sxsx,)
e

IH[={:£kX

(x,Sx<w)

or

(OSxSxd

(xcfsx-:OO)

#This work was performed under Contract No. AF19(60L)

of the Air Research and Development Command.
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Fig. 3. Network Characteristic of the "V" Filter.

Since the input power spectrum and the char-
acteristic of the "V" filter are symmetrical about
the origin the output power is:

p, = 2 [ fo(x)ax
[o]
where
Jo(x) = | B2 §3(x)
or

(Oixf_xc)

o e (2ix - z—fz;i’
§,(x)=
1 e (_ 12 )
VTR P o2

(xg=x<)

therefore

Xe

2

Pozz[fa exp(2kx -
0 03/2 7

(= -]
2 2
2 Jax+ [ 1 _ exp(ZX, )dx]
20 xcd‘JE'K 207
which can be written in terms of the probability
integral

(-
P, = Vza%zexp(Zkza'z) exp(-uz)du +/;xp(-v2)dv]
- V2ko - 71‘?‘1,(%_

The "V" filter can be used for the two dif-
ferent types of analysis mentioned previously.
First of all it can be used to separate two power
spectra of known dispersions and equal power by a
proper choice of the slope k of the "V" filter.

W—lnkaa- 4?2 ko) -
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It can be also used to determine the dispersion of
an unknown power spectrum by the use of a refer =

ence spectrum or by normalization with respect to
the input power.

The separation of two power spectra requires
that a means of determining the optimum k be
developed. If a 1s assumed fixed, the problem
now is to select k So as to maximize the ratio
of output power values for the two signals; namely,
Po(k,0 ) /P (k,0-). Since the expression for )
cannot be developed into a closed form a graphical
procedure was used to solve the problem.

The final expression shown above is a function
of ko. A numerically computed curve for this
function, where log is used to indicate logarithms
to the base ten, is shown as Fig. L where log P,
is plotted versus log ko . For this curve the
value of a was taken as 60 db attenuation at the
central frequency. Specifying the values of 07
and o, now determines the interval length log
kop - log ko) along the horizontal axis between
the two points the difference of whose ordinates
is to be maximized. This interval must evidently
be located where the slope of the curve in Fig. L
is largest which is in the region containing its
point of inflection. More specifically, if the
derivative of that curve is plotted graphically,
as in Fig. 5, and seen to have a single maximum,
the interval of specified length on the log ko~
axis is located so that at its endpoints the ordi-
nates of the derivative curve are equal. This is
easily done by moving a straight edge of the re-
quired length parallel to the log ko~ axis of
Fig. 5 until its endpoints intersect the curve.
The values of koy, and ko~ 80 obtained deter-
mine the optimum k for the given Ty o, and a.

In a particular example considered with
o) = 0.479 and o0-p = 0.773 the optimum value from
Fig. 5 is k = 3.06. The ratio of the two outputs
in this case is calculated to be 11l.2 db.

The use of the "V® filter to determine the
dispersion of an unknown spectrum is accomplished
by taking a spectrum whose dispersion is known and
plotting a curve of the ratio of power output ver-
sus dispersion with the known spectrum as a refer-
ence by using the expression derived in this sec-
tion. The input powers of the unknown and refer-
ence signal are then made equal and the ratio of
output powers can be used with this curve to
determine the dispersion of the unknown signal.

Design of "V" Filter

In designing the "V" filter to check the com-
puted results it was decided to design a stage for
k = 1 and to cascade several of these so that it
would be possible to analyze the variation of out-
put power as a function of k. Using the method
described by Baum? the transfer ratio for the fil-
ter was found to be:

_E_2=K32+‘\/é_u+l
Ey 82 +10.1 8 +1




This transfer ratio was synthesized in the
form of a nonsymmetrical bridged "T" network which
in its normalized form is shown in Fig. 6.

1
41\c
o —e : >, — O
vV ! \'s
Ry R2
(Jo:
lrod/sec
’17:2
o— . —0
Ri=11.3 OHMS C2=0.115 FARADS
Ry =1 OHM C:0.766 FARADS

Fig. 6. Bridged "T" Form of "V" Filter for k = 1.

The final form of a single stage of the "V"
filter is shown in Fig. 7. A cathode follower is
used to drive the network and a stage of amplifi-
cation is included. The filter network was scaled
by increasing the impedance level to 5000 ohms and
the central frequency to 5000 cps. Six stages
were cascaded in the final form of the filter that
was constructed,

Measurement Techniques

Measurements that were made to verify the
theoretical conclusions made use of the equipment
arrangements as shown in Figs. 8 and 9. The noise-
shaping circuit shown in these block diagrams con-
sisted of a 6AU6 pentode with an RLC parallel tuned
circuit as its plate load. Varying the parameters
of this tuned circuit produced the four spectra
that were used in these tests. The General Radio
1390A Random-Noise Generator was used with the
range switch set at 20 kc throughout these tests.,

The arrangement of equipment shown in Fig. 8
was used to determine the power spectrum for the
artificially generated signal from which the stand-
ard deviation was then computed. A sample of one
of these power spectra is shown in Fig. 10. It
should be noticed that the scale of the power axis
is only proportional to power. No effort was made
to determine absolute levels since the standard
deviation would not be altered if the scale were
simply multiplied by a constant. The Gertsch
Driving Circuit indicated in Fig. 8 is a cathode
follower using a 6AQ5 and is described on page 71
of reference 3.

Figure 9 shows the equipment arrangement with
the "V" filter being used. The vacuum-tube volt-
meters were used to indicate the rms values of the
corresponding voltages.

In determining the values of k and a for
the "V" filter the sine-wave response of the filter
was plotted and the values determined graphically.
Figure 11 shows the response of six stages. The

indicated computed points were determined by
graphically adding the three Butterworth charactem
istics which were combined in forming the filter
transfer function. Figure 12 is a chart which
shows the values of a and k for each of the
8ix stages of the "V" filter.

Stages k a (db)
== 53 o

2 1.50 26.3

3 2.h,2 38.5

L 3.00 50.5

S 3.67 55.3

6 3.91 65.2

Fig. 12. Values of k and a for "V" Filter.

Computations

The final expression for output power as
developed in the Theory section was used in com- .
puting expected ratios of output power when the
input powers were made equal. Since the data was
in the form of rms voltages the square roots of
the computed power ratios were calculated and used
for comparison. The values of a, k and o were
the values actually measured. Care should be
taken to convert the standard deviation to con—
form with the abscissa in terms of log to the base
¢ as assumed in the derivation.

Results

The results of the measurements and computa-
tions are given in chart form in Fig. 13. The
values corresponding to four stages of "V" filter
were plotted and are shown as Fig. 1.

In the section entitled Theory an example was
given for determining the optimum value of k for
separation of two power spectra. A value for k
of 3.06 was found with an expected ratio of 11.52
db separation. Actual measurements showed a 10.1
db separation.

Discussion

If it is desired to make use of the "Wn filter
to determine the dispersion of an unknown power
Spectrum by reference to a known spectrum a plot
such as shown in Fig, 14 can be made and from this
plot the value of the dispersion may be obtained
from the knowledge of the ratio of output voltages.

As was stated in the initial development, the
center frequency of the noise spectra are assumed
t9 have the same value as that for the "V" filter.
Since this might not be the case in actual prac-
tice it would be necessary for the center fre-
quency of the filter to be automatically adjusted
to coincide with that of the spectrum being ana-
lyzed. This would require the use of electroni-
cally controlled filters. The paper presented by
Mr. Dolansky offers a description of the necessary
techniques which would have to be followed. Pre-
liminary work has been completed on necessary




alterations in the filter design but no working References
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Stages

CT% 1 2 3 L 5 6

Meas. | Comp. | Meas.| Comp. | Meas. Comp. | Meas.| Comp. | Meas. Comp. | Meas.[ Comp.

0.479 1.00 | 1.00 1.00 | 1.00 1.00 | 1.00 1.00 | 1.00 {1.00 1.00 1.00 | 1.00

0.611 1.13 | 1.15 1.27 | 1.39 1.L0 | 1.90 1.h0 | 2.LL | 1.5 2.L8 1.35 | 3.05

0.773 1.k0 | 1.38 1.96 | 2.06 2.70 | 3.3k 3.20 | 3.64 | 3.LO L.8) 3.30 | 6.86

1,026 1.90 | 1.83 2.0 | 3.15 5.80 | 5.52 7.90 | 7.65 | 9.50 7.05 9.20 {11.L5

Fig. 13. Comparison of Computed and Measured Output Voltage Ratios as Functions of o and the Number
of Stages.

SEEEEREEBATRUOSIRUH FRUR BN UMINIG DURRL 1hA: I | T
i::zl::tx‘fm w*m: 'SHI\ I BICH
BN o854 ass b bt i .
16 14 4 ‘“‘LI ' 4
i UL + . — IR { TR . W 8
2\ FEERHHE i T e T
N I 1 P ] = \ HHHHH i i
8 M =aas i $«n”" ! 8 } i i [
A i S B VBB BRRER H A i ‘
o F R T RERERRRRITIILI HIA ‘
HHTH N HH i[” it it e e i
R clpdeid 1441444 - 4 i th HH i 4
o R o Lot B
30 40 X=iog {—e 30 35 40 X=log f—=

Fig. 1
Power Spectra for Turbulent Sounds
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CALIBRATION OF TEST RECORDS BY B-LINE PATTERNS

B. B. Bauer
Shure Brothers, Inc.
Chicago, I1l.

ABSTRACT

Test records are often calibrated by meas-
uring the width of the optical pattern formed when
a sharp beam of light is reflected from the modu-
lated grooves. An error has been found in this
measurement owing to diffraction of light at the
edges of the pattern, which results in a fuzzy end-
ing and a general enlargement of the pattern width,
especially at high frequency. A new optical method
has been devised for calibration of test records by
the use of interference-line patterns. Two sets of
interference lines have been identified: (a) Uni-

formly-spaced lines which are related to the
recorded frequency, the angular velocity of the
record, and the wavelength of light—these have
been called the A-lines; (b) lines with variable
spacing which are related to the amplitude of
modulation and to the wavelength of light-these
have been called the B-lines. B-line patterns
may be readily related to the theoretical width of
the optical pattern free of diffraction error, with
the resultant improvement in the accuracy of
test-record calibration.

DESIGN AND PERFORMANCE OF A
HIGH FREQUENCY ELECTROSTATIC SPEAKER

Lloyd Bobb, R. B. Goldman and
R. W. Roop,
Philco Corporation, Philadelphia, Pa.

ABSTRACT

An electrostatic speaker has been developed
which provides a quality of high frequency repro-

duction not available with electromagnetic tweeters.

The diaphragm consists of a thin plastic film bear-
ing an evaporated metallic layer. The membrane
is stretched around a semi-cylindrical perforated
electrode on which ridges are embossed to provide
clearance. The response varies less than * 2 db
in the frequency range between 8 and 16 kc. The
azimuthal distribution pattern is excellent, owing

to the cylindrical geometry, and is essentially in-
dependent of frequency in the same range. The
second harmonic distortion inherent in this type
of speaker is maintained at a low value. An in-
dication of the quality of high frequency reproduc-
tion is provided by oscillograms of the response
to tone burst signals. The speaker is in quantity
production and has been incorporated in several
models of home reproduction instruments.

ELECTRONIC MUSIC SYNTHESIZER

Harry F. Olson and Herbert Belar
RCA Laboratories
Princeton, N. J.

ABSTRACT

The electronic music synthesizer is a ma-
chine that produces music from a coded record.
The coded record is produced by a musician,
musical engineer or composer with a fundamental
understanding of the composition of sound. The
electronic music synthesizer provides means for
the production of a tone with any frequency, inten-
sity, growth, duration, decay, portamento, timbre,
vibrato, and variation. If these properties of a
tone are specified, the tone can be completely
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described. The advantage of the electronic music
synthesizer is that it can produce new and radical
tone complexes for musical satisfaction and grat-
ification. The new system does not displace the
artist and musician of today. It does not take the
place of talent combined with work. The electron-
ic music synthesizer provides the musician, musi-
cal engineer and composer with a new musical tool
with no inherent physical limitations.




PROPOSED CONTROLS FOR ELECTRONIC MASKING IN COLOR TELEVISION

W. L. Brewer,

J. H, Ladd and J. E. Pinney

Color Technology Division
Eastman Kodak Company
Rochester, New York

Summary

Electronic masking in the color television
studio is accomplished by the use of crosscoupling
networks. These networks yleld three output sig-
nals, each of which is a linear function of the
three input signals. The colors of the final re-
production depend upon the values of the coeffi-
cients in the linear equations relating output vol-
tages to input voltages. A change in the value of
any individual coefficient in these equations
affects the hue, saturation, and brightness of
most nonneutral colors. The effect of an incre-
mental change is described for a given set of mask-
ing equations, Coefficient controls may be ganged
to simplify the relationship between marmual adjust-
ments and visual effects., A block diagram is shown
for a suitable circuit. A means for ganging the
controls is also described.

Introduction

In earlier papers 1'2, we have demonstrated
that the color space reproduced on film does not
coincide with the color space which can be repro-
duced on a color television picture tube. Be-
cause of the greater luminance output range of )
color film, scenes of high contrast can be better
reproduced on color television if the luminance
range is electrically compressed in the color
television studio., One method of accomplishing
this result employs gamma overcorrection and elec-
tronic masking.

Electronic masking has been suggested as a
means of improving hues, saturations, and bright-
nesses of chromatic colors. Circuits3e4e5 for
accomplishing electronic masking are known. The
present paper is a further discussion of the appli-
cation of electronic masking to color television.
Attention is given to the problem of correlating
manual masking adjustments with desired visual
effects.,

Masking Equation Coefficients

In an electronic masking unit, each output
signal (red, green, or blue) is a function of all
three of the red, green, and blue input signals.
These functional relationships are essentially
linear and can therefore be conveniently repre-
sented by the equations:
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Ro = a11Ry + al2Gj + a13Bi
Go = az1Ry + azpGy + ap3By 8
B, = a31Rq + 23203 + 23384

The red output signal, Ry, is derived from
the red, green, and blue input signals, Ri, Gi,
and By, in the relative amounts of ajj, 312, and
al;i The diagonal elements aly, az2, and a33
will be large and positive whereas the remaining
six constants will usually be small and negative.
It is seen that there are nine independent con-
stants whereby the output signals can be adjust-
ed as functions of the input signals.

Adjustments to improve picture quality
must be made through the proper selection of
values of these nine constants. If the neutral
scale is to remain in balance, the sums of the
three coefficients in each of the equations rust
be the same. It is comnvenient to set these sums
equal to unity:

o

ajp + ayp + ajy =

o)

ap] + agz + a3 = (2)
ajl*ayptapn=1l

Applying these equations to eliminate all,
a2, and a3y, the masking equations become:

R = (1-al2-a3)Ry + a32G; + a13By
GO = 821%4(1-321—323)G1 + 32381 (3)
By = 331Ri * a32qi + (1—831-332)B1

Thus the requirement of proper gray scale
balance is seen to reduce the independent para-
meters from nine to six. The masking unit shovm
in Fig. 1 maintains gray scale balance and has
these six independent controls. Any desired
masking improvement in the colors on the color
picture tube must be obtained through the selec-
tion of promer values of these six constants,




There are thousands of colors which may be
differentiated on a color television receiver,
With no more than six independent parameters on
the masking equipment, it is evident that the
colors viewed on the screen cannot all be inde-
pendently modified. A complete array of color
changes on the picture tube will be associated
with changes in the parameters, either singly or
in combination., The question is, in what manner
should these parameters be controlled to produce
the most desirable pattern of color changes,

One possible arrangement would be to have
each of the six parameters, the a's in the equa-
tions, controlled by a separate control knob, Let
us consider the pattern of color changes involved
in the change in one of these parameters, Con-
sider 212, for example: Suppose that we make it
more negative., The effect on numerous colors over
a trilinear chromaticity plot of colors is illus-
trated qualitatively in Fig. 2. Reds are made
more saturated, Cyans are also increased in sat—
uration. Green colors are shifted in hue toward
cyans., Magentas are shifted in hue toward reds,
A1l of these effects are of somewhat comparable
magnitudes; hence it would be difficult to asso-
ciate with the change in this one parameter any
simple pattern or any simple type of color change,

Association of Manual Controls
with Visual Effects

As an alternative approach to the problem
let us consider the color changes vwhich we would
like to have associated with our control knobs,
Consider the array of reds from the neutral point
up to the primary point as illustrated on the tri-
linear plot of Fig. 3. Suppose we have one con-
trol which would enable us to shift the hue of
these reds toward yellow, as shown, without mark-
edly changing their saturations, nor greatly in-
fluencing the hues or saturations of other colors,
Turning the knob in the opposite direction would
move the reds toward magenta. Suppose, likewise,
that we had a second knob which, as shown in Fig,
4, could be used to cause the reds to become more
saturated or less saturated, again without marked-
1y affecting their hues and not greatly affecting
other colors.,

Such controls would make possible a simple
association of control adjustment with resulting
visual effects. If one saw a red color which he
considered too saturated, or desaturated, or of
slightly the wrong hue, adjustments could be made
which would not be distorted by later changes in
other controls, Such a solution to the problem
also would appear attractive in terms of the num-
ber of knobs, Two knobs would be required for the
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reds, one a hue control, and one a saturation con-
trol. A similar pair of knobs for the greens and
another pair for the blues would involve six al-
together. The number of knobs then matches the
number of independent controls, six in each case.

