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from the
audio research center
of the world

Norelco

HI-FI COMPONENTS

developed and guild-crafted by
Philips of the Netherlands

“CONTINENTAL"”
TAPE RECORDERS

Music lover, recordist, high fidelity enthu-
siast . . . there’'s a professional quality
‘‘Continental’” tape recorder ideally suited to

Noreteo”

FULLY AUTOMATIC

Ticonal-7
alloy

4-SPEED STEREO

RECORD CHANGER
MODEL AG 1024—AG1124

A rugged, versatile, low cost
record changer offering years
of dependable and trouble-
free stereophonic or mono-
phonic reproduction ¢
both manual and auto-
matic operation ¢ 4
speeds ¢ automatic

7”,,10” and 12" STEREO-
omy ek PLAYBACK
VERSION

MODEL EL3516 /G52

Provides every
feature of the world-
famed original
monaural
‘Continental’

Model EL3516—
plus stereophonic
playback and

mixing facilities

for monaural recording.

Add the matching Stereo
Companion Piece, Model
SCP-1 (to your Norelco
EL3516/G53) and you
have the all impor-
tant ‘‘second
voice for com-
pletely self-
contained
stereo-

Noreteo

‘EXHIBITION’ phonic

play-
SPEAKER back.
ENCLOSURES

Acoustically designed toachieve
moderate size without loss of
bass response or wideness of
dispersion. Characterized by
compact size...outstanding
performance . . . and beautifully
styled and handcrafted work-
manship. Perfectly matched for
the bass response of the new
NORELCO T-7 speakers . . . ideal

your specific recording requirements.

CAST FIDELITY PLAYBACK

*
*
*
*
*
*
*
N

EW

CONTINENTAL 400"
4-TRACK STEREO

RECORD/PLAYBACK
MODEL EL3536

& four-track stereophonic recording and
playback ¢ four-track manophanic recording
and playback ¢ self-contained ircluding dual
hi-fi preamps, recording and playback am-
plifiers and Norelco wide-range loudspeaker
& compatable with conventional pre-
recorded tapes ¢ can also be used as a
conventional self-contained phono/P.A.
amplifier and speaker system.

SIMPLE PIANO KEY CONTROLS
THREE SPEEDS: 7%, 3% AND 1% I.P.S.
FULL FREQUENCY RECORDING ... BROAD-

SPECIAL NARROW-GAP HEADS (0.0002 IN.)
FOR EXTENDED FREQUENCY RESPONSE

SELF-CONTAINED WITH DYNAMIC MICROPHONE
AND WIDE RANGE NORELCO LOUDSPEAKER

EASILY PORTABLE ... RUGGED...STYLED BY THE
CONTINENT’S TOP DESIGNERS

CAN ALSO BE PLAYED THROUGH EXTERNAL HI-Fl SYSTEM

Standard E.LA.
mounting holes

A NEw UINE of Moreleo
5212 LOUDSPEAKERS
FEATURING NEW

TIC@FRLELL T
MAGNETS (30%
more powerful
than alnico)

ORIGINAL

MONAURAL VERSION
MODEL EL3516

Still the =

greatest buy
in a monaural
tape recorder
... the
favorite of
the nation’s
schools, and
voice and music teachers
...regarded as the
world’s most ad-
vanced, most versa-
tile, all-in-one,
portable tape
recorder.

for most other quality 8” to
12” speakers. Available in 3
sizes in beautiful, hand-rubbed
Mahogany, Walnut, Blond or
Cherry finishes. “Van Gogh”

The world’s greatest buys on the basis of listening quality, the T-7 series
incerporates voice coil magnets of Ticonal-7 steel, the most powerful of modern
magnet alloys, for maximum efficiency and damping . .. dual cones for wide
frequency response .. . constant impedance resulting in an extremely straight
and “Vermeer” models can be 5 response curve . ., longer effective air-gaps and extra high flux density to
used either vertically or provide exceptional transient response and to eliminate ringing and overshoot.
horizontally. The “HAGUE": Completely integrated quality speaker system. Incorporating

two high-efficiency T-7 NORELCO loudspeakers in acoustically matched
enclosure. Designed for optimum dispersion ... maximum efficiency .. . NORTH AMERICAN PHILIPS CO., INC.

extremely wide-range, flat response .. . and that unexaggerated “European,” High Fidelity Products Division
ciean sound. FOR FURTHER DESCRIPTIVE LITERATURE WRITE TO: 230 Duffy Avenue, Hicksville, L. I, N. Y.




THE COLUMBIA RECORD CLUB
now enables you to acquire a | STEREO RECORD LIBRARY

ANY SiIX

RECORDS|#$528

‘UP TO $35.88
if you join the Club now — and agree to purchase as few as 5 selections from the more than 100 to be made available during the coming 12 months

at a saving of 40%

FOR
OMLY

GRAND CANYON soumny mathis| | MARCHE SLAV | |Ella Fitzgerald
SUITE i ICAPRICCIO TALIEN sinGs
— X NIGHT ON
2 .'. Ty BALD MOUNTAIN

HOORAY FOR
nowrwooo

1. Night and Day,
plus 11 more hits
HI]RMH LUEIJFF
ﬂHl]IH

. -
LG Ll SECE | GEMLNDY

2. A beloved
American classic

7. Three brilliant
hi-fi showpieces

50. Where or When,
Manhattan, 10 more

15 Broadway's
nawast smash hit

8. What'll | Do,
Warm, 10 more

BELOVED
CHORUSES

MY FAIR LADY
IN STERED

LU IIL'u'I mAnSEL
WORMON FABERNALLE
CHI
PHILADELPHIA DRCH

40. ‘‘Hallelujah”,
‘‘Finlandia’’, etc.

MY REVERIE
9 more

19. No Other Love,
Our Love, 10 more

m“:
PASTORALE SYMPHONY

If you now own a stereophonic
phonograph, or plan to purchase
one in the near future — here is
a unique opportunity to obtain
SIX brand-new stereo records. . .
up to a $35.88 retail value —
ALL SIX for only $5.98!

We make this unusual effer to
demonstrate the money-saving ad-
vantages you will regularly enjoy
as a member of the Columbia @
Record Club.

Read below how the Club op-
erates. . .then mail the coupon,
without money, to receive the
six stereo records of your choice
— all six for only $5.98.

NOT « Stereo records

* must be played
onlyon a stereo phonograph |

12. Let’s Dance,
Jubilee, 7 more

PERCY FAITH u

49. That’s All Over,
One More Ride, etc.

5. 16 favorites —
Sweet Violets, etc.

6 Newly recorded
for stereo sound

LISTERNING IM

Tchaikovsk
DEFTH chatkovsky

PATHETIOUE
SYMPHORY

s J Mitrapoulos,
Maw Yark

27. Granada, La
Paloma, 11 more

30. A ““‘must” for

25. Two very pop-
any record library

uar piano works

37. Lovely ‘‘musical 24, 16 classical

portrait of nature’’

10. Be My Love,
Where or When, etc.

and pop selections

THE FOUR LADS

BERLIGT: 1954
STMFHOMIE FANTASTIQUE tlm‘run HSIML

FIDELITYi |
BUDDY COUE, Organ

22. Organist Cole

plays 11 hit tunes
PINES OF ROME
FOUNTAINS OF ROME

11. Berlioz’ most
popular work

ELLINGTON
INDIGOS

20. Come to Me,
Long Ago, 10 more

9. Always, Please,

3. Didn't 1t Raln,
Speak Low, 9 more

God Is Real, etc.
B STRAUSS: [ON [UAR
DEATH s TRARSNIGLAATION
TILL ERAEMSPIEEL

29. High-spirited,
gay symphonies

SYMPHOMY MO

cm_nj%

“a

\

31. Solitude, Au-

HIS GREATEST HITS
45, Tico-Tico,

P A P D (EMARET

18. Two electrify-

STELL-CLEVELAND QRCH.

2! Brahms' most 42, Body and Soul, 33.11 beautiful, 41. Strauss’ love-

16. Two colorful,

beloved symphony tumn Leaves, etc. ing tone poems | Got It Bad, 10 more immortal melodies liest tone poems Brazil, 10 others exciting scores
HOW THE CLUB OPERATES: ":{ SEND NO MONEY — Mail coupon to receive 6 records for $5.98 If_
% You enroll in either one of the Club’s two stereo
Divisions: Classical or Popular — whichever one best E'OLUM?A. R'E.CORD CLUB, Dept. 273-1 ::J':;:Rg
suits your musical taste T;:?:ﬂ::‘: 'n";:,;:'; 22'
% Each month the Club’s staff of music experts selects ! ! 1
4 ! ; il h. ircl he right th b
outstanding recordings that deserve a place in your || offhe s records T wish i Fecerve for $5.95, oius emali matls | 2 24
= new stereo record library. These selections are ing charge. Enroll me in the following Division of the Club: 3 25
21. Four dashing, described in the Club's entertaining Music Magazine, (check one box only) 5 27
fiery rhapsodies which you receive free each month O Stereo Classical O Stereo Popular
STRAVINSKY * You may accept the selection for your Division. .. {’eag'ﬂeeer:g 33;3‘1‘:5&g"cf”;ellrf;“lgn;g;"ggs";‘; 'r‘;‘;r‘f]:;‘?i’;tlggigg 6 28
sohlnfii .*:‘-qun take any of the other records offered in both Divi- plus small mailing charge. For every two additional selections 7 29
sions . . . or take NO record in any particular month I accept, I am to receive a 12” Columbia or Epic stereo 8 30
. . N . Bonus record of my choice FREE.
* Your only obligation as a member is to purchase five 9 3
selections from the more than 100 Columbia and Epic Nom 10 33
records to be offered in the coming 12 months . and (Plea.s.e..P.r.n.‘.t.) -----------------------------------------------
i i i i 1 36
you may discontinue membership any time thereafter
. . . Address. . .oovevnineeeeieiieaioneriinieinieiiititientnennanans 12 37
36. The ballet that % After purchasing only five records you receive a
30, e hallel nal, Columbia or Epic stereo Bonus record of your choice || ¢ J0NE. ...S 15 40
rocked the world free for every two additional selections you b R LR R R celldate. il
A y a a : y.”u uy h ALA%};I{VAJ%?‘HAd%’AII:I?r;‘éeS/o’: sgetcinltmimbertshzig plan 16 41
. aadress - oho reet, Toronto
COoLUMBIA * The rec°r~ds you want are mailed an~d billed at~ the If you wish to have this membership credited to an estab- 18 42
@ regular list price of :$4'98 (Classmal seIeCt'onsv lished Columbia or Epic record dealer, authorized to accept 19 45
RECORD $5.98), plus a small mailing charge subscriptions, fill in below: a9
% Here, indeed, is the most convenient method ever de- , 20
cLuB yised to buil(j a superb stereo library, at great sav- Dealer's Name.....ouuverunieenieenseansesnnsesnessssessnnenns 21 50
Terre Haute, Ind. ings — so mail the coupon today! Dealer's Address F-85
© Columbia Records Sales Corp., 1959 ®‘‘Columbia, (p, *‘Epic,** Q Marcas Reg.
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Of course you will compare components for your stereo system
before buying. To help you in your selection, we present here some of the
significant reasons why it will be to your advantage to carefully consider British Industries components.

—the World's Finest
o " RECORD CHANGERS

3 The best in stereo STARTS with a
Garrard changer...for example,
the incomparable RC-88. This great
changer actually outperforms most
so-called “professional” turntables;

1 combines a superb turntable with
' a precision, resonance-free

=y aluminum tone arm which tracks
at correct specified stylus pressure.

[ S Records can be played manually

| | or automatically...handled even

o, | more gently than by the

1 human hand.

= | The Garrard line includes
] changers, manual players and
transcription turntables.
Seven models—$32.50 to $89.00.

The new, beautifully styled IL IE A\ |K Stereo - o

Amplifiers and Preamplifiers keep distortion down to an
infinitesimal 1/10 of 1% (0.1%) at full rated power... !
lowest ever achieved! This insures natural stereo sound "
enjoyed without fatigue.

The Lealk Stereo Line includes two amplifiers and a preamplifier.
Also available: Leak monaural power amplifiers and preamplifiers,
and a brand new, matching
FM Tuner, ready for both
regular and multiplex reception.

————— —

v o0 Wharfedale s,

12/FS/AL Speaker, the compact WS/2 and the sand-
filled SFB/3 Speaker Systems. Designed by England’s
G. A. Briggs, Wharfedale speakers are preferred for
their natural, non-strident reproduction, undistorted
by electronic, mechanical or acoustical coloration.

2 ] The Wharfedale line includes full range, bass and treble
v speakers, plus two-way and three-way speaker systems

R-J speaker enclosures are ideal for
any stereo system, used with any
speakers. Their splendid sound results
from the patented R-J design
principles. This means that no other
small speaker enclosures can match the
R-J in performance, even though they
may look alike.

The R-J line includes 5 enclosures. .. et
shelf and floor models. i core 3-Coare Solder

Please send free Comparator Guides for:

! We have prepared a series of Comparator Guides
- . . . L i O Garrard Record [0 Wharfedale Speakers [] S. G. Brown
bt * covering the various BIC product lines and will E Changers & Turntables & Systems Headphones
sy be happy to send them to you. Please mail the i R [J River Edge |
il coupon, checking the BIC products which interest i 0 %i::rﬁpfﬂglellies, O RJ Enclosures Cabinets & Kits ik by
| you, to Dept. AY-989 i FM Tuner [ Genalex Tubes O Multicore Solder Sz
~ BRITISH INDUSTRIES CORPORATION ~ : e — &
e PORT WASHINGTON, N. Y. g T
pha P Citg: — State:
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Everest’s revolutionary sprocket-driven magnetic film is five
times thicker than the usual tape, eliminating “print-through”,
tape stretch, “wow” or flutter. Developed by Everest, built by
Westrex, this new recording system provides three times the
space of standard Y4” tape, allows three channel recording
without sacrificing channel width.

Everest presents a growing library of great music by outstand-
ing performers. A few recordings are listed here. See your
Record Dealer for the complete list and latest releases.

Stravinsky: Petrouchka. Sir Eugene Goos-
sens cond. The London Symphony Orch.
LPBR 6033 SDBR 3033

Schumann: Concerto for Piano and Orch.
in A Minor, Op. 54. Franck: Variations
Symphoniques. Peter Katin, piano, with
The London Symphony Orch. cond. by Sir
Eugene Goossens. LPBR 6036 SDBR 3036

Richard Strauss: Ein Heldenleben (A
Hero’s Life), Op. 40. Leopold Ludwig
cond. The London Symphony Orch., Hugh
Maguire, violin. LPBR 6038 SDBR 3038

Tchaikovsky: Symphony No. 5. Sir Mal-
colm Sargent cond. The London Sym-
phony Orch. LPBR 6039 SDBR 3039

Hindemith: Concerto for Violin and Orch.
Mozart: Concerto for Violin and Orch.,
No. 3 in G Major (K. 216). Joseph Fuch,
violin, with the London Symphony Orch.
cond. by Sir Eugene Goossens.

LPBR 6040 SDBR 3040

Tchaikovsky: Francesca Da Rimini; Ham-
let Overture. Leopold Stokowski, The
Stadium Philharmonic Orch. of New York.

LPBR 6011 SDBR 3011

Wagner: Parsifal, (Good Friday Spell and
Symphonic Synthesis of Act II1.) Lenpold
Stokowski cond. The Houston Symphony
Orch. LPBR 6031 SDBR 3031

Brahms: Symphony No. 3 in F Major. Leo-
pold Stokowski cond. The Houston Sym-
phony Orch. -~ LPBR 6030 SDBR 3030

Copland: Third Symphony. Aaron Copland
cond. The London Symphony Orch.
LPBR 6018 SDBR 3018

Vaughan Williams: Symphony No. 9. Sir
Adrian Boult cond. The London Sym-
phony Orch. LPBR 6006 SDBR 3006
Copland: Billy The Kid, Statements for
Orch. Aaron Copland cond. The London
Symphony Orch. LPBR 6015 SDBR 3015
Strauss: A Night in Venice. Soloists,
Orch. and Chorus cond. by Thomas Martin.

LPBR 6028 SDBR 3028
Gershwin in Brass. Orch. directed by Jack
Saunders. LPBR 5047 SDBR 1047
Music in the Morgan Manner. Russ Mor-
gan and Orch. LPBR 5054 SDBR 1054
Girl From Paris. Russ Morgan and His
Orch. LPBR 5043 SDBR 1043
Cherokee. Charlie Barnet.

LPBR 5008 SDBR 1008
The Herd Rides Again. Woody Herman.

LPBR 5003 SDBR 1003

Herman’s Heat and Puente’s Beat. Woody
Herman and Tito Puente.
LPBR 5010 SDBR 1010

All Everest recordings are high fidelity . . .

available in monaural long play, stereo discs and tape.

EVEREST RECORDS

Product of Belock Recording Co., Division of Belock Instrument Corp.

1960 EDITION

EYEREST

Shostakovich: Symphony No. 5 in
D Major, Opus 47. A brilliant per-
formance of a great work. Leo-
pold Stokowski, The Stadium
Symphony Orch. of New York.
LPBR 6010 SDBR 3010

| arenen NS

Enlenspiegels
Merrs
Pranks

SOHDIIH

Strauss: Till Eulenspiegel, Don
Juan, Salome, ‘‘Dance of the
Seven Veils.”" Virtuoso readings.
Leopold Stokowski, The Stadium
Symphony Orch. of New York.
LPBR 6023 SDBR 3023

ETERE®

H{IE IR EE

Around the World in 80 Days:
Musical-lyrical version of this
spectacular movie — in brilliant
Everest Sound. Jack Saunders
Orch.; Chorus cond. bv Franz

Allers. LPBR 4001 SDBR 1020

=
=
-
=
i

Vaughan Williams: Job—A Masque
for Dancing. A modern master-
piece; brilliantly performed. Sir
Adrian Boult, The London Sym-
phony Orch.

LPBR 6019 SDBR 3019

7



For those whose taste demands
quality ‘in all things, Stereo by
Sherwood offers the ultimate. In-
cluded are two models: Model
$-5000, a 20420 watt dual
amplifier-preamplifier for stereo
“in a single package;” fair trade
$189.50. Model S-4400, a stereo
preamplifier with controls, coupled
with a single 36-watt amplifier for
converting monaural systems to
stereo; fair trade $159.50 (can
also be used with Model S-360, a
36-watt basic amplifier [$59.501 to
make a dual 36-watt combination).
The experienced Audiophile knows
fromexperience that Sherwood
components are not only the ulti-
mate in sound reproduction but
the ultimate as well in flexibility
of controls. Discover for yourself
why Sherwood products are be-
stowed outstanding honors by most
recognized testing organizations.
Sherwood Electronic Laboratories,

Inc., 4300 N. California Ave., .

Chicago 18, llI.

FOR COMPLETE SPECIFICATIONS WRITE DEPT. HFA-9

o

Mol l 5-5000, 0 -4 FOW Stered Dual Amplifies—1189.50
—_=—

'@H@ﬂﬂ@

Bloded 5-3000 [0, FM Tesar—3105.50

CESRE e =
, SO |
e

Model S-14600, Stedeo Preamp. - J6W Amp. 315550
.__' | —
joceea:
— e

Madal 5-2000 TI, FM-AM Tuner=3145.50
E— N m——

ﬂ_ﬁ

e —____'F_,..

i e ',' ",
‘siagfls.1000't [ 35 ol
-

u&. —

-manaphenic of slafespsonic
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tions on stereophonic sound for

nearly two years, certain recurring
queries served to create a serious doubt
as to the validity of some of the ac-
cepted axioms of stereophonic repro-
duction of sound in the home. The
problem stems from the nature of the
evolution of stereo from its predeces-
sor, binaural sound. Those of us in-
volved in binaural sound, years ago,
will always remember dual-headphone
listening as a rewarding if somewhat
impractical means of achieving spatial
realism. We remrember, too, that six to
eight inches between pick-up micro-
phones translated to headphone two-
channel listening resulted in virtually
perfect spatial visualization on the
part of the hearer. The theory ad-
vanced then by Bell Telephone Labora-
tories (and there is no reason to believe
that human hearing has changed ma-
terially in twenty-five years) was that
the closely spaced microphones served
as individual “extensions” of our two
ears, placed in the “best orchestra seat
in the house.”

There exists even today a hard core
of individualists who do the bulk of
their two-channel listening via head-
phones. Unfortunately, there is no
longer any source material with which
to satisfy their binaural craving. Yes,
we know that there are nearly a
thousand stereo disc titles available
(and probably an equal or greater
number of stereo tapes), but not one of
them was recorded binaurally. The
headphone listener is therefore -delud-
ing himself—hoping to hear a listening

AFTER answering consumer ques-

q The Case for a Third Channel

By LEONARD FELDMAN

Results of listening tests
when a third channel is
added to an already set up
stereophonic music system.

sensation that remains confined to the
laboratory.

So much for a few die-hards. The
far more alarming question is: are the
thousands of newly indoctrinated two-
channel stereo listeners equally de-
luding themselves. Let’s examine a
typical stereo recording session in de-
tail and see. The first anomaly to strike
the observer is the microphone ar-
rangement. If, indeed, the number of
channels in the studio pick-up is dic-
tated by the number of ears per person,
then the session we are about to wit-
ness is intended for outer space con-
sumption, where three-eared Martians
dwell. Yes, there are distinctly three
microphone channels; a left, a right,
and a middle. (There may be more
than three actual microphones in a
symphonic recording session, but sev-
eral may be operating to serve only
one of the three channels—in effect
“‘compressing” the area of stage-left,
stage-right, and center-stage.)

Investigation of this puzzling state
of affairs yields two explanations: 1.
The recording session is being made
monophonically and stereophonically at
one and the same time. 2. As long as
the center microphone channel is there,
why not “blend in” a bit of its output
into both the left and right tracks, to
eliminate that ‘hole-in-the-middle”
which has so sorely afflicted the listen-
ing public? Indeed, why not? Certain-
ly, the “ping-pong” effect originally
foisted upon the public to stimulate in-
terest in stereophony is fast disappear-
ing from present-day, sophisticated or-
chestral recordings. If a fusion or

HI-FI ANNUAL & AUDIO HANDBOOK



“wall” of sound is the aim, then it
would seem to be justifiable to use
any tethnique available in the studio to
create that fusion. But what of the
home listener? Equipped with two
channels, two speakers, two amplifiers,
etc., does it follow that he will derive
any benefit from the three-channel re-
cording technique? Or, will speaker
placement, maladjustment of controls.
and room acoustics create a still more
objectionable effect—that of two or-
chestras playing at opposite corners of
the room. If the latter results (and we
have heard numerous installations
which do nothing more), then we are
spending vast sums of money on super-
fluous electronic gear when all we
really needed was a second speaker. So
prevalent is this particular state of
confusion that there is not one of us
in the field who has not been asked “Is
the only requirement for stereo the
addition of a second speaker ?”

Somewhere between the “ping-pong”
effect and “one-channel” stereo lies a
happy compromise, which we set out to
find. To subject observers to musical
listening alone seemed insufficient in
the case of three-channel listening. For
one thing, the choice of musical selec-
tions would, perforce, be arbitrary. The
exact technique used in recording
would introduce an even greater vari-
able. Our compromise decision, then,
was to combine controlled, single-tone
experiments with musical auditioning
via two and three channels.

The Listening Test

Our population sampling, while small
compared with some of the monu-
mental works compiled by pioneers in
the field, consisted of ten adult listen-
ers. Six males and four females were
chosen. Of the six males, two have had
some professional dealings with the re-
production of sound. Two were non-
professionals who had heard stereo be-

LEFT
STERED i
AP Fig. 1. Block diagram
SIGNAL if CENTER CENTER shown here is of the
GENERATOR MATAX "L SPEAKER three-channel setup
/g : that was employed for
STERED i i
N the listening tests.
AraMT
SPEANER
stereo before the tests. All the ladies " &
[

had heard stereo, but none were pro-
fessionally involved in hi-fi. All the sub-
jects were tested first for reasonably
equal hearing response in both ears.

Since our answers were intended to
have meaning in terms of home condi-
tions, we elected to conduct the experi-
ments in an average living room rather
than in some specially treated sound
chamber. In order to eliminate such
side effects as ‘“standing waves” and
“nulls,” each subject was tested from
two points in the room. The dia-
grammatic layout of the test set-up is
shown in Fig. 2. In the first series of
tests, the same frequency was fed to
two loudspeakers and balanced electri-
cally. Unbalance was then introduced.
to emphasize either the sound from the
left or right speaker. The observer was
never told where the emphasis would
take place in advance and was asked
to indicate when the sound shifted
from ‘“center” stage to either the right
or the left. This simple objective test
was repeated at 10 frequencies, ranging
from 50 cycles to 15,000 cycles and at
three different levels of intensity.
Frankly, after testing the first two ob-
servers, we were ready to abandon the
project entirely on the basis of such
wide divergencies of opinion. As we
proceeded with more observers. how-
ever, a very definite patterr. came into
focus. The average results of this two-
channel test are given in Table 1.

The second series of tesis involved
the use of a third channel. Much has

fore and two had never heard any been written about “three-speaker”
INTENSITY FREQUENCIES (in cps)
| 50 100 200 400 800 1000 2000 4000 6000 8000 Above
Low ........ Nr  No 51db 3db 4 db 3db 3 db 6db N N Np
Medium ..... Nr 7db 53db 2db 32db 2db 3 db 5db N» N Npe
Loud ....... N. 5db 4 db 3db 33db 2db 35db 5db 10db Ni Ne

tially non-directional because of long wavelength.

NOTES: Reading of decibels are ‘‘average left or right channel emphasis’’ detected by observers.
N. = Readings completely random and erroneous, confirming conclusion that low frequencies are essen-

Np = Readings in these high-frequency ranges, while taken,
judgment of direction were in the majority. At high frequencies, a mere turning of the head 'will cause the
listener to believe that sound has shifted from one side to the other even when sound intensity from one
side is as much as 20 db greater than from the other side.

are deemed inconclusive siace errors in

Table 1. Average level differences detected by listeners in two-channel setup.

Table 2. Average level differences detected by listeners in three-channel setup.

INTENSITY FREQUENCIES (in cps)
I 50 100 200 400 800 1000 2000 4000 6000 8000 Above
Low ........ | No Ne 7 db 8 db 6db 4 db 61db 78db 8 db Ne Ne
Medium ..... No 73db 6 db 62db 6db 48db 7 db 73db 7 db 10db Ne
Loud ....... N. 8 db 64db 6 db 7db 43db 6 db 8 db 7.7db 10db Ne

NOTES: Readings taken in same manner as in Table 1. In addition to increase in one-sided intensity for
positive identification of source’ of sound, it is interesting and somewhat unexpected to note that the
range of frequencies over which it becomes possible to determine source of sound is actually extended by
the addition of a third channel. It is believed that the center channel serves as a positive ‘‘starting point”
or mental ‘“‘anchor point,”” making phase cancellations less confusing.
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Fig. 2. Room layout in which the two-
and three-channel tests were conducted.
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Fig. 4. Creating third channel by paral
leling two speakers from left and right
channels and positioning them between the
outer two. No additional amplifier is needed.

stereo, so that perhaps a definition of
our “third channel” is in order at this
point. We did not use a left and right
“tweeter” and a center “woofer’” chan-
nel, for this is still basically two-chan-
nel reproduction. We did not use one,
wide-range center channel and two
“end” tweeters or mid-range tweeters.
We did employ two wide-range systems
at the ends and a somewhat less expen-
sive, but nevertheless full-range, sys-
tem for the center channel. The center
channel itself was fed an equal mixture
of the left and right channels (the same
procedure used in three-channel micro-
phone mixing discussed earlier). The
electrical set-up is shown in Fig. 1.
In execution, the second series of



tests was identical to the two-channel
test, that is, tones of equal intensity
and frequency were fed to the left- and
right-speaker systems. A mixture of
the left and right outputs was fed to
the center speaker at a voltage level
equal to one of the end speakers (or, in
other words, 3 db lower than the total
power of both end speakers). The sound
of one channel was increased in inten-
sity until the observer could state with
certainty that the sound seemed to be
coming from a particular direction.
The average results of this second
series is shown in Table 2. By compar-
ing equivalent average measurements
between the two series of tests, one im-
mediate conclusion can be drawn with
respect to three channel. It takes more
change of emphasis of either left or
right channels before the listener can
definitely “fix” the source of sound.
For example, at medium sound level
of 1000-cycle tones, the listener felt a
shift from center to either left or right
with a change of only 2 db. In the
three-channel set-up, a change of 4 db
was required before the observer de-
tected the “shift” of location. The con-
clusion is that it is far more difficult
to achieve true balance in a two-chan-
nel stereo set-up than in three channel.
In fact, we seriously doubt if balance
¢an be maintained or adjusted for a
given point in the room without instru-
ments. This does not mean that under
musical conditions stereo illusion is
lost. It does mean, though, that in two-
channel stereo the vocalist or soloist
originally at center stage may alter-
nately appear to be at stage-right or
stage-left by a mere shifting of the
listener in his chair. This did, in fact,
take place in the musical tests which
followed.

Musical Corroboration

To translate the tabulations into fur-
ther meaningful conclusions, we select-
ed vocal and instrumental discs and
tapes and subjected the listeners to
them. In all ten cases, the listeners pre-
ferred having the third channel in use
in this form of musical presentation.
(Of course, the listeners were never
told whether the third channel was in
or out and over-all sound level at the
listener’s seat was maintained con-
stant. As the third channel was faded
in, end channels were reduced propor-
tionately, to maintain equal total sound
at all times.) In the case of solo or
vocal music surrounded by an orches-
tral background, the reason given for
the preference of third channel was
essentially “I find that I don’t have to
concentrate on where the soloist is
standing.” In purely orchestral music,
only six out of ten preferred a third
channel. Two experienced no percep-
tible difference between two and three
channels and two actually preferred
the two-channel arrangement. It is
interesting to note that these latter
two were the two gentlemen who work
professionally in the audio field. It is
possible that the extensive stereo lis-
tening these men have done recently

may be partly responsible for their
subjective answers as to preference.

Whence the Third Channel?

If your interest is aroused at this
point, and if you would like to draw
your own conclusions, it is not difficult
to duplicate the set-up we used. The
third channel was derived right at the
speaker terminals of the left and right
channels. The “hot” lead to each of
the end speakers was fed to a 500,000-
ohm potentiometer (one lead to an end
terminal of the potentiometer, the
other speaker lead to the other end
terminal of the potentiometer). The
arm of the pot was then used to feed
a third basic power amplifier and
speaker. By rotating the shaft of the
potentiometer (which 'had a linear re-
sistance element) half way, equal
amounts of left and right signal were
picked off at the arm of the pot. A
schematic of the arrangement is
shown in Fig. 3. All grounds (from
left and right speakers and shield of
cable going to third amplifier) were
tied together. It is extremely impor-
tant that the third speaker be phased
properly with respect to the other two.
If increasing the level control on the
third amplifier seems to reduce the
total level of sound in the room, you
can be certain the third speaker 1s
phased incorrectly and a simple rever-
sal of the leads to that speaker will cor-
rect the situation. It goes without say-
ing that the left and right speakers
should also be phased properly.

Several preamplifiers currently
available for stereo set-ups feature
provisions for a third power amplifier
connection. These include Madison
Fielding Model 340, Scott Model 130,
and Lafayette Model KT-600. In these
preamplifiers, the necessary “blending”
is accomplished electronically, provid-
ing the user with a “mixed” left and
right signal for just this application.
Undoubtedly, others will be marketed.

Still a third method of achieving
three channels suggests itself. In this
last method, no third amplifier is re-
quired, but two more wide-range
speakers are involved. The set-up is
shown in Fig. 4. Here, a third wide-
range speaker is paralleled across the
left speaker and a fourth speaker is
paralleled across the right speaker.
Physically, however, the two extra
speakers are mounted in one enclosure
which is positioned between the other
two enclosures. If you have a pair of
speakers currently doing stereo duty in
another room, this might be the most
inexpensive way to perform the three-
channel experiment without additional
expenditure until you decide whether
or not you like the effect.

As for our own situation, there will
be no rest until I replace the speaker
system I ‘“temporarily” stole from our
bedroom and am unwilling to return—I
happen to have decided in favor of
three-channel stereo in the living room.
For the time being, our bedroom TV set
will have to subsist on its own 4” low-
fi unbaffled “squeaker.”

Compatible
Stereo Broadcasts

New Bell Labs system uses a
time-delay effect for stereo.

UCH present stereo broadcasting is

not compatible in that the listener
to one channel does not receive the en-
tire program information. Now this
single-channel problem may be elim-
inated without affecting the stereo
listener, through the use of a new
“compatibility” circuit which has been
developed by F. K. Becker of Bell Tele-
phone Laboratories. The circuit de-
pends for success on a psycho-acoustic
phenomenon known as the “precedence
effect.” This effect operates in such a
manner that when a single sound is
reproduced through two separate loud-
speakers, but is delayed several milli-
seconds in one, the listener will hear
the sound as if it came only from the
speaker from which he heard it first.
He will judge the second loudspeaker
to be silent.

In the new development, circuits are
cross-coupled (see diagram below)
through two 10-millisecond delay lines,
each with its own amplifier. Signals
from the left mike are sent directly to
the left speaker, while the same signal
is delayed 10 msec. before reaching the
right-hand speaﬁer. The stereo listen-
er will hear the sound as if it came
only from the left speaker because of
the precedence effect. Also, sound
from the right mike goes direct to the
right speaker but is delayed before
reaching the left speaker, and is there-
fore unheard. The stereo listener thus
localizes the sound in such a way that
a full stereo effect is produced. How-
ever, monophonic reception is com-
pletely compatible with this, since a
listener to each single channel hears
the total sound from both mikes in a
balanced reproduction. The slight de-
lay produces no echo and does not
affect reception at all, according to
subjective tests.

Basic setup employed in compatible system.
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DYNAKITS MAY ALSO BE

STEREO 70

Two 35 watt super-quality amplifiers for stereo
or 70 watt monophonic use. Premium quality parts
and uncompromised design for finest performance
with all loudspeakers. Preassembled printed circuit
design enables 5 hour assembly. EL-34 (4), 7199
(2), GZ-34, selenium rectifier. Nickel chassis and
charcoal brown vinyl, 13” x 9%” x 6%”, 32 lbs.
Complete with cover, all parts and instructions
$99.95.