Let us consider the possibilities of ob-
taining such a system, A careful examination of
our basic equations (3), reveals that changes in
the hue of the reds are affected most directly
by the relative sizes of the coefficients, a 1
and » Similarly the hues of greens and bfues
are 2§}ected by a3, and a3z, and by a3 and ay3
respectively. If ap) is made more negative,
green will be taken out of the reds, thus moving
them toward magenta. On the other hand, if a3l
is made more negative, blue will be taken out of
the reds thus moving them toward yellow., If one
of the control knobs were made such that apy in-
creased in value as aqy became smaller and as the
knob were turned in tge opposite direction the
opposite effects would take place, this would pro-
vide an excellent control on the hues of red colors,

The same controls will affect cyan colors
as shown in Fig, 5, A change in reds toward
yellow will move cyans toward blue. Similarly,

2 change in reds toward magenta will move cyans
toward green. Thus the red hue control rotates
the red-cyan axis, Similarly, the green hue con-
trol rotates the green-magenta axis, and the blue
hue control rotates the blue-yellow axis.

Saturation control is a little more com-
plicated. Saturations of reds, for example, can
be increased by making constants al2 and ajj more
negative. This in effect gives a greater red out-
put signal for a given red input signal. Reds are
made brighter and more saturated.

Saturations in reds are also affected by
azy and 337+ Making them more negative removes
green and”blue outputs from reds, thus making the
reds more saturated, This also tends to make reds
slightly darker,

Any of these changes have secordary effects,
Changes in a5 and 213 will also affect the satu-
rations of the ¢yan, as will changes in apy and
a31. Changes in 312 and ay4 will also affect
hues unless 332 and az4 are”similarly changed,

We are of the opinion ghat the most practical way
to control red saturation is to 1link the co-
efficients a 1 and a 1+ If these two constants
are increased or decgeased together, red satu-
rations are controlled without major hue changes,
Saturations of other colors are affected to a
lesser extent, Similarly, a green saturation con-
trol may link coefficients ajo and a32; while a




blue saturation control may link coefficients a3
and azye

Fig. 6 shows a panel with the controls de-
sired. The knobs in the upper row are associated
with the six potentiometers of the masking unit
shovn in Fig. 1. The knobs* in the lower row pro-
vide hue and saturation control for reds, greens,
and blues indeperdently. The red-cyan axis hue
knob controls coefficients azj and a3;. Turning
the knob in one direction increases aj; and de-
creases a,y, while turning it in the opposite dir-
ection haS the reverse effect on these two co-
efficients. Two other controls similarly affect
the hues along the green-magenta axis and along
the blue-yellow axis. Saturation controls for the
red axis involve the simultaneous increase or de-
crease of coefficients azj and a4. Similarly,
saturation controls for the green”and blue axes
involve ganging of coefficients a4y, and a,,, and
a3 and ay4 as shown, These illustrations are
schematic and undoubtedly other arrangements can
be devised,

Calculated Effect of Ganged Controls

To determine the probable effects of such a
system of controls we made calculations for a num-
ber of colors. We assumed the television system
shown in Fig. 7. The signals, Ry, G7, and B}, from
the film scanner are gamma overcorrected by an ex-
ponent of 0,67, and are then given the normal gamma
correction of 0,45, MNext comes the masking unit,
The signals then go through the encoder and are
transmitted to a standard color television receiver.
The color picture tube is assumed to have a gamma
exponent of 2,2,

In our calculations we first established
the coefficients for the masking equations which
would apply to Eastman Color Print Film, Type 5382
in this system., These coefficients were determined
by a method of least squares for a number of Munsell

* In Fig, 6 are shown two rows of panel control
knobs. The lines connecting the knobs represent
belts running between pulleys on the shafts indi-
cated. A plus sign at the end of a belt indicates
that when the lower shaft is rotated, the upper
shaft rotates in the same direction. A minus

sign at the end of a belt indicates that when the
lowver shaft is rotated in one direction, the upper
shaft rotates in the opposite direction, If all
the pulleys indicated were rigidly connected to
their respective shafts the system would be im-
mobile, One way to prevent this is to make one
pulley on each of the lower shafts free from the
shaft. This pulley is engaged only when the lower
control knob is depressed. It 1s then necessary
to push in each lower knob before it is turned, in
order to make desired adjustments,
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patches. Our procedure is further described in
the appendix,

The resulting equations are as follows:
Ry = 1.9R; - 1.2G3 + 0.3B3

=-006Ri + 109Gi - 003B1 (u)

o = 0.1Ry - 0,7Gy4 + 1.6B4

The coefficients are rather large and two
of the nondiagonal coefficients are positive., The
coefficients would be smaller if gamma overcorrec-
tion were not used,

To determine the effect of the red hue con-
trol, we added 0.4C to ay} and subtracted 0.40 from
aq3. The chromatic changes are illustrated in the
trilinear plot of Fig. 8 The colors along the
red-cyan axis are changed in hue as predicted.
There are minor changes in the remaining colors.

To determine the effect of our red satura-
tion control, we subtracted 0,40 from azj and a3;.
The chromatic changes are illustrated in Fig. 9,
Here the reds are increased in saturation. The
side effects, however, are greater than for the
hue shift controls. The side effects are increases
in saturations of other colors, but to a lesser de-
gree than for red, Hues, however, remain relative-
1y constant, We made similar calculations cover-
ing changes in other pairs of coefficients corres-
ponding to the green and blue axes, The effects
are similar to those which have been described and
are shown in Figs. 10, 11, 12, and 13. In these
last six figures, the numbers associated with some
of the arrows represent relative luminance values.

Conclusion

We have proposed that in the masking unit
of a color television studio a simple means for
associating mamual adjustments and visual effects
may be obtained. A block diagram of a suitable
masking unit was shown. This unit automatically
holds the neutral balance, A proposed control
arrangement for this circuit was illustrated.
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Appendix
Kasking Equation Coefficients

The coefficients for the masking equations
(equations 4) were computed by the method of least
squares for a sample of 13 Munsell patches dis-
tributed in color space. Since the answer depends
upon the starting sample chosen, the coefficient
values were rounded to the nearest tenth, The
coefficients were established by the following
procedure,

The 13 Munsell patches were each photo-
grarhed on Eastman Color Negative Film, Type 5248,
The illuminant was 3200 K, for which that film
was designed. Prints were made on Eastman Color
Print Film, Type 5382. The color television film
scanner output signals from the Eastman Color Frint
Film reproductions of the original Munsell colors
were measured on a color densitometer for which
the red, green, and blue responses had been ad just-
ed to approximatg "ideal® practical responses al-
ready published.® These synthetic scanner sig-
nals (Ry, G, and By) were rooted as indicated in
Fig. 7 to obtain the masking device inputs, Ry,

Gy, and By,

The corresponding masking outputs, Ros Go,
and By, were found by computing back from the de-
sired color picture displays. For each Munsell
color patch it was desired that the chromaticity
(x5, ys) displayed on the color television pic-
ture tube be that which the patch itself would
have if viewed directly under CIE i11luminant C,
However, it was desired that for each Munsell
patch the luminance (Iz) displayed on the picture
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Mg, 1

tube be computed by the equation

Y, = 0.30 Ry + 0.59G + 0.11 Bp, (5)
or

0,67

: 0.67
+ 0.59 (667

Y> = 0.30 (Ry) 0.11 (By)
2 3 1 1 6)

This latter equation implies that the Eastman
Color Print Film and the scanner were balanced
for CIE illuminant C, The fractional exponent
compensated for the greater-than-unity contrast
of the film,

From the CIE tristimulus values (X, Y,,
and 22) for each display on the color picture
tube, the corresronding phosphor input signals
(Rs, Gs, and Bs) were computed, assuming standard
NTSC phosphors., The equations'} are as follows:

Ry = 0,670 X5 + 0.330 Y,
Gs = 0.210 X, + 0.710 Y2 + 0,080 z2  (7)
By = 0.140 X, + 0.080 Y, + 0.780 2,

The 1/2.2~power of each phosphor input signal
yielded the corresponding receiver decoder output
signal. Transmission noise was neglected; hence
each receiver decoder output signal was identical
with the corresponding studio encoder input signal.
By this procedure 13 sets of masking output sig-
nals were conputed.

From the 13 sets of masking input signals
and corresponding 13 sets of masking output sig-
nals, the coefficients in the masking equations
were compuied by the method of least squares,

Block diagram of color television studio
masking circuit in which the six inde-
pendent controls are suitable for gang-
ing to simplify the relationship between
marmal adjustments and visual effects.
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EXPERIMENTAL EQUIPMENT FOR

RECORDING AND REPRODUCING

COLOR TELE VISION IMAGES ON BLACK AND WHITE FILM

William L, Hughes

REQUIREMENTS OF A RECORDING MEDIUM

One of the most serious problems in the way of
expansion of color television broadcasting is the
lack of a convenient and economical recording
scheme. Such a scheme must be satisfactory for
the performance of several basic tasks. First, it
must be capable of recording live color scenes for
later use in color television broadcasting. It
would be convenient if this first task could be ac-
complished with some simple device such as a
mechanical movie camera. Second, it should have
facilities for making kinescope recordings of good
quality which can be later used for broadcasting
purposes. A third requirement concerns the re-
producing device. It should be capable of playing
back either the recording of the live scene or the
kinescope recording. It is, of course, always
desirable to make the mechanisms involved as
simple and as reliable as possible. This last re-
quirement has become more important with the in-
creasing complexity of color television equipment.

At the 1954 convention of the Institute of Radio
Engineers, a general system for performing the
aformentioned tasks was proposed. * At that time
the system had not been tried. This paper is a
report of the experimental work done and the re-
sults obtained with the system to date.

BASIC DESCRIPTION OF THE SYSTEM
The system as originally proposed, illustrated
in figure 1, employed color separation and elec-
tronic switching in combination. The three color
primaries were the C. L. E. standard all positive
coordinates x, ¥y, and Z. There were two columns
of images on the black and white film. Each indi-
vidual image represented a television field for its
own particular primary. The column of images on
the left side of the film strip of figure 1 consisted
simply of successive fields of ¥ or luminance in-
formation. The column of images on the right
side of the film strip consisted of alternate fields
of % and z or chrominance information. That is,
for one particular field, % and § information would
be recorded but z information would be ignored.

In the next field § and Z information would be re-
corded, but % information would be ignored, and
50 on.

In reading the information out during playback
three scanner tubes {(or one scanner tube and an
optical beam splitter) were to be employed. The
scanner tubes were to have a horizontal line only,
and the film was to run continuously with one com-
plete image passing any given point each 1/60 of a
second. Even though only two images were re-
corded simultaneously, three were simultaneously
scanned, as shown in figure 1. Thus, one piece
of color information would be 1/60 of a second out
of step with the remaining luminance and chromi-

69

Iowa State College

Ames, Jowa

nance information. % and Zz would alternate field by
field in this role. The luminance information § was
then read field by field by photomultiplier 1. The
two pieces of chrominance information, % and 2,
were read by photomultipliers 2 and 3, which had
to be switched electronically at a field rate. The
film transport mechanism was to be synchronized
by comparing appropriate field marks shown on
figure 1 with the vertical synchronizing pulses. The
electronic switch would be synchronized with ap-
propriate field marks. It was originally proposed
that since fields (262} lines) instead of frames (525
lines) were being recorded, the images need be just
as wide and one half as high as an ordinary lémm.
image to provide adequate definition. This is cer-
tainly true for kinescope recordings if the film trans-
port mechanism is capable of placing the film ac-
curately. For images recorded with a mechanical
camera, the limiting definition capabilities of
present day optical systems and fine grain films are
such that both horizontal and vertical definition will
be essentially determined by the characteristic of
the television system. Therefore, there would be
trivial losses in definition caused by reducing the
height of the image by the amount discussed. The
film speed compatible with these requirements and
also with a 30 frame 60 field television system was
45 feet per minute.

The reasoning behind the choice of X, ¥, and 2
in the originally proposed system instead of the
more conventional red, green, and blue is as fol-
lows: Let us assume that the entire system was
either linear or properly gamma corrected. If
the gains of the two chrominance channels were
identical, there would be no advantage in choosing
either set of primaries except that, theoretically
at least, better color accuracy can be obtained
with all positive X, y, and z than with all positive
red, green, and blue primaries. However, let us
suppose that there is a slight difference in gain be -
tween the two color channels. If red, green, and
blue were the three primaries, then red and blue
would be the electronically switched channels since
it would be desirable to keep the primary with the
most luminance information (in this case green) in
the channel which will never have any fields miss-
ing. If there is a saturated red (or blue) patch in
the picture, that red (or blue) patch would have
slightly different brightness for successive fields
but constant brightness for alternate fields. This
would be quite likely to produce a small luminance
flicker which might be objectionable. On the other

*Hughes, Wm. L., FEASIBILITY AND TECH-
NIQUE OF STORING COLOR VIDEO INFORMATION
ON BLACK AND WHITE FILM. Presented at 1954
National Convention of the Institute of Radio
Engineers.



hand, suppose that , §, and 2 primaries were
used. Then red, green, and blue signals would be
obtained from them by matrixing. However, lumi-
nance information for all three is obtained from
the § signal,and variation in chrominance channel
gains would produce primarily a chrominance
flicker which would be much less visible than a
corresponding all luminance flicker. * 1t should
probably be said at this point that later experi-
mental investigation proved that this luminance-
chrominance flicker problem was not as serious
as originally expected, though these factors did
influence the choice of primaries in the originally
proposed system. Also, for other reasons to be
discussed later there is a definite advantage in
keeping as much luminance information as pos-
sible in one channel.

Before proceeding further it is expedient to
consider two possible methods which might be used
to place the information on a film in a mechanical
camera. The most obvious way is to design a
mechanical camera which will record sixty dif-
ferent pictures a second. A rotating color wheel
would be used to alternately place % and % on one
side of the film. Luminance information would be
placed at a field rate on the other side of the film.
Probably the major difficulty with this system is
that the mechanical camera would be expensive and
completely non-conventional. Fortunately another
method may be used which allows the easy conver-
sion of already existing conventional 35mm. movie
cameras. In this method the camera will have a
pull-down mechanism that operates 30 times a
second instead of 60 so that four complete images
(two luminance and two chrominance) can be re-
corded simultaneously. This camera will be set
to move twice as much film per pull-down as the
first camera. An optical system composed of an
anamorphic (aspect ratio distorting) lens and a
four-way beam splitter would make it possible
for this type of camera to perform for color tele-
vision functions analogous to those of a standard
movie camera. The use of appropriate color
filters in the beam splitter and panchromatic film
in the camera is all that is necessary to expose
film from which high quality color television
images can be taken directly after development.

THE EXPERIMENTAL EQUIPMENT

To test the feasibility of the proposed system,
it was decided that two basic units must be either
constructed or otherwise obtained by the conver-
sion of existing equipment. These two units are a
complete playback system and a mechanical camera
for making a suitable test film. It was the con-
sidered opinion of those involved in this project
that if these two units could be made to operate
successfully, the technical feasibility of the
system would be reasonably well established.