STEREO PREAMPLIFIER PAS-2

The famous DYNA preamp circuit adapted to
stereo. Complete control, with absolute minimum
distortion and noise, plus power supply, DC heat-
ers, less than 0.05% IM, 60 db gain from 3 stereo
low level inputs, plus 4 high level stereo inputs.
Features exclusive Dyna Blend Control to elimi-
nate the “hole in the middle”. Two printed circuit
boards for 8 hour assembly. 13” x 8” x 4”, 11 lbs.
Complete $59.95.

MARK II

The 50 watt amplifier which made audio history.
Similar to Mark III, below, but with 8 and 16
ohms only. $69.75.

MARK III

The outstanding 60 watt amplifier. Unmatched
performance and stability on all loads with pulse
and square wave tests. Features Dyna Biaset for
simplified adjustment. Thrze hour assembly with
prefabricated printed circuitry. 9” x 9”7 x 7”7, 28
1bs., 4, 8, 16 ohms $79.95. With added 70 volt out-
put Mark III-70 $84.95. 220 volt Mark III $84.95.

s

DYNA

STEREODYNE II PHONO CARTRIDGE

Without equal for stereo or mono reproduction.
Uniform high compliance, minimum dynamic mass,
high output, no hum pickup, no turntable attrac-
tion—all the vital features for minimum record and
stylus wear, plus the highest channel separation
over the entire spectrum. With replaceable dia-
mond $29.95.

STEREODYNE ARM-CARTRIDGE

The STEREODYNE phono cartridge is united
with a modern tone arm for unexcelled stereo or
mono performance, and unmatched convenience in
installation and use. Dynamic balance and gyro
pivoting enable 2 gram tracking with perfect
groove contact even if turntable is jarred. Detach-
able cartridge and replaceable stylus. Single hole
mounting. $49.95.

B&O MICROPHONES

The finest ribbon microphones made. Utmost
versatility, ideally suited for stereo applications
with the Stereo Spacer, achieving remarkable ease
of installation, optimum separation, consistent bal-
ance. B&O 53 has 50Q, 250(), Hi-Z switch $59.95.
B&O 50 for 50() use only, $49.95. Accessory Stereo
Spacer, Dual Microphone Mount $14.95.

MARK IV

A 40 watt analogy of the Mark III, similar to
one-half the Stereo 70. Assembly time 3 hours.
Uncompromised performance and utmost reliabil-
ity. 5” x 14” x 6%” high, 20 lbs., complete with
all parts and protective cover $59.95.

PREAMPLIFIER PAM-1

The famous “no distortion” preamp which made
audio history. Accurate equalization, minimum
noise, utmost flexibility, yet amazingly simple—6
hour assembly. Requires 300 volts @ 4 ma, 6 volts
@ .75 amps—from amplifiers or PS-1. Brown or
white finish, 7 lbs., 12” x 6” x 2% 7, $34.95.

STEREO CONTROL DSC-1

The simple solution to “step up to stereo”. Plugs
in to Dyna or similar preamps to provide central-
ized control and complete switching facilities. Ex-
clusive Dyna Blend Control. No noise, no distortion,
no loss. Brown or white, 2% lbs., matches Dyna
preamplifiers. $12.95.

PANEL MOUNT PM-2S
CABINET SET CM-2S

Single front panel and brackets for panel mount-
ing two Dyna preamps and DSC-1 $5.95. Panel
and walnut cabinet for same $17.95.

DUAL POWER SUPPLY

For powering 1 or 2 preamps. Well filtered, with
separate heater windings for individual hum ad-

justment. $8.95.

SUPER FIDELITY
TRANSFORMERS

DYNACO

Featuring para-coupled windings, this patented
design insures superior wave forms under all tran-
sient and pulse tests. Full rated power 20 cps to
20 KC, double nominal power from 30 cps to 15
KC.

MODELS
A-410 15 watts EL-84, 6V6, 6AQ5 $14.95
A-420 30 watts 5881, EL-34, KT-66 19.95
A-430 60 watts KT-88, EL-34 29.95
A-440 120 watts KT-88, 6550 39.95
A-450 120 watts pp par KT-88, EL-34 39.95
A-470 35 watts EL-34, pp par EL-84 24.95

Specifications

Response: == 1 db 6
cps to 60 KC. Power:
within 1 db 20 cps to
20 KC. Square Wave:
No ringing from 20
cps to 20 KC. Permis-
sible Feedback: 30 db.

Available from leading Hi-Fi Dealers everywhere. Descriptive brochure available on request.

OBTAINED COMPLETELY ASSEMBLED AND TESTED

Prices slightly higher in the West

DYNACO INC., 3916 POWELTON AVENUE, PHILADELPHIA 4, PA.
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By HERMAN BURSTEIN /

channel stereo is the apparent ab-

sence of sound in the space between
the two speakers. The more widely
separated the speakers, which aug-
ments the sense of spaciousness, the
more severe is the “hole-in-the-center”
effect. Therefore ‘an increasing measure
of attention has been directed toward
filling this seeming void. One way of
doing this is to use three-channel
stereo. However, since three-channel
program sources are not available to
the public, the “fill” must be derived
from two-channel material.

A simple way of filling in the center
is to move the left and right speakers
closer together. If corner speakers are
employed, this is difficult or impossible
to do. Even if wall-type speaker sys-
tems are involved, problems of furni-
ture arrangement may interfere with
bringing them together.

Another expedient used on occasion
is that of a dummy speaker, connected
to nothing at all, which is situated
between the left and right speaker
systems. Sight and sound go together
much as taste and smell do and the
visual presence of a speaker system in
the center can lead the mind to con-
clude that it hears sound from this
region. A third technique is to conceal
the two stereo speakers behind a cur-

0NE of the major problems of two-

149

Phantom
Channel
for
Stereo

tain, so that one is not conscious of
speaker separation, enabling the two
sounds to blend together in the mind.

What is apt to be a more satisfying
approach is the “phantom-channel”
technique, where signals from the left
and right channels are combined and
fed to a central speaker. The phantom-
channel signal can be derived either be-
fore or after the power amplifier. If
after, one saves the cost of a third
power amplifier.

One early proponent of the phantom
channel as a solution to the problem
of hole-in-the-center was Paul W.
Klipsch of Klipsch speaker fame. His
method combines the left and right sig-
nals prior to the power amplifier, so
that a third power amplifier as well as
a third (central) speaker is required.

Fig. 1 shows the essence of Klipsch’s
method while Fig. 2 shows the refined

Fig. 1. The basic phantom channel circuit.
LEFT CHANNEL LIFT Claai,
]
IMPEDANCE PN T Dol
et e
T il
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Simple methods that may be used to obtain a third or
center channel to eliminate that "hole-in-the-middle."

circuit, including values of the resistive
network, chosen to provide adequate
isolation (minimization of crosstalk)
between channels and the proper level
of the middle channel relative to the
other two. In Fig. 2 the mixing func-
tion is performed by the 33,000-ohm
resistors, while the 82,000- and 220,000-
ohm units attenuate the signals to the
left and right channels. Klipsch in his
experiments used a 5000-ohm source in
the left and right channels, so that the
33,000-ohm resistors provide slightly
better than 20 db attenuation of cross-
talk between channels. If a cathode-
follower source were employed, typi-
cally with an output impedance of about
500 to 700 ohms or less, crosstalk at-
tenuation would be about 40 db. Gen-
erally, 20 db attenuation is considered
adequate for stereo.

A vital feature of Klipsch’s network
is that the level of the central channel
is higher than that of each of the end
channels. To be specific, the middle
channel is designed to be 3 db higher
than each of the others or, in other
words, equal to the combined level of
the left and right channels. Of course
it is assumed that the power amplifiers
and speakers for each channel are
identical, resulting in an acoustic out-
put which is greater for the center
speaker than for the flanking ones.

HI-FI ANNUAL & AUDIO HANDBOOK



Klipsch states in this matter: “Some
guessing was done as to the level to be
fed the center channel and the guesses
were all wrong. Experiment led to
better thinking and a theoretical basis
was arrived at and corroborated. . . .
My experiments resulted in a workable
system with the center channel a half-
and-half mixture of the two sound
tracks (from a tape) and the flanking
channels using corner speakers fed
from the two sound tracks with 3 db
attenuation relative to the center chan-
nel. . . . When success finally was
achieved in balance, a surprise oc-
curred: the center channel was perfect-
ly real, and not just a simulated effect
to fill up a hole in space. Sounds re-
membered as arising in the center of
the stage occurred there; one ceased
to hear sounds from the three speak-
ers, and actually sensed a spread across
the curtain of sound.”*

Contrary to Klipsch’s findings, others
have recommended that the center
channel be substantially lower than
the end channels. Thus it has been
advised that “the gain of the center
channel amplifier should be adjusted
so that the sound from the center
speaker is just audible.”? Another has
recommended that the center channel
should be below the end channels.?

Possibly the discrepancy in views as
to the proper level for the center
channel relative to the left and right
speakers may be explained by varia-
tions in speaker location or by the na-
ture of the stereo material used for the
pertinent experiments. For example, if
very wide microphone spacing were
employed in the original recording, it
might be desirable—in the sense of
greatest listening satisfaction—to com-
pensate for the abnormal stereo effect
by elevating the volume of the center
channel. Or if the left and right speak-
ers are spaced a relatively great dis-
tance apart, so as to form an angle of
more than about 50° with the listener,
it may be desirable to accentuate the
center channel. On the other hand, the
narrower the microphone and/or speak-
er spacing, the lower may be the level
of the center channel for optimum
listening results.

All-in-all, it appears that the stereo-
phile should not commit himself to a
fixed relationship between the center
channel and the other two but should
leave the situation open to experimen-
tation. He should have a handy means
of varying the relative level of the
center channel, for example by a
readily accessible potentiometer in the
control amplifier or power amplifier, or
by a pad in the leads to the speaker
system. (The last approach may raise
problems because a pad intervening be-
tween the power amplifier and speaker
system may deteriorate;speaker damp-
ing to the point where hangover and/
or ringing become apparent.)

As shown in Fig. 3, Klipsch has sug-
gested a means for eliminating the
third power amplifier. Here, however,
the level of the middle speaker would
be 6 db down with respect to each of
the flanking speakers instead of 3 db
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Fig. 3. Obtaining a third channel at the
outputs of the power amplifiers employed.
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Fig. 4. Alternate method of obtaining a
third channel at power amplifier outputs.

Fig. 5. Circuit used in Madison Fielding
Series 340 stereophonic control amplifier.

higher in level. This assumes speakers
of equal efficiency on each channel. One
could change the situation by using a
center speaker of greater or lower ef-
ficiency than the others.

The method of Fig. 3 introduces a
question of crosstalk. But this seems
to be not at all serious. The writer,
pursuing Klipsch’s method, introduced
an 8-ohm resistor, in lieu of a speaker,
between the 4-ohm terminals on a typi-
cal stereo amplifier. He found that
crosstalk attenuation was 28 db.

Another question raised by Fig. 3 is
that of signal cancellation. Assume
there are equal signals in the left and
right channels, as can happen, depend-
ing upon microphone techniques. In
such a case, there would be no electri-
cal potential between the 4-ohm ter-
minals (or any other pair of like ter-
minals) and hence no signal. However,
in actual stereo source material there
are generally differences in amplitude
and phase between like signals, so that
signal potentials will exist between like
terminals.

To the extent that signal cancellation
does exist, an alternative technique to
prevent such cancellation would be to
connect the middle speaker to the out-
puts in parallel as in Fig. 4. However,
this results in considerably greater
crosstalk. It was found that crosstalk
attenuation dropped from 28 db to 16
db when the hookup of Fig. 4 was em-
ployed. When -crosstalk attenuation
drops much below 20 db, it is apt to in-
terfere with the stereo effect.

At least 3 stereo control amplifiers
now on the market incorporate a phan-
tom-channel output. These are the
Madison Fielding 340, the H. H. Scott
130, and the Lafayette KT-600.

Fig. 5 reveals the method employed
by Madison Fielding to derive the phan-
tom channel. The left and right signals
are combined by a 500,000-ohm pot
connected to the high side of the left
and right output jacks. The arm of the
pot goes to the phantom channel out-
put jack. The left and right channels
have cathode-follower output, with an
impedance of about 700 ohms and the
linking 500,000-ohm resistance intro-
duces negligible crosstalk, i.e., channel
separation is nearly 60 db.

Use of a potentiometer as a combin-
ing device, instead of fixed resistors,
allows one to balance the relative levels
of the left and right signals for purpose
of combining them into a center chan-
nel. Such balancing may be desirable
for a number of reasons. For example,
the balance control in the Series 340
might be set to produce different signal
levels in each channel due to variations
in power amplifier gain or variations in
speaker efficiency. A potentiometer
enables the user to again obtain equal
signals for center channel purposes.
To take another example, the listener
may wish to obtain unequal signals in
the center channel, say a dominantly
left signal, because the center speaker
cannot be located exactly midway be-
tween the other two but is situated
closer to the left one because of prob-
lems of the furniture arrangement.



The mixing technique of Fig. 5 re-
sults in the center channel having a
relatively high output impedance, so
that more than two or three feet of
cable cannot safely be used without
loss of highs. On the other hand, loss
of highs on the center channel might
be more of a virtue than a fault. To
the extent that the highs are associ-
ated with directionality, that is, with
left-right orientation, it is just as well
for them to disappear from the center.

Fig. 7 shows the mixing technique
used by H. H. Scott in its Model 130.
In basic respects, the method is similar
to that of Madison Fielding. However,
there are two important differences.
One, the mixing ratio is fixed instead
of variable. This can be compensated,
if need be, by adjusting power amplifier
gain (most power amplifiers have an
input level control) so that equal sound
will emanate from the left and right
speakers when the balance control of
the 130 is at mid-position, thereby pro-
ducing equal signals in the left and
right output jacks and making equal
contributions to the phantom channel.
The second difference is that the com-
bined signal is not fed directly to the
center channel output jack but goes
first through a triode having low out-
put impedance due to substantial nega-
tive feedback. Thus cable lengths up to
20 feet between the preamp and the
power amplifier will introduce no signi.
ficant loss of highs.

As can well be realized from the pre-
ceding discussion, incorporation of a
phantom channel adds further com-
plexities to an already complex stereo
situation, what with problems of bal-
ancing channels, of phasing, of simul-
taneously controlling the gain of chan-

PHANTOM CHANNEL SPEAKER

LARGE,
EXPENSIVE
SPEAKER WITH
LEFT EXCELLENT RIGHT
SPEANER BASS RESPONSE SPEAKER

\ SMALL, MATCHED, INEXPENSIVE /

SPEAKERS WITH ADEQUATE
RESPONSE ABOVE THE LOWER
BASS RANGE.

F'y
Fig. 6.
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nels with minimum tracking error, etc.
Yet at the same time the phantom
channel holds forth a satisfactory so-
lution to an important problem, the
hole-in-the-center. And in itself the
third speaker system enhances the sen-
sation of breadth, one of the essential
attributes of stereo.

Furthermore, use of a phantom chan-
nel may well be a means of solving the
problems of cost and space for many
audiophiles contemplating a stereo in-
stallation. It may seem contradictory-
that a stereo setup employing three
speaker systems can be less expensive
and occupy less space than one having
only two speaker systems, but Fig. 6
illustrates how this may come about.

As shown in this diagram, the center
speaker system is the expensive and, as
generally happens with expensive
speakers, the big one. Quite likely it is
the one hitherto used by the listener for
monophonic reproduction. Instead of
having to find the funds, as well as the
space, for a matching speaker system,
he can employ small, matched, inex-
pensive speakers for the left and right
channels. The center speaker provides
the total audio information, particular-
ly the low bass, which is essentially
non-directional and not substantially
associated with the stereo effect. The
flanking speakers, being small and in-
expensive, do their relative best in the
upper bass, middle, and treble ranges,
which are most closely identified with
the stereo effect. The cost of the two
small speaker systems for the left and
right may be considerably less than the
cost of matching the monophonic speak-
er presently owned by the audiophile.
Or, if he is starting from scratch, the
cost of one large speaker system and
two small systems can be appreciably
less than the cost of two large ones.
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LOW-DISTORTION
SINE-WAVE GENERATOR
By HERBERT COHEN

General Transistor Corp.

THE author has been considering the

problem of extracting the fundamental
frequency from a conventional neon-
tube saw-tooth generator. The slow
charge time and the extremely rapid dis-
charge time produces a saw-tooth wave-
form whose usefulness is limited but
which contains the fundamental and
many harmonics.

However, by parallel tuning the ca-
pacitor discharge circuit, a low-distor-
tion sine wave can be obtained. The
primary of a Stancor PS8416 power
transformer, paralleled by a .01 ufd. ca-
pacitor, is used as a high-“Q” tank cir-
cuit. The tuned circuit appears as an
exceedingly high impedance to the
fundamental frequency but practically a
short circuit to its harmonies.

130V.
20 MA.

With an oscilloscope across the trans-
former primary, the pot is adjusted to
set the oscillator at the LC frequency of
transformer and capacitor. As the funda-
mental approaches the tuned LC fre-
quency, the waveform becomes more and
more sinusoidal with an increasing am-
plitude on approaching resonance.

At resonance, the waveform shows less
than 39, harmonic distortion as meas-
ured with a distortion analyzer. The
secondary of the transformer supplies
many outputs for low- or high-imped-
ance matching.. One problem in this
construction is that ground is also a.c.
ground. An isolation transformer can be
used to eliminate this problem. The sta-
bility of this unit is basically determined
by the stability of the a.c. line. A 1000-
cycle oscillator, constructed by the au-
thor and shown in the diagram below,
puts out a waveform comparable to the
Hartley type.

TRANSISTOR SOCKET HOLDER
FROM FAHNESTOCK CLIP

By JOSEPH A. BORSOS

HILE building my second transistor

radio recently and ruining an expen-
sive **p-n-p”’ transistor when I soldered
it in the circuit, I looked around my
shack and spotted a Fahnestock clip in
my junk box.

Simply straightening the top portion
of this spring connector clip and press-
ing in the wire-holding prong yields a
most economical transistor socket hold-
er, which is unusually adapted to the
breadboard circuit since it can be
mounted with a single screw! It may
be necessary to file out the slot a little
in order to accommodate some tran-
sistor sockets.

HI-FI ANNUAL & AUDIO HANDBOOK



Get top performance
from your hi-fi system

with this complete

STEREQ-MONOPHONIC
TEST RECORD

produced by the editors of

ELECTRONICS WORLD

(another ZIFF-DAVIS publication)

As a man who is seriously interested in hi-fi, you will certainly
want to be among the first to take advantage of this new and
important test record. It will enable you to know your system
inside-out. As a result, your listening enjoyment will be even

greater than ever before.

Here are some of the questions

this record will answer for you!

‘/—Hnu: good is my stylus? Is it worn?
Will it damage my records?

v What about my stereo cartridge?
Does it have enough vertical compli-
ance so that it won’t ruin my expen-
sive stereo records?

Is my turntable running at the right
speed? Is it free of rumble, wow, and
flutter?

W hat sort of standing waves do I get
in my listening room?

& Are my speakers hooked up cor-
rectly? Are they phased properly,
and is the correct speaker connected
to the right stereo channel?

v How perfectly is my system
equalized?
What about separation? Is it
adequate?

You’'ll get on-the-spot-answers to these
and many other questions when you use
this Stereo-Monophonic Test Record.
It’s the most complete test record of its
kind—contains the widest range of es-
sential check-points ever incorporated
into one test disc! And, best of all, you
need no expensive test equipment when
you use this record! Just listen and get
the thorough results you want — all
checks can be made by ear!

As a man who is seriously interested in
hi-fi, you can immediately see the ex-

1960 EDITION

traordinary 2-way value you get from
this special test record. First, it guides
you in evaluating the quality of repro-
duction your equipment now produces.
Second, it specifies the adjustments
necessary to get the best recorded sound
vou have ever heard! Add up the ad-
vantages! Check the special low price!
This is easily the best value of the year
for everyone who owns a hi-fi system—
either monophonic or stereo!

Special to
our readers
for only...

Special Features of ELECTRONICS WORLD
7” Stereo-Monophonic Test Record

e Four bands for stereo checks only—
plus three bands for checking stereo
or monophonic equipment!

e Made of top-quality virgin vinyl for
long wear!

e Specially-reinforced center resists
wear!

e Delivered. in special polyethylene en-
velope—dust and dirt are sealed out!

e Fully guaranteed!

Supply limited—Order your Test Record for just $1 now!

This stereo-monophonic test record
will only be sold to you by mail, at the
special reader-price of just $1. You
can be sure that it comes as close to
perfection as is humanly possible, be-
cause the editors of Electronics World
—leading technical magazine in the field
of electronics—have poured their accu-

mulated know-how into this project for
a period of many, many months. But
the supply is limited, so it will have to
be first-come, first-served! Avoid dis-
appointment— place your order right
now. Fill in and mail the coupon, to-
gether with your check ($1 per record)
today!

HI-FI ANNUAL ® P.O. Box 523, New York 8, N. Y.

Please send me____test records at $1 each. My check (or money order)

for $

that each record is fully guaranteed.

MHame

is enclosed. | understand that you will pay the postage and

Address

Zone. State

City _

SORRY—no charges or C.O.D. orders!
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STEREO AMPLIFIER CONTROLS-

and what they do

By HERMAN BURSTEIN

to coordinate two program channels

in conventional functions, such as
selection of input source, gain control,
equalization, etc.; and to perform cer-
tain functions unique to stereo. We are
talking essentially about control ampli-
fiers, although most of the following
discussion also pertains to integrated
equipment such as a control amplifier
combined with a power amplifier or
with a tuner.

The stereo amplifiers of various
manufacturers differ to some extent
in the functions they provide. In choos-
ing among stereo amplifiers, the pros-
pective purchaser must consider what
features are apt to meet his needs. An
understanding of the controls and func-
tions commonly found in these units
will facilitate his choice. The first con-
trol discussed is the balance control.

THE stereo amplifier has a dual task:

A good over-all summary of the functions of the various

operating controls that are used in a stereo system setup.

Unique to stereo is the balance con-
trol (sometimes called a focus control)
permitting the level of either channel
to be increased relative to the other by
means of a single knob. Fig. 1 shows
the basic principle of many balance
controls, enabling the level of one
channel to increase as the other de-
creases so that total volume remains
nearly constant.

Whereas Fig. 1 employs two ganged
potentiometers, it is possible to control
balance by means of one pot, as shown
in Fig. 2, where the arm causes one
channel or the other to be shorted to
ground as it moves up or down. The
values shown in Fig. 2 will maintain
the combined sound level of the two
channels reasonably constant as the
control is rotated.

The range of action of the balance
control varies greatly among stereo

amplifiers. In some maximum rotation
of the control produces as little as 6
to 10 db difference in level between
channels, while in others the difference
is as much as 40 db, or even greater.
Fig. 1 permits an infinite difference.
Fig. 3 shows how the range can be
limited by inserting a resistance be-
tween each pot and ground. Fig. 2 also
permits an infinite difference, while
Fig. 4 shows how this circuit can be
modified to limit the maximum differ-
ence between channels.

The ratio between highly efficient
and quitesinefﬁcient speakers is roughly
20 to 1, or 13 db. Power amplifier sen-
sitivities differ by as much as 14 db
(one amplifier may be driven to 10
watts by .2 volt, while another may
require 1 volt). The two sections of a
stereo cartridge may differ in output
level by 3 or 4 db. The two channels on

HI-FI ANNUAL & AUDIO HANDBOOK
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a stereo disc or tape may differ by
several db. All told, it is possible for
these differences to add up to a very
considerable total, so that a balance
control with a range of action ap-
proaching 40 db may prove useful, as-
suming the stereo installation com-
prises unmatched power amplifiers and
unmatched speaker systems.

But if one employs matched power
amplifiers and matched speaker sys-
tems, the need for a wide-range bal-
ance control diminishes. A range of 10
db or less can then be satisfactory.
Moreover, the limited-range control
has the advantage of a finer vernier,
which makes accurate channel bal-
ancing easier.

Master Gain Control

Once the stereo system is adjusted
for balance between channels, it is im-
portant that the listener be able to
change total volume without upsetting

channel balance. Therefore, most ster-
eo amplifiers contain a master gain
control, as in Fig. 3, consistinz of two
pots operated by a single shaft.

A few stereo amplifiers have, instead,
individual gain controls for each chan-
nel, but concentricallv mounted so that
by rotating both together one achieves
the effect of a master gain coatrol. It
is usual practice, then, to use concen-
tric shafts that lock together when the
inner shaft is pushed in slightly.

The change in balance =hat occurs
when rotating the master gain control
is called ‘“tracking error.” This should
be no more than +3 db, and preferably
no more than =+1 db. Conventional
pots mounted on a single shaft may
produce errors much greater than +3
db, due to differences in taper between
the pots. The tracking error can be
kept within suitable bounds by the
following means:

1. Employ pots manufactured to

—
CHANNEL {
L = TO FOLLOWING AMPLIFIER STAGES

3 FOR LEFT CHANNEL
L DUAL GAIN CONTROLS OPERATED

. / BY A SINGLE SHAFT
< & TO FOLLOWING AMPLIFIER STAGES
CHANNEL- & FOR  RIGHT CHANNEL
8 1

[P——

—

Fig. 1. Here is the circuit arrangement em-
ployed in a basic balance control hookup.
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400K ] A
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Al AR # FOLLOWING  RIGHT CHANNEL

STAGES
Fig. 2. Single control for balancing.

Fig. 3. A balancing arrangement that em-
ploys a limited amount of attenuation.
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Fig. 4. Single control for chaanel balaenc-
ing with limited (about 10 db; citenuation.
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Fig. 5. A typical basic master gain control.
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Fig. 7. Combined balance and master gain.

CONTROL AMPLIFIER

Fig.8.Thesystemdiagram | g

at the right shows hook- ] ‘

up that may be employed

forchannelbalancing.See L
Remb T

text for operation details.

LEFT CHANNEL POWER LEFT
AMPLIFIER SPEAKER
BALANCE | |
CONTROL
POWER RIGHT
RIGHT CHANNEL “| AMPLIFIER SPEAKER

l—(JHANNEL BALANCING SWITCH

1960 EDITION

close tolerances. This is expensive.

2. Employ conventional pots, selected
to form matched pairs with closely
similar tapers.

3. Employ pots with taps, as in Fig.
6, to bring the two pots into corre-
spondence at a number of intermediate
points between minimum and maxi-
mum rotation. N

4. Employ stepped controls. as in Fig.
9. Resistor values are usually chosen
so that going from one switch position
to the next produces a level change of
about 2 or 3 db. Tracking error can be
kept well under 1 db by this method,
however, it is quite expensive and has
a limited range of attenuation due to
the finite number of switch positions.

Gain controls are best located at an
early stage in the amplifier in order to
reduce the signal before it can drive a
stage hard enough to cause appreciable
distortion. It is desirable to have the
balance control as well as the gain con-
trol .at an early stage, thus the master
gain and balance controls are often
brought together, as shown in Fig. 7.

Tone Controls

It is still a moot question whether
separate or ganged bass and treble con-
trols should be incorporated in a stereo
amplifier. The ganged control simpli-
fies operation and appearance and, if
matched speaker systems are em-
ployed, the chances are reasonably
good that this type of control will pro-
vide enjoyable listening.

Individual controls, however, afford
greater flexibility. If different loud-
speakers are used for the two channels,
different amounts of bass and/or treble
correction may be required in each
channel to achieve best results. Even
when using matched speakers, their
location and orientation with respect
to the listener may call for varying
tonal correction. Differences in the
signal for each channel, as in the case
of FM-AM stereo, may also call for dif-
ferent bass and/or treble adjustment.
Yet with further advances in the art,
including the transition from FM-AM
stereo broadcasts to FM multiplex
ones, increased use of matched speaker
systems, and greater uniformity of
frequency response between channels
on stereo discs and tapes, it may be ex-
pected that the present advantages of
separate tone controls will probably
diminish.

Channel Switching

Stereo amplifiers provide various
switching functions to permit balanc-
ing channels, listening to monophonic
sources, correcting for errors in phas-
ing or channel identification (left ver-
sus right), etc. Most stereo control am-
plifiers provide most of the following
functions, although few provide all of
them.

1. Reverse Stereo: This permits the
left signal to be fed to the right chan-
nel and the right signal to the left
channel, as shown in Fig. 10. While ac-
cidental reversal of channels on com-
mercial discs and tapes can be expected
to drop to zero, there is as yet no stand-



NOTE: AN ACTUAL STEPPED
GAIN CONTROL HAS MORE
POSITIONS THAN SHOWN
HERE

2 POLE MULTI-POSITION
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Fig. 9. Stepped master gain control.

Fig. 10. Reverse-stereo switching.

Le&—7 ""‘H o TO LEFT CHANNEL
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STAGES

UP: STEREO
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TO RIGHT CHANNEL
STAGES

ardization with respect to left-right
orientation of FM-AM stereocasts.
Also, amateur stereo tape recordists
will probably make mistakes. (For a
tape traveling from left to right, the
upper track should contain the left
channel signal.) Finally, the experi-
mentally inclined stereophile will
undoubtedly be curious as to the effects
of reversing channels; conceivably, for
some types of program material or for
certain listener locations, the results
may be beneficial.

2. Balance Switching: This permits
one of the signals, say the left, to be
fed either to the left or right channel,
as shown in Fig. 8. Alternate switching
of one signal to either channel facili-
tates balancing the sound levels of the
two speaker systems. If the stereo am-
plifier incorporates reverse switching,
separate balance switching is not
strictly necessary, because reverse
stereo accomplishes the same thing
provided one disconnects one of the
signals (say the right) from the ampli-
fier. However, having to remove one
of the signal sources may prove incon-
venient, as for example when playing
a stereo disc.

3. Monophonic Disc Switching: This
combines the left and right signals and
feeds the sum signal to both channels,
as illustrated in Fig. 11. This is desir-
able when playing a monophonic disc
with a stereo cartridge because the
audio (lateral) signals are added in-

UP: STEREO
DOWN: CHANNELS L AND R ARE COMBINED
(FOR PLAYING MONOPHONIC DISCS)

L’/I
i STAGES

Fig. 11. Switch for combining channels.

L iS—
STAGES

-
Rig

Fig. 12. Quasi-stereo switching setup.
UP: QUASI-STEREO (BOTH CHANNELS
CONNECTED TO MONOPHONIC SOURCE)
DOWN: STEREO

&= TO LEFT CHANNEL
LV STAGES

TO RIGHT CHANNEL
STAGES

Fig. 13. Phase-reversal switching setup.
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TO LEFT SPEAKER

T
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phase, while the rumble (vertical) sig-
nals are added out-of-phase, causing
substantial cancellation of vertical
rumble, which is often a considerable
problem when using a stereo pickup.

4. Quasi-Stereo Switching: This feeds
the left (or right) signal to both chan-
nels, as shown in Fig. 12, permitting
one to hear a monophonic source on
both speaker systems, thus providing
a quasi-stereo effect. While a system
that provides monophonic disc switch-
ing (Item 3) in a sense also permits
quasi-stereo switching, the reverse is
not true. For example,” some stereo
amplifiers can feed the left signal to
both channels but they cannot also
feed the right signal to both channels.
To sum up, it may be desired to feed
both signals to both channels (mono-
phonic disc switching) or it may be
desired to feed one signal to both chan- '
nels (quasi-stereo).

5. Phase Reversal: This permits the
phase of one channel to be reversed
180 degrees. If the stereo amplifier is
an integrated unit, containing power
amplifiers, this can be accomplished by
simply reversing the leads to one set of
speaker terminals, as shown in Fig.
13. If the unit is solely a control am-
plifier, phase reversal must be acccm-
plished electronically, as shown in Fig
14, by an extra tube stage. The un-
wanted amplification is offset by a volt-
age attenuator, either a voltage divider
at the grid, as shown in Fig. 14, or a

== T LEFT CHANNEL

=8 Tl RIGHT CHANNEL

L CE—TO LEFT CHANNEL
STAGES

[ ————

TO RIGHT CHANNEL
STAGES
\ur BOTH CHANNELS NORMALLY
N PHASE

DOWN: PHASE REVERSAL
VOLTAGE  ATTENU-
ATOR, EQUAL TO

AMPLIFICATION OF 1
THE  TUBE

Fig. 14. Electronic phase reversal

Fig. 15. Arrangement for blend control.
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CENTER : CHANNELS PARTLY COMBINED
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\ STAGES
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Fig. 16. Phantom channel output circuit.
CONTROL AMPLIFIER

OUTPUTS
L LEFT CHANNEL
S00K
CENTER (PHANTOM) ‘CHANNEL
S00K
R RIGHT CHANNEL

feedback circuit from plate to grid.
While disc and tapme program sources
are careful to maintain prorver phas-
ing, nevertheless the circumstances of
microphone and speaker placement
may cause phase relationships such
that a change of 180 degrees on one
channel will provide better listening.
Improper speaker phasing, whatever
the reason, will produce poor spatial
orientation, especially of sounds sup-
posed to emanate from an area about
half-way between the two speaker
systems.

Blend Control

The “hole-in-the-center” effect fre-
quently encountered in stereo can be
mitigated to some extent by feeding
some of the right signal to the left
channel and some of the left signal to
the right channel. The blend control,
Fig. 15, found in some stereo amplifiers
(and sometimes called a dimension
control) permits the listener to com-
bine the two signals to any desired ex-
tent.

Another method of eliminating the
“hole-in-the-center” is to combine the
left and right signals and feed their
sum to a center speaker. The com-
bined signals are called a phantom
channel, after telephone practice. Fig.
16 shows the basic method employed by
some stereo control amplifiers for de-
riving the phantom channel.
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TOPICAL LISTING OF TERMS
COVERED IN GLOSSARY

= FORMS OF AUDIO REPRODUCTION

1. Monaural

2. Monophonic

3, Bingural

. Slerecphonic

5. Pseudo-Stersn

6. Coded Sterco

SOUND CHANNELS

7. Channel

B. Phantom Channel

STEREQ OVER THE AIR

9. Sterec i

10, Simn ng

11. Multicasting

12. Muliiplexing

STEREQ ON PHONO DISCS

13. Dual-Groove Record

14. Single.-Groove Record

15. Carrier-Frequency Stereo Disc

1E.