As is often true in the implementation of such
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schemes certain changes from the basic plans be-
came expedient as the project developed. One

basic change made involved the choice of taking
primaries. It will be recalled that initially stand- )
ard C.I.E. primaries x, y, and z were specified.
It was later decided that the primaries for the
first model would be all positive red, blue, and
luminance information. The luminance primary
would correspond to standard C.1.E. § as closely
as possible. It is true that this sct of primaries
does not give the theoretical color accuracy ob-
tainable with the original primaries. Experience
in color television broadcasting has proved, how-
ever, that all positive red, green, and blue pri-
maries give perfectly satisfactory results from a
subjective point of view. It would seem that such
a choice of primaries would be reasonable for this
system also. However a choice of primaries which I
we will symbolize by Y, R, and B (where Y = y).

has certain additional advantages. In this system,

the green signal would be obtained by subtracting
correct proportions of R and B from the Y signal

and the anti-flicker feature in the presence of

chroma gain differences would thereby be retained.

In addition, the matrix required to obtain the green
signal would be simple, since the other two chan-
nels would operate on a straight through basis.

This represents a definite advantage over the x,

Y., Z system. Another advantage that might assume
considerable importance is that the use of Y. R, |
and B primaries admits the possibility of direct
gamma correction on the film. This makes pos-

sible the elimination of three complicated elec-

tronic chassis and also makes it possible to feed

the three signals (after electronic switching of the
chroma channels) directly to a standard N.T.S. C.
encoder.’

L4

Still another change in the experimental system
is concerned with the film speed. This speed was
increased from the originally proposed 45 feet per
minute to a new figure of 54 feet per minute, which
changed the individual image aspect ratio from 8:3
to 20:9. The reason for this increase in film speed
is simple. Standard 35mm. filmo with negative per-
forations would be moved at the rate of 54 feet per
minute if sixty individual sprocket holes passed any
glven point in one second. There is, then, a one
to one ratio between images and sprocket holes,
which means that conversion of existing standard
Mmovie cameras is greatly simplified. Algo it was
then possible to buy a 24 tooth sprocket wheel for

—
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a standard 35mm. simplex projector and mount it
directly on the shaft of a commercially available
Bodine synchronous motor-reducer (1800 rpm
motor reduced 12:1) combination. When the
motor was synchronized with the vertical synchro-
nizing pulses, the combination made a simple film
drive mechanism for test purposes.

Both of these basic changes in the system are
illustrated in figure 2 which is a diagramatic ex-
planation of the modified system which was built.
The field marks shown in figure 2 were not in-
corporated in the first experimental system. In
the revised scheme these field marks would be
useful in correcting the mode of electronic switch-
ing should it become reversed by accident; but they
are no longer necessary to make the system work
correctly, because both the drive mechanism and
electronic switch are controlled by the vertical
synchronizing pulse. Once the film is started cor-
rectly (there is a chance of error here) the switch-
ing will henceforth be correct for normal opera-
tion. In a commercial system, the field marks
would be useful in that they could be used to insure
correct starting of the film and fully automatic
mode correction if something should happen during
operation.

BLOCK DIAGRAM

A block diagram of the entire experimental
system is shown in figure 3. A 5ZP16 is used for
the fast decay scanner tube,and its surface is
focused on three appropriate images on the film
through the use of a special optical system. Three
photomultipliers are placed so that each one re-
ceives light from a particular image on the film at
any given instant. Each photomultiplier feeds a
channel amplifier. The output of one channel
amplifier (the Y channel) is fed through an aperture
corrector which in turn feeds the output matrix.
The other two channel amplifiers are fed to the two
inputs of the electronic switch. Each of the two
outputs of the electronic switch is fed to an aper-
ture corrector and then to the matrix. Standard
blanking is mixed with the video signals in the
matrix chassis.

ELECTRONIC SWITCH

The circuitry of the entire system is quite con-
ventional except for that of the electronic switch,
which is given in figure 4. Provision is made for
the separate adjustment of signal gain into each of
the four keyer tubes through the use of four cathode
followers (two 12AU7's). Each keyer tube is a 6J6
that is either biased to cutoff on one side because
of extreme conduction of the other side or is al-
lowed to operate as a simple low gain resistance-
capacitance coupled amplifier on the first side when
the second side is cut off. Low resistance poten-
tiometers provide a means of obtaining d-c balance
on the amplifier sides. The switching sides are
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driven by an approximately 100 volt peak to peak
square wave which has a frequency of 30 cycles per
second. The square wave is obtained from a con-
ventional Eccles-Jordan multivibrator. This
multivibrator is driven by a Schmidt trigger cir-
cuit which is modified with an inductance -- damper
diode combination in one plate so that it produces
one very high pulse for each 60 cycle sine wave
that is used to drive it. Since each pulse changes
the Eccles-Jordan multivibrator mode, the com-
bination is effectively a 2:1 frequency divider. Ex-
tensive decoupling must be used in the plate cir-
cuits of the keyer tubes, since the 30 cycle square
wave must be passed with essentially no tilt. If
this is not done, it is extremely difficult to balance
the electronic switch to give no chroma flicker.
Since no compensation is provided for high fre-
quencies in the cathode followers and in the keyer
tubes, it is necessary to insert overcompensated
video amplifiers in each channel. These ampli-
fiers serve to keep the signal at a usable level,
since the keyer amplifiers have gains of much less
than unity. They also serve to correct the high
frequency roll-off caused by the keyer circuits.
The entire unit"has a frequency response of plus or
minus one decibel from 20 cycles to 5 megacycles.
D-c and a-c stability of the switch are good enough
so that once careful adjustment is made, it is not
necessary to adjust it again for several days, pro-
vided at least a 15 minute warm-up period is al-
lowed when the switch is turned on.

OPTICAL SYSTEM

The optical system required for this system is
quite unique. The image from the cathode ray tube
face must be split into three images,and each of
these three images must be placed on the film in a
particular place. This optical system is illus-
trated in figure 5. Three individual 75mm. Carl
Zeiss Tessar lenses are used. These lenses are
displaced from the optical axis center as little as
possible. The individual beams are bent through
two 90 degree angles through the use of simple re-
flecting prisms. Two of the three lens-prism com-
binations are shown in figure 5. These two repre-
sent the chroma channels. The Y channel combina-
tion is not shown,but it is similarly constructed.
The only difference is that the prisms displace the
beam laterally rather than vertically. Registration
is accomplished merely by adjusting the lenses. A
photograph of this optical system is shown in figure
6. Once the individual images on the film have been
scanned, it is necessary to transmit the gathered
light from each image to the respective photo-
multipliers. This is accomplished through the use
of polished optical lucite light pipes. A photograph
of the entire photomultiplier pickup head is shown
in figure 7. It should be remembered that no
electronic circuitry is involved in the registration
of the three images and excellent registry can be




obtained. If such a device is ever built commer-
cially,and the lenses are provided with micrometer
adjustments, registration should become a task
that can be accomplished in a few seconds.

A photograph of the entire system plus monitor-
ing equipment is shown in figure 8. It must be
remembered that in this experimental system, all
of the individual functions (channel amplification,
aperture correction, switching, matrixing, etc.)
were built into separate chassis to facilitate ex-
perimental work. In commercial equipment, the
electronics could be greatly compressed.

TEST FILM

To test the experiment system adequately, it
was necessary to make a suitable test film. This
film was made in the following steps. A large test
pattern was drawn with the vertical dimension com-
pressed such that its aspect ratio was 20:9. Three
identical photostats were made of this test pattern
drawing. Papers of various appropriate shades of
gray were pasted on the different photostat copies
of the test pattern to produce colored bars and
wedges, so that typical red, blue, and green pat-
terns were obtained. A luminance pattern was not
made because it was desired to test the system
critically for flicker. Therefore if a regular
green pattern is used and appropriate red and blue
signals are not subtracted from it in the matrix,
the most severe flicker features of the system will
be present. Further, since saturated Primaries
would have the greatest tendency to flicker, the
bars and wedges were chosen to be saturated red,
green, yellow, and blue. The problem is particu-
larly significant with the red and blue primaries.
Small black and white negatives were made of the se
test patterns,and these negatives were carefully
placed between plate glass in the Proper orienta-
tion. Two green black and white negatives were
placed one directly above the other. To the right
of one green negative was placed a red negative.
A blue negative was placed to the right of the other
srmnegative. The plate glass with the negatives
was then placed in a specially constructed inte-
grating light box. The light box was simply a cube
approximately three feet on a side and painted on
the inside with a white diffuse reflecting paint. A
hole was cut in ore side of the cube with dimensions
large enough to cover the four negatives mounted
in the plate glass. Inside the cube and on the
same side as the hole were placed twelve 500 watt
number 2 photoflood bulbs. These bulbs were
oriented so that they completely surrounded the
hole,but they were shielded so that no direct rays
from the bulbs could fall on the plate glass. Thus
any light falling on the negatives had to go through
at least one diffuse reflection. With the plate glass
in place, the luminance variation over its entire
surface was found to be less than one-half of one
percent. This figure was considered satisfactory.
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If there had been any significant luminance varia-
tion over the surface the Y channel on the film
would have an inherent 30 cycle flicker regardless
of the state of perfection of the electronic scanner
it is used to test. Next a standard 35mm. Bell
and Howell Eyemo Model K movie camera was
modified to pull down two sprocket holes instead
of four for each revolution of the shutter. When
the camera was loaded and placed the correct
distance from the illuminated negatives in the
plate glass, a test film of high quality was made
with it. Figure 9 is a photograph of the whole
test film assembly. Figure 10 shows a sample of
the resulting test film. The only things that must
be done to make the camera capable of producing
live films for use in the color scanner are: (1)
Replace the lens with a proper beam splitting and
anamorphous optical system, and (2) load the
camera with panchromatic film.

PERFORMANCE

The general performance of the equipment is
quite satisfactory.  As stated before, good regis-
try is quite easy to obtain. With proper adjust-
ment, there is no visible thirty cycle flicker. As
a matter of fact, it is possible to put either indi-
vidual color channel on a black and white mon-
itor with no detectable flicker. The simple and
economical film drive mechanism that was used
for these tests gave a picture stability that can be
described as about equivalent to that of a medium
quality lémm. projector. However, considerable
improvement could be made. It was felt that this
pProblem was one that could be handled easily by
qualified engineers in that field. The film trans-
port mechanism required for this application ap-
pears to be quite simple compared with that of a
continuous motion projector for standard film be -
cause there i5 no moving optical system.

Some mention should be made of certain pro-
blems that arose in scanning a single line on the
fast decay cathode ray tube. For moving film, an
acceleration potential of 15 kilovolts and a beam
current of 10 to 15 microamperes were used. The
pPictures obtained had good definition,and the noise
content was below that normally seen in the pic-
tures obtained from scanners using color film.
This is due in part to the fact that the 5ZP16 is
rich in blue and ultraviolet light and the photo-
multipliers are characteristically sensitive in this
region of the spectrum. Nevertheless, more light
would not be detrimental. With these tube par-
ameters it appears that at least five hundred hours
can be obtained from any given tube, since the
position of the line can occasionally be changed.
An alternative is to scan the equivalent of

*x

In the oral Presentation, a color slide of the test
Pattern as presented on a 156GP22 tricolor tube was
Presented to show overall color rendition.




approximately ten lines in a vertical direction.
This puts a negligible vertical distortion in the re-
produced picture while making it possible for the
tube life to be increased probably to the life of the
electron gun. Still another alternative is to put a
standard raster on the tube and compress it opti-
cally. One feature of the system is that if the
film is stopped, the electronic switch disabled, and
a raster placed on the cathode ray tube instead of
a line, the system will faithfully reproduce the
frame. One difficulty with this procedure is that
where the line was originally scanned, the x-ray
darkening of the glass will be more significant as
well as the fact that the light output of the phosphor
may be slightly reduced. Therefore a slightly
darkened line will appear in the picture when the
film is not running. This defect is not present, of
course, when the film is running. In any case it
can easily be eliminated by using one cathode ray
tube for still frames and one for moving film. If
a compressing optical system is used for running
film, the difficulty is not present.

POSSIBILITIES OF 30 CYCLE
COLOR FRINGING

All of the films that have been used to test the
system have been made from still subjects. The
possibility has been suggested that,if it is at-
temped to record rapid motion, certain color
fringing difficulties might occur. This possibility
arises from the fact that four images (two lumi-
nance and two chrominance) are recorded simul-
taneously when the more economical camera ’
system is used. Thus successive images in either
column are either simultaneous or 1/30 of a second
apart. This presents no difficulty except on alter-
nate fields when the luminance and one piece of
chrominance information are simultaneous but the
second piece of chrominance information is lag-
ging by 1/30 of a second. It is not yet known
whether or not this problem will be serious in the
system that has been described thus far. If it is
objectionable, however, there appears to be a
relatively simple way to overcome the problem.
This technique requires a simple modification in
the scanning procedure when the film is run in the
playback system. This modification is illustrated
in figure 11. A fourth photomultiplier is used, and
four images are scanned simultaneously instead of
three. For a given field, one luminance image, its
adjacent chrominance image, and the chrominance
image directly above that adjacent chrominance
image are scanned simultaneously. It will be as-
sumed for discussion purposes that these three
images were recorded simultaneously. In addition,
however, the chrominance image directly below
the chrominance image adjacent to the luminance
image will also be scanned. For this field, then,
if chrominance photomultipliers 2 and 3 are se-
lected by the electronic switch all of the luminance

and chrominance information will be simultaneous.
For the next field, chrominance photomultipliers
2 and 4 will be selected by the electronic switch
and luminance and chrominance information will
still be completely simultaneous. This procedure
is repeated for the next set of four images and so
on. This system adds a little complexity to the
optical system and requires an additional photo-
multiplier and channel amplifier. A simply study
of electronic switching techniques will show, how-
ever, that the complexity of the switch required to
perform this type of switching is not increased at
all over that required by the original switching
system.

FEASIBILITY OF KINESCOPE RECORDING

One technique of making recordings is to place
a special mechanical camera in front of a dichroic
display and synchronize the camera with the frame
rate. It may be, however, that this technique,
while theoretically possible, is not the most eco-
nomical one. Figure 12 illustrates another pos-
sible method which may be more desirable. This
kinescope recorder consists of two scanner tubes
and a film transport mechanism much like the one
required for the playback mechanism. One scan-
ner tube is controlled with the luminance informa-
tion and the other is controlled with appropriately
switched chrominance information. Motion
through the film transport mechanism is continu-
ous,and the scanner tubes have no vertical sweep
as before. A difficulty encountered with this type
of system is that every other field of color informa-
tion is thrown away for both red and blue. This is
equivalent to decreasing vertical chroma definition.
If it can be assumed, however, that a decrease in
vertical chroma definition until it is equivalent to
the existing horizontal definition in the chroma
channels is allowable, then this unused color in-
formation should not present noticeable losses to
the complete color picture. This system also in-
herently produces a possibility of 1/60 of a second
color fringing for fast motion. However, the short
time involved coupled with low bandwidth chroma
channels should not allow this problem to be
serious. As a matter of fact, there is at least one
piece of color television equipment available today
which has this inherent possibility and yet has
proved itself capable of excellent performance.

CONCLUSIONS

The experimental work done thus far seems to
indicate that a film scheme for color television
using black and white film with a combination elec-
tronic switching and color separation process is
technically feasible. Further, the equipment in-
volved for a complete system appears to be some-
what smaller in quantity and simpler in design than
that required for a system using color film. Al-
though they have not been proved, kinescope
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It is difficult to compare such a system with
magnetic tape systems. At present, the only func-
tion in which the two systems might be competitive
is kinescope recording,and there are not enough
data available on either system for a fair evaluation.

The help and advice of a large number of
people should be acknowledged. In particular it is
necessary to thank Dr. Lyle Brewer and Mr. Jack
Pinney of the Eastman Kodak Company for much
assistance and advice in the handling of film. Dr.
Lester Earls and Dr. Percy Carr of the Physics
Department at Iowa State College gave much valu-
able advice in both the fields of colorimetry and
optics. Many valuable suggestions were given by
Mr. Paul Kristensen and Mr. Charles Otis of the
Engineering Experiment Station and Electrical En-
gineering staff at lowa State College. Finally,
acknowledgement should be given to Messrs. Thomas
Proctor, Leslie Westenburg, and LeRoy Anderson,
students in Electrical Engineering, who actually
built the equipment and who made many valuable
suggestions for its improvement.

recording possibilities with reasonable economy
appear to be good.