17. Mi Eltac

18. Vertical Lateral Sierec Disc
[Sugd London)

19, Westrex rea Disec
(45-45; Vector)

STEREC ON TAPE

20. In-Line Head
acked Head
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S OF STEREC AMPLIFIERS

B B B B3 RS RS

. SPeOKe
STEREQ MICROFPHONE TECHNIQUES
It-Right R

PROBLEMS
inthe-Conter EHect
ymmy Speaker

HE advent of stereo has added new
Tterms to the audio vocabulary and

given special meaning or emphasis
to old terms. The following glossary
seeks to explain most of the stereo
terms that, at the time of writing, ap-
pear of significance to the audiophile.
Common usage rather than semantics
underlies these definitions. Unless
otherwise stated, it should be under-
stood that reference is to two-channel
stereo, the only kind generally avail-
able to the public at the present time.
Terms are not defined generally but
only insofar as they apply to stereo
usage.

Since an alphabetical arrangement
of stereo terms would make for helter-
skelter reading, they have been ar-

1960 EDITION

By HERMAN BURSTEIN

To understand stereo you must know the language.

Here are the most important terms and their meanings.

ranged according to topic instead. In
order that the reader may quickly lo-
cate a term in which he is interested,
a “Topical Listing” is included, left.
Any term in the listing can be located
in the glossary by number.

Forms of Audio Reproduction

1. Monaural: Audio information on
one sound channel. Usually, although
not necessarily, associated with one
speaker system.

2. Monophkonic: Same as monaural.
Term coined as the counterpart of
stereophonic.

3. Binaural: Audio information on
two sound channels, intended for re-
production by earphones, one for each
channel. Usually recorded by two
microphones about six inches apart,
with an intervening partition, thereby
simulating the manner in which the
human ears intercept sound.

4. Stereophonic: Audio information
on two (or more) sound channels, in-
tended for reproduction by an equiva-
lent number of speaker systems. Re-
corded by various techniques. Stereo-
phonic recording is still in a highly
experimental stage and therefore it
is not yet possible to identify stereo-
phonic reproduction with particular
types or placement of microphones.

5. Pseudo-Stereo: Devices and tech-
niques for obtaining from a single
channel source some of the qualities
associated with stereo. Simplest meth-
od is to feed the single-channel source
to two speaker systems spaced several
feet (or more) apart. One method,
commercially known as “Xophonic”
(made by Radio Craftsmen), acousti-
cally delays all the frequencies by
about 1/20th second by passing them
through a long tube then feeding them
to a second speaker. Other devices
operate electronically, achieving a time
delay which varies with frequency;
this tends to have the effect of spatial-
ly distributing the various orchestral
instruments. Also see Coded Stereo,
Item 6.

6. Coded Stereo: Known in one form
as ‘“Perspecta Sound,” employed in
theaters. Consists of single channel
audio accompanied by a sub-sonic code
signal that controls the volume of
sound fed to speakers at the left, cen-

ter, and right. Thus if drums are to
appear on the left, the coded sub-sonic
signal causes the system to supply
relatively more power to the speaker
on the left when the drums are

playing.
Sound Channels

7. Channel: A signal pathway for
conveying audio information during
recording, transmission, or reproduc-
tion; also refers to the audio informa-
tion so conveyed. Where more than
one channel is employed, they differ
from each other in at least one, but
not necessarily all, of the following
respects: frequency content, relative
amplitude of various frequencies,
phase, arrival time, reverberation.
Typical stereo employs two channels,
one intended for a speaker at the left
front of the listener and the other for
a speaker at the right front. By op-
erating both channels at once, the
total sound is conveyed to the listener,
including a sense of direction. The
left channel and speaker are identified
by the number 1 or letter A. The right
channel and speaker are identified as 2
or B. In recording, a third sound chan-
nel is often employed, designed to pick
up the sound in the center. However,
for conventional stereo, which employs
only two channels in the final program
source (radio, disc, or tape), the signal
of the center channel is mixed with
the program material of both the left
and right channels.

8. Phantom Channel: Some stereo re-
producing systems employ a speaker
in the center as well as at the left and
right, although the program source
contains only two channels. The sig-
nals in the left and right channels are
electrically combined to form a phan-
tom channel, which is fed to the
center speaker.

Stereo Over the Air

9. Stereocasting: Broadcasting two
sound channels for stereo reproduc-
tion. There are now three techniques,
listed according to present extent of
usage: simulcasting, multicasting, and
multiplexing. These are described in
Items 10, 11, and 12.

10. Simulcasting: Broadcasting a
stereo program by means of an AM



and FM station (usually jointly
owned). Requires an AM and an FM
tuner.

11. Multicasting: Broadcasting a
stereo program by means of two FM
stations. Requires two FM tuners.

12. Multiplexing: Broadcasting a
stereo program by means of a single
FM station. One sound channel is
broadcast in the conventional manner.
The other channel frequency modu-
lates a subcarrier of either 67 kc. or
42 kc. The conventional FM tuner de-
tects the first channel and the sub-
carrier. A multiplex adapter, which in
the future may possibly be incor-
porated on the same chassis as a con-
ventional FM tuner, extracts the
second channel from the subcarrier.

Stereo on Phono Discs

13. Dual-Groove Record: Employs an
outer set of grooves for one channel
and an inner set for the other channel.
Requires two cartridges side-by-side
for playback. Cartridge alignment
must be precise so that the stylus of
each will enter the proper groove. This
method is no longer in commercial
use.

14. Single-Groove Record: Employs a
single set of grooves for stereo ma-
terial and requires only one cartridge
with one stylus for stereo playback.
There are two basic methods: those
employing both vertical and lateral
modulation of the groove; and those
employing only lateral modulation (in
the manner of a monaural record) to-
gether with a modulated carrier fre-
quency. The vertical-lateral tech-
niques are embodied in the Vertical-
Lateral Stereo Disc, the CBS Stereo
Disc, and the Westrex Stereo Disc (al-
though in this latter method- the
cutting angles are shifted 45 degrees).
The lateral techniques include the
Carrier Frequency Stereo Disc and
Minter Stereo Disc.

15. Carrier-Frequency Stereo Disc:
One channel is cut laterally in the
usual manner. The second channel is
employed to frequency modulate a
supersonic carrier frequency, which is
also cut laterally. The playback cart-
ridge delivers the signal for one chan-
nel plus the carrier frequency contain-
ing the other channel. The -carrier
must then be demodulated to furnish
the second channel.

16. CBS Stereo Disc: Developed by
the Columbia Broadcasting System,
this disc is cut vertically and laterally.
But it may be played back on a 45-45
cartridge, which has two elements, one
responding to stylus motion at an
angle of 45 degrees to one side of
vertical and the other element re-
sponding to stylus motion at a 45-de-
gree angle to the other side of vertical
(See discussion of Westrex Stereo
Disc). The sum frequency of the two
sound channels, A + B, is cut laterally.
The difference frequency, A—B, is cut
vertically. This is done at a much re-
duced level. In playback, the 45-45
cartridge acts as a matrixing device,
so that one of its elements delivers
essentially an A signal while the other

FM MODULATED MIXER 2n
8Y A-B A+E - EFT SPEAKER
ATa}-2a SPEAKE
CARTRIDGED A+B+25KC. " 1
WIXER
FM a-81 | pPHASE |[B-A_ 28
~*! oeTecTor *1 INVERTER . 3:5}“25 I:[l

Fig. 1. Simplified block diagram of electronics used in playback of Minter disc.

delivers essentially a B signal.

17. Minter Stereo Disc: The sum of
the two channels, namely A + B, is cut
laterally. The difference between the
two channels, A—B, is obtained elec-
trically and employed to frequency
modulate a 25 ke. carrier, which is
also cut laterally. In playback, a
monaural type pickup (responding
only to lateral stylus motion) with
relatively flat response to 30 kc. is
used. While the cartridge immediately
delivers the A + B information, special
electronic equipment is used to obtdin
the A — B information and to mix it
With the A + B signal so as to derive
separate A and B signals. The tech-
nique for doing this is illustrated in
Fig. 1. The A — B signal is extracted
by an FM detector and combined with
the A + B signal to produce A infor-
mation; then the A—B signal is phase
inverted to form B—A, which is com-
bined with the A + B signal to pro-
duce B information.

18. Vertical-Lateral Stereo Disc: Iden-
tified with the names of Sugdern and
of London Record Co. The groove is
cut vertically for one channel and
laterally for the other. The playback
cartridge contains two elements, one
responding to vertical stylus motion
and the other to lateral stylus motion.

19. Westrex Stereo Disc: Also known
as the 45-45 Disc or Vector Disc. The
record groove is in the form of a “V”
and each wall of the “V” is at 45 de-
grees to vertical. The left wall is re-
corded so that it contains channel A
information (for the left speaker) and
the other wall contains channel B in-
formation. The signal for the left
speaker causes the stylus to move at a
45-degree angle to vertical, namely
from bottom left to top right; that is,
the left side is cut in a manner that
causes the stylus to move slantwise
along the right wall. The right chan-
nel causes the stylus to move from
bottom right to top left, along the left
wall. A combination of signals from
both channels causes the stylus to
move in some intermediate position.
The cartridge employed for playback
—the so-called 45-45 cartridge—con-
tains two elements, one responding to
stylus motion at an angle of 45 de-
grees to right of vertical and the other
responding to stylus motion at an
angle of 45 degrees to left of vertical.

Stereo on Tape

20. In-Line Head: Consists of two tape
heads in a single casing, one mounted
directly above the other so that their
gaps are in exact vertical alignment.
If the stereo tape runs from left to
right, the upper head reproduces (or

records) the left channel and the low-
er head the right channel. The in-line
playback head is suitable only for a
recorded stereo tape with one channel
directly above the other. It is not
suitable for a staggered tape (see
Item 22).

21. Stacked Head: Same as In-Line
Head.

22. Staggered Heads: Separate heads,
spaced about 1%4” apart, for playing
(or recording) the upper and lower
halves (tracks) of a stereo tape. If the
tape runs from left to right, the head
on the right is for the right channel
and operates on the lower track of the
tape. Staggered heads are suitable
only for the recorded tapes with
tracks staggered in corresponding
fashion. Staggered heads and stag-
gered tapes are virtually obsolete.

Features of Stereo Amplifiers

23, Balance Control: Device on a
stereo amplifier to vary the volume of
each speaker system relative to the
other, at the same time maintaining
their combined volume virtually the
same. As one speaker increases and
the other decreases in volume, sound
appears to shift from left to center to
right or vice versa.

24. Focus Control: Same as Balance
Control.

25. Master Gain Control: Device on a
stereo amplifier to simultaneously con-
trol gain of both channels.

26. Tracking: A function of the mas-
ter gain control in a stereo amplifier,
namely to maintain the same differ-
ence in volume between the two chan-
nels at all settings of the control. This
difference, which may be zero (repre-
senting equal volume from each speak-
er), depends upon the setting of the
balance control. Good tracking exists
if the master gain control at any
setting does not cause the difference
between channels to change by more
than 1 or 2 db.

27. Phase Reversal Switch: Device on
a stereo amplifier, or in a speaker sys-
tem, for shifting phase by 180° on one
channel. This can mean merely inter--
changing the two leads to one of the
speaker systems. If stereo speakers
are improperly phased relative to each
other, sound may appear to come from
the center instead of having wide spa-
tial distribution. Improper phasing
can also lead to partial cancellation at
some frequencies due to one speaker
diaphragm moving in while the other
is moving out.

28. Speaker Reversal Switch: Device
on a stereo amplifier for connecting
the left channel to the right speaker
and vice versa. May be a means of
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LESA-E ARRIVATO!

Translation: LESA — IT HAS ARRIVED! In any language, this is
truly welcome news for all Hi-Fi enthusiasts and would-be enthusiasts
searching for professional quality at an amateur price. Just one quick
look and a listen will show you why we say “Custom crafted in the world
famous Italian tradition of unsurpassed quality and lasting beauty.”’

You'll especially want to see the smartly styled CD2/21 record changer — never before such

quality ot anywhere near the price! Fully automatic, 4-speed e

stereo ® automatic size intermix o

pre-wired for mono and

flutter, wow and rumble of broadcast standards

e smooth action, 6-second change cycle e guaranteed jam-proof e universal plug-in head

e heavy duty 4-pole motor e

precisely balanced no-resonance, no-feedback tone arm.

o “ b“-!

WA L

PORTABLE STEREO SYSTEM

Brand new! The LEsAPHON high fidelity phonograph and
companion LECOSTEREO amplifier-speaker. Use the LESAPHON
with its CD2/21 changer and high power sound system
for brilliant monaural sound reproduction. Or simply plug
in the LECOSTEREO for superb stereo with single point vol-
ume control. Both in matching finish with brass trim.

Lesaphon Model 57/SA with stereo cartridge............ $125.95 net
Lecostereo Model 1/SA with shielded cable ............. $ 63.95 net
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MINIATURE RECORD PLAYER

You’ve never seen a 4-speed manual record player of the
small size, small price and big quality performance of the
Lesa 4V3/11. Pre-wired for monaural and stereo, it plays
all size records. Automatic stop at end of record play. Turn-
table speeds are accurately controlled, constant to within
1.5%. Elastic suspension mounting insures smooth, steady
operation.

Model 4V3/11 with universal plug-in head .............. $23.25 net

I_.....-_.,_,,".H..,.......—_-.__——-—-—--.n--.--n——-u-------..l

SEND FOR FREE LITERATURE AND 234
NAME OF YOUR NEAREST DEALER

Electrophono & Parts Corp.
530 Canal Street, New York 7, N. Y.

MName

Address




correcting for improper left-right ori-
entation in the program source.

Stereo Microphone Techniques

29. Left-Right Recording: Also known
as classical stereo recording. Micro-
phones are placed at left and at right
on a line parallel to the sound source.
Usually the microphones are placed 6~
to 20 feet apart; sometimes more in
order to enhance the effect of spatial
distribution. For binaural reproduc-
tion (through earphones), the micro-
phones are usually placed about six
inches apart, with an intervening ob-
ject to simulate the human head.
Sometimes, although infrequently, the
latter technique is employed for stere-
ophonic purposes. At frequencies
where the stereophonic effect is most
pronounced, namely above 1000 cycles,
there are substantial phase differences
in the sounds reaching each of the two
closely spaced microphones. Hence,
even though the speakers used in re-
production: are several feet apart,
there can be some kind of stereo-
phonic effect resulting from pickup by
microphones only six inches apart.
When microphones are spaced a sub-
stantial number of feet apart, often
a center microphone is also employed.
At some stage in the recording process,
the sound of the center channel is
added to left and right channels.

30. Listening Angle Principle: A prin-
ciple sometimes employed in Left-
Right Recording. The microphones at
the left and right, as shown in Fig. 2,
are spaced so that they are on the
angle formed between a listener in a
favorable seat at the original per-
formance and approximately the ex-
treme ends of the music source. It is
intended that the same angle should be
formed between the listener and his
two speaker systems, more or less.
Hence the microphones and the speak-
ers, through a common angle, in effect
attempt to put the listener in the

Soumn Piastl SPEmiG IPLAcERE

AOECHESTRAD

STERED
K

LESTEWMG ANGLE,
Sal RS D
AND REPROTUCTION

Fig. 2. The listening angle principle.
Fig. 3. Miking in stereosonic recording.
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RIGHT CHANNEL
(SOLID LINE)
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“favorable seat” he might have oc-
cupied at the original performance.

31. Longitudinal Recording: Micro-
phones are spaced along a line at right
angles to the music source (i.e., from
front to back). The result is a time
delay between channels, as well as
differences in amount of reverbera-
tion; typically, the microphone closer
to the source picks up more direct and
less reverberated sound.

32, Mid-Side Recording: Referred to
as M-S Stereophony. See Fig. 4. Em-
ploys one cardioid microphone and one
cosine (figure-8 polar pattern) micro-
phone very close together. The cardi-
oid is oriented to pick up all the audio
information, which may be called A +
B + C, with A representing the left,
B the right, and C the center. The
cosine microphone is placed so that its
figure-8 reception pattern is parallel
to the sound source, thereby picking
up more of the sound on the left (A)
and on the right (B) than in the
center. The A sound picked up by the
cosine microphone is 180° out-of-phase
with the B sound inasmuch as the mi-
crophone has but one pressure-sensi-
tive element, which obviously cannot
move two ways at once. Hence the
sound picked up by the cosine micro-
phone may be called A—B. Fig. 4
shows how the signals of the ‘two
microphones are combined. The A—B
signal plus the A + B 4 C signal
produces a 2A + C signal. The A—B
signal is then combined out-of-phase
(thus becoming B—A) with the A + B
+ C signal, producing a 2B + C sig-
nal. In sum, one channel contains in-
formation principally from the left,
and the other contains information
principally from the right; each also
contains some center information.

33, Stereosonic Recording: Similar to
Mid-Side Recording, it employs two
microphones very close together and
relies largely upon intensity differ-
ences in the signal picked up by each

Fig. 4. Mid-Side stereophonic recording.
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one. As shown in Fig. 3, each micro-
phone has a figure-8 pattern, oriented
45° to the sound source. One micro-
phone picks up sound essentially from
the left, while the other picks up
sound essentially from the right. If
desired, a combined output signal can
be obtained from the two microphones
in a manner similar to that shown in
Fig. 4 for Mid-Side Recording.

Difference Frequency Principle

34, Difference Frequency: Signal rep-
resenting, in essence, the difference
between the left and right sound chan-
nels, namely A—B. Usually obtained
by simple electronic means (one sig-
nal is phase inverted 180° and then
added to .the other signal); also
achieved by microphone techniqués
(see Mid-Side Recording, Item 32).
Use of a difference frequency in re-
cording, radio transmission, etc, is an
application of information theory, en-
abling audio information to occupy
a smaller portion of the chosen medi-
um; that is, the difference between
two like signals is less than either
signal alone. In the case of stereo
discs, use of the difference frequency
for vertical modulation of the groove
results in a smaller vertical cut than
if either of the original channels gov-
erns the amount of vertical modula-
tion.

35. Sum Frequency: Sum of the left
and right sound channels. See dis-
cussion of Difference Frequency, Item
34.

Stereo Problems

36. Hole-in-the-Center Effect: Appar-
ent absence or insufficiency of sound
in the region between the left and
right speakers. This effect may occur
if the recording microphones and/or
stereo speakers are placed too far
apart.

37. Dummy Speaker: A psychological
device to overcome the Hole-in-the-
Center Effect, consisting of a speaker
.system, or merely a speaker enclosure,
placed between ‘the left and right
speakers. Although no signal is fed to
the central speaker, nevertheless for
some persons the visual presence of
the middle speaker helps create the
aural illusion of sound from the
center.

38. Matching: Refers to use of speak-
ers with identical or very similar fre-
quency response characteristics.
Speakers with unlike response—peaks
and valleys at different parts of the
audio spectrum—may cause the ap-
parent source of sound to wander
between left and right.

39. Cross-Talk: Undesired reproduc-
tion on one channel of audio informa-
tion intended for the other channel.
Occurs to a slight extent in in-line
heads, where magnetic coupling causes
the upper head to pick up from the
lower head some of the signal which
the latter has picked up from the low-
er track of the tape; the lower head
of course picks up the upper track
signal in similar fashion.
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By HAROLD REED
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The sound level instrument is plugged directly into the input
jacks of an audio v.t.v.m. With the meter in this horizontal
< position, the operator, when standing behind the instrument,
can conveniently manipulate the controls on the meter and can
see meter face clearly. Sound unit front faces sound source.

article is designed as an accessory to

an audio vacuum-tube voltmeter or
a.c.-d.c. voltohmmeter—the combina-
tion converting the voltmeter into a
sound-level indicator which provides
visual indication of the acoustic output
level from any loudspeaker. It is a
valuable addition to the test equipment
line-up of both audiophiles and techni-
cians engaged in setting up stereophon-
ic systems. The device was designed
with low cost, compactness, and ease of
operation as basic criteria.

One of the most important considera-
tions in a stereo setup is the balancing
of the sound level from the two loud-
speakers. The most favorable speaker
locations in any particular room de-
pend on the room acoustics and the
sound level desired, as well as on the
personal preferences of the listener.
Trying to obtain the correct sound bal-
ance by ear does not always give the
best results as one is never quite sure
that proper balance has been obtained.

THE device to be described in this

Circuit Description

The schematic diagram of this v.t.-
v.m. accessory is given in Fig. 1. A
small 2%” PM speaker is used as a
microphone to pick up sound output
from the stereo speakers. Its 3.2-ohm
voice coil works into transformer T, a

3.2:1000-ohm unit. An impedance of
1000 ohms is about right for the input
circuit of the first transistor stage, V..
The audio signal is fed to the base of
V: through capacitor C.. Proper bias
and stabilization of the first transistor
stage is provided by resistors R, and R..
Coupling to the base of the second
stage, V. is through capacitor C: and
volume control R, Bias and stability
conditions are taken care of by the
resistance of the volume control and R-.
Audio output for the indicating meter
is obtained through capacitor C; which
is connected to the output terminals.

Power for the circuit is supplied by a
miniature 15-volt battery. The minute
power output from the small speaker-
microphone is, therefore, amplified to
a suitable level to provide a satisfac-
tory reading on an a.c. vacuum-tube
voltmeter.

Construction

The little device is assembled in a
miniature 3” x 23" x 13" plastic speak-
er baffle. This baffle was designed for
use with the speaker selected for this
application.

A small piece of perforated Bakelite
board, equipped with solder terminals,
is used as a tie point for the various
components. This board may be made
from the Bakelite strips and the flea



clips that are readily available. The
terminal board was fitted with two
small home-made metal brackets which
were soldered to the speaker frame-
work. The transistors, resistors, and
capacitors were soldered directly to the
terminals as shown in one of the pho-
tographs. The battery is connected to
these same terminals with #16 insu-
lated leads. The back of the speaker
case fits snugly against the battery and
this, together with the heavy wire
leads, keeps the battery firmly in place.
The tiny matching transformer is also
soldered directly to the metal frame-
work of the speaker.

The small, slide-type power switch
and miniature gain-control potentiom-
eter are mounted on the back plate of
the speaker baffle. This is convenient,
since the device is normally used with
the operator standing at the rear of the
unit as will be described later. Flexible
wire leads are used for connection to
the gain control and power switch.

The rear of the speaker is quite close
to the back of the baffle and since the
case is not designed for speaker mount-
ing screws, a small piece of sponge rub-
ber, about %4” thick, was cemented to
the back plate of the baffle and when
screwed into place this holds the speak-
er firmly in position. If desired, the
speaker face may be cemented to the
front of the baffle. The transistors,
which probably won’t have to be re-
placed, and the battery may be re-
moved without detaching the speaker
from the case.

Output connections are taken to two
banana plugs attached to the bottom of
the speaker case. These plugs are
spaced 3" apart so the device may be
plugged directly into the input ter-
minals of an audio v.t.v.m., as shown in
the photograph. The baffle comes

Front view of the sound level
instrument. The banana plugs
are at the bottom and the min-
iature plug and jack, supplied
with the speaker case, are at
the top of the plug-in unit.

Inside view of the sound level meter with all important parts clearly labeled.

equipped with a built-in jack and mini-
ature plug. This jack is connected in
parallel with the banana plugs. By
means of the miniature plug, the out-
put may be fed to other type meters or
to a tube or transistor power amplifier
for other applications.

Substitute Parts

The constructor may build this de-
vice using the parts given in the parts
list; however, some readers may wish
to substitute components from their
“junk boxes.” For instance, CK722
transistors can be employed in place of
the 2N107’s without any circuit changes
or 2N180 transistors may be used. The
latter will provide higher gain than the
other two types.

Likewise, speakers with other voice-

Rear view of the sound level
instrument. Note that the mini-
ature volume control potenti-
ometer and the slide-type pow-
er switch are attached to the
right of the back plate of unit.

coil impedances can be substituted by
using a suitable matching transformer.
Different transformers may be con-
nected in the input circuit—the parts
list suggesting only two of the avail-
able units. An input impedance of 1000
ohms is about right for feeding into the
base of the first transistor stage. The
author used the less expensive 3.2: 500-
ohm transformer, type TR-95, with
satisfactory results.

Further, any small speaker may be
built into any suitable metal box or
cabinet in place of the plastic baffle
suggested. Other output connectors
than the ones given may be substituted
and coupling capacitors can be any
value from 1 to 6 wfd.

The unit shown was designed with
both satisfactory results and low cost
as objectives. The parts for the unit,
as described, cost about $7.00.

Operating Data

It has been recommended that the
speakers of a stereophonic system be
placed about 8 feet apart. Also, it has
been specified that the listening posi-
tion be from 12 to 15 feet from the
speakers and midway between them.
Using these recommendations, the
sound balance meter should be set up
as shown in Fig. 2. It can be placed on
a small table at the listening position.
Due to space limitations it may not al-
ways be possible to attain the “ideal”
embodied in the recommendations, but
irrespective of the physical arrange-
ment, the important point concerning
balance measurement is that the meas-
uring device be placed at the listening
location and oriented so that it is fac-
ing toward the mid-position between
the two speakers.

Have the power switch, S,, off and
the volume control, R, turned all the
way down. Set the v.t.v.m. switch to
the 0.3-volt range. Feed the output of
an audio oscillator, at 1000 cycles, to
channel 1 of the stereo system. Adjust
the volume control of this channel for
moderate sound output from the chan-
nel 1 speaker. Stand hehind the sound
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. Fig. 1. Complete schematic
diagram and parts listing for
the sound level meter. Note
that V; and V. may be
2N107’s, CK722’s, or 2N180’s.
Parts are not critical and
substitutes may be used.

—

4+ B - W
Hl[—~"
R1+—12,000 ohm, V5 w. res.
Re—120,000 ohm, Y5 w. res.
Rs—24,000 ohm, Y, w. res.
R;—10,000 ohm miniature pot
R;:—150,000 ohm, V> w. res.
Rs—7500 ohm, V5 w. res.
C1—2 ufd., 6 v. elec. capacitor
C:, Cs—2 ufd., 15 v. elec. capacitor
S1—S.p.s.t. slide switch
J1—2-conductor, open-circuit
with speaker baffle)

jack (included

level meter and throw the power
switch on and adjust its volume control
to obtain a suitable indication on the
audio v.t.v.m. The v.t.v.m. may be
switched to the 0.1-volt range if neces-
sary, depending, of course, on the sound
level from the speaker. Mid-scale on
the meter is 'a good reference point.
Note this meter reading.

Now, feed the oscillator output to
channel 2 of the stereo system and
again stand behind the sound level
meter. Note the meter reading ob-
tained from the channel 2 speaker. If
it is higher than the reading noted
when feeding the signal through chan-
nel 1, decrease the gain control of chan-
nel 2. Likewise, if the meter reading is
lower, increase the gain control of
channel 2. The purpose of this ad-
justment is to obtain the same reading
from both speakers. The volume con-
trol of the sound-level unit should not
be changed once it is adjusted for a ref-
erence reading with the 1000-cycle sig-
nal being transmitted through the first
channel. When comparing the levels
from each channel, as indicated on the
v.t.v.m.,, it is important that these read-
ings be observed from the same posi-
tion directly behind the sound-level de-
vice, otherwise erroneous readings may
result due to different sound-wave pat-
terns reflected from the body ot the
operator when standing in different
positions. This is a precaution to be
taken when using any type of acoustic
sound measuring instrument.

Balance adjustment may also be ac-
complished by using an audio tone test
record on the record player of the sys-
tem or with a test signal from a mag-
netic tape instead of the audio oscil-
lator suggested previously.

Another factor to be considered for
favorable stereophonic listening is
speaker phasing, that is, the speaker
cones should move forward and back-
ward in unison. A sound image occurs
midway between the two speakers
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P1, P»—Banana plug

Mic—2Y," PM speaker, 3.2 ohm v.c. (used
as microphone)

Bi—15-volt battery (Eveready # 411 or Bur-
gess U10)

T1—Transistor trans. 3.2 ohms to 1000 ohms
(Argonne AR-138 or Lafayette TR-95, see
text)

Speaker Baffle—3" x 23%g" x 13" speaker
baffle (Lafayette MS-315)

Vi, Va—*“p-n-p” transistor (G-E 2N107. See
text for other types)

when the sound level and audio fre-
quency reproduced by them are identi-
cal and the signals are in-phase. Out-
of-phase speakers in the same room
cause a certain amount of sound-wave
cancellation and results in thin sound-
ing, instead of full bass frequencies.
Feeding the audio oscillator to the
input of both channels of a stereo sys-
tem and adjusting the channel gain
controls for equal sound levels from
each speaker, the effect of out-of-phase
speakers was detected by the author on
the sound balance meter. When the
speakers were connected from out-of-
phase to in-phase condition, the sound
level increased 6 db as read on the db
scale of the audio voltmeter. The best
audio frequency for making this test is
400 cycles since it provides the greatest
change in the meter reading. These re-

Fig. 2. Here is the test setup em-
ployed by the author for check-
ing the balance of his system.

SOUND BALANCE METER
AT LISTENING POSITION

sults will vary with different installa-
tions. The important point in any case
is to connect the speakers for maxi-
mum indication on the meter.

Another use for this sound-level de-
vice is in comparing the efficiency of
identical speakers. The speakers, in
turn, are placed at a distance, say 5
feet, from the sound-level instrument
and the relative sound outputs noted on
the meter. In making this test, each
speaker must be placed successively in
exactly the same position, the same fre-
quency (400 or 1000 cycles) must be
used, and the same signal level main-
tained as read across each voice coil
with a v.t.v.m. It is preferable to make
this measurement with the speakers
and test instrument in an open area as
far as possible from surrounding ob-
jects in order to minimize the effects
of reflected sound waves. Also, it is
necessary to stand in the same spot
behind the sound-level meter, as previ-
ously explained.

The reader will now realize that this
little instrument can be used for many
relative sound-level measurements,
both in comparison tests and in ascer-
taining when a sound level has in-
creased or decreased when altering
certain environmental conditions. Be-
sides its use as a sound-level device, it
may be employed as a general purpose
two-stage amplifier and can be worked
into a vacuum-tube or transistor pow-
er amplifier.

It was mentioned previously that an
a.c.-d.c. voltohmmeter could be used as
the indicating meter. An RCA ‘“Volt-
Ohmyst” was tried and worked satis-
factorily. Of course, it is not as sensi-
tive as the audio v.t.v.m. but with the
switch in the 1.5-volt position :and a
higher sound-level output from the
stereo loudspeaker, satisfactory bal-

ance measurements were made.

The life of the battery will be long
since the total current drain is just 1.7
milliamperes.
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you may now select from two
magnificent
PHONO CARTRIDGES

Shure Stereo Dynetic Cartridges are designed and made specifically for listeners who
appreciate accuracy and honesty of sound. They separate disc stereo sound channels
with incisive clarity, are singularly smooth throughout the normally audible spectrum
... and are without equal in the re-creation of clean lows, brilliant highs, and true-to-
performance mid-range. Completely compatible . . . both play monaural or stereo rec-
ords, fit all 4-lead and 3-lead stereo changers and arms. Available through responsible

high fidelity consultants and dealers.

00000000000 000000000000000000000° 00 ©0000000000000000000000000000006000006060600000n0

PROFESSIONAL
MODEL M3D AT $45.00%

Incomparable quality—the overwhelming
choice of independent critics and experts. Floats
at a pressure of only 3 grams in transcription
tone arms. Distortion-free response from 20 to
15,000 cps. Unparalleled compliance. Superbly
designed and built in limited quantities to per-
fectionist tolerances.

CUSTOM
MODEL M7D AT $24.00*

Outclasses every cartridge except the Shure
M3D—by actual listening tests! Tracks per-
fectly at minimum pressure available in record
changer arms. Smooth from 40 to 15,000 cps.

*audiophile net, with 0.7 mil diamond

Use Only Shure Replacement styli that carry
the certification in “Precision Manufactured by
Shure”; inferior imitations can seriously degrade
the performance of the cartridge.

----- © 0000000000000 006000000000000000000000

© 0 0 C 00200 000000000000000000000000000000000

Free literature available.
Write: Shure Brothers, Inc. )
222 Hartrey Avenue, Evanston, Illinois
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Amplifiers, Preamplifiers and Record Players
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SINGLE PUSH-PULL STAGE
FOR BOTH STEREO CHANNELS

Simple simplex-type circuit for stereo does away
with two output tubes and one output transformer.

By NORMAN H. CROWHURST

single groove, why cannot it be

amplified by a single amplifier? As
with so many questions, this one has
two possible answers: it can’t be done;
and the people who do it! In this case
the latter are CBS Laboratories, as
reported in a paper before the Audio
Engineering Society, jointly authored
by B. B. Bauer, W. S. Bachman, J.
Hollywood and G. Maerkle.

The question, “How does it work?”,
which this article aims to answer, can
likewise be asked with different atti-
tudes: the man who said it can’t be
done has objections, and doesn’t think
it can work properly; while the person
who is unprejudiced just wants to
know, in simple terms, the principles
involved, as well as “Does it do a job
as good as two separate amplifiers, of
the same, or lower cost, or with the
same total output?”.

In an ordinary push-pull amplifier,
all the tubes and other components of
the push-pull part are in duplicate, and
handle audio exactly the same, except
that one ‘“pushes” when the other
“pulls” For good push-pull operation,
both “halves” of the amplifier carry
identical waveforms, except that one
swings up when the other swings down.

IF STEREO can be recorded in a

Usually great care is exercised to en-
sure the two halves are balanced so the
waveforms really are identical.

But actually a push-pull amplifier
is two separate amplifiers, the only tie
together being at the input, or phase
inverter, and the output, a push-pull
transformer. Failure to maintain the
ideal balance would not cause any
trouble until the two are recombined at
the output. So what is to stop each
side of the “push-pull” stage being
used for one channel of stereo, instead
of going to all that trouble to get ex-
act identity for just one output? And
when you look at it, the principle is
quite simple (although one can always
say that when someone else has al-
ready done it!). In fact it's as simple
as making each half carry the modu-
lation from one side of the record
groove in a 45-45 record (Fig. 1).

By now it is well known that, when
the two channels work together, as
they do for a center-located sound, the
groove moves from side to side without
any change in depth (Fig. 1C). When
only one channel carries program, due
to a sound originating from one ex-
treme side, only one wall of the groove
is modulated (Fig. 1A or 1B). And
when the two work in opposition, the

groove goes directly up and down
(Fig. 1D).

This. last condition does not normal-
ly happen at lower frequencies, because
it would represent a sound ‘“off-stage”.
But it can and does happen at higher
frequencies, because the time differ-
ence can then amount to several wave-
lengths.

From Fig. 1 it will be seen that the
center-located sound gives the normal
push-pull waveform combination, while
the out-of-phase condition gives ‘“‘push-
push”. Stereo program would be mono
if it only contained the push-pull com-
bination, but on the other hand, very
little of it reaches the completely push-
push condition of simple up-and-down.
Most of it lies somewhere between
these extremes.

(Most common stereo cartridges are
phased in such a way that lateral mo-
tion produces in-phase signals. By sim-
ply reversing the connections to one of
the pickup elements, the phase condi-
tions shown in the figure are obtained.
With 4-terminal cartridges this is sim-
ply a matter of tramsposing 2 leads;
with 3-terminal cartridges the manu-
facturer must provide the required
phasing. See Ques. 2.—Editor)

If one pick-up output were fed into

Fig. 2. The double-matrixing transformers operate push-pull
and “push-push”, or single-ended, to produce these waveforms.

Fig. 1. The relationship between warlous types of grooves on
a 4545 disc ond the outputs from the stereo cariridge discussed
in the article. Although ceoils are shown, ceramic elements would
produce the same results, (A) and (B) show sound in one chan-
nel only, while both channels have equal signals in (C) and (D).

In (C) the cut Is completely lateral, In (D) it Is vertical
45-48 PICKUP

GROOVES

30

RIGHT

(2) RIGHT u
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Fig. 3. With single-ended output trans-
formers, a full-length, push-pull amplifier
could be used as two separate single-
ended amplifiers as described in the text.
Fig. §
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Fig. 4. Schematic diagram of driver and output stages, showing use of feedback.

Fig. 6.

realizable in practice: it depends on

Class B operation is a condition not completely

’.

‘curves” with straight

lines and sudden corners (A); practical tubes have bends (B).

Fig. 6

OPERATING
POINT

0,

PLATE CURRENT

PLATE VOLTS
(A)

OPERATING
POINT

$

PLATE VOLTS
(8)

PLATE CURRENT

Fig. 5. The two possible ways a 3-terminal cartridge can be connected internally
(A) for CBS push-pull system and (B) for “reqular” separate system. A 4-terminal
cartridge can be connected (C) for CBS system and (D) for “regular” stereo system.

each side of the so-called pusk.-pull
stage, and each side had a separate
output transformer feeding its own
loudspeaker, wve should have a couple
of separate amplifiers working from a
common power supply, of the quality
normally expected using single-ended
output stages (Fig. 3). The kernel of
the new development is the double
matrixing (mixing) output circuit that
effects an economy in output trans-
former requirements, and at the same
time enables the normal advantage of
push-pull output to be obtained.

Instead of using one output trans-
former for each channel—left and
right—separate transformers handle
virtually the ‘“lateral”’, or push-pull and
“vertical”’, or push-push components
(Fig. 2). Remember, the out-of-phase
condition never normally happens in
stereo program at low frequencies, and
only stands a random chance of hap-
pening at higher frequencies.

So the transformer that carries the
two plate currents in parallel does not
need a good bass response. Thus the
normal objection to a single-ended out-
put—Iloss of bass—is avoided in having
the transformer acting single-ended.
The CBS paper also claims an advan-
tage in downgrading bass response to
the “vertical”’—a built-in vertical rum-
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ble rejection, that certainly can often
be helpful.

The other transformer acts strictly
push-pull, and thus is able to have all
the qualities of a push-pull output
transformer. Now we begin to see
where the saving comes in. Only one
high quality push-pull output trans-
former is needed; the other can be
smaller and much cheaper. And we
need only one push-pull output stage,
as regards all the other components,
through which to feed stereo program
material.

Feedback is taken from the resultant
output to the voice coils, back to the
cathodes of the driver stage (Fig. 4).
This can reduce distortion in either
channel (left or right), correct fre-
quency response, and reduce any error
in the double-matrixing action of the
output transformers.

That about tells the story as far as
the principle is concerned. But a new
idea like this will start (in fact it has
started) some guestions, with the idea
“Does it really buy all this?”. So let’s
take some of these questions, as a way
of exploring the potentialities of this
kind of amplifier.

1. You said the push-pull transformer has
all the advantages of a normal push-pull

output transformer. | can see that the
static, or quiescent plate currents will
balance and thus maintain its inductance
and low frequency response; but isn't
part of the function of a normal output
transformer to cancel even order distor-
tion from the amplifier? How can this
happen when the amplifiers are handling
different channels?

This objection would be true for sep-
arate, single-ended output transform-
ers (Fig. 3). But with this arrange-
ment, the push-pull transformer only
handles that part of the composite pro-
gram content that is strictly push-
pull. The “single-ended” component is
handled by the smaller transformer.
There is, in almost any stereo material,
a dominance of high amplitude lower
frequency component almost in phase.
Any distortion of these components in
the amplifier is cancelled by the push-
pull transformer in the same way as a
regular push-pull output.

Then, in the final amplifier circuit,
overall feedback, from the individual
speaker connections, goes back into the
amplifier to linearize each channel as
an entity, regardless of its division into
mono and stereo (or push-pull and
push-push) components.

The major form of distortion reduced
by the normal push-pull output trans-



former is this lower frequency com-
ponent. The push-pull transformer here
does it too, both as regards harmonic
and IM components. Distortion higher
up, which gets more complicated any-
way, is taken care of by the feedback,
as it also is in any normal amplifier.

2. Will not the loudspeakers, connected
as at Fig. 4, reproduce the stereo out-of-
phase?

This is a matter of phasing, at both
input and output. Most three-terminal
pickups are phased so that lateral mo-
tion of the stylus gives two outputs
that are positive at the same time (Fig.
5). In this system, the pickup has to
be connected so, for lateral motion, one
output is positive at the instant the
other is negative.

In the phonographs using this ampli-
fier, the pickup is phased correctly for
the purpose. Using the amplifier with
other pickups is no problem when there
are four terminals, so the user can
phase his pickup to suit.

If you've become used to thinking
the way most systems are connected is
standard, then this system will seem
non-standard to you in this respect.
But it really depends which you start
off with as the standard. From the
viewpoint of the cutter, or pickup,
basic symmetry would require the up-
and-down component to be the in-
phase, or push-push element, which
agrees with this system, and makes the
more generally accepted connection
“non-standard”.

As far as functioning is concerned,
all that matters is that it be connected
the right way, which only has to be
done once, when setting up the system.

At the loudspeaker end, if identical
units are used, the opposite end of the
voice coil(s) have to be connected to
the ground bus on the left and right
systems.

3. One reason, or advantage of push-pull
operation is improved efficiency of the
output stage. This is achieved by working
at, or nearer, class B operation. In view
of the fact that this system uses a push-

Fig. 7. Waveforms in single-ended ampli-
fier with feedback when the output
tube is driven beyond cut-off. See text.
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push component, can it utilize this ad-
vantage properly?

Class B is a theoretical condition,
postulated on plate characteristics that
make an abrupt, or discrete transition
from straight lines representing con-
stant a.c. resistance, to a cut-off condi-
tion, representing infinite resistance
(Fig. 6). No tubes ever made operate
just this way.

But working well “round the bend”
as a single-ended tube can result in ex-
cessive curvature. And the parallel, or
vertical component does pass through
this amplifier as a ‘“‘single-ended” oper-
ation. Let’s give a little thought to
what can happen in a single-ended am-
plifier of this type with feedback.

Assume it is biased to a point well
in the curvature, and that a signal
comes through that drives it “round
the bend”—in fact well into cut-off.
Feedback tries to offset the waveform
inside the amplifier that is distorted in
the opposite way (Fig. 7). But it can
only work on parts of the waveform
that get through. For the part beyond
cut-off there is no feedback.

So the internal waveform becomes
exaggeratedly asymmetrical the oppo-
site way. As has been proved many
times, such an asymmetrical compo-
nent in a waveform is equivalent to a
change in d.c. bias; in this case it will
work progressively, like a ‘“pump”,
until the feedback can “get to work’” on
the whole waveform.

In effect, the feedback will use the
time constant of the coupling between
drive and output stage to alter the bias
just enough to allow the stage to han-
dle the signal completely, so it can
work on linearizing all of it.

But, if this were the only means, and
the time constant is made long enough
to represent a good bass response
(which is needed for the push-pull
mode), quite a bit of distortion can
occur before the bias gets readjusted.
Fortunately, however, with the circuit
shown in Fig. 4, another effect can take
charge meanwhile.

When the large signal first “strikes”,
its first positive excursion at the grid
of the drive stage (Fig. 7), it won’t be
offset by corresponding feedback at the
cathode, because the output tubes will
run well into cut-off. Consequently.
from the point where the output tubes
cut off, the grid voltage here will rise
sharply positive, and due to grid cur-
rent, will temporarily bias this stage
back by a corresponding amount. With
proper choice of time constants, this
will pass a similar temporary bias to
the output stage—positive, so the out-
put stage can immediately handle the
whole signal.

4. Doesn't having the tubes handle a
"double" signal—push-push as well as
push-pull—limit the maximum power of
the amplifier as compared with normal
push-pull operation, in spite of any self-
adjusting action?

To tackle this question I went to the
Mullard “Technical Handbook of Re-

ceiving Valves” to see what I could ex-
pect of a couple of EL84’s.

In Class AB, self-biased push-pull,
with 300 volts on the plates, they
give 17 watts. A figure is not given for
the same operating condition in paral-
le]l, but an inspired guess from figures
given for a single tube operating at 250
volts suggests they would give around
13 watts under this condition.

Working in this circuit, if a pure sig-
nal is fed in, in-phase in both channels,
so as to work the tubes in push-pull,
they will give their rated 17 watts, into
the rated resistance load. This will be
shared between the left and right chan-
nel, after an appropriate loss in the
output transformers.

Similarly, if one channel is reversed
in phase, to be equivalent to a vertical
cut, the tubes should deliver 13 watts
into the same kind of load. So, when
someone asks whether this mode of
operation will limit the power, do they
want to get 17 + 13 watts = 30 watts,
for the same money they can normally
get 17 watts?

Actually, under the hypothetical con-
ditions represented in such tests, the
amplifier should always be able to de-
liver somewhere between 13 and 17
watts, according to phase angle be-
tween channels.

But actual stereo program does not
possess a single frequency with known
or constant phase difference between
channels. Different components will
have different phase angles, at quite
random distribution. But this is noth-
ing new. The same invalidation of
wattage ratings occurs with normal
amplifiers.

An amplifier is never called upon, in
musical program, to deliver 17 watts
pure sine tone into a resistance load.
It’s called on to deliver a multiplicity
of complex tones into a loudspeaker.
If it had a resistance load, the maxi-
mum peak power of the complex wave
would be just twice the average power
of the theoretical sine-wave output.
That’s about as nearly as we can relate
the measured results to practical per-
formance.

5. What about crosstalk in a combined
amplifier like this?

The answer to this question requires
cualification. It depends on what the
crosstalk is. If it is pure crosstalk—Ileft
program breaking through to right, or
vice versa, 10 to 12 db separation is
quite adequate. But if it should happen
to be distortion components of left pro-
gram showing up in right, then 30 or
40 db is not good. So, when you meas-

‘ure crosstalk, do you have simple cross-

talk, or instead do you have cross-
intermodulation?

Pickups, as well as combined ampli-
fiers, will need more careful scrutiny
from this viewpoint. There is no reason
why a combined amplifier should not
have a separation of better than 25 db
that is pure crosstalk, due to slight im-
‘balances and tolerances on transformer
ratios, etc.
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Stereo amplifier, shown here, with matching power supply (left), is built in 5”x7”x3” chassis.

By
ROBERT W. TIMMERMAN

veloped with the twin objectives of

economy and compactness as a com-
plete unit for stereo service. The re-
sulting amplifier is in the low-power
class, however its output is adequate
for monitoring or for normal home
listening with speakers of moderately
high efficiency. It will operate directly
from a ceramic-type stereo pickup
cartridge. Standard circuits and read-
ily obtainable parts are used. The cost
of building the amplifier and power
supply will be between $25 and $35,
excluding labor. If a suitable power
supply is available, parts for the am-
plifier itself will run around $15 to $20.

The amplifier proper is built within
a 5”x7"x 3" chassis, using somewhat
unconventional layout and mechani-
cal details which will be described
later. The power supply, which may
be located at some distance from the
amplifier, is built on a 4"x6"x3"
chassis.

THE amplifier described here was de-

Circuit

The circuit diagram of the amplifier
is shown in Fig. 1. It consists of two
identical, but independent, amplifiers.
A twin-triode 12AX7 is the voltage-
amplifying first stage for each chan-
nel. Each output stage is a type 6973
beam-power tube operating single-
ended. About 8 db of voltage feedback
is applied from the secondary of each
output transformer to the cathode of
the corresponding 12AXT7 triode sec-
tion. Resistors R, and R; make up the
feedback voltage divider for Channel
1 while R and R., perform the same
function for Channel 2. Eight db is
about the maximum amount of feed-
back that can be used with inexpen-
sive transformers and with the limited
gain available in the two amplification
stages. The input signals are applied
to individual volume-control poten-
tiometers R, and R, Conventional
coupling and cathode bias circuits are
used. The 6973 power-amplifier tubes
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Compact 3-tube amplifier operates directly from ceramic

stereo cartridge, easily drives high-efficiency speakers.

are operated with distributed screen
(Grid No. 2) load through the use of
center-tapped output transformers.

Fig. 2 is a schematic of the power-
supply circuit. It is conventional with
the possible exception of R,, which is
an adjustable resistor allowing precise
setting of the high voltage for maxi-
mum power output with minimum dis-
tortion. Resistor R. and capacitor C,
provide extra filtering for the voltage
amplifier stages. A 5-wire cable con-
nects the power supply to the
amplifier.

Mechanical Features
The amplifier was planned so as to

incorporate a printed (etched) circuit.
While printed circuits were originated
primarily for economy in mass produc-
tion, this technique is also usable in
home construction projects. Slightly
more time is required for planning and
layout, compared to conventional de-
sign, but final assembly is accom-
plished very quickly and a permanent,
compact, and rugged unit results.
Moreover, additional interest is
created for the audiophile who derives
pleasure from construction as well as
from operation of his equipment. In-
formation is given here to permit du-
plication of the author’s etched-circuit
amplifier. Other arrangements of parts

Top view of the stereo amplifier is shown here with perforated cover removed.
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Fig. 1.

capacitor

would be satisfactory or the compo-
nents can, of course, be assembled and
wired in traditional style, if desired.

Components

All of the electrical parts for the
amplifier and power supply are stand-
ard items, readily available from mail-
order and local supply houses. The
essential specifications are given in the
parts lists accompanying Figs. 1 and
2 and require no comment except for
the output transformers. In keeping
with the economy objective of this

C2, C5—.02 pfd., 600 v. capacitor
C3, C6—100 pfd., 25 ». elec.

T1, Te—Universal output trans., 18
or equiv.)

J1, J>—Shielded phono jack

Vi—12AX7 tube

V32, V3—6973 tube

A simple circuit and inexpensive parts are used here.

Ti1—Power trans., 350-0-350 v. @ 100 ma.;
6.3v. @ 1.5 amps; 5 v. @ 2 amps.
Vi—5Y3GT tube

Fig. 2. Power supply has provision for plate voltage adjustment.

project, relatively low-priced trans-
formers are specified. To be assured
of adequate direct-current-carrying
capacity in the primaries and to go at
least partway toward minimizing core
saturation effects of single-ended op-
eration, nominal 18-watt transformers
are recommended, even though the
maximum power output per channel is
two to three watts. The “universal
tube-to-voice coil” type provides a
center-tapped primary and a multi-
tapped secondary. Secondary taps
should be chosen to give an impedance

Bottom view. Printed circuit board is mounted by four corner bolts which also
hold the rubber feet. Terminals for power cable are at the left edge of board.

Power response for just visible distortion.
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Fig. 3. (A) Response of each channel at 100 mw. output. (B)

0 db= 23 watts.

ratio of approximately 4000 ohms (full
primary) to 8 ohms secondary. The
primary center-tap is connected to grid
No. 2 of the output tube. Only one
pair of output terminals is provided
for each channel, which on measure-
ment and listening tests actually op-
erates satisfactorily with speakers
rated from 4 to 16 ohms.

Construction

Assuming that the etched circuit
technique will be used, the first step
is to lay out the circuit board. With
Figs. 4 and 5 and the photos as guides,
locate the terminal points and con-
ductor routes in full scale on a sheet
of thin paper. Final size of the phe-
nolic, copper-clad board is 43%” by
57%"”. Slight adjustments may be re-
quired to accommodate the dimensions
of the components to be used. After
completing the layout and making a
thorough double check, the conductor
lines are traced onto the copper face
of the circuit board with carbon paper.
The writer has found it convenient at
this stage to mark with a center
punch each point at which a hole is to
be drilled. These points include ter-
minals of all components as well as in-
put, output, and power-supply connec-
tions and the centers of the tube-base
circles.

Application of the “resist” ink is
next. This technique has been de-
scribed. by Middleton and Marshall in
the August 1954 issue of @ST and the
reader is referred to this article or
other sources for details. Union Ink
Company Type C-992 resist was used
by the author. Tabs for the tube con-
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nections should be matched to the
sockets. Snap-in sockets, such as Eby
PC-9, are recommended. Terminals for
external connections should be made
about %¢” in diameter to provide firm
connections to soldering lugs fastened
by No. 4 bolts. Etching away of the
unwanted copper areas is then carried
out with warm 30% ferric chloride so-
lution. The resist is finally washed off
with solvent, leaving the copper con-
ductor pattern exposed and intact.
The circuit board is prepared for the
mounting of the parts by cutting the
tube socket holes, filing them carefully
to size, and then drilling small holes
for the pigtail terminals. A No. 60
drill is the correct size for most com-
ponents. One-eighth-inch holes are
drilled at the external connection
points. Pigtails of the components are
then bent to fit the required mounting
centers and the parts are mounted in
their proper places on the top side of
the board. The tinned pigtails should
extend about 145” out from the circuit
side. Each pigtail is soldered to its
terminal, using minimum amounts of
solder and heat. The tube sockets are
inserted in proper orientation and each
terminal is soldered in place. Small
soldering lugs are attached by 4-40
bolts, lock washers, and nuts at the
input, output, and power-supply ter-
minals. This type of connection is
preferable to soldering of external
wires directly to the etched circuit
conductors, as strain on the wire could
readily pull loose the copper foil.
After completion of the circuit
board, attention may be given to
preparation of the cabinet. A standard
5”"x 7" x 3" aluminum chassis is the
starting point. Holes are drilled for
mounting the input jacks, volume con-
trols, power cable, and the four-point
output terminal strip. Locations of
these items are not critical and may
be judged from a study of the photo-

Fig.
cuit board.

4. Bottom view layout of the 43%x5%-inch printed cir-
Black lines show locations of copper conductors.
Terminal points are shown by enlarged spots.
drawing is not shown full size but is included for guidance only.

Top view of the printed circuit board after all the components have been mounted.

Frequency Response: (100 mw.) .
Power Output: (low distortion) .
Input: .

Inverse Feedback

Output Matching:

.8 db

. Flat 20-8000 cps: down 3 db @ 20,000 cps
.23 w.
.0.45 v. across 1 megohm for full output

. 8 ohms nominal: feeds 4 to 16 ohms satisfactorily

Hum and Noise: .—73 db
Crosstalk: .—51 db
Damping Factor: . 3.2

mid-range: down 3 db @ 45 and 8000 cps

Table 1. Performance data for each of the channels in the stereo power amplifier.

graphs. A rectangular opening is cut
in the top of the chassis, leaving a %"
rim all around the entire top edge.

The circuit board is mounted by four
6-32 bolts, spaced %” above the bot-
tom with short pieces of tubing. The
four rubber feet are also held by these
board mounting screws. The feet are
important since they elevate the am-
plifier above the operating surface to
provide necessary ventilation. The cir-

Fig. 5. Locations of
a bottom “x-ray”

Note that this top side, opposite

view:
that of the etched circuit. In
just as with Fig. 4,

cuit board is located near the front of
the cabinet, leaving about 34” between
the back edge of the board and the
back inside of the cabinet. The latter
space is for the power cable and speak-
er terminal connections.

Shielded input leads are provided
from the jacks to the volume controls.
The controls are oriented to permit
the shortest possible connections to the
board input terminals.

components on the circuit board. This is
the parts are actually mounted on the
this case,

the drawing is not shown full size.
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The output transformers are in-
stalled last. Part of one mounting ear
on each unit must be cut away to
mount in the limited space available.
The cut ear is located up and is held
against the side of the cabinet by a
6-32 bolt and nut. The lower ear is
wedged into the space between the
circuit board and side of the cabinet.
Connections must be made to the
transformers by flexible wires before
the transformers are slipped into their
final positions.

Output (voice-coil) connections
must be made with the correct polar-
ity to provide negative feedback.
Proper connections for Merit A-2904
transformers are as follows: Primary:
brown, “B+"; red, Grid No. 2; blue,
plate. Secondary: No. 1, hot output
and feedback; No. 6, ground output.
Other makes of transformers may re-
quire different connections.

Assembly of the amplifier is com-
pleted by attachment of aluminum
cover plates to top and bottom. Both
covers must have ventilation holes.
The amplifier becomes quite hot in
operation and if it is to be mounted in
a warm or congested location, more
holes than shown in the photos should
be drilled and, in addition, the sides of
the cabinet should be perforated.

The power supply is assembled on a
4" x 6” x 3” chassis, using conventional
mounting and wiring procedures. Pow-
er requirements of the amplifier are
265 volts d.c. at 100 ma. and 6.3 volts
a.c. at 1.2 amps.

Testing and Operation

For the first trial under power, R,
(Fig. 2) should be set to a point near
its maximum resistance. The power
and line cables are then connected and
the line power switch is turned on.
After checking to see that all tubes
are lighted and no components are
seriously overheating, several voltage
measurements are made. The “B+4”
265-volt terminal should now measure
about 200 volts above ground (chas-
sis). If the reading is much lower
than this, turn the power off immedi-
ately and look for a possible short cir-
cuit. A high voltage at this point indi-
cates a possible open or high-resist-
ance circuit.

When everything appears to be nor-
mal, R, is adjusted until voltage at the
“B+265v.” terminal reaches that value.
Adjustment of this voltage is impor-
tant in securing minimum distortion
at maximum power output. Corres-
ponding correct voltages at various
tube pins in Fig. 1 are as follows (all
positive with respect to chassis) : Vi:
Pins 1 and 6, 130 v.; Pins 2 and 7,
1.5 v. V: and V;: Pins 1 and 8, 255 v.;
Pin 9,245 v.; Pin 7, 14 v.

The amplifier is now complete and
ready for a final listening test. The
pickup cartridge is connected by two
shielded lines terminating in pin plugs.
The speaker circuits have a common,
grounded terminal, thus a 3-wire cable
may be used between the amplifier
and the speakers.
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Reminiscing about Stereo

By PETER L. JENSEN

Chairman of the Board, Jensen Industries, Inc.

'O MOST hi-fi enthusiasts, stereo is a

relatively new phenomenon — first
brought to the public on tape and now
through the medium of records. But
stereo was not a sudden, overnight in-
vention; it is the culmination of what
might be called the sound epoch, the
era of continual, relentless research to
reproduce sounds with the finest fidel-
ity. Stereo represents the furthest ad-
vance in that effort.

Looking back over the years in retro-
spect, today’s stereo seems eons of time
away from the first crude instruments
we used 50 years ago to transmit sound
—the first crystal sets. But even then,
stereo already was being spawned in
those days.

Whenever the history of stereophonic
sound is written, due credit should go
to the oldtime sports announcer named
‘“Foghorn” Murphy. If it hadn’t been
for Murphy and his fuzzy reading of
baseball scores at a San Francisco ball
park, the first loudspeaker might not
have been perfected, and stereo started
on its way.

This little-known chapter in the
story of sound goes back to one after-
noon in 1910. Another young engineer,
Edwin L. Pridham, and I had set up
a small laboratory on the outskirts
of Napa, California. We had been try-
ing to develop an improved telephone
receiver and instead had stumbled on
a device for reproducing sounds in vol-
ume. We called it a dynamic speaker.

But we soon found that no one was
interested in this new sound reception
device. The big New York companies
told us our equipment was too bulky.
Discouraged, the two of us were sitting
in our shop one day, staring at the box
of coils and wires that no one seemed
to have any commercial use for.

A visiting friend, just back from a
ball game, broke the quiet. “Why don’t
you make something so we can hear
that marble-mouthed announcer, ‘Fog-
horn’ Murphy, at the ball park?” he
suggested. ‘“Today I couldn’t hear half
the lineup.”

Why not? Up to now everyone had
concentrated on communicating sound.
No one had tried to amplify the human
voice. We quickly connected a large
gooseneck horn to our receiver. Using
a heavy duty microphone and special
wiring, we aligned equipment, then at-
tached the wire to a battery.

We hoped this crude apparatus would
be just loud enough to carry across the
room. Instead, it boomed out in a deaf-
ening roar!

Though baseball fans did not beat a
path to our door, the new invention
found a wider audience with the com-
ing of World War I. On Christmas Eve,
1915, Pridham and I set up the device
in San Francisco for the convenience of

75,000 persons gathered to hear Christ-
mas carols. It was the first time such a
huge throng could hear all the music
without ear-straining.

In September, 1919, the ailing Presi-
dent Woodrow Wilson, standing inside
a glass cage with microphones above
his head, used our loudspeakers to ad-
dress 50,000 persons in San Diego on
behalf of the League of Nations.

That same year Pridham and I had
our first true tryout of stereophonic
sound. A San Francisco nightclub with
the unlikely name of the ‘“Hoo Hoo
House” asked us to set up a sound sys-
tem of mikes and speakers. The club
had a unique problem; two dance floors
on different floors of the building and
only enough money for one band.

We solved the problem by setting up
five, mikes (one for each band instru-
ment) and connecting them through
five amplifiers to separate speakers on
the floor above. The speakers were
set up to correspond to the relative
position of the instrument whose
sounds they carried.

But the musician’s union stopped the
‘“Hoo Hoo’s” two-for-the-price-of-one
plan before the week was out! And
thus, stereophonic sound died out al-
most as soon as it was born.

The loudspeaker went on its own
way, however, finding applications its
inventors never dreamed of. Pridham
and I thought the most likely use for
the new device would be in a public
address system, which we promptly
worked out.

Instead, it was radio which gave the
speaker its biggest boost. Before long,
people were putting their headphones
aside and listening directly to radios
with built-in loudspeakers.

In 1925, the two of us dissolved our
partnership; Pridham stayed in Cali-
fornia to become a radio executive
(later vice-president of Magnavox
Corp.) and I moved to Chicago to open
a new laboratory for designing loud-
speakers.

It was not until World War II that
I renewed my acquaintance with stereo
—this time as it affected phonograph
needles and cartridges, rather than
speakers.

The future of stereo now seems as-
sured. By 1962 the changeover to
stereo should be virtually complete,
with monophonic records going the way
of 78’s today.

If this seems an overly confident pre-
diction, I am chastened by the thought
of another forecast made back in 1907.
A friend and I were ‘witnessing the
birth of wireless telephony, from a
crude crystal set put together -in a
small Danish laboratory. We sat up all
night discussing its possibilities—but
our dreams were not big enough.
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Low-Cost Stereo System

For less than $100, including speakers, you can enjoy

By R. J. MEAGHER

TEREOPHONIC sound can now be
enjoyed without lavish outlays for
equipment, as this article will

prove. The stereophonic sound system
to be described can easily be built by
anyone who has ever made a radio or
audio amplifier.

The audiophile who considers any
speaker costing less than $100 inferior
may not appreciate this system since
the amplifier and speakers together

TI

Ri2 [ PL
R2,R25 RI4

Fig. 1. An over-all view of the dual am-
plifier is shown in this illustration. Com-
mon power supply circuits for both
channels of amplification are located at
the very back portion of the chassis.

Fig. 2. Under-chassis view of the ampli-
fier is shown here. Input terminals are
on both sides of the chassis near the
front, while the output terminals are
on the rear panel just behind the
tapped voltage-adjusting resistor Rqs.

1960 EDITION

stereo using this home-built dual 10-watt amplifier.

in this setup cost less than this sum.

The author had been enjoying long-
playing records using an old changer
and a good fidelity amplifier unit. Then
the new stereo records became avail-
able and the problem of how to take
advantage of this sound “bonus” with-
out spending a small fortune cropped
up. After looking at various units
and reading many articles on the sub-
ject, the author designed this particu-

CHI
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lar system with two thoughts in mind.
The first criterion was good stereo
sound rather than a system having
fancy specifications and the second
was to keep costs at a minimum by
using parts on hand where possible.
Both objectives were met.

The Pickup

The stereo cartridge selected by the
author was the Columbia CD com-
patible stereo cartridge, Model SC-1.
It was installed in the tone arm of the
old changer with a second shielded
cable (supplied with the cartridge)
added for stereo. The arm was first
balanced to have zero weight since the
cartridge weight provides the proper
tracking pressure. This was done by
adjusting the spring load, but may be
accomplished with lead weights on the
rear of the arm. A pressure gauge can
be used to verify the recommended
stylus pressure of 5 to 7 grams.

The Amplifiers

The dual-amplifier was then built
using the circuit of Fig. 3. One power
supply feeds both amplifiers, and uses
an old TV power transformer. Such a
transformer is easily obtained and pro-




vides high current with good regula-
tion. The amplifiers are identical. The
7025 (the low-noise version of the
12AX7) was chosen for its low inherent
noise and hum level and the 6BQ5 for
its high gain. The first stages (6C4’s)
are included to take care of possible
low-level inputs, but since a high-out-
put cartridge was used (the Columbia
SC-1 is rated at 0.4 volt) sufficient gain
is derived in the 7025 stage to drive the
6BQ5’s. Thus, with this type of car-
tridge, a further cost saving can be
effected by eliminating the 6C4 stage
of each amplifier. No shielding was
found necessary due to the short leads
from the two-channel, separated lay-
out as shown in Fig. 2. A hum balanc-
ing potentiometer was not needed be-
cause of the fortuitous choice of tubes
and layout. The heater leads to the
tubes should be twisted all the way and
the heater ground should be made at
the 6C4 end. If hum level should prove
objectionable, an aluminum mesh cover
can be used on the bottom of the
chassis. Oscillation or motorboating

may occur in either amplifier and,
if so, the blue and brown leads of
the output transformer involved should
be reversed.

All resistors and capacitors should
be chosen for small physical size since
space is at a premium in the front
end. All potentiometers are small
1 -watt units. Considerable saving was
effected by using Merit #2904 output
transformers. They are rated at 18
watts and exhibit very satisfactory
response in this circuit (run within 10-
watt rating).

The purpose of the 200-ohm, 20-watt
resistor between the 5U4GB and filter
choke is to adjust plate voltage to
within 6BQ5 ratings. They operate
at about 300 volts. This will vary with
different power transformers so that,
in some cases, a larger resistor may be
needed. R, Ra, R:, R:x and C,, Cis pro-
vide equalization for the SC-1 car-
tridge. If a different cartridge is used,
these values should be changed to con-
form to the manufacturer’s suggestions.

The positions of the line switch, in-

put jacks, and pilot light (the latter is
not shown in the schematic) were
chosen only for convenience in the au-
thor’s built-in cabinet and may be re-
located for each individual case, taking
care to keep the leads from the jacks
to the tubes short and the 117-volt a.c.
leads away from the high-gain inputs.

Little further need be said about the
amplifier circuits, since they are
straightforward. Figs. 1 and 2 show the
parts layout. Except for keeping leads
short to avoid the necessity for shield-
ing, the parts layout is not critical.
Be sure to place the power transformer
so that its windings are at right angles
to the output transformers to prevent
induced 60-cycle hum, since they are
close to one another.

The Controls

Referring to the circuit diagram
(Fig. 3) and the front-view photograph
(Fig. 1), there is a single master gain
control for both channels. This control
is R:, Rs, a dual potentiometer, shown

Fig. 3. Here is the complete schematic
diagram and parts listing for the dual
10-watt stereo power amplifier. The cir-
cuit is designed to accommodate a ce-
ramic stereo cartridge. If a magnetic
caritridge is to be used, a preamp with
proper equalization would be needed. In
this case the RC networks across the in-
put jacks must be removed. A 6-volt pilot
lamp may be wired across heater supply.

N
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R1, Res—180,000 ohm, V5 w. res.

Rs, Res—1 megohm, Y, w. dual linear-taper pot

Rs, R:s—1500 ohm, Y5 w. res.

R;, R22—150,000 ohm, Y5 w. res.

Rs, Res—1 megohm, VY, w. res.

Rs, Res—470,000 ohm, 1 w. res.

Rz, R—500,000 ohm, Y5 w. dual linear-taper
pot

R, R, Rso, Rs12—270,000 ohm, Y5 w. res.

Ri11, Rs2—1000 ohm, 1 w. res.

Rus, Ru, Rss, Rss—50,000 ohm, V5 w. linear-
taper pot

Ri1s, R34—10,000 ohm, V5 w. res.

Ris, Rss—680 ohm, V5 w. res.

Ris, R17, Ris, Ris, Rs7, Rss, Rss, Rso—1 megohm,
1, w. res.

Rso, Ry —150 ohm, 2 w. res.

R21—1000 ohm, 2 w. res.

R22—4700 ohm, 2 w. res.

Ris—200 ohm, 20 w. adj. res.