It is well established, of course, that black and
white film when used in a color separation process
is an excellent way to record and store indefinitely
high quality color pictures. In this particular
system (which is devised specifically for color
television) the running film costs at current prices
for purchasing and processing film appear to have
between a two and three to one cost advantage over
lémm. color film required to perform the same
function. With proper operation, the image quality
should be at least as good as that obtainable with
conventional 16mm. color film. There is no
cross coupling because of imperfect dyes. Also no
electronic masking or over-gamma correction is
required. The fact that no high degree of skill is
necessary to run a black and white film processor
is important to the operation of an ordinary tele-
vision station. Whether or not television stations
will be willing to operate a color film processor
remains to be seen.
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CATHODE-RAY VECTORGRAPH

Frank Uzel, Jr,
Allen B, Du Mont Laboratories, Inc,
Clifton, New Jersey

Summary

This paper describes a new Cathode-ray
Vectorgraph developed primarily for color
television instrumentation.

Introduction

The Cathode-ray Vectorgraph is an oscillo-
graph developed primarily to simultaneously
display the N.T.S.C. color television chrominance
signals. In order that we may obtain a better
understanding of the purpose and application of
this instrument, we shall first consider some of
the basic concepts of the N, T.S.C. color tele-
vision system,

The Chrominance Signals

The location of any point in a plane of
rectangular coordinates is defined in terms of
its X and Y values, Hue and saturation of any
color can likewise be defined in terms of the
values along two chrominance or color defining
axes. In color television these chrominance
values are represented by two electrical signals
known as I and Q. It is the phase angle of their
instantaneous vector sum which determines the
color that the receiver is to display. It is the
amplitude of their instantaneous vector sum
which determines the degree of saturation, that
is, chromatic purity.

These chrominance signals are color camera
information which has been processed in the unit
immediately following the color camera, This
unit, known as the Encoder, converts the red,
blue, and green camera signals and the synchro-
nizing signals into the composite color video
signal. Matrices in the encoder combine
appropriate amounts of the red, blue, and green
camera signal to produce the two chrominance
signals. The chrominance signals are recovered
in the receiver where they are used to regener-
ate the red, blue, and green signals in another
matrix circuit, They are also present in a test
unit known as a Vector Decoder. The Vector
Decoder and the Cathode-ray Vectorgraph are
used as a unit to measure the chrominance
components of the composite color television
signal,

If the source information is a color bar
test pattern, the chrominance signals will
appear as in figure 1, This is a photograph of
the 1 signal (above) and the Q signal (below),
Each minor scale division horizontally repre-
sents 3 microseconds, The sequence of the
color bars was green, yellow, red, magenta,
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white, cyan, blue, black. The small pulse at the
right hand end of each trace is the demodulated
burst signal. The horizontal sync pulse does

not appear because the chrominance signals for
blacker than black are zero, The zero DC
voltage axis is the number one minor division
for the Q signal and the number 9 minor division
for the I signal. The white bar, black bar, and
horizontal sync pulse all fall on these lines
indicating that the encoder was properly adjusted,

The oscillogram of figure 1. was made in
the color studios of the Du Mont Television
Network. Figure 2. is a block diagram of the
method used to simultaneously display the 1
signal and Q signal. A TV line selector was used
to synchronize a wide band Cathode-ray Oscillo-
graph, 1 and Q signals were simultaneously fed
into a High Frequency Electronic Switch operat-
ing in the triggered condition so that I and Q were
alternately fed into the Y input of the oscillo-
graph, Since the video information of all the
lines of the bar pattern used was the same,
adjacent lines could be used and the resulting
chrominance signals would still represent the
color information of a single line,

The Vector Display

When the chrominance signals are applied
to the X and Y channels of an oscillograph, the
instantaneous position of the spot on the face of
the cathode-ray tube represents the instan-
taneous vector sum of the chrominance signals.
The resultant display on the face of the Cathode-
ray tube will appear as in figure 3. The center
dot represents zero DC for both the I signal and
the Q signal. This in turn represents black,
white, and the intermediate gray scale, The Y
or brightness signal carries all the picture
information in this case. The small dot with a
transition loop to the left of center and elevated
above the horizontal by 33 degrees is the burst.
The outer 6 dots represent the 3 primary colors
and their negatives, that is, the 3 secondary
colors. No Z axis signal was applied to the
cathode-ray tube. The bright spots are the rest
positions of the beam during the flat portion of
each step of the chrominance signals. The
transition lines are much fainter due to the
rapid transition from one position of rest to
another, The bandwidth of the X and Y channels
of the Cathode-ray Vectorgraph used to make
this photograph is approximately 600 KC.

Figure 4. is the identical display as repro-
duced by an oscillograph with amplifiers of 4 MC
bandwidth. The larger diameter of the spots is
caused primarily by the presence of some of the




subcarrier in the demodulated I and Q output
signal circuits, The response of the amplifiers
in the first instrument was sufficiently far down
the subcarrier frequency -3.6 MC -to attenuate
this residual. It is to be noted that the location
of each spot can be determined equally well with
the wide band or narrow band instrument. While
the wide band instrument would be useful in the
development of color equipment, it is felt that
the greater cost makes its use prohibitive for
station equipment,

Figure 5 is the scale which has been used
on pilot run and engineering models of the
Vectorgraph, It is a stationary illuminated
clear plastic scale. The markings are standard
tolerances specified for the chrominance
signals, Accurate measurement of vector
amplitude can be made by rotating the entire
display until the spot in question falls on one of
the calibrated axes. This rotation is accomplish-
ed electronically by rotation of the Vector
Decoder phasing controls, In the case where
the phase of one of the colors is off sufficiently
to fall outside the tolerance box, the amount can
be determined with a straight edge laid between
the scale center and the compass rose,

Figure 6 shows idealized I and Q bandwidth
curves, The encircled points are the F.C.C.
specified points, As noted, the 3 DB point on
the I characteristic is at 1.5 MC and the 3 DB
point for the Q characteristic is at 500 KC,
These limits have been imposed for reasons
which cannot be covered in this paper. They are
the primary factor which permits the use of an
oscillograph with amplifiers of less than one
megacycle bandwidth in this application, The
oscillograms of the figure 1. were taken using
instruments with more than 10 megacycles
bandwidth hence it is fairly certain that the
trace was a faithful reproduction of the original
signal,

Figure 7, is a photograph of one of the rack

mounted instruments which were supplied to the
Communications Products Division of Allen B,
Du Mont Labs, These units had rotable non-
illuminated scales. Further field investigation
has indicated that the rotation is not generally
required, but that illumination is generally
desired. Future Vectorgraph instruments will
be supplied with non-rotating illuminated scales
as standard unless otherwise specified.

General Purpose Usage

The characteristics of the Cathode-ray
Vectorgraph have indicated that it may be useful
as a general purpose oscillograph, The low
relative phase shift of the amplifiers is of
special interest, When the amplitude controls
are set for equal sensitivity, relative phase
shift is less than one degree, at least to 600 KC,
and, in all probability, far beyond, For any
combination of amplitude control settings, the
relative phase shift will be less than 3 degrees -

below 600 KC,

The cathode-ray tube is the tight tolerance
type SAQP-. It is a flat face mono-accelerator
type. Deflection plate alignment is held to
within plus or minus one degree,

The instrument includes a modern highly
linear vacuum tube sweep circuit, Incremental
linearity is held to better than 10%. This
circuit operates either driven or recurrent from
the usual synchronizing sources, |

Stability is assured by use of a Sola self-
regulating transformer incorporated within the
instrument,

Acknowledgements to R.T.Cavanagh and
R.Deichert of the Du Mont Circuit Research
Laboratory and J, Auld, W.Flynn and
W.Triantefellow of the Du Mont Television
Network for their assistance in preparing the
photographs for this paper.
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AUTOMATIC BALANCE CONTROL
OF COLORPLEXERS IN COLOR TV

by J. R. Popkin-Clurman
Telechrome, Inc.
Amityville, L.I. ,N. Y.

One of the most difficult problems with
which the color television industry is faced is
that of chroma drift in the modulator section of
a colorplexer. The colorplexer is regarded as
the "Heart" of the compatable color television
system which was adopted by the NTSC and the
FCC. It is that unit which combines the simul-
taneous color information from red, green and
blue video into a signal which will operate both
black and white as well as color receivers.

If a colorplexer becomes unbalanced, it
causes a color receiver showing a color picture
to color everything in the direction of the un-
balance. A black and white receiver will also
show subcarrier in the form of dots on a black
and white picture when there should be none. If
a black and white picture is received on a color
receiver, with the colorplexer unbalanced, the
color receiver will show this as a tinted pic-
ture instead of in black and white. If the burst
which supplies color sync information becomes
contaminated by unbalance cond:tions, the re-
ceiver color sync circuits may not properly lock
at the correct phase.

The broadcasting industry in particular,
needs a colorplexer or color video translating
device which will be precise and yet give trouble
free service over long periods of time. Present
color broadcasting occupies a relatively small
part of the daily broadcast schedule. Thus it is
desirable that the encoding or colorplexing equip-
ment which is used intermittently, reach oper-
ating equilibrium as quickly as possible.

But all colorplexers drift! Some more
than others. The average colorplexer takes a
minimum of one hour of warm-up time and gen-
erally several hours to stop drifting. Even so,
it has been found desirable during the course of
a day to "touch up" for nulls of the background
chroma components.
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At present, frequent manual rebalancing,
posesa personnel problem in connection with the
maintenance and adjustment of colorplexers. To
solve this adjustment problem, anautomatic bal-
ancecontrol has beendeveloped. Thisautomatic
balance control inits various forms is sufficient-
ly dependable so that after its installation only
normal preventative maintenance routine is re-
quired by the station personnel. In fact, one
colorplexer in our laboratory has been running
for more than nine months without any attention
being required for its balance after it was equip-
ped with automatic balance control. With auto-
matic balance control, approximately 25 seconds
froma cold start is all that is required to bring
the colorplexer into balance, instead of allowing
the usual oneto two hours for warmup. The de-
sign of the automatic balance control is such that
it may be used with any colorplexer with no
changes required in the colorplexer itself.

In all types of colorplexers, the modu-
lator color channels must be able to generate a
chrominance vector anywhere through 360°.

Typical colorplexers resolve themselves
into four or five categories:

The first type has been called the Quasi
Balanced colorplexer. This consists of an I or
Q or R-Y, B-Y modulator with two balance chan-
nels; one to eliminate the chroma unbalance in
the plates of the modulators; the other a video
bucking channel, toeliminate the video compon-
ents in the modulator plate, leaving only the
chroma components.

A second type, which is by far the most
common, isthedoublebalanced modulator using
6AS6 or other double input tubes. A pair of tubes
is required for each modulator channel. In the
double balance modulator type, both the video
and chroma subcarrier information are in split




phase, 0° and 180°. Seeblock diagram figure 1.
Sometimes encoding isdone at R-Y, B-Y or with
I and Q axes and a separate modulator for gen-
erating burst. When R-Y, B-Y modulators are
used, burst is derived from the B-Y modulator
channel, since the burst is at minus B-Y phase.

Athird type is the conventional four diode
bridge switch type. A fourth uses two diodes.
A fifth type uses 6BN6 tubes. Inthesetypes both
video and reference subcarriers may be fed in
single ended.

All types of colorplexers have common
features. They must encode a pair of vectors,
normallyIandQ, or R-Y, B-Y, (the chroma in-
formation) with the carrier suppressedin the ab-
sence of chrominance information. We are pri-
marily concerned with chroma unbalance in the
balance modulators so our discussion is confined
to that portion of the colorplexer. Excursions
of video from the color difference channels to
the modulators are positive as well as negative
around zero or black level. Tt is, therefore,
necessary tohave some form of black level ref-
erence for the modulators. This is generally
accomplished by Wendt type keyed clamp black
level setters which hold the grids of the modu-
lator tubes to a reference black. The clamp
tubes operate so that pulse keying voltages close
the clamps during the reference period which
generally is during horizontal blankingtime. The
clamps are then released during the remainder
of the scanning line. In this way, should the av-
erage value of dc onthe modulator grids attempt
to move from the reference black level, it is re-
stored or held once each line. The d.c. voltage
at the bottom of the clamp sets the operating
point of the modulators. Unfortunately, black
level setters have dc drifts in themselves. Some
of these drifts may be traced to: varying contact
potential of the diodes; uneven conduction of the
diodes; varying or uneven amplitudes of clamp
pulses, high resistance leakage in the pulse coup-
ling condensers to the clamps, or high resistance
leakage in the video coupling condensers in the
clamp circuits.

In addition, all modulators including the
diode types, havedriftsin themselves. For ex-
ample, inthe double balance modulator type using
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two 6AS6's, the twotubeswhichcarry push-pull
video and subcarrier must be capable of sustain-
ing balance for both the subcarrier and the video
signals for long periods of time. The modulat-
ing elements, however, do not have very good
long term stability. Changes in line voltage,
heater and ambient temperatures, changes in
values of resistors, differential aging of the
tubes, contact potentials, as well as gas cur-
rents - all are present more or less.

The automatic balance control develop-
ed for using colorplexer used for encoding sig-
nals work as follows: Reference to Block dia-
gram, Figure 2 it is seen if either modulator
of a colorplexer tends to become unbalanced
for any reason, some combination of unbalanc-
ed chroma quadrature components will be pres-
ent in the output of the colorplexer. A sample
of these unbalanced chroma components in the
composite signal is taken during a time when
there is never supposed to be any chroma in-
formation present. This may be derived any-
where during the blanking interval.

The most convenient time to sample the
signal is during the sync period since the back
porch normally has burst on it., An amplified
sample of the unbalanced chroma components is
fedtoaseries of gated amplifier tubes and then
toa pair of amplitude-phase discriminator cir-
cuits. Reference quadrature voltages are also
fed to the amplitude-phasediscriminators. The
references may be derived ina number ofways,
either from a source of subcarrier or from the
colorplexer. The dcoutputs of the discrimin-
ators, which compare the reference signals
against the quadrature unbalanced components
of the colorplexer output are proportional to the
magnitude and phase of the unbalanced compon-
ents present during the keyed sample interval
of the composite color video signal. Since the
discriminators are sensitive to both phase and
amplitude changes, the error voltages from
these detectors may be fed back to their appro-
priate keyed clamp black level setters as dc
voltages. If thereference phasesare correct,
adrift of a keyed clamp or a modulator or any
component in the circuit which upsets the chro-
ma balance is restored by a corresponding de
voltage in the opposite direction applied to the
keyed clamp.




Because of the high loop gain in the auto-
matic balance control servo system nulls result-
ing from the error signals can be as much as
70 db down from peak to peak signal values. Al-
though a.c. amplifiers are used, the 3.58 mc
informationactsas a carrier giving high stabil-
ity tothe amplifier section of the ABC unit with-
out DC drift problems. Because there is nega-
tive feedback present during the closed loop op-
eration of the automatic balance control, it be-
comes possible, to considerably expand the tol-
erances allowable for the normal operation of
colorplexers. Thus, drift in the keyed clamps
themselves, resulting from differences in the
conduction of the diode clamps, a change in the
height of the keyed clamping pulses, drift in dif-
ferent directions due to contact potentials, or
Gmof the modulator tubes, become second order
effects. Widelydissimilar characteristic mod-
ulator tubes may be replaced without matching
acondition which would ordinarily make a color-
plexer impossible touse. Driftsdue to ambient
temperaturesor line voltages or heater voltages
may be ignored when the automatic balance con-
trol makes the colorplexer a very reliable per-
former instead of its former unsteady self.

Two types of automatic balance control
units have been developed as well as a complete
encoder or colorplexer with the automatic bal-
ance control built in as part of its normal func-
tioning. Insomecases, itis possible to derive
the reference quadrature voltages directly from
the colorplexer itself. In this case, the small
automatic balance control adapter shown in slide
(3) may be mounted on the colorplexer itself and
the correction voltages fed back with all the cir-
cuitry as part of the colorplexer.

Asecond type, witha 360° coarse phase
shifter for any phase 3.58 mc subcarrier, de-
velops its own reference quadrature voltages
with circuits which are tuned . 707 in amplitude
above and below 3.58 mc resonance, giving
--45° phase shift. Insome cases the automat-
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ic balance control may be operated as much as
100 feet away from the colorplexer which it is
governing. Such an independent unit is shown
inslide (4). Where switchingtransientsor loss
of signal or sync occurs, suitable memory cir-
cuitsin the form of long time constant filtering
of the dc error voltage path may be used to al-
low the balance to be maintained duringthe trans-
ient condition. Similarly, anti-hunt networks
may be incorporated in the error voltage chan-
nels in order to remove instabilities resulting
from initial surges of voltage that may result
when a colorplexer is first turned on.

Inall designs, the automatic balance con-
trol unit may be disabled, allowing manual con-
trol or for rebalancing. A typical circuit is
shown in slide (5).

V1is the gated amplifier tube. V2 also
functions as a gated amplifier tube in order to
allowahighorder of discrimination between de-
sired chroma information during the sampled
time of the signal, asopposed tothe picture time
where there is normally chroma information
which might leak through and provide spurious
information to thiserror detector. V3is a driv-
er tube which drives a bifiliar transformer, the
output of which is fed to V4 and V5, phase and
amplitude detectors. Note that no limiting is
used before the phase detectors in order to have
the feedback error voltages be proportional to
the amplitudes of unbalance as well as their
phase. V6 feeds reference 3.58 mc in quadra-
ture which is derived from a tapped 360° delay
line. Ablockdiagram of an integrally designed
ABC controlled colorplexer is shown in slides
(6) and (7), a photograph in slide (8).

As an operational tool, the automatic
balance control representsa major step forward
in the design of colorplexing equipment. It al-
lows the user of a colorplexer to treat it like

most of the monochrome equipment now used in
Telecasting.
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TELEVISION IN EUROPE

H.A.S. Gibas

Garratt and Mumford have extensively
reported about the history of televisionl,

A great number of inventions had to be accom-
plished before television could become the
quality for public introduction. A part of
these inventions come from Europe. Two well-
knowr European inventors are Nipkow, who
applied for a patent of a complete television
system in Berlin already in the year 1884,
and Baird, who contributed much to the deve-
lopment of television in Great Britain.

In Europe there exist different tele-
vision standards. Great Britain opened the
television service officially in the year
1936 with 405 scanning lines. This number of
lines offers a good picture quality. With the
high number of 819 the most scanning lines
are used in France. Most other countries in
Europe use the 625 lines standard.

The different standards are the source
of several difficulties. In places lying in
a zone where the reception of transmissions
with two or more standards is possible, one
needs receivers which are suitable for the
reception of different standards. A further
difficulty arises at the international
program exchange. The standards of a tele-
vision signal must be changed, when it is
transmitted in countries with different
standards. The program exchange between
different countries in Europe is much prac-
tised. The rise of the number of televiewers
is especially great in times of extensive
international program exchange.

Different television standards in Europe

The European standards differ in the
first place in the number of lines. The
principal standards are noted in the table
below. The table contains, for comparison,
also the American standard. One can see that
the British standard bas 405 lines, the
French 819 and the Gerber standard, which is
used by most European countries, 625 lines
per image. The number of images per second is

25, for all standards in Europe. This is the
reason, that the number of lines per second
of the American and the Gerber standard
differs by less than 1 %. The 625 lines
standard differs in several countries. In
Belgium two standards are in use, the 625~
and the 819-lines standard; but both differ
from the standards in the neighbouring
countries. The countries in Eastern Burope
also use the 625 lines standard but with
enlarged bandwidth. The conference of 1952
in Stockholm2 had to solve a difficult problem.
It had to mllocate the channels of the tele-
vision and FM-transmitters in the European
zone. It concerned the following bands:
Band I from 41 to 68 MC/sec, band II from
87,5 to 100 MC/sec and band III from
174 to 216 MC/sec. Band III was extended for
France down to 162 MC/sec, and for several
countries at the upper limit up to 223 MC/sec.
The conference in Stockholm allocated the
channels for 600 television transmitters. The
allocation agreement in Stockhom was signed
by the representatives of 21 countries. The
European zone is formed by 31 countries.
Portugal and the countries of Eastern Europe
did not sign the convention. A proposition of
Prof. Siforov of Russia, to cover Europe with
a regular network of television transmitters,
has not been accepted.

One could ask, what is the reason
that so many different standards exist in
Europe. Great Britain has had the 405 lines
standard for 20 years. The results with this
standard are satisfactory, and therefore
Great Britaln remained at this standard. After
the war the communication authorities of the
European countries investigated the possibi-
lities of improving the picture quality of
television reception. Different opinions
about the requirements of good picture quality
led to the different television standards.
These different standards have already been
discussed extensivly and further discussion
is useless. We in Europe are obliged to accept
the fact of these different standards and to

USA British Gerber French

Lines per image 525 405 625 819

Images per second 30 25 25 25 Table of the principal
European television

Lines per second 15750 10125 15625 20475 standards in comparison
with the standard of the

Channel width MC/sec 6 5 7 13,15/14 United States.

Video modulation Neg. Pos. Neg. Pos.

Sound modulation FM AM FM AM
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try to solve the problems which arise.

European television transmissions

Interest in television exists in all
countries of Europe. The state of development
of television is very different in these
countries. In Great Britain a big network of
television transmitters covers a large part
of the country and reaches most of the popu-
lation. The number of television receivers is
about 4 million. In other countries commis-
sions study the possibilities of introducing
television. In most cases the obstacle in the
way of a rapid introduction of television
lies on the financial side. With a few ex-
ceptions there is no advertising at the
broadcast transmissions in Europe. Many
countries do not use advertisements at all,
while others transmit only a few. The owners
of television receivers have to pay a fee,
which amounts to about 10 to 20 Dollars per
year. This money is used tc finance the
programs and the upkeep and contruction of
television transmitters. Dr. Nestel of Ger-
many indicated that at the end of the year
1954 the amount of 10 million dollars have
been spent on transmitters, studios and the
television network. At the same time there were
about 100.000 televiewers in Germany who could
not as yet finance the German television
expenditure. In other countries we find
similar conditions, although the number of
televiewers is rising rapidly in countries
with regular television programs.

Television in Belgium, Denmark, France,
Germany, Great Britain, Italy, the Netherlands
and Switzerland is in a state of good deve-
lopment. Their studios partly are technically
and acoustically most modern. The hours of
television transmissions in Europe are short
in comparison with those in the United States.
Great Britain is leading also in this respect,
averaging 7 hours a day. But in other coun-
tries programs are on the air for only one or
two hours a few evenings of the week.

The possibilities of stratovision3
were investigated in Switzerland. The propa-
gation of ultra short waves in mountains is
difficult te foresee as reflections of moun-
tains play an important role. The reflecticns
also depend upon the growing of woods and
plants on the hill sides. Therefore the propa-
gation of waves and the coverage of television
transmitters were investigated by a great
number of measurements, in Switzerland as well
as in other countries.

The quality of television programs is
improving. The childrens' hour in Great
Britain has special success. The children are
very satisfied with their transmissions. It
hapened sometimes that the many television
receivers working during the childrens' hour
at sunset caused a shortage of electric
current in some living districts in Great
Britain.

Eurovision

The television networks of eight
European countries are connected’. This net-
work is shown in the figure below. The pro-
gram exchange of Europe runs over this net-
work. It is the beginning of the European
network, which in later times can be connec-
ted with the networks of other continents.
The international transmissions in Europe were
named Eurovision. The international television
transmissions are followed up with great in-
terest; when a queen is crowned, the world
championship of footbal is held, or other
sporting or cultural events take place, than
these can be seen on television screens in a
great part of Europe. Plans are under consi-
deration for the extension of these trans-
missions and programs. It is intended, during
next summer, to transmit parts of the festi-
val of Salzburg over the European television
network. It is interesting to note that the
number of television receivers sold is always
large in times of international television
program exchange.

The network of the Eurovision con-
sists of microwave relays. The highest point
of these microwave links is at the eastside
of the Jungfrau in Switzerland at a height of
about 12.000 feet. Here special provisions
were necessary to protect the antenna system
against snow and ice. The station lies high
above the lower limit of glaciers in the
Alps.

TELEVISION NETWORK
OF WESTERN EUROPF

At the end of 1954 eight countries
formed the television network Eurovision.
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A particular problem in Europe is the
conversion of the line number at the inter-
national program exchange. In the Eurovision
such transformation points are in France and
Holland. At these points the standards with
405, 625 and 819 lines are changed. The
standard conversion was already investigated
by Zworykin, Ramberg, Schréter and othersS. In
Europe we have the advantage that all stan-
dards are based on 25 images per second. The
standard converter at the transformation Eoint
in Holland which was developed by Philips
consists of a receiver and a television
camera. The receiver produces a sharp image
with long persistency. This receiver stands
in front of a television camera, in which an
image iconoscop is used. The difficulties,
which are connected with this conversion
method could be mastered with success. The
loss of sharpness is small. The noise factor
changes only a bit.

Part of the Eurovision network can
work only in one direction; this means that a
television program can run only in one direc-
tion. Some time is necessary to reverse the
transmission direction. It is intended to
provide the possibility of transmitting in
both directions of the linkages. In Belgium
a coordination and a control center of the
European television exchange exist. The
television companies of Europe are in close
connection to make the television exchange
more perfect and to study the possibilities
of program exchange.

Television receivers

The development of the television
receiver in Europe follows in principle the
same line as in the United States. The
dimensions of the pictures are smaller in
Europe than in America. This is a question of
the price and of the capability of production.
The lower standard of living in many European
countries demands low-priced receivers, this
means receivers with a small picture tube.
Wevertheless the largest picture tubes, which
are produced in Europe in great quantities
have 21". On the other hand the prices of
television receivers show a tendency to
decline, and the number of television receiver
models with large picture tubes is rising.

The attempt of Philips to diminish the
dimensions of a television receiver? is
interesting. The neck of the picture tube is
bent and so the length of the tube is
shortened. In this mnner it is possible to
build a receiver whose picture is 13" large,
and which has a depth of 3 Lo YU

Interesting problems arise in
connection with the developments of receivers,
which are suitable for the reception of
transmitters with different television
standards. In the zone in which a reception
of Belgium, French and German transmitters is
possible, the receiver must be able to receive
four different standards8. In a special
receiver this problem was solved in such a

-
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manner, that the picture intermediate fre-
quency amplifier has 38,9 MC/sec and a band-
width of 4,25 MC/sec. So the French pictures
cannot be received with the best possible
quality. The sound intermediate frequency is
7 MC/sec and is produced in a second conver-
ter. The problem of the demodulation of

AM- and FM-sound modulation is solved by a
simple method. Positiwe and negativepicture
modulation is considered by applying the
picture voltage either to the grid or to the
cathode of the picture tube.

The determination of the intermediate
frequency of television receivers has been
investigated thoroughly. One is inclined in
Europe to choose about 35 MC/sec for this
frequency. The British Radio Equipment
Manufacturers Association9 recommend a
frequency of 34,65 MC/sec.

The possibilities of television in
the moving motorcar were also investigated in
Europe. Television receivers with projection
tube and screen are seldom found for use in
the home. The reason is certainly that picture
tubes with large screen can be made easily
to-day.

The Schmidt projector is used in the
first place for the projection of large
television pictures in cinemaslO. This system
is built in several cinemas in Europe. At
Dr. Gretener in Zurich they are working on
the very interesting Eidophor. The advantages
of this cinema projector lie in the high
light intensity and the large contrast of the
picture. As in the United States also in
Europe a great number of special measurement
and service instruments for television
purposes have been developed.

Industrial Television

In Europe many applications for in-
dustrial television exist. The underwater
television was of good service in the search
for the wreck of the British submarine
t*aAffray” in 1951. The television camera
jdentified it in a depth of 280 feet. Under-
water television was also used to find the
crashed Comet aircraft, which was lost near
Elba in the spring of 1954. Television shows
great advantages in medical education and at
medical conventions. Televised surgical
operations can be demonstrated in detail to a
great number of spectators. There exist
different types of television pick-up in-
struments in Europe for this special purpose.
A television camera was also installed aboard
a large whalingvessel in Great Britain. The
captain of the ship can in this way observe
exactly the happenings at the end of the
ship. He need not leave the bridge, and can
give orders easily and quickly.

Industrial laboratories in Europe
worked on color television already before the
last war. The war interrupted these develop-
ments. After the war we observed with great
interest the development of color television
in the United States and admired the great




effort which has been undertaken to come to an
all-electronic compatible color television
systemll. Pye demonstrated in 1949 color
television according to the field-sequential
system of Columbia. The picture quality was
good and the demonstrations met with great
interest and success at the public.

Emitron Television Limited, the
producer of the well-known television pick-up
tubes and Marconi are trying to find a way to
simplify the television camera for color
television. Marconi has developed a color
television system following the N.T.S.C.
technique, bur for the British 405 lines
standard. The British Broadcasting Corporation,
E.M.I. and Marconi demonstrated in the year
1954 color television with success at several
occasions12, We suppose that the high price of
color television, before all the high price of
color television receivers, will prevent the
introduction of color television in Europe in
the near future.

This paper shows the advantage, if a
big continent, as Northern America, has one
television standard, and the difficulties which
bring the differences of standards in neigh-
bouring countries, as in Europe. On the other
hand Europe is learning to master these
difficulties. We suppose that in the near
future the television networks of continents -
for instance the networks of Northern America
and Europe - will be linked together. At a
later date there will certainly be one
television network all over the world for the
transmission of occurences which are inter-
esting for all nations. The standard conversion
of the American 30 image standard and the
European 25 image standards will become
necessary. We are sure that the scientists will
solve also this problem.

Numerous European technical journals
report about the development of television in
Europe. Some of these reports are listed in the
Bibliography at the end of this paperl3,
Finishing the author is obliged to thank the
many authorities, departments and firms in
Europe, which have contributed to this report
with technical material and information.
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ELSCTRCNIC CRGAN TONE KADIATICH

A3STRACT

Daniel V. .lartin
The Baldwin Piano Coapany
Cincinnati 2, Onio

lhe principles of design for elec-
trouic organ tone chambers are outlined.
The differences between the design goals
for loudspeaker enclosures for organs
and for other purposes are explained in

fundamental teras.
new organ tone cabinets for indirec
radiation is described in detail.
few organ installation exanmples are
given.
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NOTE:

The complete nanuscript of this
paper, including the parts used in the
condensed version presented at the
Convention, has been published in the
Mlay-June 1955 issue of IRE TEANSACTIONS
on Audio.




THE ROLE OF ROOM ACOUSTICS IN MUSIC LISTENING

John A. Kessler
Acoustics Laboratory
Mzssachusetts Institute of Technology

Summary

As sound travels from a source to a
listener or to a microphone, 1ts spec-
tral and temporal characteristics are
altered by the room through which the
sound travels. In the case of recorded
music, at least two rooms usually
contribute to the quality of the sounds
which the listener hears. The effects
of the room on the music may be bene-
ficlal or detrimental to listening
enjoyment. The evaluation of these
physical effects in terms of listener
preference 1s a subject of continuing
interest to musiclans, architects, and
engineers concerned with deaign of
concert halls and with the recording
and broadcasting of music.

The topic of our symposium today 1s
"Music, High Fidelity, and the Listener";
my remarks are directed at the role
which room acoustics has to play in the
transmission system which carries the
music to the listener. I think you
will agree with me at the outset that
when we use the terms "high fidelity
recording” and "high fidelity reproduc-
tion", we do not intend the words to
be interpreted literally -- obviously
we cannot wholly recreate, 1in a small
apartment, say, everything that goes
on in Carnegie Hall (even if we wanted
to, and I know what my neighbors would
say if I tried!).