Ci1, C15—.002 ufd., 600 v. disc ceramic capaci-
tor

Cs, Cs, Cis, C17—.01 pfd., 600 v. disc ceramic
capacitor

Cjs, C1s—.05 pfd., 600 v. disc ceramic capacitor

Cs, Cs, C9, C19, C22, C2s—.02 pfd., 600 v. disc
ceramic capacitor

Cs. C20—.2 ufd., 200 v. capacitor

C7, C2r—.0003 pfd., 600 v. disc ceramic capaci-
tor

C1o, C25—20 pfd., 50 v. elec. capacitor

C11-C12-C13-C14—20/20/10/10 pfd., 450 v. elec.
capacitor

Sr—S.p.s.t. switch

J1, J—RCA-type phono jack

CH:1—2 hy., 200 ma. filter choke (Author used
old TV choke. Merit C2974 or equiv.)

T1, Ts—Universal output trans. 4000/7000/
8000/10,000/14,000 ohms c.t. to .17 to 32
sec. (Merit A-2904 or equiv.)

Ts—Power trans. 350-0-350 v. @ 200 ma.; 5.0
v @ 3 amps; 6.3 v. @ 4 amps (Triad
R-20-B or old TV transformer can be used)

Vi1, Ve—6C4 tube

Vs, V2—7025 tube

Vs, Vs, Vs, V—6BQS5 tube

Vs—5U4GB tube

Spkrs—6" x 9” ovals (Author used Lafayette
SK75)
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in Fig. 3. Balance between channels is
achieved by the control at the extreme
right, R:, Rs in the front view. Sepa-
rate bass and treble controls are used
for each channel, at the author’s pref-
erence, in order to retain flexibility and
experiment with intentional tone un-
balance of the two channels. However,
the individual may prefer single bass
and treble controls. If so, he may re-
place R, Rss, Rs, and R with dual
50,000-ohm pots. To properly adjust
the amplifier, set all controls except
“gain” at mid-range and set ‘“gain” at
a very low level. Using a tone test rec-
ord (stereo if available, but monaural
will do) plug in one input and adjust
bass and treble for flat output (or ac-
cent highs or lows if preferred). Then
. plug in the other input and remove the
first, adjusting the other bass and
treble. Now check the volume from
each channel to see if they are equal.
If possible do this with a tone record
input and an a.c. meter across the
voice coil. If this is not feasible, judg-
ment by listening will suffice temporar-
ily. Adjust the balance control until
the two outputs are equal. Now over-
all gain of the system can be adjusted
with the master gain control. There is
a possibility that the two sections of
the pot used for this control may not
have equal resistance throughout their
entire ranges, resulting in system un-
balance at certain gain settings. About
the only solution here is to try another
pot, or be content to rebalance the am-
plifiers at these points. Theoretically,
if bass or treble is readjusted, both
channels should be changed by the
same amount. It has been interesting,
however, to experimentally unbalance
the tone controls and observe results on
various.records.

Note that the balance control pro-
vides full range from zero to full out-
put for each channel. This, of course,
results in a loss of over-all available
gain. The author prefers this system
since there is a great surplus' of gain
and full range is desired to experiment
with effects and to demonstrate with
one channel cut off. If less flexibility
and more gain is desired, simply change
R;, Rs, to 100,000 ohms and add 470,000-
ohm resistors in series with the low
side of R: Rs to ground. This will
allow variation in gain of each channel

of about = 20% and will nearly double
the preamplifier gain. Such gain is un-
necessary and is, in fact, unusable un-
less a lower output cartridge and more
powerful speakers are used, but it is
mentioned here to clarify the design.

The Speakers

The speaker system consists of two
6- by 9-inch oval speakers in conven-
tional bass reflex cabinets built into
opposite ends of the wall, as shown in
Fig. 4, Anyone using an automobile
rear-seat speaker will verify that the
oval speakers sound pretty good and
they proved to be satisfactory in this
application. The cost of sound-absorb-
ing insulation in the speaker cabinets
was saved by stapling egg cartons of
the soft paper variety to the walls.

If you choose small low-cost speak-
ers, remember the amplifiers deliver
10 watts output at full volume. Keep
your volume control down to a reason-
able level to avoid ruining speakers
which may be rated at only 5 watts.

Speaker Placement

Proper phasing of the speakers is
obtained by listening for maximum
sound reinforcement midway between
the two speakers and reversing the
leads to one of them, if necessary, to
obtain this reinforcement. Improper
phasing will leave a ‘hole” in the
music at this central point. A monaural
record is helpful in checking for proper
speaker phasing.

Referring again to the room diagram
of Fig. 4, it is now believed by some
that the speakers should be aimed
straight out from the wall—not at 45°
angles as was once thought. The room
is a 12- by 14-foot family room,
panelled in knotty pine—a good re-
flector of the highs. An excellent stereo
effect is achieved in most of the room
as indicated in the diagram. A “listen-
ing test” of the system was made by
several friends. Besides being highly
pleased with the stereophonic sound,
they commented that the panoramic
effect when playing monaural records
make this unit sound better than most
single-channel high-fidelity systems
they had previously heard.

Fig. 4. The speakers
are placed along the
12-foot wall of the
12x14 foot room. The
area for the best
stereo listening is
shown shaded in
the illustration here.
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Top view of the home-built amplifier
along with its square-wave performance

Hi-Fi with Triodes

By J. N. STILL

Construction of a 15-watt amplifier with new 6CK4's,
which offer the advantage of triode operation plus
good efficiency and improved driving requirements.

amplifiers employing triodes in the

output stage, it is obvious that the
triode’s popularity has been waning
in this application. Although fidelity
can be achieved with simple circuitry
and inexpensive components, the high
driving requirements of previously
available power-output types imposed
additional design problems that could
not be overcome economically.

This is not the case with the recently
introduced 6CK4. This new cathode-
type tube offers all the advantages of
triode operation plus good efficiency
and improved driving requirements.
With the 6CK4 at his disposal, the
home builder can now construct a
high-performance amplifier at reason-
able cost. While the primary purpose
of this article is to present and discuss
a new amplifier design, let's review
briefly the advantages of triode
operation.

FROM the dearth of commercial hi-fi

Advantages of Triodes

Among the ‘“plus” features triodes
have to offer the amplifier builder are:
More Uniform Response: An output
transformer presents a varying load to
the output tubes throughout the audio-

frequency range, thus affecting the
frequency response of this stage. The
low-frequency response may be de-
graded by the low inductive reactance
of the transformer primary winding
while the high-frequency response is
influenced by the distributed capacity
of the transformer. The low effective
plate resistance of power-output tri-
odes minimizes these undesired effects,
thereby extending and improving uni-
formity of frequency response.
Damping Characteristics: The load
impedance of a loudspeaker varies con-
siderably over the audio-frequency
range, with the greatest variations oc-
curring at or near mechanical reso-
nant points. The wide excursions in
load impedance due to mechanical
resonances are especially objectionable
since they cause what is generally
known as transient or hangover distor-
tion. This speaker characteristic is
sometimes evidenced by excessively
high output at particular low frequen-
cies. In order to reproduce transients
faithfully and minimize transient or
hangover distortion, additional damp-
ing must be provided. This is obtained,
to some degree, by the internal damp-
ing offered by the speaker and the

HI-FI ANNUAL & AUDIO HANDBOOK



plate resistance of the output tubes.
Obviously, only a limited amount of
damping can be obtained with care-
fully controlled loudspeaker design.
Since additional damping is required,
it becomes evident that one logical way
to obtain it is to provide a low plate-
resistance-to-load-resistance ratio
through the use of triodes.

Distortion and Inverse Feedback:
The transfer curve of an output-type
triode is normally fairly linear, thereby
minimizing amplitude and harmonic
distortion. It can also be seen that
phase distortion is greatly reduced
since the attributes of triode output
tubes contribute to wide, uniform fre-
quency response.

Inverse feedback lessens many of the
problems that plague the designer of
audio amplifier systems. However,
applying large amounts of feedback to
insure good performance can give
rise to economic and design liabilities.
Depending on the amount of feedback
used, a more expensive output trans-
former may be required to maintain
the necessary degree of stability. The
low effective plate resistance of triode
power amplifiers and the many benefits
derived therefrom, permit the use of
less inverse feedback and provides a
cost reduction in favor of the designer,
while still maintaining top-notch per-
formance.

Triode-Output Amplifier

The circuit diagram of a complete
triode-output amplifier is shown in
Figs. 1 and 2. The design features
push-pull 6CK4’s, preceded by the
popular duo-triode long-tailed phase

CLASS AB,—PUSH PULL 1° n m
Plate Voltage 340 400 400 Volts
Grid Voltage —43.5 —55 —55 Volts
Grid Voltage r.m.s. Signal 30.8 38.2 38.2 Volts
Zero Signal Plate Current 76 60 60 Ma.
Max. Signal Plate Current 124 106 112 Ma.
Load Resistance 5000 7000 6500 Ohms
Power Output ** 15 18.2 18.6 Watts
Total Harmonic Distortion 7.8 8.7 8.85 Per-cent
Plate Dissipation (no signal) 25.8 24 24 Watts
Plate Dissipation (with signal) 27.2 24.2 26 Watts
Efficiency 36.8 43 41.5 Per-cent

* Operation not recommended under these conditions since plate dissipation rating is

exceeded.
** Measured directly at tubes. Does not reflect output transformer losses.

Table 1. Typical operation data for a pair of 6CK4’s in class AB, push-pull.

inverter and a pentode first stage. This
combination is capable of furnishing
a healthy 15 watts output to the load
with only .7 volt input.

While miniature tubes will perform
as well, the Type 6SJ7GT is used for
the first stage of the amplifier. The
circuit constants of this stage were
carefully chosen to provide minimum
distortion and maximum frequency re-
sponse at the input-signal level re-
quired to drive the amplifier to full
rated output.

The long-tailed phase inverter was
selected because it offered reduced
phase shift and made possible an ex-
tremely stable feedback loop by elimi-
nating a stage of amplification. The
tail, or cathode circuit of the inverter,
is connected to the negative side of the
bias supply to obtain the greatest pos-
sible output voltage from this stage.
Among other advantages, this arrange-
ment provides a means of bleeding the

coupled circuit configuration  usually
employed with the long-tailed inverter.
(Direct coupling is a convenience used
when all factors involved are relatively
constant, such as in commercially
manufactured equipment. However, in
an amplifier that is to be constructed
by the home builder, where parts selec-
tion is not controllable, particularly
the output transformer, direct cou-
pling may introduce problems.)

The possibility of instability due to
low- or high-frequency phase shift is
minimized by returning the grid of the
cathode-driven section of the inverter
tube direct to ground. Only the slight-
est degree of phase imbalance is evi-
dent between the two outputs of the
inverter. Low-impedance, direct-cath-
ode coupling also contributes greatly
to this characteristic. Frequency re-
sponse of the inverter, without feed-
back, is essentially flat through 60,000
cps.

bias supply while avoiding the direct- If minimum distortion is to be
Fig. 1. Schematic diagram of 15-watt amplifier. 6327GTB | Lc4 6CK4
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Ri, Rs, R~—470,000 ohm, 1 w. res.

Rs, Rs, Ry, R13—3300 ohm, 1 w. res.
Ry—100 ohm, 1 w. res.

Rs, Rz, Ris, Ris, Ric—82,000 ohm, 1 w. res.
Rs—7500 ohm, 1 w. res.

Re, R17—22,000 ohm, 2 w. res.
R1—150,000 ohm, 1 w. res. (see text)
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Ri2—50,000 ohm pot (“Balance Control’’)
R19—150,000 ohm, 1 w. res.

R:0—1200 ohm, 1 w. res.

C1—50 pfd., 25 v. elec. capacitor

Cs, Cs—.25 ufd., 400 v. capacitor
Cs—.05 ufd., 400 v. capacitor (see text)
Cy, Coe—.5 pufd., 400 v. capacitor

C7—16 pfd., 450 v. elec. capacitor

Cs—370 pufd., 400 v. capacitor

Tr—Output trans. 6500 ohm pri. to 4, 8, 16
ohm sec. (Thordarson T-22568 or equiv.)

Vi—6SJ7GT tube

Ve—6SN7GTB tube

Vs, Vi—6CK4 tube

a1



RATINGS (Design-Maximum Values)
D.C. Plate Voltage
Plate Dissipation
Average Cathode Current
Peak Cathode Current
Grid Circuit Resistance Self Bias

AVERAGE CHARACTERISTICS

Plate Voltage

Grid No. 1 Voltage

Plate Current

Transconductance

Amplification Factor

Plate Resistance (approx.)

Grid Voltage for I, = .5 ma.

Plate Current at E. = —38 volts d.c.

(Instantaneous Values)

Zero-Bias Plate Current E, = 100; E. = 0

550 volts
12.0 watts
100 ma.

350 ma.

2.2 megohms

250 volts
—26 volis
55 ma.
6500 pmhos
6.7

1000 ohms
—50 volts
10 ma.

125 ma.

Table 2. Here are the maximum ratings and characteristics of one of the new 6CK4's.

FREQUENCY TOTAL HARMONIC DISTORTION (%)
(cps) 1 watt 10 watts 15 watts
40 .65 7 1.0
50 6 .8 9
100 6 1.0 8
1000 S5 S5 6
2000 .45 7 8
5000 .8 8 8
7500 .8 .85 9
10,000 1.0 .95 2.0
15,000 1.0 1.6 4.0

Table 3. Total harmonic distortion for the amplifier described in the text.

achieved with limited feedback, care
must be taken to insure that each
stage of the amplifier exhibits a flat
frequency response without inverse
feedback. This condition is absolutely
essential if feedback is to be used to
reduce distortion rather than as a
means of extending frequency re-
sponse. This principle of relatively flat
frequency response with little feedback
was one of the important considera-
tions in developing the design of the
first stage and the phase inverter.

The only drawback to the long-
tailed phase inverter is the possibility
of unequal output voltages due to the
slightly higher gain of the grid-driven
section. This condition can be corrected
by reducing the value of load resist-
ance used in the plate circuit of the
grid-driven half of the inverter until
the outputs are of equal amplitude. As
shown in Fig. 1, balance is obtained by
shunting the specified load resistance
with different value resistors (R)
starting with 150,000 ohms.

Output Stage

The output tubes operate class AB,,
under conditions shown in the third
column of Table 1. The two additional
columns of data are presented for pur-
poses of comparison. Table 2 sum-
marizes the published rating and char-

acteristics of the Type 6CK4. Fixed
bias is employed rather than self-bias
in the output stage mainly to obtain
those few extra watts of power that
would otherwise be lost. A 5000-ohm
potentiometer, incorporated in the bias
supply, provides a means of adjusting
the voltage appearing at the grids of
the 6CK4’s to the proper operating
level of —55 volts, Fig. 2. Static plate-
current balance is obtained by adjust-
ing the 50,000-ohm ‘‘Balance Control”
connected in the grid circuits of the

Fig. 2. Complete sche-
matic diagram and the

output tubes, Fig. 1. Balance is ob-
tained when a minimum voltage differ-
ential exists between the plates of the
output tubes. As an alternate system,
a 5-ohm sampling resistor could be
built into the cathode circuit of each
6CK4.

Earlier in the article it was pointed
out how a triode output stage elimi-
nates many, of the problems that lead
to more complex circuitry and the in-
corporation of a relatively expensive
output transformer. These savings are,
of course, reflected in the amplifier de-
scribed. The transformer wused to
couple the 6CK4 output stage to the
speaker system is a Thordarson Model
T-22S68, currently selling for about
$6.50

What remains to be said about
the output stage can best be covered
by describing the over-all amplifier
performance.

Performance

When considering an amplifier for
home use, it is important to keep in
mind the fact that a high average
power rating is sought only to insure
that the amplifier can provide the high
peak power required for faithful re-
production. Actual average power out-
puts in excess of a few watts are rarely
needed in the home and an average
output of around 10 watts will more
than satisfy all but extreme conditions.
The amplifier described is capable of
furnishing 35 watts peak power, at the
load, thus comparing favorably with
the peak power capacity of the best
25-watt pentode amplifiers. This is
quite an impressive feat when the fact
that the amplifier has an average
power-output rating of 15 watts is
considered.

parts values for the
associated power sup-
ply to be used with
the 15-watt amplifier.

DI

a4 czl+ Ta00%
T
1 GND,
Rz =
L E:‘ +

R:+—22 ohm, 1 w. res.

R:—5000 ohm, 4 w. pot

C1—16 ufd., 500 ». elec. capacitor
Cs—16 pfd., 450 v. elec. capacitor

Cs, C4—20 pfd., 150 v. elec. capacitor
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-T3V.

CH1—4 hy., 150 ma. filter choke

SR:—25 ma. selenium rectifier

T1—Power trans. 400-0-400 ». @ 150 ma.; 6.3
v @ 3.5 amps; 5 v. @ 3 amps

Tes—Bias trans., 117 v. @ 25 ma.

Vi—5U4GB tube

Power-response curves at 1 and 10
watts are shown in Fig. 3. The am-
plifier is virtually flat within the range
of 30 to 16,000 cps at 1 watt output.
At 10 watts output the amplifier is
essentially flat from 40 to 14,000 cps.
The power sensitivity of the amplifier
is also apparent from the power re-
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sponse curves, i.e., approximately .6
volt drive will produce 10 watts output.
The amplifier’'s maximum average
power output of 15 watts is obtained
with only .7 volt input. The excellent
power sensitivity is achieved by em-
ploying only 12 db of inverse feedback,
which is a direct reflection of the com-
bined benefits of the triode output
stage.

Total harmonic distortion at 1-, 10-,
and 15-watt levels is shown in Table 3
for the range of 40 through 15,000 cps.
At 1-watt output the distortion is 1
per-cent or less through 15,000 cps.
The particular output transformer em-
ployed causes the distortion to rise
above 1 per-cent at 15,000 cps at the
10- and 15-watt levels. Although of
little consequence, since the power
level of program material seldom ex-
ceeds a few watts above 12,000 cps, the
latter condition can be corrected by
selecting a different transformer.

The excellent linearity of the ampli-
fier is also shown by the low percent-
age of intermodulation distortion pres-
ent. With frequencies of 400 and 1000
cps, in a 4:1 ratio, the intermodulation
distortion is only 1 per-cent at 1.5
watts and .8 per-cent at 15 watts.

The unretouched square-wave oscil-
lograms shown further attest to the
capabilities of the amplifier. The 100-
and 10,000-cps square waves exhibit
slight low- and high-frequency roll-off,
while the 1000-cps square wave is re-
produced almost perfectly. Although a
somewhat more square 10,000-cps wave
was obtained with a smaller value ca-
pacitor in the feedback loop, the larger
value used in the final design assures
ring-free performance at the higher
power levels. No high-frequency ring-
ing was in evidence with the amplifier
reproducing the 10,000-cps square wave
even when a .1-ufd. capacitor was
shunted across the output transformer
secondary—indicating good high-fre-
quency stability.

The amplifier is also extremely
stable at low frequencies despite the
use of somewhat oversized coupling
capacitors. Should low-frequency in-
stability be encountered, due possibly
to the use of an output transformer
other than the specified model or a
power supply without adequate filter-
ing, the value of the coupling capacitor
between the plate of the 6SJ7 and the
phase inverter, C; should be reduced
slightly. The exceptional stability of
the amplifier is further indicated by
the absence of oscillation with the out-
put transformer plate-leads incorrectly
phased to provide positive instead of
negative feedback. As a result of this
characteristic, the builder must deter-
mine the output transformer primary
connection that provides negative feed-
back. Of the two connections possible,
the correct connection will be charac-
terized by lower amplifier sensitivity.

In conclusion, the performance specs
speak for themselves. Here is a high-
quality, medium-power amplifier that
can be built at low cost and with re-
markably few construction problems.
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A high fidelity system is a lnng‘te‘i‘m |nvestment, so it is
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be the very best you can afford. Tﬁﬁ‘ new H. H. Scott 22

offers you features, versatility, and atﬁ_{anced e
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designed output stages will drive ev
systen'[s. Examme-tl;te features below
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Separate Bass and
Treble controls on
each channel let you
adjust for differences

Master volume control
adjusts volume of both
channels simultane-
ously. Also functions as

Channel balance con-
trol adjusts for dif-
ferent speaker effi-
ciencies and brings

Effective scratch filter
improves performance
on older worn records
and improves recep-

Equalization switch lets
you choose between
RIAA compensation for
monophonic and stereo

records; NARTB, for in room acoustics and tion on noisy radio channel volumes into automatic loudness
tape heads. different speaker sys- broadcasts. balance quickly and control whenever de-
/ tems. easily. sired.

Special switch posi-
tions for accurate bal-
ancing, for playing
stereo, reverse stereo
and for using mono-
phonic records with
your stereo pickup.

This position lets you
play a monophonic
source such as an FM
tuner or a tape re-
corder through both
power stages and
speakers.

Exclusive center-
channel output lets you
use your present amp-
lifier for 3-channel
stereo or for driving
extension speakers.
Separate stereo tape-
recorder outputs.

SPECIFICATIONS: Dual 12 watt channels ; 0.3% IM dis-
tortion; 0.8%, harmonic distortion ; frequency response 20 to 30 000 cps; ex-
tremely low hum level (—80db); DC operated preamplifiers heaters Inputs for
stereo or monophonic recorders tuners, phono cartridges and tape heads.
Phono sensitivity 3 mv. Sub-sonic rumble filter prevents overload from noisy

changers or turntables.

SEND NOW FOR
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AND CATALOG
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Price $139.95%

*West of Rockies $143.25. Accessory case exlira.

H.H. SCOTT INC. Dept. 2A, 111 Powdermill Road, Maynard, Mass.
Export: Telesco International Corp:, 36 W. 40th St., N.Y.C.
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quency, this versatile mixer-pre-

amplifier can handle it very nicely.
In fact, it will “handle” four separate
audio signal sources at one time. With
it, the operator can mix or blend or bal-
ance such diverse signals as those from
these sources: low-impedance micro-
phone (50 to 250 ohms); high-im-
pedance microphone (above 500 ohms);
reluctance-type phono cartridge; and
utility (bridging) from any impedance
source. Yes, microphones, tuners, tape
players, phonographs, oscillators, or
radio lines—high or low gain, high or
low impedance—whatever the source,
the “Mix-It” provides an excellent
means of controlling signal level with
both visual and aural monitoring.

IF THE signal is at an audio fre-

By LEON A. WORTMAN

Audio
“Mix-It”’

BoOX

Operating panel of the “Mix-It” box is shown
here. With cover in place, unit iz portable.

This versatile mixer-preamplifier will handle
four separate audio signal sources at one time.

Included in the circuit are: a db
meter and meter attenuator, a phone
jack, output terminals, plus all manual
controls mounted on the front panel
for easy handling and viewing. The
output terminals are three thumb-
screw binding posts. One is common
and isolated from the chassis, the other
two are for connection to an 8-ohm
voice coil and a 500-ohm line. All input
connectors are at rear of cabinet.

Power is provided by a built-in trans-
former-type a.c. supply. The entire
“Mix-It” box measures only 14” wide,
8" deep, and 5” high when closed in its

Top-chassis view of the unit shows that all tubes, except rectifier, are shielded.

carrying case. You see, it is portable
too! Total weight is a mere 7 pounds.

The chassis is a standard 13" x 7" x
1%"” open-end aluminum unit. The
cabinet is a fabric-covered wood box
obtained from a local photo-supply
store at very low cost. The box was
originally designed as a carrying case
for a 35 mm slide projector. The inside
dimensions proved ideal for the stand-
ard chassis being used. The panel was
cut from aluminum stock to fit the
front opening of the carrying case.
Other cases can be used, of course, in
conjunction with standard-size alumi-
num or steel chassis. The panel is
secured to the chassis by the hex nuts
of the ‘“on-off” switch, pilot light,
master gain control, and the hardware
of the output terminal strip. For an
attractive and distinctive appearance,
after the panel had been drilled and
cut, the panel was sprayed with gold
lacquer. One of the handy spray cans,
available at radio parts houses and
many hardware stores, was used for
the purpose. Other colors, such as the
familiar grays and blacks, and ham-
mertone sprays are also available.
Their application is simple and cer-
tainly enhance the appearance of the
equipment.

The tube line-up and functions are
as follows, referred to the schematic
diagram of Fig. 1: V.4 preamplifies the
low-impedance microphone-level sig-
nals from input transformer T,.;5 Vis
preamplifies the signals of the high-
impedance microphone or crystal-type

HI-FI ANNUAL & AUDIO HANDBOOK
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R::, Rii—3.3 megohm, V5 w. res. Ts—Power trans., 230-0-230 . @ 50 ma.;
[T Ye R:»—200,000 ohm, V5 w. res. 63 v. @ 2.5 amp. (Stancor PM8418 or
R::—27,000 ohm, Y5 w. res. equiv.)
] Rz, R3y—1200 ohm, 2 w. res. J1—Chassis-mount microphone receptacle (Am-

Ri1, Ris—470.000 ohm, V> w. res.

Rz, Rs, Ris, R:2—1500 ohm, Y, w. res.

Ri, R7, Ry, Rio, Rss, Rss—100,000 ohm, V5 w.
res.

Rs, Rs, Rss, R$4—33,000 ohm, Y5 w. res.

Rs, Ri1, Ru, Rzs, Rs:—500,000 ohm pot

R12—2200 ohm, V> w. res.

Ris, Ri7, Ris, R2s—68.000 ohm, V5 w. res.

Ris, Rz1, R24—3900 ohm, 1 w. res.

R1—39,000 ohm, 1 w. res.

R20—560 ohm, Y5 w. res.

R25—10,000 ohm pot

R:5—15,000 ohm, V5 n. res.

phono cartridge; V.1« and V,s preampli-
fy and bass-compensate the output of a
reluctance-type phono cartridge; V..
and V. are in series-connected circuits
as voltage amplifiers driving V, a
6AK6 power pentode. Maximum audio
power output available is approxi-
mately .8 watt into a 500-ohm load;
Vs is a 6X4 full-wave rectifier tube for
the power supply.

The “Mix-It” box was originally con-
structed for use with a remotely lo-
cated tape recorder of professional
quality, therefore the db meter, meter
attenuator, and multiple outputs were
required. These features are not often
found in equipment other than that
designed for commercial recording or
broadcast work. The db meter and
meter attenuator enable the “setting of
levels” when the operator of the “Mix-
It” and the recorder are physically
separated. This permits the adjust-
ment of volume controls during a
“feed” or a “pickup” for optimum per-
formance with respect to distortion (by
controlling possibilities of overloading)
and background noise (by maintaining
a relatively high minimum level of the
audio signal consistent with good dy-
namic range). Frequency response of
the “Mix-It” is shown in Fig. 2.

The output level of the “Mix-It” is
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Ci, Cy, C;, C7, C4—.02 pfd., 400 v. tubular
capacitor

C:-C-C1:-C20, Cs-C12-C14-C22—10/10/10/10
ufd., 450 v. elec. capacitor

Cs-C9-C13—20/20/20 pfd., 25 v. elec. capacitor

Cr, C1s, C1s—.05 pfd., 400 v. tubular capacitor

Ci1, Cis—.1 ufd., 600 v. tubular capacitor

Cu—.01 pfd., 400 v. tubular capacitor

C2—16 ufd., 450 v. elec. capacitor

Ti—Microphone trans., low impedance to grid
(UTC O-1 or equiv.)

Ts—Universal output to line trans., 10,000
ohms to 500 ohms (UTC S-15 or equiv.)

phenol XL-3-13)
J:—Closed-circuit phone jack
Js, Jy—Phono pin jack
Js—Open-circuit phone jack
BP:, BP;, BPs, BP,—Binding post
Pi—A.c. receptacle (Amphenol 61M10)
S1—S.p.s.t. switch (author used rotary unit)
PL1—6.3 v. pilot light
Mi1—Decibel meter
Vi, Vi—I2AX7 tube
Ve—I12AU7 tube
Vs—6AKG6 tube
Vi—6X4 tube

Bottom-chassis view of the audio ““Mix-It” unit. Note use of a ground bus.

At rear of the carrying case are the power plug and various input jacks.
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Fig. 2. Over-all response curve of mixer.

sufficient to drive a small monitor
loudspeaker connected to the 8-ohm
output terminals. This permits the
equipment to be used for a number of
additional purposes. It can be used as
a playback amplifier for tapes or discs,
as an entertainment amplifier for lis-
tening to a radio tuner or record
player, or to monitor the signal during
an “off the air” recording, or to moni-
tor tape or disc dubbing sessions.

The input connections are mounted
on a small strip of metal at the back of
the box. The low-impedance micro-
phone receptacle is an Amphenol type
frequently used with such equipment.
The high-impedance microphone plugs
into a standard normally closed, single-
circuit phone jack. The inputs for the
reluctance cartridge and the bridging
connector are pin-type phono jacks. A
thumb-screw binding post provides a
convenient means of connection to the
common ground bus, sometimes found
necessary for minimizing “ground
loops.” Note that the ground is not
carried through the output terminals.
All cables from the input terminal strip
to the chassis are flexible and shielded
for long life and minimum hum pickup
from this source. The a.c. line cord
plugs into the back of the cabinet.
When the “Mix-It” is not in use or is
being transported, the power cord can
be folded up and stored inside the
cover of the cabinet.

With care in wiring, hum and oscil-
lation should not present a problem.
Filament wiring, as is good practice,
should be done first and should “hug”
the chassis. A common ground bus,
No. 12 tinned wire, is run about %” in
space above the pins of the audio tubes,
from V, to V.. All ground connection
for these stages should be made to the
ground bus, with the cathode and grid
resistors terminated at one point for
each stage. The ground bus is con-
nected to the chassis at one point only.
Experiment will quickly locate that
point which gives best results, that is,
minimum hum. A small screwdriver,
placed against the ground bus and the
chassis, is moved along until the opti-
mum grounding point is indicated. In
this particular construction that point
was determined to be at the approxi-
mate center of the ground bus, where
the three-section electrolytic, Cg-Co-Cis,
is mounted. Vent plugs are mounted at
the top of the cabinet directly above
the tubes. In addition to providing air
flow, they enable rapid visual inspec-
tion of the tubes with respect to fila-
ment glow, just in case some trouble
should develop.
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Storing YOUR
Small Components

By FORREST H. FRANTZ, SR.

Keep your small items in
corrugated ‘‘parts cards.”’

HE serious transistor experimenter

has a problem. His problem is stor-
ing transistors and miniature parts:
Other problems associated with this
one are: (1) what kind and how many
of each part does he have on hand and
(2) what are the basic characteristics
of transistors of a certain type?

The problem is not peculiar to the
experimenter. The matter of control
is even more important to radio and
TV technicians, laboratory stock room
personnel, and distributors. A system
of control which hinges on physically
seeing the parts in stock is ideal—if
the parts are assembled into a phys-
ically small space and counting can be
done rapidly. A very good answer to
the problem occurred to the author,
triggered by Sylvania which shipped
transistors stuck into corrugated paper
sheets such as those often used be-
tween layers of candy and cookies in
commercial packages. The author
tried to obtain some of this corrugated
paper locally but couldn’t find any in
a hurry.

A decision was then made to im-
provise “parts cards” out of corru-
gated cardboard cut from shipping
boxes and pasted on pieces of stiff
cardboard which served as backing
and provided writing space for com-
ponent identification and characteristic
information.

These “parts cards”, as employed by
the author in this case, vary in size.
This was done to facilitate location. A
rubber band around the card helps to
keep resistors and other “two ended”
parts such as capacitors in place. With
small components stored on cards like
this, they can be filed in a very small
space, all conveniently separated and
tagged. The author’s small parts file
shown in Fig. 1, can hold over 100
transistors, about 400 resistors, about
100 small ceramic capacitors, and ap-
proximately 100 small electrolytic ca-
pacitors for transistor work without
cramping. The box is only about 6
inches wide by 9 inches long!

Fig. 1. Photo of guthor's small parts file.
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TRUTH

. .. for the matador — it comes when he
must at last face up to the supreme test
of his courage and greatness.

... for the turntable or changer — it comes
when the stylus descends to the groove
of a stereo record, to track as never before
required . . . vertically as well as laterally,
with lighter pressure, greater accuracy,
less distortion and far more sensitivity —
when the operation must be silent, smooth
and flawless to permit the music to emerge
with clarity, purity and distinction.

Shorn of pretension and mere paper
claims, every brand, every product of old
must now face up to the new challenge
wrought by stereophonic sound. Regard-
less of past laurels, it is today’s per-
formance that counts.

Totally new, significantly different . . .
the DUAL-1006 is the only combination
professional turntable and deluxe changer
created for uncompromised stereo and
monophonic reproduction. Visit your
United Audio dealer and see and hear the
DUAL-1006 in its “moment of truth.”

the UNITED AUDIO

DUAL

COMBINATION STEREOQ
TURNTABLE | CHANGER
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To know the difference. . . is to

select the DUAL-1006 combination
stereo turntable/changer

PRECISION MOTOR — Exceptionally power-
ful motor ensures constant RPM; enables
turntable to reach full speed in less than
14 turn from dead start! New, exclusive
rigid-equipoise motor suspension eliminates
rumble at its source; retains original
dynamic balance, prevents bearing wear.
Total shielding and location of motor in
relation to tonearm make hum pickup
impossible.

| e CT

.

F &

Always perfect vertical and lateral
stereo tracking because arm pivot axis
remains 90° to cartridge axis.

PROFESSIONAL TONEARM — One-piece con-
struction avoids multiple arm resonance or
distortion of cartridge output. Snap-in
4-terminal cartridge holder inserts and locks
easily, quickly into tonearm head, takes all
standard size stereo and mono cartridges —
even turnover and turnaround types. Double
set of ballbearings (in both axes) provide
complete freedom of lateral and vertical
motion.

——— 1)

== ——

TRACKS AS LOW AS 12 GRAMS — Jam-
proof clutch completely frees tonearm from
the cycling cam during play; engages the
arm only during cycling action. This elimi-
nates drag and prevents tracking force varia-
tions, preserves original cartridge compliance
specifications; even permits automatic and
changer operation at this low pressure!

BIG TURNTABLE — New principle of lami-
nated and concentrically-girded construction
defies warping and eccentricity. Especially
deep axle shaft prevents wobble, and is im-

1960 EDITION

bedded in heavy duty ball bearing assembly.
Though of heavy armor-gauge, slim stream-
lined appearance is achieved by recessing
hi-torque inner drive rim.