Recording and reproducing a musical
event 1s rather like taking a photo-
graph - the photographer cannot possibly
'reproduce"” his subject in every detaill,
and he may choose to de-emphasize some
features and emphasize others, inten-
tionally introducing some kinds of
distortion for purely aesthetic reasons.
Distortions of this sort can greatly
enhance the 1llusion which the photo-
grapher 1s trying to create, just as
surely as his picture can be spoilled
by undesirable distortions such as bad
focus, coarse gralned film, or the like.
Indeed, 1t 1s these unpleasant effects
that come immediately to mind when we
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use the word "distortion" in the first
place.

A music recording and reproducing
system may well have electrical,
mechanlical, or magnetic elements which
introduce spurious harmonic or in-
harmonic tones, noise, and resonant
phenomena, all of which seem to be A
disagreecable to a greater or lesser
degree. Suppose for the sake of the
present discussion that we assume that
all such unpleasant distortions can be
eliminated - or at least held within
tolerable limits -- by careful appli-
cation of existing audio engineering
techniques such as quiet disk record
materials, feed-back record cutters,
magnetic recording, wide-range FM
broadcasting, and the like -- 1in short,
let us assume our recording and re-
producing system 1s beyond reproach.

This perfect recording system is
useless, however, until it 1is linked
to a listener at one end and to a
source of program material at the
other --- and both of these links
commonly involve rooms and room
acoustics.

In recording music or in the pro-
duction of various sound effects in
motion plctures and radio, the recording
engineer makes constructive use of the
room characteristics in many familiar
ways - a distant microphone may be used,
for example, to add reverberation and
make a small dead hall sound larger and
the concert correspondingly more im-
pressive - or the microphone may be
brought in closer (or 1ts directional
response altered) to produce a more
intimate effect, for a string quartet
or a romantic dialog. As another
eéxample, suitable microphone placement
has been shown to reduce the dynamic
range required of a recording or
broadcast system without any notably
deleterious effect on the musical
material.

Clearly, the effects produced by




.a room can be manipulated to the advan-
tage of the listener. But 1t 1is equally
clear to all of us who have made
recordings or attended concerts that
rooms can also introduce unpleasant
forms of distortion. In an effort to
track down distortions of this type,
many sorts of physical and analytic
studies have been made, of rooms and 1in
rooms --- reverberation time, decay
modulations, transmission irregularity
or frequency irregularity and space
irregularity, pulse response, direc-
tional diffusivity, and many other
physical concepts have been used to
describe the properties of a room. But
the interpretation of these physical
measurements, in terms of what the
listener likes or dislikes, 1s a more
difficult problem, and one for which

no wholly satisfactory solution has yet
been found.

How then can we evaluate different
acoustical situations -- how can we
distinguish "good" rooms from "bad"
rooms, or "good" locations from "bad"
ones? As soon as we start using words
like "good" and "bad", we imply that a
listener is making an evaluation and
rendering a judgement, so why not ask
the listener directly?

It 1s not easy to get from a
listener a reliable, consistent, and
interpretable judgement, in the case of
something so complex as what I shall
call, for want of a better term, the
"listening experience". The real
meaning of this term "listening ex-
perience" was brought sharply home to
me several years ago, when we first
began broadcasting live concerts of
symphonic music over wide-range FM in
the Boston area. A friend of mine who
is blessed (or cursed) with a "Golden
Ear" was our friendliest but most vocal
eritic for many months. Even after the
broadcast system had been palnstakingly
set up for a flat response of more than
15 KC (including the equalized con-
denser microphone used for single-point
pickup) and a dynamic range of about
70 decibels above noise, for many months
he always called me up the day after the
broadcast, to register dissatisfaction
about flaws in the broadcast the night
before---occasional electrical inter-
ference, or slight imperfections 1in
balance resulting from unexpected
rearrangements in orchestra seating,
and the like.

Then one day he falled to call.
Fearing that something awful had
happened to him, I called him. He

sounded hale and hearty -- yes, he'd
heard the broadcast but, "you know", he
sald hesitantly, as if groping for words,
"the music was so good I didn't have
time to listen™!

This story gives us falr warning not
to underestimate the psychological
complexity of the overall "listening
experience". More important, 1t gives
us one positive hint as to what to ex-
pect if we ask a listener a direct
question. We can expect to find some
definite evidence of acoustic flaws, 1l
these flaws are so aggressively un-
pleasant as to distract the listener's
mind from the music, and consciously or
sub-consciously interfere with his
enjoyment of it. But 1if the flaws are
not strong enough to over-ride his
concentration on the music 1itself, he
will probably be completely unaware of
thelir existence, and therefore unable
to give any meaningful information
about them. I have seen an eminent
composer and orchestrator listen with
rapt attention and obvlous enjoyment
to a record in.which the noise and
distortion were almost painfully
unpleasant to me, but he was so fas-
cinated with the scoring of the fourth
horn part that he was blissfully un-
aware of anything else.

These observations have been borne
out in a number of studies which may

. be noted for reference purposes, even

though a detailed discussion of the
avallable evidence would be outside

the scope of this paper. Helmut Haas
established for speech signals certain
thresholds of "disturbance" produced
by a single artificial echo as a func-
tion of echo level and time delay,
although the time delays involved were
not long enough for the listener to
observe an actual discrete echo------
His results have been shown to be in
good quantitative agreement with
results published by Mason and Moir

on pulse response measurement and
listener evaluation of motion pilcture
theaters, and in still better agreement
with measurements and questionnalre
results obtained by Beranek, Bolt, and
Doak3. 1In this latter instance, the
key question asked of twenty-one
listeners in a theater (during the
playing of a standard SMPE test film)
had no intended implication of pleasure
or displeasure: 1t was "To what degree
are you aware of the acoustics of the
room?", and we had at that time no

a priori evidence that such "awareness"
need necessarily be construed as un-
pleasant. Yet subsequent questioning




of the listeners showed that all of them
without exception interpreted "awareness
of the acoustics" as meaning the intru-
sion of the room on their enjoyment of
and concentration on the film.

It is of interest to noteuthat
Muncey and others in Australia have
reported an extension of Haas's work
to include string quartet music and
electronic organ music as well as speech,
using a magnetic tape recorder to pro-
duce a single echo in a free-field
environment. The disturbance criteria
for music were found to be somewhat
less stringent than for speech. There
was a hint that the complete absence
of echoes was disturbing to the 1lis-
teners in the music tests, but the
test conditions were so different from
any normal listening situation that
this factor would be difficult to
evaluate.

In contrast with the quantitative
results which have been obtalned in
studies of speech and music under
conditions where disturbing room
effects are known to exist or are
created artificlally, a more exten-
sive questionnalre test, carried out
during a concert in a well-designed
modern auditorium, failed to show
anything but the overwhelming general
satisfaction of the audience; evidently
the enjoyment of the music wiped out
any distractions which the room may
have created.

In this brief review, we have
noted the several parts that the room
plays 1n music recording and in 1lis-
tening to music. 1In recording, the
room 1is usefully employed for dramatic
effects, but apparently the first
approximation to good room acoustics
is the absence of evident flaws; the
second approximation, the good features
of room acoustics which may actually
enhance the enjoyment of listening,
are apparently outside the capabilities
of direct questionnaire techniques in
thelr present stage of development.
Quantitative measurement of these good
features depends on a better under-
standing of the listening experience
itself, as a psycho-physical phenomenon,
and on a more sophisticated interpreta-
tion of the part which room acoustics
plays in the interaction between the
physical stimulus and the psychological
responses of the listener.

Techniques other than the direct

questionnaire have of course been widely
explored in the evaluation of room
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acoustics -- an outstanding example 1s
the monumental investigation attendant
upon the design and evaluatlon of the
Royal Festival Hall insLondon. The
report by Parkin et al” 1s so comprehen-
sive that I shall simply 1incorporate it
by reference into this morning's pro-
ceedings. For subjective assessment of
the properties of the Hall, there were
test concerts, forums, and endless
discussions and correspondence among

an impressive assembly of musical and
scientific experts, leading to a
correspondingly variegated collection

of descriptive terminology. 1In press
comments alone, adjectives which appeared
during the first eighteen months
included the following:

"clarity (twenty times); brilliant
(five times); beautiful, blend,
definition, resonant (all four
times eachs; alive, balanced,
exhilerating, frightening, perfect,
ruthless, shattering, subtle,
superb, truthful, warm (all twice
each); admirable, astonishing,
charitable, charming, Chaucerian,
cold, consolidated, dazzling,
deplorable, eerie, exalting,
exquisite, frank, full, glorious,
hard, ice-clear, inspiring, intimate,
lovely, magnificent, magnified,
mellow, merciless, muddy, over-
bearing, ravishing, responsive,
revealing, rich, ruinous, sharp,
shimmering, shrill, sickening,
sonorous, stunning, termperamental,
toneless, touchy, tremendous,
unrelenting, wonderful (all once
each).”

The authors themselves note that
this 1ist 1is less than galf as long as
one published by Salmon® to describe
music from recordings. And they note
later: "One difficulty with subjective
assessments 1s the use by musicians of
a large number of terms, and to bring
order into the problem it has been
necessary to translate some of thelir
opinions into our own terms"

This 1s a succinct statement of
the problem which seems to me to be
next 1n line when it comes to improved
methods for subjective evaluation of
concert hall acoustics, recording
systems, or other physical components
which play a part in the overall psycho-
physical interaction which I have
referred to as a "listening experience".

Words constitute our most versatile
technique for the description and
classification of our sensory observa-

I.l-.-----------------:;____________——————————— i




. tions, and extremely sophisticated
vocabularies have been developed to
describe the characteristics of sounds,
especially among practising musiclans
and hi-fi enthusiasts. Verbal scaling
techniques are already being applied to
the problem of establishing quantitative
relationships in certain special appli-
cations?. Unless we have recourse to
electrodes applied to the scalp or
inserted in the auditory system, we
shall almost certainly continue to
stumble over the interpretations of
words until we can put these inter-
pretations on a quantitative basls.
This is the principle obstacle which
limits the usefulness of all our
existing techniques for the evaluation
of room acoustics and other components
in muslic systems.
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ENVIRONMENTAL-FITNESS CONSIDERATIONS OF HIGH-FIDELITY AUDIO SYSTEMS

By R. D. Darrell
Author of "Good Listening®
Stone Ridge, N. Y.

Summary: Performance evaluations become progres-
sively more difficult as the field of interest ex-
pands from isolated audio components to integrated
systems and as rigorously objective measurements
either become impracticable or are superseded by
wholly subjective aural judgments. Yet if the
final evaluation of overall sound qualities must
be determined by aesthetic rather than engineering
criteria, the latter still are significantly ap-
plicable to the fitness of any specific system to
its specific envirorment. The present paper calls
for extended and intensified study of present-day
listeners' practical audio needs and psychological
attitudes, and — anticipating the results of such
study — suggests possible engineering approaches
to the better "matching™ of home high-fidelity
gystems to their actual "habitats.”

Introduction

The subject of complete sound-reproducing
gystems, in its broadest aspects, is one of which
most audio engineers are justifiably wary. Tech-
nical studies generally are restricted to pro-
fessional studio installations or to specialized
details of component integration, and the free-
ranging discussion of home systems 1is left to mer-
chandisers, semi-professionals, and amateurs —
few of whom are particularly inhibited by any lack
of reliable engineering data. From a narrow point
of view this looks suspiciously like licensing
fools to rush in where angels fear to tread, but,
in larger perspective, it is both wiser and kinder
to recognize that once an audio system has been
installed in a layman's living room, what happens
then pertains largely to sound-reoroduction as an
art rather than as a science.

Yot few conscientious engineers can abandon
their creations to alien hands without a strong
senge of disappointment and perhaps even of guilt.
The higher they have set their own standards of
performance, the more aggravating it becomes to
find how far short of these standards most gystems
fall in actual home use — or misuse., However we
may define "high fidelity,"™ we all know that some
kind of ideal in reproduced-sound quality is cur-
rently the subject of tremendous public interest,
and that nowadays this ideal can be more closely
approached by legitimately rated wide-range audio
gystems (as well as by the best recordings and
broadcasts) than ever was possible in the past.
Yet the gap between our high-fidelity ideal and
our common sound-reproduction home practice grows
steadily wider.

As one of the "fools who rush in" (in my case
as an audio critic — i. e., an unofficial, self-
appointed intermediary between engineer and lis-
tener), I don't pretend to have any pat solution

t0 a problem which patently is so complex that it
well may be inherently insoluble. But at least I
am sufficiently uninhibited to suggest a possible
averme of engineering approach to that problem.
And I hope you won't be too shocked by my basing
that approach on the unaccustomed, seemingly but
not necessarily unscientific, notion of environ-
mental-fitness considerations.

Terminology and Qualifications

Although the "enviromment" of an audio sys-
tem usually is thought of (at least by engineers)
in terms of the acoustical characteristics of the
room in which the system is located, I'd like to
employ it here in a larger sense which also takes
into account the nature of the progrsm materials,
the types and habitual settings of the operating
controls, and the response characteristics of
listeners' aural sensibilities., The system's
"envirormental-fitness™ then is determined by its
degree of "suitability" not only to the listening
room alone, but to all the various demands that
are made on it. And obviously that suitability
is measurable only in part by any technical means:
in larger part it can be evaluated only in terms
of "™uger-satisfaction.”

Unfortunately, such unavoidably loose term-
inology is easily misinterpreted, and so I must
emphasize immediately that I have no intention of

‘raising the specters of "listener-preferences”™ or

of implying that audio-performance standards be
scaled down so as to match the lowest common de-
nominator of popular tastes. On the contrary,

I hold that tastes of any kind always are too
personal, too subject to change, and too inex-
pressible ever to serve as guides — except on
wild-googe chases! When I speak of- user-satis-
faction, I have in mind the basic human need for
musical experience and the usually intuitive and
inarticulate, but nevertheless very definite,
ability of individuals to indicate by their re-
actions whether or not this need is rewardingly
met. And since 1 believe that this need never
can be fully satisfied (certainly not for normal
gensibilities and over extended periods of time)
by anything short of the very best that is pos-
sible today in sound-reproduction, my concept of
envirormental-fitness need not involve any com—
promise in the highest of fidelity standards,
however these may be formulated.

To me, the goal is not one of designing and
using home systems which will please their lis-
teners (a relatively easy task on any short-term
basis), but of designing and using those which
will do full justice to the finest recordings and
broadcasts available today, and with which their

owners long can live happily.




. Regearch Needs, Subjects, Locales , and Procedures

Now, I'm keenly aware that a discussion of
envirormental-fitness considerations raises many
awkward questions which audio engineers hardly can
be expected to answer. But surely it is not un-
reasonable to hope that they should at least lead
the way in helping to formulate the most perti-
nently_significant queries, For, as George A.
Sartonl hag shrewdly noted, "In science immense
progress is made whenever the right question is
asked, the asking in proper form is almost half
of the solution." Yet it is right here that the
audio profession as a whole tends to abdicate its
present responsibilities,

Why, for example, are there so few contempo-
rary reBxaminations of the great basic gtudies of
auditory perception, audible frequency and ampli-
tude ranges of music, residence noise levels, etc.
— most of which date from a decade or even two
decades ago? Undoubtedly their fundamental con-
clugiona are not likely to be altered radically,
but surely they stand in need of extension and
modification, if only as a result of the recent
tremendous expansion in sound-reproduction, the
vagt increase in listening experience, the new
popularity of symphonic (often highly "modern®)
mugic, and the consequent notably enhanced audio
concern with both frequency-spectrum and loudness-
level extremes.

The study of room (as distinct from auditori-
um) acoustics gradually is being intensified, but
ag yet there are far too few papers, such as those
by Kessler and Harris on this afternoon's gympo-
gium program, which are of directly practicable
value to the home listener. And it is even more
rarely that investigators are directly concerned,
as Rogsenblith is today, with the overall response
characteristics of the human listener himself —
the most complex transducer of all those with
which we have to deal,

Indeed the most promising subject of rew re-
gearch well may be the contemporary "audiophile.™
For, although he is a relatively new phenomenon,
at least in the mumbers in which he exists now-
adays, we now have access to an ever-growing fund
of raw data on his nature, attitudes, practices,
and native "habitats": both in the direct evi-
dence of his comments, complaints, and queries
published in the correspondence columns of the
popular audio and record-reviewing press; and in
the indirect evidence of that same press's edi-
torials and articles, plus of course many recent
books and pamphlets dealing with various aspects,
technical and otherwige, of the "hi-fi craze."