DRIVE GEARS DISENGAGE AUTOMATICALLY
— Self-locking and trouble-free, a multiple
transmission is used, with a set of individual
gears for each of the four speeds (16%,
33%, 45, 78 rpm). All drive gears and idler
totally disengage when motor is off; no need
to adjust speed control, no “neutral” position
to remember, never any “flat spot thump.”

am

BUILT-IN PRESSURE GAUGE — A vital neces-
sity for the preservation of valuable records
and for optimum cartridge operation. Direct
reading and conveniently located for instant
check of stylus tracking force. Wide range
tonearm weight adjustment faces forward
for fingertip accessibility.

MULTI-ACTION STEREO/MONO SWITCH —
Not only instantaneously adapts cartridge
for stereo or mono output, but also removes
random noises produced by mono records
when used with stereo cartridges. No switch-
ing at amplifier necessary for mono or
stereo reproduction.

TRUE “TURNTABLE” OPERATION

MANUAL OR AUTOMATIC SINGLE PLAY
Three choices with the 1006! Start manu-
ally, with either a rotating or motionless
turntable, setting the tonearm anywhere on
the record to play all or just a desired
portion. Or push a button and the 1006
starts, and finds the record lead-in groove.
In all cases, the tonearm returns to rest after
play, motor shuts off, and drive disengages
... all automatically! Stop, repeat, or reject
(manually or automatically) any time you
please. You can even interrupt play, and
start again where you left off! Short, single-
play spindle provided.

united udio

PRODUCTS OF DISTINCTION

202-4 East 19th St..N.Y.3.N.Y.
AUTOMATIC CHANGER — W hether

for stereo or mono reproduction,
the outstanding qualities of the
1006 as a professional turntable
are remarkably preserved as a
record changer too! Look . . .

SIMPLE CONTROLS — Simple to operate in
spite of its many special features — only
three buttons start, stop, reject, or repeat
action. Repeat button is self-cancelling after
replay, or can repeat same record any num-
ber of times without disturbing the stack.
Spindle need not be removed froin turntable
to remove records or rearrange record se-
quence . . . even while record is playing.

I 1

1. Record stack separates from bottom

record. 2. Bottom record descends.

3. Stack gently lowers for next play.
ELEVATOR ACTION SPINDLE — To prevent
wear to record center holes, spindle lifts
entire stack except bottom-most record,
allowing it to descend to turntable freely
and effortlessly. Then stack is gently lowered
— not dropped — into position for next
change. Customary stabilizer guides and
pusher arms thus eliminated; no offsets in
spindle to chip records.

OBSOLESCENCE-PROOF INTERMIX — Patented
roller-feeler guide in tonearm head permits
stacking up to ten records in any sequence
and of any diameter from 5” to 12”! No

worry about future record sizes; solves prob-
lems of variations in “standard” records.

CONSTANT CHANGE-CYCLE SPEED — Uses
independent auxiliary transmission for the
automatic cycling action, avoiding needless
strain and wear on the playback gears, and
provides rapid change regardless of the
record speed setting or turntable load.

QUIETING CIRCUITS — Self-muting and
squelch filter circuits keep the electrical
operation of the 1006 as wonderfully quiet
as the mechanical action of the skillfully
created assembly. No “pops” or buzzes.

Model 1006 — Supplied with standard
3% |b. turntable, single play and
changer spindles, 2 cartridge hold-
ers, adapter disc for 45's, instruc-
tions, template. Chassis: 1034” x 13”
— clearances: 3” below, 6” above.
110/220v., 60 cy. A.C. (50 cy. avail-
able). Price: $69.95 net.

Model 1006X — same as 1006, but
with 5% Ib. turntable. $74.50 net.
Pickering 371 — Mark I Stereo Car-
tridge with special high compliance
diamond stylus, mounted and wired
to cartridge holder. Order separately
or with either model Dual. $26.40 net.

Model WB — Wood Base
pre-cut, ready to install.
Mahogany or walnut.
$6.95.

Model AS-6 45 RPM Auto-
matic Spindle, for play-
ing stack of ten 7” rec-
ords without center hole
inserts. $4.80.

Model RC-1 Record
Cleaner — Cleans both
sides of record at once.
Specially impregnated to
lubricate and preserve
grooves. Operates in
direction of grooves,
never across, preventing
damage. Removes static
charges and annoying
noises. $2.95.



Automatic Motor Control

For Hi-Fi Turntables

By GEORGE F. ANDREWS

Sound-operated relay, with adjustable delay, turns off
phono motor if audio is missing for more than 15 seconds.

tables, while well satisfied with

the wowless, rumble-free opera-
tion obtained, have probably encoun-
tered the same problem as the author,
i.e., after placing a 12-inch LP album
on and settling back to enjoy the pleas-
ant sounds, a sudden distraction such
as the telephone, children’s squabble,
wife, etc., calls you away.

Thinking you will surély return be-
fore the album is finished, you depart.
Forty-five minutes later, you suddenly
remember that the machine is still
running and you hurry back to find
the needle grinding its life away on
the last groove. Having repeated this
scene numerous times, the device to
be described evolved. Before the final
design was adopted, the possibility of
using a photocell circuit to shut off the
turntable was investigated; but, due
to the difference in location of the
final groove on different sizes and
brands of recordings, it was ruled out,
and the following system was devised.

In effect, it is a sound-operated re-
lay, with an adjustable delay time,
which is set to turn off the turntable
motor if the audio signal is missing
for more than fifteen seconds. This
allows the device to distinguish the

M OST owners of manual hi-fi turn-

pauses between selections on an album
from the actual end of the recording.
One toggle switch is the only opera-
tional control and its function is to
select either the automatic feature or
normal manual operation of the turn-
table motor.

One of the main requirements was
that the control should involve no di-
rect connections to the amplifier, since
a true hi-fi addict will tolerate nothing
which might load or alter the response
of his equipment. Thus, it was decided
to use “air coupling,” the necessary
signal being picked up by a four-inch
PM speaker placed inside the existing
enclosure, at the same time insuring
that extraneous room sounds do not
prevent the relay from operating.

A transistor preamp was desirable,
but the use of batteries in any form
was not, since the unit should be able
to be installed and then require no
further attention. Therefore, the
transistor stage is operated from a
simple internal power supply. The
switching is done by a 2D21 miniature
thyratron with d.c. on its plate so that,
once fired, it will remain conducting
until the operator restarts the motor.

Use is made of standard, inexpensive
parts throughout and after three

Complete schematic diagram and parts listing for the automatic motor control unit.

R1—270,000 ohm, V; w. res.

R:—10 megohm pot

Rs, Rs—1 megohm, Y5 w. res.

R;—15,000 ohm, 1 w. res.

Cr—10 ufd., 25 v. elec. capacitor

C2—100 pfd., 25 v. elec. capacitor

C3—1000 pfd., 15 v. elec. capacitor

C;—40 pfd., 150 v. elec. capacitor

CRi1, CR:—1N34 germanium diode

SR1—50 ma. selenium rectifier

PL:, PL:—NE-2 neon bulb

RL;—S.p.s.t., normally open, plate relay (see
text)

RL:—S.p.d.t. relay, 110 volt a.c. coil (Leach
1118)

a8

e 1T V.AC. &— & 1

S1—S.p.s.t. toggle switch

Spkr.—4" PM speaker

Tr—Audio output trans., midget 2500 ohm-to-
V.. type

Te:—Audio interstage trans., 1:3 ratio, midget
type (Merit A-53-C)

Ts—Power trans. 125 v. @ 15 ma.; 6.3 v. @
6 amp., midget type (Stancor PS-8415)

Vi—"“p-n-p” junction transistor (CK722)

V:—2D21 tube

months of daily use, operation is still
positive and without fault. Referring
to the diagram, circuit operation is as
follows: When the hi-fi system is play-
ing, a small signal is picked up by the
PM speaker ‘“mike” and applied
through T: (an ordinary a.c.-d.c. radio
audio output transformer, 2500 ohms-
to-voice coil, connected in reverse) to
the base of the transistor. This stage
is used in the grounded -emitter con-
figuration which results in a low input
impedance for a correct match to T,
Circuit constants are chosen so that
limiting occurs in this stage in order to
present a constant level output to the
following stage, thus insuring that the
delay time remains the same for dif-
ferent listening levels. The transistor
output is coupled through T: (a stand-
ard 1:3 midget interstage audio trans-
former) to the diode and thence to the
RC circuit in the grid of the thyratron.

Here the amplified, limited signal is
rectified by CR, and negatively charges
Cs to hold V. cut off. Should the in-
coming signal cease, Cs starts to dis-
charge through R, (which is adjustable
to cover a range of zero to approxi-
mately 35 seconds delay) and when the
grid potential decays to —2 volts, the
thyratron conducts and closes RL,, in
turn operating RL., which stops the
turntable motor. V, remains conduct-
ing until S; is opened, thus restoring
the circuit to its original condition and
restarting the motor.

The power supply is a conventional
half-wave selenium type, and the tran-
sistor “B—" (p-n-p transistor) is ob-
tained by rectifying the 6.3-volt thyra-
tron filament supply with a 1N34 diode
and its associated filter capacitor. Al-
most any available plate relay can be
used for RL,, since the limiting factor
would be the current capability of the
power supply used. With the 125-volt
supply shown, the 15,000-ohm plate load
resistor limits the current to approxi-
mately 15 ma., which is the rating of
the midget power transformer used.
The two NE-2 lamps are for pilot
lamps only and are not necessary for
proper circuit operation. Wiring is
not critical and the unit may be built
with ease on a 2” x4” x 6” chassis.

After construction the first adjust-
ment is the proper placing of the pick-
up speaker in the enclosure to insure
adequate signal at normal listening
level to limit in the transistor stage.
This can be observed with an oscillo-
scope at the collector of the CKT722,
or with a v.t.v.m. on the grid of V..
If the latter method is used, the pickup
speaker should be placed close enough
to the hi-fi speaker so that increasing
the volume no longer increases the
bias. The final adjustment is with R,
to set the delay time. Fifteen seconds
has been found best to cover all types
of musical selections without prema-
ture operation of the relay.

The switching circuit of this device
could easily be altered to turn off the
whole system or perhaps control some
other useful function. Its adaptability
to other equipment will be left to the
ingenuity of the reader.
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Transistorized Phono Preamp for Stereo

By FRANCIS A. GICCA/Raytheon Co.

Construction of high performance, low-cost preamplifier
for magnetic stereo cartridges that affords the maximum
response. Design features minimum shunting capacitance.

stereophonic disc reproducing system

are the stereo cartridge and its as-
sociated preamplifier. Unless these
two components deliver maximum per-
formance, the finest amplifiers and
speakers cannot hope to produce true
stereophonic fidelity. If a stereo car-
tridge can inherently reproduce the
entire audio spectrum with high fideli-
ty, then it is obvious that its preampli-
fier must not destroy this fidelity or
add hum, noise, or distortion of its own.
This article will cover the development
of a preamplifier designed to achieve
optimum performance with magnetic
stereo cartridges.

By their very nature, magnetic stereo
cartridges have low outputs in the 1
to 10 millivolt range. At 60 cps, RIAA
equalization requires a bass boost of
16 db. This bass bocst, coupled with the
stereo cartridge’s low output, can
easily lead to serious hum in the pre-
amplifier unless the initial design over-
comes this inherent problem. The ob-
vious solution is to completely isolate
the preamplifier from a.c. fields by
either using a highly filtered d.c. heater
supply in a vacuum-tube preamp or by
eliminating tubes and using transistors.

THE most critical components in a

The latter approach is preferable since
transistors are inherently hum-free
and the expense of a low-ripple d.c.
heater supply is avoided. Therefore, it
was decided that the best low-hum
preamplifier could be built using tran-
sistor circuits.

In order to extract the smoothest
and widest frequency response from a
magnetic cartridge, it is vital that the
preamplifier offer optimum loading for
the cartridge. Unfortunately, a basic
conflict exists in trying to load a mag-
netic cartridge properly by resistive
means alone.

Fig. 1A shows the basic equivalent
circuit for a magnetic cartridge, its
cabling to the preamplifier, and the
preamplifier loading. At frequencies
below cartridge resonance, shunt ca-
pacities may be neglected, yielding the
equivalent circuit of Fig. 1B. This cir-
cuit is essentially a low-pass RL filter
whose response is down 3 db at f = (R.
+ R.) / 2@L.. In order to prevent a
droop in response in the audio band,
this corner frequency must be above
the highest frequency it is desired to
reproduce. This, in turn, requires that
R. + R. be greater than 27L. at this
frequency, which requires a large value

of R: since R. is fixed by the cartridge
chosen and is generally a low value.
Unfortunately, a high value R. can
cause excessive thermal noise in the
preamplifier, generated by thermal agi-
tation in this large resistor. This leads
to the first conflict; a large value R.
for minimum low-pass filter effects, but
a small value of R; for minimum ther-
mal noise generation.

Consider the high-frequency reso-
nant equivalent of Fig. 1C. Here the
cartridge appears like a resonant RLC
circuit which exhibits the resonant
response shown. If R, is large, then
the resonant peak will be correspond-
ingly large. If the resonant peak oc-
curs in the audio band, due to high
cable and preamplifier capacitance, the
resonant peak should be made as small
as possible through the use of a low
value R in order to keep the response
smooth. If at all possible, the resonant
peak spould be kept out of the audio
band since cartridge output drops off
rapidly above resonance. These facts
suggest that the value of R. should be
kept low, as should cable and preampli-
fier capacitance. This, again, is in con-
flict with the requirement of a large
value of R, for minimum low-pass

Over-all and internal views of the preamplifier. The interior view, taken with one of the chassis side
panels removed, shows the underside of one of the two wiring boards used in the construction.
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filter effects. For an excellent discus-
sion of cartridge loading see ‘“Loading
the Phono Cartridge” by Herman Bur-
stein.

Because of these conflicts in a choice
of loading resistance, many cartridge
manufacturers recommend a value of
loading resistance which compromises
low-pass and resonance effects. For-
tunately, there is a solution to this
dilemma which is not a compromise
and affords maximum response from
all cartridges.

If cable and preamplifier capacitance
can be reduced to only one or two
micromicrofarads, then cartridge res-
onance will occur well above the audio
spectrum and R. can be increased in-
definitely since the resonant peak will
be inaudible. A large value of R, then
places low-pass filter effects outside
the audio band.

However, R. must be kept physically
small in order to minimize thermal
noise. This appears to conflict with the
foregoing but it need not if a physically
small resistor is electronically multi-
plied in value to appear like a large
resistor. Fig. 2A shows how this may
be accomplished. Transistor V, is con-
nected as an emitter-follower, which is
roughly equivalent to a vacuum-tube
cathode-follower. If the emitter-follow-
er has an a.c. gain of 0.9, then the a.c.
output voltage (E,) across R is 0.9 E;,
the input voltage. An impedance Z is
connected between input and output.
Summing voltage drops around the
input yields: E. = IZ + 0.9 E. or 0.1
E, = IZ. The input impedance seen
across terminals 1 and 2 is then E.:/I =
10Z. This shows that the effective im-
pedance seen across terminals 1 and 2
is ten times greater than the actual im-
pedance Z. If Z is a resistor, then ten
times this resistance is seen across ter-
minals 1 and 2. If Z is a capacitor, then
one-tenth its capacitance is seen. If
the gain of the emitter-follower is 0.99
instead of 0.9, then 100 times Z is seen
at the input.

This is exactly what is desired since
effective capacitance is greatly reduced
and effective resistance is greatly in-
creased while still maintaining a resis-
tor of small physical size.

Like a cathode-follower, the emitter-
follower has a low output impedance.
Therefore, terminal 3 of Fig. 2A is close
to ground potential. This fact allows
the shield of the cartridge cable to be
connected to terminal 3 which places
the cable capacitance from the input to
the output. of the emitter-follower,
thereby effectively lowering the cable
capacity. With an emitter-follower
gain of 0.99, a cable capacitance of 100
wuf. is reduced to a negligible value of
1 puf. Of course, the cartridge output
must still be applied between terminals
1 and 2, which requires a third lead to
carry the ground. Preferably, this
should be a second shield about the
cable, but may be a separate unshielded
wire, as shown in Fig. 2B.

Fig. 3 is the schematic diagram of
the complete preamplifier. In order to

prevent duplication of discussion, only

S0

Lc Cc Rc 3 db Point Resonant Preamp Booster
CARTRIDGE (mhy.) (ppf.) (ohms) Low-Pass Peak* Output Output
= S (kec.) (kec.) (volts) (volts)
Electro-Sonic
C-100 1 Unmeas. 40 9000 2000 .039 .250
Fairchild
XP-4 3 Unmeas. 600 3000 1500 .120 .756
Fairchild
232 4 Unmeas. 600 2000 1000 .120 .756
General Electric
GC-5 500 50 600 18 30 .240 Note 1
Grado Magnetic 1 Unmeas. 600 9000 2000 .078 .491
Pickering
7 Note 2 Not Calculable .390 Note 1
Scott
1000 Note 2 Not Calculable .160 Note 1
Shure
M3D 350 30 440 30 45 .200 Note 1
Stereotwin
ST-200 Note 2 Not Calculable .980 Note 1
*Resonant peak calculated includes effect of 500 uuf. cable capacity.
Note 1. Use of booster amplifier with these cartridges not recommended, in order to keep distor-
tion level low.
Note 2. This data not available for these cartridges.

Table 1. Measured characteristics of some typical magnetic stereo cartridges
along with their outputs when employing the circuits described in the text.
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Fig. 1. (A) Cartridge, cable. and preamp
equivalent circuit. (B) Equivalent circuit
below cartridge resonance. (C) Equivalent
circuit at cartridge resonant frequency.

Fig. 2. (A) Emitter-follower used as imped-
ance multiplier. (B) Emitter-follower effec-
tively lowers cable, preamp capacitance.

(a)

CARTRIDGE SHIELD

the left channel circuit will be covered.
What is said will, of course, apply to
both channels.

Note that input transistor V. is con-
nected as a conventional common-emit-
ter amplifier and not as an emitter-
follower as previously discussed. How-
ever, as will be seen, the voltage across
unbypassed resistor R: is actually a
large fraction of the input voltage as
previously detailed for an emitter-fol-
lower. Transistor V: has a common-
emitter gain of about 20 db which
means that ten times the input voltage
appears across the 30,000-ohm collector
load resistor, R;. Since the same a.c.
current flows through the 1000-ohm
emitter resistor R;, the voltage across
this resistor must to 1/30th the volt-
age across the collector resistor (1000/
30,000) or %4rd the input voltage ap-
pears across R:. This leads to an im-
pedance multiplication of 1.5—surely
not a spectacular amount.

Feedback accomplishes the remain-
ing impedance multiplication. The feed-
back network, C:-Re-Cs from the col-
lector of V. to the emitter of Vi serves
two purposes. First, it applies RIAA
equalization to the preamplifier. Sec-
ond, it feeds back sufficient output sig-
nal to R; in the proper phase such that
the voltage across Rs is approximately
equal to the input signal. As a result,
the impedance multiplication factor is
about 80, surely adequate to minimize
capacitance and allow the use of a
physically small loading resistor for
minimum thermal noise. The loading
resistance is formed by the parallel
combination of R; and R. (about 18,000
ohms), which establishes bias for Vi.

At low frequencies, the reactance of
feedback capacitor C,. is large. There-
fore, at low frequencies negative feed-
back is small and the impedance multi-
plication factor is correspondingly
small and approaches 1.5. Fortunately,
a high value loading resistance is
needed only at high frequencies where
the low-pass filter effect comes into
play. Actually, a lower impedance at
lower frequencies is advantageous since
the preamplifier offers a lower input
impedance to stray hum fields and
minimizes their pickup.

Fig. 4 shows the actual measured
variation of input impedance with fre-

HI-FI ANNUAL & AUDIO HANDBOOK
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Fig. 3. Complete schematic diagram and the
parts list for transistorized phono preamp.
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R:, Re—240,000 ohm, low-noise
bon res. (see text)

Rz, R10—24,000 ohm, low-noise
bon res. (see text)

Rs, R1+—30,000 ohm, low-noise
bon res.

R;, R12—3900 ohm, Y, w. res.

R;, R1=—1000 ohm, /> w. res.

Rs, R15—30,000 ohm, V> w. res.

R7, R15—15,000 ohm, 1 w. res.

deposited car-
deposited car-

deposited car-

R+, R1i—18,000 ohm, V5 w. res.

R1:—30 ohm, V5 w. res.

Rix, R1v—27,000 ohm, Y5 w. res.

R:v—See text

Ci1, C:—8 pf., 30 v. elec. capacitor

C., Cs, Ci, Cx, C11, Cr2y C1.—40 uf., 30 v. elec.
Cs, Cs—2700 uuf., 500 v. mica capacitor

Cy, C1o0—6800 ppf., 500 v. mica capacitor
C1y—12 uf., 250 v. elec. capacitor

C1;,C1i—20 uf., 150 v. elec. capacitor

TO CARTRIDGE

POWER SUPPLY ALTERNATEi
NOTE® FOR A.C. OPERATICON,
CONNECT PI TO U8,
P2 TO J7
FOR BATTERY OPERATION,
21} CONNECT P3 TO J7,
P4 TO J8

RECOMMENDED CARTRIDGE CABLING

INNER GuTER
SHIELD SHELD
#o=n FREE — TO ot
® Jor J3

s o
SHELD ™ J5
oR J6

DUPLICATE IN BOTH CHANNELS

Ji1,J:, J3, J,—RCA phono jack

Js, Ji, Jz, Je—Pin jack

Pi1, P:, Ps, P,—DPin plug

SRi—Selenium rectifier, 20 ma., 150 +. (Fed-
eral 1159 or equiv.)

Ti—Isolation trans., 117 v. sec., 35 va. (Triad
N51X or equiv.)

B1—221Y5-volt battery

Vi, Vo, Vs, Vi—"“p-n-p” transistor (Raytheon
Type 2N414)

ey i
el DOUBLE-SHELD
CaBLE

quency. At low frequencies the input
impedance is 27,000 ohms which is 1.5
times 18,000 ohms, the parallel com-
bination of R, and R.. At high frequcn-
cies the input impedance is 140,000
ohms, which represents a multiplication
of 80.

Fig. 4 also illustrates another impor-
tant virtue of the equalization feedback
circuit; that of lowering the output im-
pedance of the preamplifier. At high
frequencies the preamplifier’s output

impedance is a low 60 ohms which al-
lows the use of a longer length of
shielded cable to the main power am-
plifiers without any attenuation of
highs.

The preamplifier uses two direct-
coupled common-emitter stages be-
cause this configuration is least sensi-
tive to bias changes which may be
caused by variations in transistor para-
meters or temperature. The d.c. feed-
back in the form of bypassed emitter

Fig. 4. Curves showing the variations in the input and output impedances of unit.
Note how the input Z rises and the output Z falls as the frequency is increased.
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resistors (R, and R:) also stabilizes the
preamplifier against transistor
changes. The resulting basic preampli-
fier is very stable and has extremely
wide response. As a matter of fact,
without feedback equalization, the 1
db-down points of the preamplifier oc-
cur at 9 and 340,000 cps. This fact
guarantees absolute minimum pream-
plifier phase shift within the audio
band. Unless both preamplifiers have
negligible phase shift in the audio band
a phase' error will exist between chan-
nels and cause a severe loss of stereo-
phonic effect. The inherent stability
of the preamplifier is indicated by
the fact that the gain varies less than
one decibel from zero to 85 degrees
centigrade.

Raytheon Type 2N414 transistors
were chosen because of their wide re-
sponse, low noise, and low cost (only
$2 each). The entire preamplifier can
be built for less than $25 complete. In
order to keep the price as low as this
without sacrificing performance, the
gain of the preamp is average, which
means that the gain is adequate for
medium- and high-output magnetic
cartridges, but insufficient for low-out-
put cartridges. {f low-output car-
tridges are to be used, the gain will
have to be increased by the addition of
a booster transistor amplifier following
the main preamplifier. Fig. 7 is a sche-
matic of an appropriate booster ampli-
fier for low-output cartridges. Clearly,
it is an expensive waste to build in gain
to handle all cartridges if a medium-
or high-output cartridge is to be used.

Table 1 shows what outputs can be
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Fig. 5. Curve showing the measured high-irequency effects described in the text.

expected from typical stereo cartridges
which were checked with the pream-
plifier—both with and without the
booster. Table 1 also indicates which
cartridges should not use the booster
amplifier. Medium- and high-output
cartridges should not use the booster
because the high levels will cause un-
necessary distortion in the booster am-
plifier and the output level from the
preamplifier is adequate.

As a further means of reducing cost,
tone and volume controls were not in-
corporated. Actually, such controls do
not belong on the preamplifier proper,
but rather on the main amplifier or
control center. The principal task of
the preamplifier is to draw maximum
stereo performance from the cartridge
and to accurately apply RIAA playback
equalization. This the transistor pre-
amp does, and does excellently.

Performance

In order to evaluate the performance
of the preamplifier, several tests were

run. First, feedback capacitor C, was
shunted with a large value capacitor
(40 pf.) and capacitor C; removed. This
applies a constant amount of feedback
across the audio band and allows analy-
sis on a flat-response basis rather than
having to take the RIAA characteris-
tics into account. Such an approach
is valid since the RIAA characteristic
merely superimposes its own curve on
the flat response of the preamplifier.
With the preamplifier thus modified, it
is flat to 340,000 cps and allows the in-
vestigation of high frequency low-pass
and resonance cartridge effects.

Fig. 5 shows the test setup used. A
cartridge equivalent was constructed
as shown and connected to the pream-
plifier using a 500 uuf. cable—then the
preamplifier’s response was measured.
Low-pass filter and resonance effects
will be most severe with large car-
tridge inductances (L.). Of all the car-
tridges checked, the General Electric
Model GC-5 had the highest inductance
—500 mhy —so this value was used.

Fig. 6. Here is the actual measured RIAA playback characteristics of the preamp.

+20| —
e
-..,,‘_‘
+10 \ "“-\.\_
8 N
] l"“I--.
. -
5 o
f
=) .“““-.
o “\
- S
i
= ]
z e
= \
q
w
a
& _20
20 100 IKC. 10KC.
FREQUENCY-CPS
52

The GC-5 has a coil capacitance (C.) of
50 wpuf. which places the cartridge res-
onance at 30,000 cps. In order to make
the problem more severe, 100 puf, was
used which places’the resonant peak at
13500 cps. Note that even with this
severe capacitance the response is
reasonably flat to 17,000 cps, rising only
3.7 db at resonance. With the actual
value of 50 puf., resonance effects lie
completely outside the audio band.

Removing C. allows evaluation of
low-pass filter effects. For the GC-5
inductance of 500 mhy., the preampli-
fier causes a low-pass 3 db point at
18,000 cps. The resonance shown in
Fig. 5 at 95,000 cps is due to cable ca-
pacitance reduced in value from 500
ppf. to approximately 5 puf. by the
preamplifier.

The GC-5 represents the most severe
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Re1, R25—180,000 ohm, Y5 w. res.

R::, R:—13,000 ohm, V5 w. res.

R:s, R:2—15,000 ohm, Y, w. res.

R:i. R:s—2000 ohm, Y5 w. res.

C17, C1s3—40 puf., 30 v. elec. capacitor

Jo, Jio, J11. J1.—RCA phono jack

J1s, Jyu—Pin jack

Vi, Vi—"“p-n-p” transistor (Raytheon 2N414)

Fig. 7. Schematic of booster amplifier.

case of high-frequency effects due to
its high inductance. Table 1 indicates
the location of the 3 db low-pass filter
point and resonant peak for several
other popular cartridges, measured in
the same manner as for the GC-5. All
cartridges listed are unaffected by the
preamplifier and response- is limited
only by the response of the cartridge
itself. If the GC-5 is to be used, its
low-pass 3 db point should be raised to
36,000 cps by increasing R; and R, to
470,000 ohms and R: and Ri, to 47,000
ohms. This increases the noise level
slightly, but this is compensated by the
higher output of the GC-5. As a result,
the signal-to-noise ratio remains the
same as for lower output cartridges.

Feedback equalization was restored
and RIAA equalization measured. Fig.
6 shows that the characteristic follows
RIAA to better than a decibel. Signal-
to-noise ratio with equalization is T8 db
and total distortion is less than 0.7%
including harmonic and intermodula-
tion terms.
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Construction of the preamplifier is
straightforward and non-critical. Any
type of construction can be used suc-
cessfully, but it is wise to keep lead
lengths short and vital that the pream-
plifier be totally enclosed in a metal
case to shield it from hum fields.

Power for the preamplifier can be
obtained either from a battery or a
separate negative power supply. A
22VY,-volt battery is preferable for mini-
mum hum and should last for about
six months under continuous use. How-
ever, the alternate power supply shown
in Fig. 3 can be used as well. This pow-
er supply can be built for about $7 and
yields a signal-to-hum ratio of over 70
db. The value of power supply resistor
R. depends on whether or not a booster
is to be used and powered by the power
supply. If a booster is not used, R
should be a 27,000-ohm, l5-watt resis-
tor. If a booster is used, R. should be
omitted.

Values of the electrolytics are not
critical. If you cannot obtain a listed
value, substitute a larger capacitance
with the same or higher voltage rating.

If a booster is used, it may be built
as part of the preamplifier proper or on
a separate chassis. The shielded leads
from the booster to the main amplifiers
or control center should be kept short
in order to prevent high-frequency at-
tenuation by the cable since the output
impedance of the booster is considera-
bly higher than that of the preampli-
fier.

The primary source of noise in the
preamplifier is due to thermal noise in
the loading resistors. Therefore, be
sure to use low-noise deposited carbon
types for R, R., R, and R, as well as
for the collector resistors R; and Ru.

A double-shielded cable is recom-
mended for connecting the cartridge to
the preamp. However, double-shielded
cable may be difficult to obtain. A
simple solution is to use conventional
shielded cable, sliding copper braiding
over the cable to form the second,
grounding shield. Cable capacitances
of up to 500 puf. can be tolerated with-
out any affect on the performance.

No adjustments are necessary in the
preamplifier, but the perfectionist may
wish to trim the RIAA equalization to
follow the RIAA curve exactly. This
adjustment is not. essential because the
RIAA curve will be followed within a
decibel with the nominal components
listed. Confidentially, the author
trimmed the values in his unit just to
make sure.

If you wish to adjust the preamp to
follow the RIAA curve exactly, proceed
as follows: Set an input generator to
1000 cps and adjust its amplitude so
that the preamp output is .1 volt. Set
the generator to 500 cycles and trim C,
(and Cix) so that the output rises 3 db
above the 1000-cps level (1.41 volt).
Set the generator to 2120 cycles and
trim C: (and C,) so that the output
drops 3 db below the 1000-cps level
(.707 volt). The preamplifier is now
adjusted to the RIAA characteristic.
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CRYSTAL OR
CERAMIC ELEMENT

LOADING THE PHONO CARTRIDGE

Get the best performance from your hi-fi pickup

By HERMAN BURSTEIN

tridge pays dividends in terms of

the smoothest and widest frequen-
cy response that the cartridge permits
and, often, reduced distortion as well.
This is true for both magnetic and
piezoelectric (crystal and ceramic)
pickups—the two most commonly em-
ployed types. Load requirements differ
widely between magnetic and piezoelec-
tric units. In addition, there are con-
siderable differences among magnetics
and among piezoelectrics; merely con-
necting the cable from the cartridge to
a jack designated for a magnetic or
piezoelectric pickup doesn’t automati-
cally guarantee that all will be well.

The load across a cartridge is both
resistive and capacitive. The resistive
load consists of a resistor (sometimes
a potentiometer or fixed voltage divid-
er) across the input jack or the grid
resistor of the input stage, or a com-
bination of the two. The capacitive
load includes cable capacitance and in-
put capacitance of the first stage. The
latter consists mainly of grid-plate ca-
pacitance, which can be quite large in
the case of triodes, due to the Miller
effect; there is also grid-cathode and
stray wiring capacitance. Altogether,
it is not unusual for input capacitance
to be 50 ppfd. or more in the case of
triodes.

In determining load requirements,
the inductance, winding capacitance,
and d.c. resistance of magnetic car-
tridges and the capacitance of piezo-
electric cartridges have to be taken into
account. The following discussion will
review the basic principles of loading
magnetic and piezoelectric cartridges,
taking all the above-mentioned factors

CORRECT loading of the phono car-

sS4

by using the proper cartridge loading circuits.

into consideration and listing the im-
pedances of a number of popular car-
tridges and the loads recommended by
their manufacturers.

Magnetic Cartridges

Fig. 1 shows the principal circuit im-
pedances when a magnetic pickup is
used. The winding contains inductance
and d.c. resistance in series, shunted by
the cartridge’s winding capacitance, the
load resistance, and the load (cable and
input) capacitance in parallel.

Omitting the resistances, the induct-
ance and total shunt capacitance form
a series-resonant circuit, as shown in
Fig. 2. Output, across C, is maximum
at approximately the resonant frequen-
cy, f =1/ 2 m Yy LC). Therefore re-
sponse is not smooth but exhibits a
peak at f, as shown in Fig. 3. If L and
C are relatively small, electrical reso-
nance occurs far outside the audio
range and is not a problem.

However, high-impedance cartridges,
such as the variable-reluctance type,
have relatively large inductance, which
together with typical circuit capaci-
tance brings f dangerously close to or
within the audio range. To illustrate,
assume L is .6 henry, which is fairly
representative, and that C is 400 ppfd.,
in large part due to a long length of
high-capacitance cable. Therefore f is
slightly above 10,000 cycles, producing
an audible peak.

One purpose of load resistor R: is to
damp the peak. The smaller R;, the
smaller is the resonant peak. But most
things have a price and in the present
case what happens is that L and the
circuit resistances form a low-pass
filter, as shown in Fig. 4. The circuit

resistance (R:+ R.) must be large
enough to prevent a significant dip in
response below 15,000 cycles or so. For
example, if L is .6 henry and we select
20,000 cycles as the point where we are
willing to let response drop 3 db due to
low-pass filter action, then R.+ R., =
2 w fL = 75,000 ohms. Assume that R.
is 1000 ohms. Thus, R.; should be 74,-
000 ohms. The nearest standard value,
75,000 ohms, is adequate. R is not
critical and any value within +=109% of
the calculated one is generally suitable.

Across the magnetic phono input jack
of many control amnlifiers there is a
load resistor of 47,000 ohms or there-
abouts. However, as shown by the ex-
ample just cited, this can be far too low
for some cartridges and, for others, it
may be too high. It is important to
make whatever changes are required
to provide a correct load for the car-
tridge employed.

Table 1 shows, to the extent that the
author has been able to obtain the data,
the inductance, d.c. resistance, winding
capacitance, recommended load resist-
ance, and permissible load capacitance
as given by the manufacturers of a
number of popular magnetic pickups.
Permissible shunt capacitance (wind-
ing, cable, and input capacitance) can
be calculated by the formula C =1/
(4 7*f*L). L is the cartridge induct-
ance, while a value of 12,000 to 15,000
cycles may be used for f. For ease of
calculation, using 15,000 cycles as f, the
formula may be put into the form:
C = 113/L with C in pufd. For example,
if L is .6 henry, C is about 190 pefd.

The reader may wonder why, as long
as the resonant peak is damped by R:,
it is necessary to keep the resonant

HI-FI ANNUAL & AUDIO HANDBOOK
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peak well up in the audio range or just
above it. The answer is that response
drops very sharply above resonance, as
shown in Fig. 3.

Phono pre-equalization cuts the lows
and boosts the highs, requiring the
opposite equalization in playback,
namely bass boost and treble droop. In
a few preamplifiers it has been the
practice to supply only bass boost, with
treble cut obtained through a suitably
small load resistor (for example, the
G-E Model A1-203); as explained in
connection with Fig. 4, winding induct-
ance and circuit resistance—mainly the
load resistor R:—produce treble at-
tenuation.

RIAA equalization, almost universal-
ly used today, requires that playback
response be 3 db down at 2122 cycles
and continue to drop at a rate ap-
proaching 6 db per octave. The required
circuit resistance is given by R.+ R
=27 fL=6.3 X 2122 X L. To illustrate,
if L is .6 henry, then the required cir-
cuit resistance is about 8000 ohms. As-
sume the d.c. resistance of the coil is
1000 ohms. Then R. should be 7000
ohms. In this case the nearest standard
value, 6800 ohms, would-be used.

This method of achieving treble cut,
prior to the preamplifier, has both ad-
vantages and disadvantages. Use of a
very small load resistor almost com-
pletely damps out resonance. The re-
duced signal presented to the first stage
tends to decrease distortion. A consid-
erable amount of load capacitance can
be tolerated without ill effect. On the
other hand, signal-to-noise ratio of the
playback system is smaller if treble cut
takes place before rather than after
the input stage; treble cut after the in-
put stage simultaneously reduces noise
of this stage.

The problem of electrical resonance
ordinarily does not concern the moving-
coil type of cartridge, which typically
has but a few millihenrys inductance,
so that practical values of circuit ca-
pacitance place resonance far above
the audio range. The load resistor can
range in value from a few hundred
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ohms up to high-impedance loads. The
low inductance of the cartridge makes
it impractical to obtain treble cut
through a suitable load resistor, which
would have to be extremely small
Moreover, the relatively low output
characteristic of a moving-coil pickup
(in exchange for high-quality perform-
ance) makes it all the more desirable
to obtain reduction of input stage noise
concomitant with treble attenuation
following this stage.

Some magnetic pickups have quite a
large signal output—as much as 100
millivolts on peaks. This might over-
load the first stage, hence it may be de-
sirable to attenuate the signal from the
cartridge. This can easily be done by
converting the load resistor to a volt-

f (FREQUENCY OF MAXIMUM OUTPUT)

L BE WELL
ABGVE THE AUDID anwf

Fig. 3

Fig. 1. Circuit parameters that are as-
sociated with a magnetic phono cartridge.

Fig. 2. Resonant circuit produced by wind-
ing inductance and shunt capacitance.

Fig. 3. Peak in output due to circuit res-
onance before adding damping resistor.

Fig. 4. Low-pass filter action produced
by inductance and resistances in Fig. 1.

Fig. 5. Converting load resistor to a volt-
age divider to avoid preamp overload.

age divider, as illustrated in Fig. 5.
Some control amplifiers have an extra
input jack intended for high-level mag-
netic pickups, with a voltage divider
across the jack. However, it may be
necessary to change these values in or-
der to make their total resistance equal
to the load requirement of the cartridge.

Piezoelectric Pickups

Whereas the output of a magnetic
cartridge is proportional to groove ve-
locity, the output of a piezoelectric
cartridge is proportional to groove am-
plitude. As a result of RIAA pre-
equalization, groove amplitude varies
with frequency in the manner shown by
Fig. 6; there is a good deal of bass boost
and a moderate amount of treble cut on

CARTRIDGE INDUCTANCE D.C. RES.
Audiogersh MST-1(Note B) 320 mhy. 1400 ohms
Audiogersh MST-2 Note C Note C
Electro-Sonic C-60 1 mhy. 40 ohms
Electro-Sonic P-60 1 mhy. 40 ohms
G-E VR-II (Note E) 520 mhy. 600 ohms
G-E VR-1I (Note F) 250 mhy 400 ohms
Grado F28D Very low 600 ohms
Norelco AG3121 600 mhy 1200 ohms
Shure “Studio Dynetic” 130 mhy. 180 ohms
Shure “Professional Dynetic” 350 mhy. 440 ohms
Tannoy “Mark 11" 320 mhy. 1100 ohms

MAXIMUM
WINDING CAP, RECOMMENDED 1,041 cAP.
- (Note A)
Note C 47,000 ohms 200 ppufd.
Note C . 100,000 ohms 200 ppfd.
Unmissurabla 100 to 100,000 ohms Very large (Note D)

NOTES: A =cable capacitance and input stage capacitance; B =model with diamond stylus;
=information not supplied by manufacturer; D =the manufacturer states, ‘‘The cartridge
will be unaffected by any cable or tube capacitances encountered’’; E =high-impedance
model; F =low-impedance model; G =calculated on basis of resonant frequency at 25,000
cycles, per manufacturer; H =calculated on basis of resonant frequency at 70,000 cycles, per
manufacturer; I =calculated on basis of resonant frequency at 50,000 cycles, per manufactur-
er; J =cables in excess of 10 feet may be used.
For information on cartridges not covered, contact the manufacturers direct.

Unmeasurable 100 to 100,000 ohms Very large (NoteD)

about 50 pufd. 100,000 ohms 300 pufd.
Note C 100,000 ohms 300 ppfd
Note C 5000 ohms & up Note J

70 ppfd. (Note G) 68,000 ohms 250 ppfd
40 pufd. (Note H) 10,000 ohms 1500 ppfd
30 ppfd. (Note I) 27,000 ohms Note C
230 ppfd. 100,000 ohms 150 ppufd.

¢

Table 1.

Characteristics and loading for some representative magnetic cartridges.

Fig. 6. Variation of the groove amplitude with frequency due to RIAA recording
equalization, assuming there is a constant signal input at all the frequencies depicted.
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Fig. 7. Circuit parameters that are as-

sociated with a piezoelectric cartridge.
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Fig. 9. Comparison of RIAA bass cut required when using amplitude-responsive pickup
with bass droop produced by circuit impedances having time constant of 1300 usec.

the record. Thus, when a piezoelectric
cartridge is used for playback, bass cut
and treble boost are required, which
is just the opposite of the requirements
for a magnetic cartridge.

Fig. 7 shows the basic circuit ele-
ments when a piezoelectric cartridge is
used. Fig. 8 is the equivalent circuit
and it can readily be seen that the cir-
cuit capacitances, effectively in paral-
lel as far as frequency response is con-
cerned, form a high-pass filter in
conjunction with the load resistor. In
other words, these elements produce
bass cut. To achieve bass cut that cor-
responds fairly accurately to RIAA re-
quirements for an amplitude-responsive
cartridge, the time-constant of the total
circuit capacitance and the load re-
sistor should be between approximate-
ly 1000 and 1300 microseconds. This
means a bass droop characteristic with
a turnover frequency (3 db decline) be-
tween 160 and 120 cycles and declining
thereafter with decreasing frequency
at a rate approaching 6 db per octave.
Fig. 9 compares the required RIAA
bass droop with that achieved by cir-
cuit elements having a time-constant
of 1300 microseconds (120-cycle turn-
over frequency).

The principal circuit capacitance is

Fig. 11. Shown below is the equivalent
circuit of Fig. 5 with respect to the volt-

age divider action produced by means
of the shunt capacitance of the circuit.

l'::
©

OUTPUT

—
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usually that of the cartridge, varying
from about 400 ppfd. to as much as
2000 ppfd. The other circuit capaci-
tances, chiefly that of the cable and the
input tube, have a total value which
typically ranges from 150 to 250 pufd.,
although a long run of high capacitance
cable can raise this figure appreciably.

To illustrate the method of calculat-
ing the required load resistance to pro-
duce the correct amount of bass droop,
assume that the pickup has 500 wpfd.
capacitance and that cable and input
tube capacitance totals 200 pufd. To
obtain a time-constant of, say, 1300 mi-
croseconds with circuit capacitance of
700 pufd., the load resistor has to be
about 1.9 megohm. The nearest stand-
ard values of 1.8 or 2 megohms will
work satisfactorily.

The signal output of a piezoelectric
cartridge may, in some cases, reach as
much as 1 or 2 volts on peaks, indicat-
ing that these pickups are meant to be
connected to high-level inputs. But the
typical input impedance at the high-
level jack of a control amplifier is 500,-
000 ohms. This is too low for most
piezoelectric cartridges, that is, the
time-constant of the circuit capaci-
tances and load resistor will cause too
much bass cut.

The remedy is simple: either (1) in-
crease the input impedance to the re-
quired value, perhaps by changing the
grid resistor of the input tube, if its
characteristics permit, or (2) place a
capacitor of suitable value across the
cartridge to increase the circuit capaci-
tance.

The second method is simpler since
the capacitor can be mounted directly
across the cartridge terminals, making
it unnecessary to go into the control
amplifier. To illustrate, if the load re-
sistance is 500,000 ohms, then 2600
pufd. of circuit capacitance is required
for a time-constant of 1300 microsec-
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Fig. 10. (A) Effect of using a voltage
divider as load resistor for pi lectric
cartridge is shown here. (B) Equivalent

circuit of Fig. 10A at high frequencies.

onds. Assuming the capacitance of the
cartridge, cable, and input stage total
700 ppfd., then another 1900 uufd. of
capacitance is required. A capacitor of
.002 ufd. across the cartridge would be
close enough in value to achieve the
objective of correct bass attenuation.

If the volume control of the control
amplifier follows rather than precedes
the input stage for high-level sources,
this stage may be overloaded by the
signal from a high-output cartridge. It
might seem that the simplest way to
attenuate the signal would.be through
use of a voltage divider as the load re-
resistance (see Fig. 5). Generally, how-
ever, this is a poor idea because it may
well entail substantial high-frequency
loss. Fig. 10 shows why. Fig. 10A rep-
resents a voltage divider having a total
resistance of about 2 megohms and
with the values chosen to produce about
12 db attenuation. The input capaci-
tance of the first stage is assumed to
be 50 pufd., a plausible value. Fig. 10B
is the equivalent circuit for high-fre-
quency response. The load resistors are
effectively in parallel and this parallel
value forms a low-pass filter in con-
junction with the input capacitance.
For the values shown, namely, effective
parallel resistance of 368,000 ohms and
50 ppfd. capacitance, high-frequency
response is 3 db down at about 8500
cycles, declining thereafter at a rate
approaching 6 db per octave.

Thus it is better to attenuate the sig-
nal by means of a shunt capacitor of
suitable value connected across the car-
tridge. Fig. 11 shows how the cartridge
capacitance and the other circuit ca-
pacitances effectively form a voltage
divider. The bottom leg of the voltage
divider consists of the parallel value of
all the circuit capacitances other than
the cartridge. If the capacitance of the
bottom leg is increased, its reactance
decreases and the output across this
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reactance decreases correspondingly. If
the total circuit capacitance is in-
creased by addition of a shunt capac-
itor, then, as previously explained, the
load resistance must be corresponding-
ly decreased to maintain the same time-
constant as before. It may well work
out that if the load resistance is 500,000
ohms, the additional shunt capacitance
required may also provide a satisfac-
tory amount of signal attenuation.

As pointed out earlier, treble boost is
required when an amplitude-responsive
cartridge is used (see Fig. 9). Ordi-
narily this is provided by the piezoelec-
tric cartridge through mechanical res-
onance, controlled in amplitude and
range by damping and other design
techniques to approximate the RIAA
equalization requirement.

It may be desired to convert the
piezoelectric cartridge into a velocity-
responsive device so that it may be fed
into an input jack intended for a mag-
netic pickup. In most control ampli-
fiers this has the advantage of allowing
the user a choice of playback equaliza-
tion characteristics, some intended for
78 rpm records and others for 33% rpm
discs made prior to the adoption of the
RIAA curve.

There are two simple means for such
conversion: (1) a small capacitor can
be placed in series with the” cartridge
as shown in Fig. 12. This produces
high-pass filter action so that output
rises with frequency as in the manner
of a magnetic cartridge, or (2) a small
load resistor can be placed across the
cartridge, as in Fig. 13. This, too, re-
sults in rising output with frequency.

Neither the series capacitor nor the
shunt resistor should be so small as to
produce high-pass action throughout
the treble range. As already mentioned,
the cartridge has built-in treble boost
due to mechanical resonance. There-
fore, the rise in output should level off
at an appropriate point in the treble
range, viz., at about 5000 cycles.

To illustrate, assume that the load
resistor in Fig. 12 is 500,000 ohms. In
order to have a turnover frequency of
approximately 5000 cycles (rise in out-
put within 3 db of maximum), we find
the necessary series capacitance by
means of the formula C =1/(27fR) =
64 ppfd. (approximately). The nearest
standard value would be satisfactory.
In the case of Fig. 13, assume that total
circuit capacitance is 700 ppfd. We find
the necessary load resistance by means
of the formula R =1/(27fC). Using
the figure 5000 cycles as f, R turns out
to be about 46,000 ohms; a 47,000 ohm
resistor will do.

If signal output is excessive after the
cartridge is converted to a velocity-re-
sponsive device, signal attenuation can
easily be achieved by using a voltage
divider as the load resistance. As long
as the total load resistance is less than
about 250,000 ohms, it is not likely that
high-frequency loss, such as discussed
in connection with Fig. 10, will occur.

Manufacturers of piezoelectric car-
tridges sometimes recommend a more
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SERIES CAPACITOR

R, OUTPUT
(TYPICALLY
S00K)

C IS CHOSEN SO THAT __;L_
ITS REACTANCE EQUALS
THAT OF R_ AT ABOUT =

5000 CYCLES. THUS C =

= 64ypfd. (WHERE R = SOSK)

Fig. 12. Small series capacitor converts
crystal pickup to velocity-responsive unit.

| -

Fig. 13. Use of small load resistor makes
crystal cartridge velocity-responsive unit.

-|—c. 3
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R, IS CHOSEN SO THAT ITS
REACTANCE EQUALS THAT OF 7=
Cc AND Cg IN PARALLEL AT ABOUT
|
5000 CYCLES. THUS R, * 5— CTeIRE000
ASSUMING C + C_ * 700ptd.

R » e
(YT X 700 X 5000 a6k

%
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NOTES: A =cable capacitance and input stage

device.””

MAXIMUM NETWORK FOR

CARTRIDGE CAPACITANCE ~ RECOMMENDED  1,04D CAP. CONVERSION TO
. (Note A) VELOCITY DEVICE

Astatic 81-TB 400 ppfd. 2 meg. (Note B) 100 upfd. (Note B) Fig. 14A
Astatic 89-TB 600 ppfd, 2 meg. (Note B) 100 uufd. (Note B) Fig. 14A
Electro-Voice 80 300 uufd. 3 meg. 100 puufd. Fig. 14B
Ronette TX-88 1500-1800 wpfd. 500,000 ohms Note C Fig. 14C
Shure ML-44 25 ppufd. Fig. 14D Note C Fig. 14E
Sonotone 31-S 490 upfd. 2.7 meg. (Note D) 100 wufd. Fig. 146
Webster MC-1 510 ppfd. 51 to 3.3 meg. 100 puufd. Note C
Zenith 500 uufd. 1 meg. 100 ppfd. Note E

pacitance for the recommended load resistance. Higher load capacitances are permitted with
smaller load resistances, as discussed in text; B = the manufacturer states, ‘‘Load resistance,
in megohms, multiplied by total capacitance (cartridge, cable, etc.) should equal approx-
imately 1000"’; C =information not supplied by manufacturer; D =see Fig. 14F for alternate
load network recommended by the manufacturer for maximum flatness of response; E =the
manufacturer states, ‘“We do not recommend the conversion of this pickup into a velocity

For information on cartridges not covered, contact the manufacturers direct.

capacitance. This is the maximum load ca-

Table 2. Characteristics and loading for representative piezoelectric cartridges.

complex network than a simple series
capacitor or shunt resistor to make the
pickup velocity-responsive. The pur-
pose of the network is to obtain some-
what flatter response.

Table 2 shows the capacitance, rec-
ommended load resistor, and permissi-
ble shunt capacitance with this load
resistor as given by the manufacturers
of a number of popular piezoelectric
cartridges. The table also indicates the
means, if any, suggested by the manu-

facturer for making the cartridge ve-
locity-responsive.

For those few special cartridges, such
as the FM type, which do not fall in
either of the categories discussed, the
specific recommendations outlined by
the manufacturer must be followed.
Also, for information on magnetic and
piezoelectric cartridges not covered in
Tables 1 and 2, the cartridge manufac-
turer should be contacted for the cor-
rect information.

Fig. 14. Networks referred to in Table 2 for making conversion to velocity device.
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Hartley 217-Duo

Sonotone “‘Caprice’”’

Heathkit SE-1 and SC-1's

naturally everyone wants ‘‘a piece

of the cake.” The gimmick artists
are well in evidence. This is a pity,
because stereo can get quite confusing
enough if we stick to the strictly legit
end.

“Hear your hi-fi in three dimen~
sioms!” is the substance of some stereo
promotion, which carries the implica-
tion that, until now, our poor little ears
must have been struggling along in
only two—or that we have only been
using one ear! The fact is that, for
two-eared people, listening has been a
stereophonic experience from birth. So
what do we really expect stereophonic
sound to add to high fidelity ?

This is the first thing we should get
straight. It will help us a lot in under-
standing how to pick and use loud-
speakers to get the best from stereo
program material. Single-channel high
fidelity, nowadays called monaural
(which admittedly is not a good name,
because it means “one-eared’”) or
monophonic, has the limitation that an
original performance occupying four

STEREO is big news these days and

60

Bozak Model B-304

Ampex Model A-423

1'

General Electric A1-406

Loudspeakers for Stereo

By NORMAN H. CROWHURST

What speaker system should you use for stereo?

PART

This article will help you to make a choice.

dimensions (waves in three-dimension-
al space and time) must be compressed
into two (magmitude of fluctuation with
time) for recording or transmission.
This must lose some of its identity,
although the reproducer puts it back
in four dimensions again. But it is im-
possible, from the limited “data” that
can be conveyed in a two-dimensional
channel, to reconstitute the original
with four-dimensional precision.

Our hearing faculty has acquired the
capacity to give us a quite accurate
impression of the four-dimensional
events going on around us from an
analysis of two “two-dimensional chan-
nels,” one received by each ear. But
analysis and synthesis are different
things.

Our hearing faculty can give a won-
derful sound picture of the world
around us from this analysis; but it
would be quite impossible to use this
two-channel-transmitted sound picture

" to recreate the world of sound: a dum-

my head with the most complex elec-
tronics in the world could not produce
the noise of an aircraft 5000 feet up!

Nor can two loudspeakers project an
orchestra. This idealized concept of
stereo is certainly a basic fallacy.

The viewpoint that is more success-
ful as an approach to stereo is that
conveying the total sound on two chan-
nels gives us twice the potential that
one does for achieving a realistic illu-
sion. In particular, this potential lies
specifically in the improvement of per-
spective.

So we should visualize stereo as a
system in which, basically, we have two
channels instead of the one used in
mono. This may seem obvious, but it
is the only thing that is basic in stereo.
Beyond these two channels, the success
of the illusion depends on what is done
at their two ends: the microphone and
recording technique at the input; and
the playback and loudspeaker arrange-
ment at the output.

Each of these variables provides the
possibility for a wide variety of com-
binations. Microphones with at least
three variations in directivity can be
used in any number and placement, and
their outputs combined in different

HI-FI ANNUAL & AUDIO HANDBOOK



HIEASONABLE
STEREO

(A)

AREA OF

AACA OF REASCMABLL STERED 5_.!r.

8)

Fig. 1. Spaced speakers in a small room (A) may restrict the area of acceptable
stereo. The composite system in a single enclosure (B) may do a better job here.

ways to produce the final two stereo
channels. There is an almost similar
range of possibility for variation in the
use of loudspeakers.

But we’ve said enough to show that
stereo is not the simple thing some
theorists have suggested. Instead of
proceeding further on how complicated
it can get, let’s deal with some specific
questions.

1. Some recommend a stereo system
with two loudspeaker systems in a sin-
gle enclosure, while others insist stereo
can only be obtained with two speakers
spaced apart along a wall. Which is
best ?

This depends. Each can be “best” in
circumstances suited to it. Probably
most important of these is room size.
In a small room it is practically impos-
sible to find more than a very small
listening area where one is not much
nearer to one speaker than the other, if

(A)

Fig. 2. Composite system (A) may be limited in coverage of
larger room. Spaced speakers (B) may do a bettter job here.

Fig. 4. Coverage claimed for CBS “Isophonic” system. ’

Fig. 3.

extreme left (C).
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Synthesis of radiation with both units in-phase (A),
out-of-phase (B), and when radiation represents a source to
Solid arrows are instantaneous motion due
to sound wave; broken arrows arc used to represent the prog-
ress of the sound waves in their composite development.

AR

spaced units are used. (Fig. 1A). By
using a single enclosure system, all
parts of the room are at a commen-
surate distance from the two loud-
speakers (Fig. 1B) and the stereo pat-
tern is created in any location by the
transverse component of the sound
wave, caused by the difference in radia-
tion from the two units (Fig. 3).

But in larger rooms the relative
merit is almost exactly reversed. The
transverse component of the wave only
holds a reasonable strength for a very
small distance from the composite
loudspeaker system, so the successful
listening area will be confined to a
narrow line down. the middle and a
slight enlargement right at the front
(Fig. 2A). On the other hand, the
larger room dimensions enable spaced
speakers to “push out” the stereo effect
further and only comparatively small
areas of the room are now uncomfort-
ably close to one speaker (Fig. 2B).

o PN

(8)

A secondary factor is the way the
program was miked. This may be a
deciding factor in medium-sized rooms
—say about 15’ by 20’ or a little larger.
The hearing faculty bases its analysis
on the time difference of various sound
components in the composite wave
reaching each ear. But to maintain this
correct time difference, without exag-
gerating or reducing it, proper propor-
tion must be kept between time and
intensity differences.

If widely spaced mikes are used for
pickup, combined with widely spaced
loudspeakers for playback, the time
difference is going to get exaggerated
at some listening locations in the room
to the point where an echo, or double
image, rather than perspective results.
This would be particularly pronounced
on material such as strings played
pizzicato.

On the other hand, if time difference
on the channels is small and intensity
difference has been accentuated, either
by using directional mikes close to-
gether but facing different directions
or by using electronic mixing of mikes
close in to individual instruments, the
“projection” of the stereo illusion will
be strictly a function of speaker spac-
ing to “create” a time difference at the
listener’s ears.

Thus, within certain room size
limitations, program made with a wide-
spaced mike technique should use
loudspeakers close together (in one
cabinet) while program that used
close-together (directional) mikes
should be reproduced on widely spaced
loudspeakers.

2. Different, and quite conflicting,
statements have been made about the
contribution made by various parts of
the audio spectrum to the stereo illu-
sion. Just what are the important
‘“stereo’’ frequencies?

Unfortunately, a lot of work has
been done using continuous steady
tones, either fed through headphones
or using multiple loudspeakers. From
these experiments various deductions
have been made as to the dependence
of our sense of direction on intensity
and phase differences at different fre-
quencies. The deductions conflict be-
cause of different measurement tech-
niques.

£ P

ISOPHONIC
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'\‘ UNITS
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However, other work shows that
these results are not relevant to the
stereo illusion perceived on “live”
sounds. A particularly effective demon-
stration of this fact occurred in work
with the Perspecta system of stereo for
theaters. If, for example, the initial
beat of a drum is accurately located by
the stereo illusion, it is practically im-
possible to tell that the follow-through
‘“oing” shifts clear across stage, even
when you know it does.

This is equally true of other types of
sound. Only sounds generating tran-
sient components continuously, such
as speech or a succession of different
notes being played, enables a moving
source to be followed. A tone contain-
ing repetitive sharp transients, such as
an aircraft motor, will also make this
possible.

The hearing faculty seems to identi-
fy the direction of the composite tran-
sient, rather than of individual
frequencies it contains. If the time
difference is identical for all these com-
ponent frequencies, then the sense of
“integrity,” both of position and the
sound itself, is improved.

But what does this mean, as applied
to reproducers for stereo? The differ-
ence in conclusion largely concerns the
higher frequencies, from 1000 or 1500
cycles up. It occurs because different
methods are used to ‘“generate” the
right differences at the ears of the
listener.

With the wide-spaced loudspeakers,
difference in intensity of radiated sound
produces a time difference at the ears,
due to the obstacle effect of the head,
that depends on frequency. At higher
frequencies the difference is likely to
be altogether greater than for lower
frequencies, invalidating a proper asso-
ciation of the high-frequency com-
ponents with the lower ones. So with
this arrangement, it is not surprising
that critical tests show that the very-
high-frequency components do not con-
tribute anything to the stereo illusion.

With speakers close together, and
employing directional radiation, the
higher frequency contribution to the
stereo illusion is due to the precedence
effect. A speaker directly facing the
listener, and having the greater inten-
sity, will localize itself as the source.
If the higher frequencies come from
the other speaker in greater intensity,
however, the source will be delocalized
and the hearing faculty will associate,
by comparison, these components with
the lower frequencies to which they be-
long. Thus use of a different.type of
speaker enables the higher frequencies
to contribute a useful part to the
stereo illusion.

3. What about the statement that the
same loudspeakers used on stereo show
an improved frequency response?

Common sense urges that this can-
not be so—how can a loudspeaker
“know” whether it is handling mono
or stereo? And yet people who have
experimented with it swear they can
hear the difference.

Altee Laniing 8344

EICO Model HFS-2

Extension of apparent range at the
low end is relatively simple and there
is little argument about it. Two units,
even on the same program, will put out
more bass than one, other things being
equal. The same improvement in this
direction naturally shows up on stereo.
But this cannot be the reason at the
high end.

Did you ever hear any audio com-
ponents above 4000 or 5000 cycles?
You've heard background hiss in this
range and you've heard the improved
clarity of certain instruments when
this range is there, compared with
when it is missing. But have you heard
those components by themselves? This
is the answer. You identify presence of
these frequencies by the improved
clarity they bring to individual instru-
ments you could hear without them.

Stereo also does this, by a different
means. It improves clarity of individu-
al instruments by giving them separate
localization. And because both effects
serve the same purpose to the hearing
faculty—improved clarity—it takes an
unusually well-educated hearing to de-
tect the difference. A definite illusion
of improved high-frequency response—
as we have become familiar with it—
is obtained.

4. What about the idea of using one
speaker for all the bass with separate
speakers for treble?

Some say this can be done—in fact
they do it, while others say separation
of the lower frequencies into the two
channels is definitely necessary to
stereo. This question hinges on ‘“lower
than what?” What crossover is used?
I asked one speaker manufacturer who
took the second viewpoint what cross-

Knight Model KN-2000

over he used. He had only tried it with
one of his regular units, using his regu-
lar crossover at a frequency of 1000
cycles.

There’s your answer. The people
who do it successfully use a crossover
of 250 cycles—two octaves lower—or
at the highest 400 cycles. This makes
a tremendous difference. At 250 cycles
the wavelength of sound in-air is more
than 4 feet; at 1000 cycles it is only
just over 1 foot.

At frequencies far below 250 cycles
(which in theory may be marginal, but
those who use it have checked that it
is a satisfactory transition point) the
frequency content of both stereo chan-
nels is not only sensibly in-phase, there
can also be little difference in intensity.
So no noticeable “error” is involved by
“putting the two together.”

“But how about transients?,” I have
been asked. Now just what is a low-
frequency transient? Some visualize a
low frequency, below 250 cycles, that
starts abruptly. But a low-pass filter,
rolling off at 250 cycles, will not allow
such an abrupt start. If a 250-cycle tone
is keyed on, or started with a blast, this
start will contain a range of compo-
nents above 250 cycles, not below it.
And the click, or burst, associated with
the commencement of the 250-cycle
tone, will identify its location quite
successfully, even though the body of
sound always comes from the center
loudspeaker!

At one demonstration of a common-
bass system, I went to within about
two feet of one of the small speakers
(they were over 20 feet apart) before
my ears could tell the bass was coming
from somewhere else. So it definitely
works—at that frequency.
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5. When a center speaker is used for
common-bass, with side stereo speak-
ers, can some of both channels also be
combined and fed to the center loca-
tion, to give “center fill”’?

This is a “loaded”’ question. A paper
presented by CBS Labs at the fall AES
Convention stated that using any such
center fill would destroy proper stereo,
while the Stephens ‘“Stereodot” system
actually mixes program from both side
channels to feed to the center.

But a closer look shows there is good
reason for the apparent contradiction.
The CBS system—and they only said
this in reference to that system—uses
what they term an Isophonic loud-
speaker for the side locations. This is
a small unit mounted on an open baffle,
pointing inwards at an angle of 60°
(Fig. 4). For esthetic purposes it is
housed in an enclosure that makes it
look as if it points toward the front.

This system, above 250 cycles, uses
the special shaped radiation pattern
produced by the open-backed speaker
(a figure of 8, of which only part of the
front ‘“lobe” is used). Correct sense
of “location,” in this system, depends
on the way the radiation from just the
two side ‘“Isophonic” speakers com-
bines. So use of a center fill unit would
upset this combination.

“Stereodot,” like some systems rec-
ommended by other manufacturers,
uses small “pressurized” units (with
sealed backs) for the side speakers,
above the common-bass crossover fre-
quency. This far, the system is con-
ventional, and quite different from the
special distribution pattern of the CBS
Labs system. So it will no more invali-
date stereo to use center fill here than
it does in any basic two-speaker stereo
system, such as the Klipsch ‘‘Heresy.”

I didn’t want to mention names in
this part of the article, but it seemed
unavoidable here. However, my reason
for using this information is that it il-
lustrates how using a different type
of loudspeaker radiation pattern can
completely change things.

6. Some have asserted that a basic
requirement for good stereo is an omni-
directional loudspeaker, while others
deliberately use the directional char-
acteristics of loudspeakers to obtain
“best stereo effect.” Which is best?

The basis for this difference has al-
ready been touched on in answer to the
previous questions. The second part of
this article will go into more details
about actual systems. But the basic
facts we can state here.

When the two stereo speaker sys-
tems are contained in the same cabinet
(or are that close together), the radia-
tion of the middle and upper frequen-
cies must be directional for successful
stereo. On the other hand, with a cer-
tain so-called “ideal” spacing for stereo
speakers (which depends on room size,
incidentally), best results will be ob-
tained if the units are diffused to the
point of an omnidirectional radiation.

But when you don’t have a room that
suits this “ideal,” it needs individual
consideration for its particular needs.
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A new

40-watt

stereo
preamp-amplifier
in kit form

for only

$79.95

by

PACO

also
available

factory wired
for $129.95

Ask your own
Audio-Radio-TV
Serviceman about

PACO and PRECISION
products. He'll tell you that
they always live up to their
specs. That's why we can
say that the PACO SA-40
is the last preamp-amplifier
you'll ever have to buy

Available at leading electronic
parts distributors and
wherever good sound is sold.

For complete information
write to:

PACO
Electronics Co., Inc.

70-31 84th Street
Glendale 27,L.1,,N. Y.

A Division of
PRECISION

Apparatus Company, Inc.

Export:

Morhan Exporting Corp.
458 Broadwa
N.Y.I3,N. Y, US.A.

Canada:

Atlas Radio Corp., Ltd.
50 Wingold Ave.
Toronta 19, Ontario

The last
preamp-

amplifier
you'll ever
have

to buy s

PACO is the kit division of PRECISION Apparatus Co.,
Inc., world famous manufacturers of laboratory electronic
instruments for over a quarter century. The new Model
SA-40 is the first of a series of component high fidelity kits
from PACO...engineered for utmost performance and last-
ing value—designed for maximum eye-appeal.

Whether you’re an experienced audiophile or a newcomer
to the thrill of high fidelity, the factors you must consider
in choosing the amplifier you need are:

POWER, DISTORTION, FLEXIBILITY and VALUE.

The PACO SA-40 offers you greater reserve power capacity
than any other preamp-amplifier in its category. Its excep-
tional circuit design assures highly stable performance with
extremely low distortion. Step-by-step assembly instructions
and giant-size wiring diagrams are so clearly detailed and
simple that the technical difference between expert and
novice disappears. And...the SA-40 provides maximum
flexibility in any stereophonic high fidelity system...present
or contemplated.