Within more familiar engineering territory,
one particularly happy example of the kind of in-
vestigation needed so badly today is W, R. Thur-
ston's paper, Testing and Adjusting Speaker In-
stallations with the Sound-Survey Meter?, which
I cite not merely for the value of its specific
contents, but for the fact that all its data are
based on overall sound-output measurements made
under normal (living-room rather than laboratory
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or anechoic-chamber) conditions. And, moreover,
Thurston's procedure impresses me as setting a
superb example to follow by other angineers will-
ing to experiment on the handiest of all guinea-
pigs — themselves and their own home systems.
There are few audio engineers who are not also
home listeners and presumably hi-fi fans too (at
least to some degree short of the fanaticism of
the more notorious amateur representatives of
that breed!). So where can you better pursue the
subject of "fitness" than with the suitability of
your own system to your own enviromment?

Yours is an exceptional case, you protest?
Perhaps, but all individual cases are exceptional
in some respects and, from what I have seen and
heard in engineer-friends' homes, I am strongly
inclined to doubt that their typical enviromment-
al-fitness problems differ greatly from those of
other audiophiles — or that engineers, in gener-
al, are notably more successful in solving these
problems than many serious amateurs.

Nor should this be surprising., Moving from
his laboratory to his living room, the engineer
naturally tends to leave behind his objectivity

along with the other tools of his profession. His
greatest advantage over the technically untrained
listener is his ability to analyze overall system
response in terms of specific component-perform-
ance characteristics, Too often, at home, he may
not make good (or indeed any) use of that advan-
tage, but its very possession is likely %o blind
him to the fact that any clear analysis of this
gort normally is impossible for the layman,

The latter, especially if he has had consid-
erable listening experience, generally knows well
enough when something is wrong with what he hears,
but he seldom can —~ and as a rule makes no at-
tempt to — discover where the fault lies: in his
program materials, in one or more of his gystem
components, in his own and his speaker locations
in relation to each other and to his room's geo-
metry, or in his own ears and mind.... Then, %too,
the lay listener's most decisive reactions prob-
ably are even more negative in character than
those of most professionals, Both types of lis-
tener are more eagily displeased than pleased,
but the layman tends to be more acutely conscious
of minor defects, and his annoyance over these
flaws often is disproportionately prejudicial to
his system as a whole.

Yet despite such differences, and indeed des-
pite all the diversity of contemporary listeners'
individual backgrounds, temperaments, equipment,
and locales, I'm convinced that those most seri-
ously interested in high-fidelity sound share many
aural attitudes and ideals in common, snd experi-
ence much the same difficulty in matching their
particular systems to their particular needs, And
risky though it may be to anticipate the results
of the more formsl studies for which I am calling
here, my om observations point to three general
areas in which envirommental-fitness investiga-
tions seem especially needed and where they well
may hold the promise of most immediste rewards.




Area No, 1
The first is, not surprisingly, further tac~

ional suitability. I say "further,” because this
area is already well known and considerable pro-
gress currently is being made here, notably in
the enhancement of home-equipment's visual appeal
and use-convenience, and in the closer adherence
to "professional®™ constructional and operational
standards., But much remains to be done — perhaps
particularly in effecting greater design economy,
eliminating superfluous versatility, reducing es-
sential controls to a minimm, and ensuring opti-
mum "fool-proofing®™ throughout.

In theory, at least, many desiderata here are
clearly enough recognized by engineers, but as yet
the general public still has to be convinced that
these are not merely ideal but quite practicable
and indispensable, In actual merchandising and
premotional practice such desiderata too often are
given lip-service at best — and in consequence
many true high-fidelity essentials are considered
by laymen to be "refinements™ or "elaborations"
which only fanatical gpecialists really want or
can afford, The safest examples to cite here are
diamond pickup styli and high-quality turntables
and pickup arms (rather than changers), but for
myself I'd also add horn-loaded dual or multiple
speaker gystems, studio-type calibrated attenu-
ators, and VU and Ré-tuning meters....

I hesitate to touch on the more controver-
sial details of system-control and loudspeaker
problems, but just because so many controversies
still rage in these domains, it must be obvious
that their effective resolution demands far less
heated and more illuminating investigations than
we have had so far. Let me call attention only
to the desirability of reconciling two currently
conflicting schools of thought: one (to which I
subscribe) claiming that the seeming need for
"tone" and "loudness™ controls is a sure sign
that something is basically wrong or inadequate
in the gystem itself; the other asgerting that
such controls are necessary for room-matching and
quality-compensation purposes, Similarly, the
former school finds a properly designed and lo-
cated horn-loaded speaker system quite free from
objectionable point-source effects; the latter
yearns for multiple dispersed speakers, special
sound-diffusion devices, or even quasi-stereo-
phonic effects., Can either point of view be
authoritatively justified — and how?

Area No, 2

Fortunately, the second area is less disput-
eble, at least where ends rather than means are
concerned, and possibly it may eventually supply
some of the answers needed in Areas No, 1. For it
is the development of more effective overall 8yS-
tem-performance test or "check™ methods — to be
conducted under normal rather than laboratory
conditions, and as far as possible utilizing sig-
nal sources more closely akin to actual musical
materials than steady-state pure tones,

Formidable as the difficulties here may seem,
I'm convinced that some means must — and can —
be found to overcome them. One encouraging sign
is that we are grsdually coming to be better sup-
plied with appropriate signal-gource materials,
Besides many useful discs and tapes of steady-
state or spectrum-swept frequencies, there are a
few for Di-distortion tssting, of which the Emory
Cook N-A Beam Test disc- is perhaps outstanding
in that it permits immediate aural checks on the
test results, Then there is the valuable Thermal
Noise disc’ (also from Cook), in which switched
comparisons between wide-range white noise and
various types of restricted-range gray noise also
may be evaluated, if less precisely, by ear. And
best of all there now is available a wide variety
of "demonstration” discs (both those specifically
designed for hi-fi displays and those easily se-
lected from the regular LP symphonic repertories)
with which audio systems may be subjected to the
most exacting musical-performance checks.

With these last there is unfortunately no
present way of making meaningful (instrumentszl)
response measurements — yet under suitsble con-
ditions, and with properly qualified listeners,
aural judgments can be made with a considerable
degree of quasi-objectivity. I outlined a pos-
sible method in my "Engineering Listening" edi-
torial a couple of years ago, but of course sim-
iler methods long have been more-or-less con-
scicusly employed by many critical listeners, and
they well may be susceptible of further develop-
ment and far wider application,

At any rate, a — if not the — prime cri-
terion of high-fidelity reproduction is directly
involved with 2 system's overall transient res-
ponse and spectrum balance, and in my opinion one
of the most pressing engineering needs still un-
met today is that for better ways of making such
response and balance measurements or eveluations.
Perhaps what we really want is some kind of aural
equivalent of a TV-broadcast test-pattern, with
whick John Q. Public himself can obtain a quick,
accurate, and unambiguous angwer to his vital
question, "Is the overall performance of my audio
system good, bad, or indifferent?” Surely some
such ideal home-test means is not wholly impossi-
ble — but how much longer must-we wait for some
ingenious inventor to make it a reality?

Area No, 3

The third area is characterized neither by
basic differences of opinion nor by any special
technical difficulties — which makes its neglect
in current practice all the more inexplicable,..,
For it is simply better protection against common
performance deteriorations, the main sources of
those noise, distortion, and unbalance troubles
which are most readily recognized and always most
strongly resented by lay listeners.

What shocks me most about nearly all the aud-
1o systems I hear in friends' homes is not go much
their bad sound, as such, as it is their almost
invariably sounding so much worse than they should




$f they were in proper operating condition, Even
with the best and most expensive of hi-fi systems,
after they have been in home use for a few months,
how often can you crank up the level control all
the way and (with turntable or tape-transport run-
ning, but with no record playing) put your ear
close to the speaker and hear no hum or rumble but
only a smooth high-frequency hiss? How often can
you play a modern wide-range recording and hear no
evidence of motor unsteadiness or incorrect speed,
none of stylus or head wear or misalignment, none
of overloading, and none of unbalance between or
among the various elements of a multiple speaker
installation?

Yet it is exactly such defects, above all the
rise of background noise, which are the first to
be resented by even untrained listeners, and cer-
tainly it is the presence of distortion and spec-
trum unbalance which contributes most heavily to
aural fatigue and congequent digsatisfaction with
the gystem as a whole.

Unhappily, most home-system owners never have
even heard of preventive meintenance: only a com-
plete breakdown forces them to geek a gerviceman
— and then their chances of finding a competent
audio specialist are slim indeed, Right here is
where the whole audio business has fallen down
disgracefully: designers and mamufacturers for
not meeting higher standards of ruggedness; deal-
ers and servicemen for minimizing the need — or
failing to supply the means — of regular expert
maintenance; and my own profession as well, for
audio critics and commentators have been as lax .
ag others in failing to alert audiophiles to the
early recognition of deterioration symptoms and
the ways in which at least many simple faults may
be corrected or emergency replacements be made,

Conclusion

Probably I am unduly biased by my personal
orientation, but no matter from what direction I
try to approach the problems of audio-system en-
virommental-fitness I find the greatest barrier
always is a lack of knowledge — on the part of
profesgsionals no less than on that of amateurs.
J. Robert Oppenheimer’ diagnosed the general ail-
ment of our not-go-golden age of technology when
he sadly concluded, "It isn't the layman that's
ignorant — it's everybody that's ignoranti”

As long as high-fidelity audio-system prac-
tice was confined to a narrow circle of recorders,
broadcasters, and other specialists, its environ-
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mental-fitness considerations could be reasonably
well understood and controlled. Nowadays, how-
ever, comparatively large mmbers of technically
untrained laymen are forced to wrestle — for the
most part blindly and helplessly — with far more
recalcitrant home-system fitness problems, And
one thing is sure: the home listerer, no less
than nature, "abhors a vacuum® and will contime
to flounder toward "easy" pragmatic solutions un-
til he is shown some better and more rational an~
swers, High fidelity originally was an engineer-
ing ideal; today it has been taken over by a pub-
lic which has perhaps more than its normal share
of crackpots — and whatever responsibilities are
abdicated by the engineers, the crackpots will be
only too avid to seize.

The supreme challenge to audio profession and
public alike is simply this: given the technical
resources and skills available today, and given
the incalculable active and potential interest in
high-quality sound reproduction, why aren't high-
fidelity home gystems more common, more depend-
able, and far more rewardingly used? Probably
there are many good reasons, but the best one I
know is that the pertinent envirommental-fitness
congiderations have yet to be fully explored,
clearly grasped, and effectively acted upon,
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CAN A HIGH-FIDELITY SYSTEM BE DEFINED

Cyril M. Harris
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Summa ry

As yet, there has not been laid down
a satisfactory opsrational definition for
a high-fidelity system--one that depends
only on specified measurements on the sys-
tem in question, If our definition is to
have significance, it must rank order sys-
tems in a way that will correlate with
subjective evaluation. Thus an opera-
tional definition of a high-fidelity sys-
tem can only be meaningful if it includes
a rating of all variables that have a
significant affect on the subjective
evaluation of the system. For conveniences,
various possible factors that may be of
importance have been divided into the fol-
lowing groups:

1. Response-frequency distortion
2. Non-linear distortion

3. Transient distortion

4+ Phase distortion

S. Spatial distortion

6. Background noise level

7. Difference in level between
original and reproduced sound

The problem is (a) to specify the varia-
bles in each group, and {(b) to determine
their relative importance by listener-
preference tests. Various listener-pre-
ference tests are discussed. It is con-
cluded that we do not have sufficient data
at the present time to give a quantitative
evaluation of all types of distortion that
may be of importance to the subjective
evaluation of a high-fidelity system.
Therefore, it 1s not possible at this
time, to give an operational definition of
a high-fidelity system.

Much confusion has arisen in the
field of the high quality reproduction of
sound because the term high-fidelity
system does not mean the same thing to
each of us--the reason being that, as yet,
there has not been laid down a satisfacto-
ry operational definition for such a sys-
tem, one that depends only on specified
measurements on the system in question,
The definition of such a term is arbitrary
in nature. But this does not mean that we
can define, with significance, a high-
fidelity system in any manner we choose,

Laboratory
University
27, ¥. Y,

If our definition is to have significance,
it must rank order systems in a way that
will correlate with subjective evaluation.
Here the word system is used in the broad
sense to include all components that in-
fluence the acoustic reproduction in one
location of a sound source that has been
generated in another. It includes, there-
fore, characteristics not only of the
electroacoustic equipment, but of the
source and listening rooms as well,

Suppose that a definition of a high-
fidelity system 1s selected and that it is
applied to a group of 10 systems to deter-
mine which of the group qualify as high -
fidelity systems. If, for example, the
definition classes 6 of the systems as
high-fidelity, but listener-preference
tests indicate that 3 of the non-qualify-
ing group actually are Judged to be of
higher gquality than those we have classed
as being high fidelity, then it is appar-
ent that the arbitrary definition was not
woll chosen. The criteria of rank order
correlation with subjective Judgements
would thus rule out a definition that one
hi-fi fan has suggested: "A high-fidelity
system is one whose electrical components
cost more than #99,50,"

Thus, an operational definition of a
high-fidelity system can only be meaning-
ful if it inclndes a rating of all varia-
bles that have a significant affect on the
subjective evaluation of the system., The
question is what are these variables and
how important are they? If we can provide
this answer, we can give a satisfactory
overational definition of the term high-
fidelity system. Here, then, is the objec-
tive of this paper., For convenience, vari-
ous possible factors that may be of impor-

tance have been divided into the following
groups:

1, Response-froquency distortion

2. Non-linear distortion

3. Transient distortion

L. Phase distortion

S. Spatial distortion

6. Background noise level

7. Difference in level between
original and reproduced sound

Now the problem 1s (a) to s ecify the vari-
ables in each group, and (b? to determine
their relative importance by listener-
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.preference tests. Unfortunately we have
very 1ittle such material to discuss, for
if one separates mere opinion, or opinion
backed by meaningless llstening tests,
from carefully controlled experimentation,
i1t turns out that the number of papers of
importance in this regard are few indeed.

Greatest attention has been glven to
the first item of the above group, response
-frequency distortion. Among the factors
that might be consldered here are:

(1)

(2)

(3)

General requirements as to
frequency range.

Balance between upper and lower
cut-off frequencies.

Rate of "roll-off" at the cut-
off frequencles

Two studies are of particular importance
in this connection. The nature of their
experiments and their results will be
stated briefly.

In 1945, Chinn and Eisenberg published
a paper on a frequency-range preference
study conducted with various groups of 1lis-
teners.- The following is abstracted from
their paper:

"Almost 500 subjects, in small groups,
took part in the tests and all together,
over 10,000 individual preferences were in-
dicated. In addition to the "average" 1is-
teners, tests were undertaken with a group
of professional musiclans whose training
presumably qualified them as critical 1is-
teners, and with a group of frequency-
modulation listeners. A wide variety of
program material, including popular, light-
classical, and classical music, male and
female vocals, and male and female spoken
and dramatic speech, was presented at three
tonal ranges. These were arbitrarily de-
signated as narrow, medium, and wide. (The
wide range was said to be essentlally flat
from 40 - 10,000 cps. The medium and nar-
row ranges were obtained by lnserting fil-
ters into the electrical system having the
following approximate passband character-
igtics: 70 to 7,000 cps and 150 to 4,500
cps respectively.) The trend was consis-
tent throughout the investigation. Except
for one series of tests that were made
with 1ive talent, all voice and music se-
lections were produced from especially
original recorded "masters" cut on cellu-
lose-nitrate coated disks, The background
nolse, even during the reproduction of the
records, was not detectable by the majori-
ty of the listeners. The measured distor-
tion of the electrical portion of the sys-
tem was extremely low throughout the
frequency range. The loudspeaker unit was
a dual unit of well-lmown manufacture, em-
ploying a folded horn for the low frequen-
cles and a multicellular horn for the high
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frequencies. The band-pass filters had
the characteristics representative of the
conditions that generally prevail in
radio and recording equipment.”

The main conclusions of the study are:

Listeners prefer either a narrow or
medium tonal range to a wide one. How-
ever, the exact cholce of bandwidth variles
to some extent, within these limits, for
different types of program content. Most
listeners still prefer a narrow to a wide
tonal range even when informed that one
condition 1s "low-fideltiy" and the other
is "high-ridelity." No great difference
in preferences were found between groups
of different sex, age, education, and musi-
cal tralning; even professional musicians
and frequency-modulation listeners having
the same preferences,

An interesting atudy of another type
was carried out by Olson who investigated
listener preference for a restricted fre-
quency range using a small 1ive orchestra
as a source?, The listensrs always heard
the live orchestra--no electrical repro-
ducing equipment was involved. In order to
compare the full frequency range with a re-
stricted one having an upper cut-off of
5,000 cps, an acoustical 1low-pass filter
was Inserted between the orchestra and 1is-
teners. The orchestra and filter were hid-
den by an 1lluminated shear cloth curtain.
The results of tests, involving about

. 1,000 1isteners, indicated a preponderant

preference f or the full frequency range.
From this, one may conclude that if a re-
stricted range 1s preferred in some cases,
it 1s not because listeners have become
conditioned to a restricted range and pre-
fer it for thab reason, nor because present
musical instruments are improperly designed
and would be more pleasing if higher fre-
quency overtones were suppressed,

The above frequency range preference
studies are not necessarily in confllict,
they simply test two different situations,
For example, there was considerable differ-
ence in the rate at which their response
frequency curves dropped at cut-off., Until
we have enough knowledge about this subject
to enable us to extrapolate our conclusions
from one listening situation to another,
then each such study can be of help in con-
tributing to our own understanding of the
relative importance of frequency range in
high fidelity for a specific condition.
Thus it would be incorrect to assume that
the extrapolated results of Chinn and
Eisenberg necessarily apply to a situation
where the wide-band condition has a 15,000
cps bandwidth; they may not necessarily ap-
ply to a situation if the distortion were
an order of magnitude lower than was possi-
ble to obtain 10 years ago. Their results




certainly cannot be extrapolated to ster-
eophonic reproduction, although some en-
gineers have attempted to do this., On the
other hand, 1t would be equally incorrect
to assume that the results of Olson, taken
with a live source, also apply a wide band
single-channel reproducing system using
transcription material as a source.

The above two studies differ in anoth-
er very important respect--what we have
called spatial distortion, that 1s, the
difference between the original and repro-
duced sound that arises primarily as a re-
sult of differences in the acoustic radila-
tion pattern of the source in the two
cases. For example, consider a hypotheti-
cal single channel system that 1s perfect
in every respect save one: At a specified
distance from the loudspeaker in an acous-
tic free-field, the radiated sound prgs-
sure is uniform within an angle of 30
from the axis of the loudspeaker; beyond
this angle the acoustic output is negligil-
ble. Now suppose a violin were used as a
sound source. Even i1f the loudspeaker of
the hypothetical system 1s placed in the
same location in the room as the violin,
it will not produce the same acoustic pat-
tern in the room since its acoustic outgut
would be confined within an angle of 30
in contrast to that of the violin which
has a complex radiation pattern., As a re-
sult, spatial distortion 1s introduced by
the reproducing system. Furthermore, the
ratio of direct-to-reflected sound reach-
Ing the ears of a listener in the room
would be distorted. Work of Maxfield and
Albersheim seem to indicate that there are
preferred limits for this ratio’, With
reverberation time, it enters into a guan-
tity they defined as liveness, In the
example we have just considered with a
violin as a source, the liveness at a
fixed point in the room would be altered
Zy the distorted acoustic radiation pat-

ern,

So far, we have discussed a single in-
strument. If one considers a distributed
source such as an orchestra, the resulting
spatial distortion is even greater, Then
the listener no longer has the ability to
discriminate direction. This type of dis-
tortion can be decreased by increasing the
number of reproducing channels., As the
number becomes very large, one may ap-
proach true stereophonic conditions. This
is essentlially the situation that Olson
tested since he used a 1live orchestra. The
appeal of stereophonic reproduction is due
to its significant reduction of this type
of distortion. Early work in this field
includes research by members of the Bell
Telephone Laboratories, especially Fletchern
Steinberg, Wente and Snow, who analyzed
the subject of s;ereophonic sound in consi-
derable detailli,5., The renewed interest in
this type of sound reproduction seems to
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justify further experimentation In this
direction,

Continuing with our dlscussion of
factors included under the general heading
of resronse-frequencv distortion we now
consider the question of so-called "bal-
ance.” It has been stated and accepted
for many years that the product of the low
and high frequency limits of a reproducing
system should equal a constant. Some En-
glneers use the value 500,000 while others
prefer 600,000, Still others feel sure
that they will be reasonably safe 1f they
plck a value halfway between these. The
origin of this concept 1s somewhat obscure
--most engineers are not sure where the
figures first arose. A little investiga-
tion has indicated that this concept ori-
ginated in t he broadcast industry more
than twenty years ago, based partly on ex-
trapolation of tests with pure tones and
partly on the application of dzta of Snow
for another type of experiment 7 Ap-
parently no controlled listener-preference
tests have been published to indicate the
validity of the above rule. In fact, this
relationship does not appear to be true--
unless, of course, the per cent tolerance
is extended to ridiculous 1limits, in which
case it has no meaning. For example in
one chart, which has been circulated wide-
ly, a shaded area for the product of the
upper and lower cut-off ‘requencies 1s re-
commended for engineering purposes; 1t is
stated that satisfactory aural balance
Wwill be obtained within this area. In
this chart it will be noted that for an
upper cut-off frequency of 8,000 cps a
product as low as 320,000 is acceptable;
In contrast, at an upper cut-off frequency
of 15,000 a product as high as 1,200,000
1s considered acceptable., Here then is a
criteria many design engineers will ap-
preciaste--plenty of tolerance, about 100
per cent,

As indicated above, no controlled
listener-preference tests have been repor-
ted in the literature on the subject of

alance"., The only published results -
seem to be those which appear in a fook-
note of Olaon's paper in which he says<,

Some investigators have attributed con-
slderable importance to balance in repro-
duced sound. Correct balance 1s said to
obtain when the product of the upper and
lower 1imits of the frequency range is
500,000 (cycles)2, In order to obtain
approximately the same balance for the re-
stricted high frequency range condition,
the frequency components below 100 cycles
were eliminated or attenuated. A compari-
son of this condition with merely attenu-
ating the high frequency range showed a
greater listener preference for the latter
condition, This 1s in spite of the fact
that the latter condition is said by some
critics to be improperly balanced. Under




. certain conditions, there appear to be
other factors which influence the balance,
besides the arbitrary value for the pro-
duct of the upper and lower 1limits of the
frequency range.,"

Thus we may conclude a discussion of
"balance" by indicating that there appears
to be no evidence from listener-preference
tests to substantiate the validity of ap-
plying the above balancing procedure to
high-fidelity systems.

Another possible type of distortion is
that which arises as a result of the dif-
ference in level between the original and
reproduced sound. Since the overtone
structures of musical instruments vary
with level, reproduction of music at
levels different than the original may
introduce an unnaturalness. Furthermore,
it may be accompanied by an undesirable
reduction in dynamic range.

Somerville and Brownless of the Brit-
ish Broadcasting Company carried out a
series of tests to determine listeners
preferences for maximum sound levels for
various types of musicS, They set up a
listening room in one of thelr studios so
that it would have acoustical characteris-
tics similar to those of the average 1liv-
ing room, Recorded material was used as a
source. Their results indicate that the
preferred maximum sound levels decrease
with age for men and women and are about

the same for both; it is lowest for speech,’

higher for dance music, still higher for
light music, and highest for symphonic
music--the range from lowest to highest
being on the average, about 6 db. The
range of their data is about the same as
Chinn and Eisenberg's, however, the pre-
ferred British levels were perhaps 5 db
higher., This and other significant dif-
ference may result from a difference in
listener preference between the American
and British groups or from differences in
the noise level of their program material,
differences in overall transmission charac-
teristics of the reproducing systems, or
differences in non linear distortion.
Thus, the types of distortion in our ori-
ginal list do not contain independent
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variables, A change in one will affect a
l1isteners preference with respect to
another, or example, 1f the upper fre-
quency 1limit of a high-fidelity system

1s increased then the amount of non-
linear distortion that will be considered
acceptable will be reduced. Therefore,
in reporting listener-preference tests it
13 important that complete test condi-
tions be stated so that the results may be
compared with other studles.

Although the results of tests on all
possible types of distortion have not been
outlined here, it has been shown that we
do not have sufficient data at the present
time to give a quantitative evaluation of
all types of distortion that may be of im-
portance to the subjective evaluation of a
high-fidelity system. Therefore, one con-
cludes that it is not possible at this
time to glve an operational definition of
a high-fidelity system.
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MAN, A SOMEWHAT NEGLECTED COMPONENT OF HI-FI SYSTEMS

Walter A. Rosenblith
Massachusetts Institute of Technology
Cambridge, Mass.

ABSTRACT

In recent years much progress has been
made in assessing the transmission efficiency of
communication systems. In most situations that
are of interest to the hi-fi enthusiast, it is how-
ever not possible to specify the message that is
to be transmitted. Under these circumstances,
one might suggest that the most realistic yard-
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stick for the performance of hi-fi systems is
man's discriminative ability. This talk will, in
the main, deal with man's hearing. It will also
be concerned with the question: '"To what extent
do laboratory experiments on pure tones predict
human reactions in more general listening sit-
uations ?’’




MAGNETIC TAPE AS A RECORDING MEDIUM

Frank Radocy
Audio Devices, Inc.
New York, N. Y.

There has been a steady improvement in the
characteristics of magnetic recording tape over the
past six years, partly as the result of the availa-
bility of new materials, and partly from more
effective formulation with older ingredients. Since
the performance of a magnetic recorder is, at least
in part, dependent on the characteristics of the
tape used, recorder results have improved in the
following directions:

1. Base material of improved strength has
permitted reliable operation under hitherto
difficult conditions of humidity and temperature;
and has encouraged use of a thinner base. allowing
504 more tape footage and recording time for a reel
of given size, For the thinner base, it appears,
that cellulose acetate is inadequate under summer
conditions, and that only the new polyester Mylar
should be generally suitable,

2. Improved oxide and the use of an
orientation technique have produced:

A, An 1l db increase in
noise ratio,

B. A 15 db increase in signal to DC
noise ratio.

C. A 6 db increase in

signal to

saturation
output.

D. A 317 decrease in erase current
requirement.

E. A profound improvement in relat-
ive response at the higher frequencies.

3, Improved
techniques have improved uniformity of performance
from one foot to +the next and from one reel to
another, to the degree indicated by the following:

Tape
1949 1955
Uniformity at 7.5 mil wavelength: 2 db 0.25 db
Uniformity at 1 mil wavelength: L db 1.0 db

coating and quality control'
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4., Binder formulation controls the coef-
ficient of friction and the coating adhesion of
tape, Early tapes were prone to poor rhysical
properties, due to the lack of data on aging
effects and inadequate knowledge of accelerated
tests,

Adhesion to the base material was helped
enormously by a method of presizing the basetefore
the magnetic coating was applied. This opened new
fields to the formulation chemist, and the binder
was developed to incorporate new anti-tack com-
pounds, anti-friction agents, and higher concentra-
tions of magnetic oxide. Operation in hot humid
climates without layer to layer sticking became
possible, and friction was profoundly reduced.

5. The growing use of magnetic tape read-
in and readout, and for multi-track instrumenta-
tion recording, has compelled intensive attention
to the avoidance of physical defects on the surface
since these lead to errors. It has been found
thet rolling and_scraping techniques smearmnufac-
tured defects, over the tape surface rather than
remove them entirely. Accordingly, there has been
intensive attention to the production of tape
entirely free from defects, The methods are
indicated by the following production test results,
secured with the defect counter described by

Kramer:
No, of reels tested: 1200
Reel size 1250 x 1/4"
No. of permanent defects per reel: .05

Permanent defects are those which are not remov-
able, and exclude dust particles laying loosely on
the surface, etc. Accordingly, it has proven
practicable to supply tape which is guaranteed
free from defects, However, the user must protect
this quality by protecting the reel from dust at
all times, Storage must be in the manufacturer's
special dust-free packing,




MAGNETIC RECORDER-REPRODUCER DESIGN
Walter T. Selsted, Chief Engineer
Ross H. Snyder, Application Engineer

Ampex Corporation
93l Charter Street
Redwood City, California

When magnetic recording was introduced into general use, it was first applied to sound record-

ing. ]
to sound recording are used in all fields.

the design of a magnetic recorder must meet rather stringent requirements.

(1) Excellence of performance, and (2) Reliability.

Since that time, the uses have become very widespread, but the basic rrinciples which apply
For use in the field most familiar to radio engineers,

These reguirements are:
The first of these is made up of a number of

characteristics, such as frequency response, signal-to-noise ratio, distortion, flutter, ease of

handling and threading, starting time, interchangeability of tapes, et cetera.

Reliability, the

second major requirement, is very important to the radio engineer since lost time, servicing, and
general inconvenience are so expensive to the radio industry. J3ome of the factors which result in
reliability are: basic design, conservatism of component ratin-, ease of servicing, gentleness of

tape handling.

All of the foregoing factors are important in the desien of a magnetic Recorder-Reproducer
for the radio engineer, and are covered in some detail in this paper.

Magnetic Recorder-Reproducer Design

In the design of a tape recorder-reproducer,
the development program may conveniently be divi-
ded between the mechanical and the electronic
components; the requirements relating to each
may be conveniently divided into those which
have to do with reliability, and those which
have to do with performance.

Reliability

Reliability, as it relates to tape re-
corder desipgn, may be considered in two ways.
Short term reliability may be thought of as a
function of outright component failure, such
as burn-out of motors, failure of insulation
in transformers or inductors, failure of tube
filaments, and so forth. Such failures can
only be minimized by design which minimizes
the stresses, whether mechanical or electrical,
on all components, and by careful choice of ap-
propriate component elements. The components
should never be operated at a large percentage
of their maximum rating at any time, and as-
surance should be obtained that the ratings
themselves are reliable. 600 volt capacitors,
for example, would appropriately be used
throughout equipment in which peak voltares
do not exceed 400O. Transformers should be
rated to operate at considerably higher tempera-
ture rise than their operation will demand.,
This consideration applies, also, to motors,
and similarly to all other components.

Long-Term Reliability

Long-term reliability factors are those
concerned with failures which occur after
extended periods and which are due to what
may be termed normal wear and tear. Among
these are the wear-out of heads due to tape
abrasion, which may reasonably be expected to
occur after the passage of approximately fifty

110

million feet of tape. Fast-forward and re-wind
operations, contrary to initial supposition,
need not be expected to contribute materially

to head wear-out, even though Eﬁe_fape‘gﬁ_ppt
withdrawn from the heads during these high speed
operations, Indeed, experience has esftablished
that head faces may not even be expected to be-
come polished exceptinz by the passage of tape
at normal velocities. This is due to the forma-
tion of an air film between tape and heads
during high speed tape motion, The only reason,
then, to design head structures so that tape may
be pulled readily from the heads would be for
convenience in editing operations. Heads should,
of course, be designed, if possible, so that
performance does not deteriorate in any way until
the very end of normal useful life., Gradual
deterioration due to abrasion may also be ex-
pected in such ruides as are necessary to conduct
the tape accurately past the heads. These should
be of hard, abrasion-resistant material. Capstan
wear will be rather rapid if the oxide surface of
the tape contacts it. It is imperative, there-
fore, that the tape operate with the oxide away
from the metal capstan. If this procedure is
observed, capstan wear-out will eventually be due
to bearing failure in the canstan.assembly, and
no gradual change in the speed of the tare will
occur throughout normal life., FElsewhere in the
transport mechanism, sleeve or ball bearings may
be chosen for motors, idlers, guides, etc., and
these may require attention before the machine
exceeds its useful life.

The electronic components will require more
attention on the part of the user <ns1:XMLFault xmlns:ns1="http://cxf.apache.org/bindings/xformat"><ns1:faultstring xmlns:ns1="http://cxf.apache.org/bindings/xformat">java.lang.OutOfMemoryError: Java heap space</ns1:faultstring></ns1:XMLFault>