For those interested in engineering details, some of the
more important technical specifications are listed below:

POWER OUTPUT:
Steady State Power Output: 20 watts per channel,
40 watts total.
Music Waveform Power Output: 25 watts per channel,
50 watts total.
Peak Power Output: 40 watts per channel,
80 watts total.
RESPONSE: 30 cps to 90 Kc, & 1.0 db.
DISTORTION:
Harmonic: Less than .2% at 20 watts per channel output.
Less than .1% at 10 watts per channel output.
Intermodulation: Less than 1% at full rated output.
FRONT PANEL CONTROLS AND SWITCHES: 14 controls
including separate bass and treble controls for complete
flexibility with any monophonic or stereo program source.
INPUTS: 14 total; 3 dual high-level and 4 dual low-level.
OUTPUTS: Dual tape outputs, separate preamp output as
well as standard dual speaker outputs.
HUM AND NOISE LEVEL:
High Level Input: 80 db below rated output.
Low Level Input: 70 db below rated output.
Tape Input: 65 db below rated output.
SPEAKER CONNECTIONS: 4, 8, 16, 32 ohms.
SENSITIVITY FOR RATED OUTPUT:
Aux Input: .75V Phono 1: (Magnetic) 5 Mv.
Tuner: .75V Phono 2: (Magnetic) 5 Mv.or Ceramic.3V
INVERSE FEEDBACK: 25 db
DAMPING FACTOR: 22
BASS TONE CONTROL RANGE: * 15 db at 50 cps.
TREBLE TONE CONTROL RANGE: * 15 db at 10 Kc.
RUMBLE FILTER: 6 db per octave below 50 cps.
EQUALIZATION: Phono: “RIAA"; “EUR";
Tape: 3% and 7% ips, NARTB
TAPE OUTPUT LEVEL: 2 volts per channel.
POWER SUPPLY: Silicon diode, low impedance for minimum
distortion on extended high level passages.
EXTERNAL DESIGN: Gold and satin black hooded case, with
panel illumination and satin gold panel.
DIMENSIONS: 15%” wide x 113%” deep x 5%” high
Model SA-40: Complete with case and step-by-step
assembly-operating manual .............. Kit Net Price $ 79.95
Model SA-40W: Factory Wired .................... Net Price $129.95

COMING SOON — MODEL ST-45
AM/FM STEREO TUNER KIT
matching companion

for the SA-40




Loudspeakers for Stereo

&

GOOD many loudspeaker manufac-
Aturers have put in a lot of work
finding out just what “makes ster-
eo.” They may have come up with dif-
ferent conclusions (which adds to the
confusion), but one can credit them
with honest effort, both for their re-
search and in making available prod-
ucts consistent with their “findings.”
We discussed the reasons for these
differences in Part 1 of this article—
so now let us consider some other as-
pects. Some manufacturers have been
quite “purist” and produced only sys-
tems that give stereo in its best or
“final” form; if you want stereo, ac-
cording to them, don’t settle for any
half measures. Others have catered to
people who have monophonic hi-fi and
want to convert to stereo by adding a
channel (as a first step, at least) or
for people with practical limitations:
no room for the ‘“‘conventional” set-up
or an awkward shaped listening area.

"Add-On Units"

Early in the field of the ‘“add-on”
market was Electro-Voice with the
“Stereon.” This is a versatile unit in-
tended to take the mid-range and highs
of the second channel (left or right)
while the bass of both channels is fed
to the bass unit of the original system.
A filter is provided to do this, as shown
in Fig. 7. University has also intro-
duced three add-on “Stereoflex” units.
However, with some University woof-
ers, the dual voice-coil makes the filter
for diverting bass from the second
channel to the original woofer unneces-
sary. One voice-coil of the ‘“common”
woofer is fed from each amplifier out-
put by a relatively simple connection
(Fig. 5).

This add-on approach is not favored
by other manufacturers, however. They
feel that in most instances the add-on
unit will eventually be abandoned in
favor of a more ideal system. While
this is probably true, there may also
be some places where ‘‘one large, one
small” fit so well they will remain. It
can give quite good stereo presentation,
although admittedly, where -circum-

stances allow, better arrangements are
possible.

Another approach that can be con-
sidered as an “add-on” one is the
Stephens “Stereodot,” although this is
really a system approach. However, it
can be added on to an existing hi-fi
system by including two ‘‘Stereodot”
side speakers (which are very small)
and the control unit. It is an extremely
versatile system because the small
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Part 2

Some special speaker setups
that represent the various
manufacturers’ answers to
the best way to hear stereo.

Fig. 5. This is the connection possible-
with the University “Stereoflex” as em-
ployed along with double-wound woofer.
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“Stereodot” units can be mounted al-
most anywhere. It also provides for
“center fill” by feeding a mixture of
middle and high frequencies to the
original wide-range loudspeaker, as
well as using it for the bass of both
channels (Fig. 8).

A very versatile system in this cate-
gory is one used in several Columbia
consoles. This is not so much an add-on
deal as it is a unit with which you can
do many things. Primarily designed as
the master unit of the “Isophonic” sys-
tem (mentioned in Part 1) when used
this way the console speaker handles
common bass only, with the left and
right mid-range and highs (above 250
cps) being fed to the small “Isophonic”
units. The difference between this ar-
rangement and the Stephens system
was explained in the previous article.
Additionally, a jack-plug arrangement
permits the same console to be used
with another full-range speaker sys-
tem, feeding one channel (left or right)

to the external speaker and one to the
internal speaker. The possible combi-
nations are shown in Fig. 9.

Of course, many other systems can
be built on the add-on principle, merely
by buying another unit similar to the’
one you already have and installing
the additional electronics somewhere.

It would be impossible to describe
here the variety of ways in which this
can be done. But we should warn
against buying_ a second very large

multi-unit system. Not only will the
distaff side probably object to your
hobby occupying too much of the living
room, you will not get the best stereo
—in fact you may not get stereo,
period! Speakers for stereo must give
an impression of point-source radiation,
if you plan to use two alike, spaced
apart in the conventional manner. If
you already have one of these large
“superdupers,” I have two suggestions:
either buy a complete separate stereo
system and keep the original for mono
only or else buy one of the add-on sys-
tems, utilizing your single system for
part of the stereo—but not for just one
channel.

"Unitized" Approach

So much for the add-on approach.
Next we turn to the ‘“‘unitized” ap-
proach—putting a complete stereo
loudspeaker system for both channels
into one cabinet. Several people have
done this—in slightly different ways.

Most of these are essentially an ap-
proach for the small-to-medium sized
room. Some angle the speakers out-
ward for direct radiation (Fig. 6A);
some point them out opposite ends
with movable reflectors (Fig. 6B) ; and
at least one (University ‘“Trimension-
al”) does this with the reflectors in
front of the units (Fig. 6C) so as to
further utilize wall reflections. Some of
them use common and some separate
woofers. The University version uses
a common woofer with twin voice-coils
and utilizes radiation between the cabi-
net back and room wall to improve the
low end.

Each of these arrangements uses
outward-facing units for the mid-range
and high frequencies. Used on stereo
material, they each can project sound
that appears wider than_the piece of
furniture from which it actually comes.
Choice should be governed by the
acoustics of the room in which you will
install it, bearing in mind that too
little reflection can sound “dead’” while
too much results in confusion. The di-
rect radiator, without reflectors, will
perform best in recreation-type rooms
while a type provided with doors that
bounce sound off the wall deliberately.
are better in a room that is “well up-
holstered.”

Quite another type of single-ptece-of-
furniture entry is the Ranger-Lansing
“Paragon” (Fig. 10) and its junior
version, the “Metregon.” These cross-
fire the sound into a curved reflecting
surface, the object of which is to even
out the mean path distance from each
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REFLECTING DOORS
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unit to the listener in various parts of
the room, thus spreading the area of
acceptable stereo. The reflector alters
the apparent position of the two units
according to where you sit, so as to
optimize stereo in different positions.

This optimizing of the presentation
in different positions in the room
should not be confused with providing
“center fill.” Actually the latter is best
done by using better microphone tech-
niques in recording. Where this has not
been done, a center loudspeaker may
help to a limited extent. At the same
time, this hole-in-the-middle effect can
be more noticeable with some types of
loudspeaker than others. The horn
type produces an effectively large area
sound source and is more prone to
exhibit the effect just mentioned than
some other types.

For this reason, Paul Klipsch, who
advocates horn-type loudspeakers at
opposite ends of the longer wall of a
room (Fig. 11) developed his “Heresy”
for the middle position, together with
a simple phantom circuit for connect-
ing it to virtually any pair of stereo
amplifiers, so it receives a matrixed
signal. This is also the philosophy be-
hind the remixing of middle for the
center speaker in the “Stereodot” sys-
tem.

But optimizing stereo, so its effect
can be heard in positions other than
center is another thing. This is what
various approaches try to do in differ-
ent ways. The deviant sources of Fig. 6
do it by changing the type of sound
distribution from each unit received in
different parts of the room.

The cross-fire-with-reflector system
on Ranger-Lansing does it by shifting
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=== Fig. 6. Three basic
constructions used
for unitized cabinets.
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the apparent loudspeaker unit positions
according to where you sit. The ‘Iso-
phonic” system of Columbia utilizes the
radiation pattern in yet another way,
to modify receiver intensity from each
unit according to where you sit. Each
of these three methods works, but pro-
duces different results. Which is best?

While, as we have said, this may
vary with individual rooms in which
they are tried, the difference is also
subject to individual hearing faculties
and experience and although I may not
be very helpful in saying this, the only
way to know which suits you best is to
conduct some careful listening tests of
your own.

Stereo Bass

In going over different systems—or
for that matter, individual speakers too
—you will find a further area of con-
flict lies in the kind of unit used to
provide bass response. Paul Klipsch
won't hear of anything but a corner
horn, except for the center fill. Other
manufacturers ‘maintain — as almost
anyone would have until a year or so
ago—that a speaker must be big to get
good bass. Edgar Villchur (of Acoustic
Research) says that there is merit
in a low-efficiency and small bass sys-
tem.

So what kind of bass is good for
stereo? As was explained in Part 1,
pure bass is not materially stereo-
phonic in any ordinary sized living
room. But music is deficient without
bass that is supposed to be there, so
stereo should have just plain, good
bass.

Some of the earlier small bass units
relied on harmonic generation to give

e
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ONLY (16 OHM)
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Fig. 7. Connections and network arrangement for the Electro-
Voice “Stereon” “add-on” unit is shown in this illustration.
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Fig. 8. Block diagram and connections that are utilized in
the Stephens’ “Stereodot” loudspeaker arrangement. See text.

1960 EDITION

TOP RATED ESL-51000 G
BALANCE TON

With your purchase of the REK-O-KUT N-33H
(333 rpm) turntable with hysteresis motor,
SHURE M3D stereo cartridge, and wood BASE;
your cost $134.90 . . . you will receive the
ESL arm shown above ABSOLUTELY FREE!

All units brand new with full warranty. Shipments f.o.b.,
N. Y. C. Base available in mahogany, blond or walnut,

Write too for audio discount catalog A10.

KEY ELECTRONICS COMPANY
120 LIBERTY ST, N.Y.6,N. Y.

STEREO-FAX

Provides Stereo Realism
From Monaural Source

T

Hear new depth and brilliance from your
monaural tape and record collection by in-
stalling the STEREO-FAX in your high fidel-
ity stereo system. This network component
permits you to take full advantage of your
stereo system with all monaural program
material by introducing phase displace-
ment between amplifiers. The result is ex-
traordinary realism. Get new enjoyment
from ALL radio broadcasts. Written up in
Hi-Fi Directory and other leading publica-
tions. Unit comprises a passive RLC circuit
requiring no power source. Easily installed
without disruption of existing hook-up.

STEREQ-FAX =1~
EMPe2

Available only by mail, postpaid if cash
with order, or C.0.D. plus postage. (Calif.

residents add 4% tax.) Shipping weight
approx. 1Y Ibs. for either model. Complete
technical data, simple installation instruc-
tions, and schematic included with each
order. Satisfaction guaranteed.

AUDIOPHILE MODEL U-3A $19.95
STANDARD MODEL U+4B $16.95

ORDER NOW or write for full information
Gaylor Products Co. $5%%
11100 Cumpston St., No. Hollywood, Calif.
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Fig. 9. Arrangements used in Columbia con-
soles: (A) and (B) use 2 fullrange speak-
ers; (C) combines lows in central woofer
and mid-range and highs to external units.

IRECT, R

Fig. 10. Basic arrangement used in Ranger-
Lansing “Paragon” and “Metregon” units.
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Fig. 11. Klipsch’s recommended setup. with
2 corner horns and “phantomed’ center unit.

Fig. 12. Method of getting good horizontal
distribution and avoiding unnecessary ver-
tical spread with extended-range units.
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a “false bass”’—Ilike the car radio bass,
but more modern approaches have re-
sulted in units that do give real bass
from much smaller units than hitherto
was believed possible. Some manufac-
turers claim that trying to get big
bass from small speakers is defying
‘“the laws of physics.” I think it would
be more accurate to say that some de-
signs have found some ‘“loopholes” in
these “laws.”
But do satisfy yourself that the unit
you buy does give genuine, clean bass
that is adequate for the room in which

you will play it and working from the
amplifier you will use.

Two Identical Units

So much for the ‘system” ap-
proaches, some of which come pretty
much “ready-made’” while others give
plenty of scope for experimentation.
But another approach that offers wide
appeal for two reasons is of the two-
identical-unit variety.

This may come either as separate
loudspeakers which connect to an
equipment cabinet or with the equip-
ment included in one ensemble with a

RADIATION COMBINES IN
HORIZONTAL PLANE
CANCELS IN UP
AND DOWN DIRECTIONS
(DASHED ARROWS)

companion speaker to match. In
achieving stereo, both offer similar
prospects. Also some systems come as
a matching set of three which can
stand close together thus simulating
the one-piece system or be spaced far-
ther out if this is found necessary in a
particular listening room.

Directivity

But we now get into another differ-
ence over which to choose: directional
or diffuse radiating (omnidirectional)
type loudspeakers? On this score most
speaker manufacturers belong to one
school or the other.

The omnidirectional school uses dif-
fuse radiators so that sound exclusively
from one unit will be identified with it
—wherever you are in the room. Cor-
respondingly different proportions of
sound from the two units will be “lo-
cated” somewhere between, although
that “somewhere’” may differ with dif-
ferent seating positions relative to the
speakers.

A directional loudspeaker is a useful
adjunct for improving coverage, espe-
cially where provision is made for aim-
ing it, independent of its location, as
provided by the Jensen ‘“Director” as-
sembly both in separate units and the
unitized variety, or by Goodmans in its
“Stereosphere” (which can be used as
part of an installation similar to the
“Stereodot”).

Directivity of the “stereo” units can
be used either to improve the stereo
effect in one’s favorite listening seat,
although the speaker symmetry is not
ideal (due to room shape, for example),
or to cover a “long shot” position to
improve uniformity throughout an
area.

One good way of getting a loud-
speaker truly omnidirectional in the
horizontal plane is to ‘“point” it up-
wards. The Hegeman-designed unit put
out by EICO is an example of this de-
sign approach. If the Goodmans ‘‘Stere-
osfere” is aimed straight up this does
the same. But to give smooth omni-
directional radiation, such units should
be close against a wall to avoid unde-
sirable reflection effects from produc-
ing effective “double image.” This way
the reflected radiation merges com-
pletely with the direct radiation.

A unit designed to have a highly
dispersed radiation from its front only
may actually be more uniform in its
radiation in some situations—especial-
ly if the room arrangement prevents
its being close to the wall—due to a
radiator or window, for example.

Another factor, besides shape of the
area to be covered, is the furnishings
although this can cut both ways in dif-
ferent circumstances. In a recreation-
type room, with all hard surfaces, a
directional pattern that spreads hori-
zontally but restricts vertically is ar
asset. The JBL ‘“Koustical” lens, with
its appropriate driver and horn, pro-
vides one way of doing this. A less ex-
pensive way is to use a vertically
aligned row of small direct-radiator
units, connected in-phase as shown in
Fig. 12. Otherwise, an essentially omni-

directional or diffuse radiation is best
for this kind of room.

Rooms with heavy drapes, wall-to-
wall carpeting, and heavily upholstered
furniture come at the other extreme.
Generally speaking, these are more tol-
erant of loudspeaker types as regards
radiation pattern, so concentrate on
getting the smoothest response. But
sometimes the room shape will tend to
produce ‘“dead spots” where the sound
gets lost. By “beaming” the sound into
these spots with a director system,
more complete coverage can be ob-
tained.

That’s the story with the well-estab-
lished and by now familiar dynamic
speakers, but this year several new
names have appeared in the electro-
static (I prefer the term ‘electric”’—
there’s nothing “static” about sound
radiation) speaker field. Most of these,
thus far, are tweeters or mid-range and
tweeter, but at least two claim full-
range with electric units only.

Electrostatic Speakers

One objection to electric units has
been their directional property — a
small, flat unit will send out a narrow-
angle beam that gets narrower as the
frequency gets higher. But this assumes
a flat—or near flat—shaping. Actually
there seems to be a good reason why
this form should be more pliable in
making a desired shaping than the
more familiar dynamic. Even now,
Electrocoustic claims a unit that has
adjustable directivity by hinging both
the radiator and the reflector. The firm
says it includes the possibility of omni-
directional radiation. This does pro-
vide considerable variation which is a
nice feature. In addition, Wright'St.
George is featuring a number of varia-
tions including an adaptable “modular”
scheme.

A question arises here about the size
needed for adequate bass response.
This depends on how far the diaphragm
can move. Large movement will pro-
duce corresponding bass response from
a smaller surface area but larger
movement requires wider spacing be-
tween the fixed and moving elements,
a higher impedance amplifier output
(which can be provided in a transform-
er which comes with the speaker), and
a very much higher polarizing voltage.
This gets into insulation problems ,
which, until recently, have seemed
insurmountable. But at last it looks
as if a break-through is being made.

When the electrostatic speaker was
thought of as essentially a small-move-
ment device, the only way full-range
response, including bass, could be visu-
alized was by making at least one
whole wall of your room a speaker—
which is hardly practical for most of
us. That got into a sound radiation con-
cept that was quite the opposite of the
conventional dynamic which uses a rel-
atively small cone with large move-
ment. Now the development looks as
if it will be quite feasible for electric
transducers of the future to optimize
on the size question. This may well
make them very adaptable units.
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The scale shown below represents the relative levels of various sounds.
Note particularly the positions on the scale occupied by music at various
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COLOR BAND SYSTEM

RESISTOR CODES (RESISTANCE GIVEN IN OHMS)

BODY-END-DOT SYSTEM

Wire-Wound Resistors Have The 1st

*GMV - guaranteed minimum value, or -0 - 100% tolerance.
43,6, 12 1/2, and 30% are ASA 40, 20, 10, and 5 step tolerances.

Multiplier

iqnifi 15t | Significant
Ist | Significant COLOR_|DIGIT MULTIPLIER TOLERANCE znu} Fg.' :
2nd] Figures BLACK | 0 i —— PETI: ) Igure
Multiplier BROWN | 1 10 +1%
Tolerance RED 2 100 2%
ORANGE | 3 1000 +3% * e
YELLOW| 4 10000 GL%V' Multiglier
GREEN | 5 100000 +5% (RETMA Alternate)
BLUE 6 1000000 +6%* Tolerance
VIOLET | 7 10000000 12 1/2%* BODY - END BAND SYSTEM
. N GRAY 8 .01 (RETMA Alternate) +30% * e e
Resistors With Black Body Color Are  ymite | o ‘1 (RETMA Alternate) +10% (RETMA Alternate) £ 1st | Significam
Composition, Non-Insulated. GOLD .1 (JAN and RETMA Preferred) | #5% (JAN and RETMA Pref,) / Znd{ Figures
Resistors With Colored Bodies Are SILVER .01 (JAN and RETMA Preferred)| $10% (JAN and RETMA Pref.}
e 20
Composition, Insulated. NO COLOR £20%

Digit Color Band Double Width.

DISC CERAMICS (5-DOT SYSTEM) -

CERAMIC CAPACITOR CODES (CAPACITY GIVEN IN MMF)

Tolerance
.HIGH CAPACITY TUBULAR CERAMIC

- COLOR | DIGIT| MULTI- TOLERANCE TEMPERATURE | EXTENDED RANGE  INSULATED OR NON-INSULATED
1st Sl_gnmcant PLIER 10MMF__ |OVER COEFFICIENT TEMP. COEFF. 1st | Significant
2nd] Figures or LESS |[10MMF PPM/°C SIGNI- | MUL1T- ¢~ 2nd| Figures
Multiplier FICANT| PLIER o

° = ittt
BLACK | 0 1 +2.0MMF |£20% 0(NPO) 0.0 -1
Tolera BROWN | 1 10 +0.IMMF |[£1% -33(N033) -10
olerance RED 2 100 12% -75(N075) 1.0 -100 |_] Voltgge
Eem'l:?"_a‘”tre ORANGE| 3 1000 12.5% -150(N150) 1.5 -1000 (Optional)
oefficien YELLOW 4 10000 -220(N220) 2.2 -10000
GREEN | 5 £0.5MMF [15% -330(N330) 3.3 ‘1 TEMPERATURE COMPENSATING
DISC CERAMICS (3-DOT SYSTEM) BLUE 6 -470(N470) 4.7 +10 TUBULAR CERAMICS

. VIOLET | 7 -750(N750) 7.5 +100 — 1st | Significant
Ist |Significant  Gray 8 .01 +0.25MMF +30(P030) +1000 2nd[ Figures
n igures WHITE 9 .1 +1,0MMF [:10% General AN
2ndf'F Multiplier

Purpose +10000
SILVER Bypass & — Tolerance
Multiplier | Coupling :
GOLD +100(P100)
| z | | —— (Jan) Temperature
. f(f;gmif carpacit:r voltagf.; ratings are lstamdau;]d 500 volts, I;)r dsome manufacturers, Coefficient
volts for other manufacturers, unless otherwise specified.
- ENTENDED RANGE T.C. TUBULAR
MOLDED-INSULATED AXIAL LEAD - 1vpoGRAPHICALLY MARKED CERAMICS [ o TOLERANCE ] CERAMICS
LETTER [ 10MMF OVER — ignificant
e 7 e
nd] Figures . r C +0.25MMF | -
- Multipl?er Temperature Coefficient D L0.5MMF = y;,\;nr,p"er
Tolerance Capacity é i;gmi i;% [ - I e
.., __ J +5% J
Temperature : Tolerance " :;g;‘; “— Temp. Coell. Multiplier
Coefficient e J - T. C. Significant Figure
MOLDED CERAMICS BUTTON CERAMICS STAND-OFF CERAMICS FEED-THRU CERAMICS
Using Standard Resistor Color-Code 1st] Significant lst}Significant 1st | Significant
2nd] Figures
Multiplier

151 |Significant
2] Figures
Multiplier
: Tolerance
White Band

Distinguishes Cap-
acitor From Resistor

MOLDED MICA CAPACITOR CODES
(Capacity Given In MMF)

Viewed From Soldered Surface

- 2nd[ Figures 2nd] Figures
Multiplier Multiplier
Tolerance F Tolerance

'j e
Temperature

Coefficient

MOLDED PAPER CAPACITOR CODES

(Capacity Given In MMF)
MOLDED PAPER TUBULAR

Temperature
Coefficient

MULTI- |« CLASS OR T A
DIGIT | PLIER | TOLERANCE | CHARACTERISTIC . I - 1st | Signifi
‘gf‘;‘c’ﬁ 0 1 1 20% A COLOR _[DIGIT | PLIER | TOLERANCE — ;;(}i’i%:':::sam
BROWN [ 1 | 10 1% B BLACK [0 1 20% f
RED 2 | 100 2% c g‘égWN ; igo | Multiplier
ORANGE| 3 | 1000 3% D
YELLOW| 4 | 10000 E ORANGE | 3 1000 Tolerance
GREEN 5 5%(RETMA) F(JAN) I YELLOW] 4 10000
BLUE 6 G(JAN) GREEN | 5 100000 5% o
VIOLET | 7 BLUE 6 1000000 15t ] Significant
GRAY 8 I(RETMA) VIOLET | 7 Indicates Out Voltage
WHITE 9 J(RETMA) GRAY 8 ndicates Outer 2nd Fiqures
GOLD 1 5%(JAN) WHITE | 9 10% Foil. May Be On )
| SILVER .01 10% g{z‘\f;n f?% Either End. May Add Two Zeros To Sig-
NO COLOR 20% Also Be Indicated By nificant Voltage Fig-
Class or characteristic denotes specifications of design involving Q factors, J Other Methods Such As ures. One Band Indi-

temperature coefficients, and production test requirements.
Allaxial lead mica capacitorshave a voltagerating of 300, 500, or 1000 volts.

*or +1.0 MMF whichever is greater.

CURRENT STANDARD
JAN AND RETMA CODE

White (RETMA) Black (JAN)
2nd| Figures

“—— Multiplier
~—— Tolerance
Class Or Characteristic

Mullip

Class

BUTTON SILVER MICA

1
1st | Significant .-'/f‘ﬂq\

(When
Applicable) | Sig

2nd (or 1st)
3re (or 2nd)

lier

— Talerance

MOLDED FLAT PAPER CAPACITORS

Typographical Marking,  cates Voltage Ratings
Or Black Stripe. Under 1000 Volts.

MOLDED FLAT PAPER CAPACITORS
)

(COMMERC AL CODE) (JAN CODE

Fig

—— Silver
Ist | Significant
~ 2nd| Figures

TER.

——— Tolerance
Characteristic

1st ] Significant
2nd [ Figures
Voltage

Multiplier
Black Or Brown Body

Voltage
Ratio
(Equal

Impedance)

1.000
0.989
0.977
0.966
0.955
0.944
0.933
0.923
0.912
0.902
0.891
0.841
0.794
0.750
0.708
0.668
0.631
0.596
0.562
0.531
0.501
0.473
0.447
0.422
0.398
0.376
0.355
0.335
0.316
0.282
0.251
0.224
0.200
0.178
0.159
0.141
0.126
0.112
0.100
3.16x107*
102
3.16x10°
1073
3.16x10~*
10~
3.16x107°
10—°
3.16x10°¢
10—¢

Power
Ratio

1.000

0.977
0.955
0.933
0912
0.891
0.871
0.851
0.832
0.813
0.794
0.708
0.631
0.562
0.501
0.447
0.398
0.355
0.316
0.282
0.251
0.224
0.200
0.178
0.159
0.141
0.126
0.112
0.100
0.0794
0.0631
0.0501
0.0398
0.0316
0.0251
0.0200
0.0159
0.0126
0.0100
107
10~
10
10~°
1077
10—8
107°
10—10
10—11
10—12

DECIBEL TABLE

oo UNNIoOUNOoOUNTIOUNTIOUNIOUNNO UnNNO

Voltage
Ratio
(Equal
Impedance)
1.000
1.012
1.023
1.035
1.047
1.059
1.072
1.084
1.096
1.109
1.122
1.189
1.259
1.334
1.413
1.496
1.585
1.679
1.778
1.884
1.995
2.113
2.239
2.371
2.512
2.661
2.818
2.985
3.162
3.55
3.98
4.47
5.01
5.62
6.31
7.08
7.94
8.91
10.00
3.16x10
102
3.16x10?
102
3.16x10°
10*
3.16x10*
10°
3.16x10°
10°¢

Power
Ratio

1.000
1.023
1.047
1.072
1.096
1.122
1.148
1.175
1.202
1.230
1.259
1413
1.585
1.778
1.995
2.239
2.512
2.818
3.162
3.548
3.981
4.467
5.012
5.623
6.310
7.079
7.943
8.913
10.00
12.6
15.9
20.0
25.1
31.6
39.8
50.1
63.1
79.4
100.0
102
10*
10°
10¢
107
108
10°
1010
1011
1012



signed to do three things: (1)
achieve full bass response from a
given speaker; (2) increase the acous-
tic efficiency of the speaker; and (3)
provide a suitable piece of furniture.
The bass-reflex cabinet is generally
claimed to extend the useful range of
its cone speaker a half-octave, reduce
distortion, and improve transient re-
sponse. Before investigating these
claims, let’s briefly examine the funda-
mental concepts involved in this type
of loudspeaker system.

The Helmholtz Resonator

A simple Helmholtz resonator con-
sists of a spherical chamber having a
cylindrical spout attached (Fig. 1). The
‘“lump” of air in the spout bounces
against the springiness of air in the
chamber and the resonator behaves in
the same way as a toy whistle or musi-
cal jug.

Now, suppose that instead of blowing
across the mouth of the jug, we install
a piston driven at some audio fre-
quency (Fig. 2). If the frequency of the
piston oscillation coincides with the
resonant frequency of the original
chamber, very small piston movement
will produce a considerable amount of
sound intensity.

So far, this is all quite simple and
easy to visualize. The tricky point is
this: at resonance, the piston and the
lump of air in the spout are moving in
opposite directions—they are out-of-
phase. This is not contrary to what we
should expect if we remember that the
compression and expansion of air in the
chamber is an essential factor. If the
piston and the air in the spout moved
in-phase, there would be no expansion-
compression cycle within the chamber
. .. the air inside would simply move
back and forth.

M OST loudspeaker enclosures are de-
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Reflex
Enclosures

How They Work

By
GEORGE L. AUGSPURGER

Here is a good review
of what you should
know about an
enclosure that's
stil a favorite for
the hi-fi loudspeaker.

Fig. 1. The basic Helmholtz resonator.

"LUMP" OF AR
IN TUNNEL MOVES
AS A SINGLE

MASS

SPRINGINESS OF
AR N CHAMBER
SUPPLIES
RESTORING
FORCE

If this is still confusing, the behavior
of such a piston-driven resonator can
be verified by experimenting with a
simple analogous resonant system. Try
hanging a weight from a spring (rub-
ber bands and a table knife work well)
and noting the frequency at which the
combination oscillates. If you now sus-
tain oscillation by moving your hand
up and down, as in Fig. 3, you will find
that your hand moves up at the same
time the weight moves down. The driv-
ing element (you) and the driven ele-
ment (the weight) are 180° out-of-
phase.

Going back to the acoustic resonator,
the elements can be re-arranged as in
Fig. 4 without affecting the operation of
the system.The piston has been replaced
by a cone loudspeaker, the spherical
chamber is now cubical, and the speak-
er and the port are located together on
the same side of the chamber. At reso-
nance, the piston and the air in the
port move together to alternately ex-
pand and compress the air in the
chamber. From the standpoint of any-
one listening outside the resonator, the
port and the speaker are operating in-
phase to produce sound.

It may seem odd that two elements.
which were described as being out-of-
phase should suddenly turn out to be
in-phase after all. The answer is that
it all depends on which side of the pis-
ton you consider as the source of sound.
Since, in practice, both sides act as
sound sources, we can reverse the radi-
ation from the rear of the cone and use
it to re-inforce front radiation.

The Practical Reflex System

The arrangement of Fig. 4 is dupli-
cated in many commercial bass-reflex
systems. In practice, the reflex port
adds usable radiation in a range ex-
tending about an octave on each side
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of system resonance. One way to get
an idea of how such a system operates
is to study its impedance curve. Since,
in the region below 500 cps, speaker
impedance is related to cone move-
ment, an impedance curve gives infor-
mation concerning the acoustic load
which a given enclosure imposes on its
speaker. Fig. 6 shows three impedance
curves for the same 8-inch speaker.
The first is that of the cone speaker in
free air, the second is the same speaker
mounted in a 2.5-cubic-foot reflex en-
closure, and the third curve is of the
same combination with the reflex port
closed to make a sealed enclosure. No-
tice that the impedance variation of the
reflex system does not exceed a T:1
ratio, while that of either the free-air
speaker or the totally enclosed system
exceeds 10:1. Notice also that the mini-
mum impedance of the reflex system
occurs at 60 cps—the same frequency
as the speaker’s free-air resonance. At
this frequency the cone is heavily load-
ed acoustically by the Helmholtz reso-
nance of the system. It is being forced
to do work and the increased electrical
drain is indicated by a drop in imped-
ance. But since a drop in impedance
also means smaller cone excursions,
distortion due to magnetic and suspen-
sion non-linearity is reduced at the
same time.

The sealed enclosure, on the other
hand, instead of loading the speaker in
the bass region, shifts the impedance
peak upwards in frequency. The cone
moves farther and farther at progres-
sively lower frequencies and will over-
load quite easily unless a special long-
throw (and relatively inefficient)
speaker is used.

This is not to say that the reflex
system is inherently superior to a total
enclosure. It does explain why speak-
ers designed for reflex loading will not
operate as satisfactorily in sealed en-
closures or infinite baffles.

Performance

The impedance curves we have just
examined bear no direct relationship
to frequency response. Unfortunately,
the response curves normally published
for loudspeakers do not, in themselves,
bear much more relation to listening
evaluation. Frequency response is
merely one element in a highly compli-
cated series which determines how
closely a speaker system reproduces
the real thing.

However, a comparison of the fre-
quency response curves of the same
speaker in a reflex enclosure and a
sealed enclosure is valuable in further
understanding the characteristics of re-
flex loading. Fig. 5 shows the bass re-
sponse of the speaker whose impedance
is plotted in Fig. 6. These curves were
run with the speaker system along the
wall of a reasonably large room. Con-
stant voltage was fed to the speaker
and a calibrated microphone located
three feet from the speaker, on-axis.

Although these graphs clearly show
the increase in bass response when a
matched reflex enclosure is used, they
do not give any information concern-
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AR MASS HAS WIOE
EXCURSIONS AT
RESONANCE

PSTON ‘DRIVEN
AT FREQUENCY OF I
RESONANCE

Fig. 2. Resonator driven by a piston.

Fig. 3. Resonant system analogous to
Helmholtz resonator discussed in text.

Fig. 4. Standard bass-reflex enclosure.

Fig. 5. Bass response of the 8” speaker.
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ing the alleged improvement in tran-
sient response. Attempts to measure
transient characteristics of loudspeak-
er systems have been made by various
engineers with varying degrees of suc-
cess. Part of the difficulty is caused by
the fact that what the average listener
often interprets as “good transient
response” may be the exact opposite.

A full explanation of the factors in-
volved in what is called “transient re-
sponse” would require several issues
of this publication. Generally speaking,
if there is any tendency toward “ring-
ing” in the system, this will be audible
as a blurring of sharp transient sounds.
Moreover, any high-“Q” resonance in
the speaker system will be excited by
the normal transients in program ma-
terial. Some speakers tend to make
tape hiss sound like turntable rumble.

A totally enclosed loudspeaker has a
single resonant peak. This resonance
is directly related to impedance and
can be controlled to some extent by the
electrical damping of the power ampli-
fier. A reflex system, on the other
hand, damps the speaker cone acousti-
cally at system resonance.

This feature of high acoustical damp-
ing is often cited as a reason why the
reflex system should have excellent
transient characteristics. Some critics
have pointed out, however, that while
the reflex enclosure damps the loud-
speaker, the loudspeaker does not
damp the enclosure. And, since the
whole thing is basically a Helmholtz
resonator, it will take just as long for
th'e signal to decay as if the speaker
were replaced with a solid board.

This disturbing state of affairs has
prompted numerous methods for “crit-
ically” damping reflex systems. Most
of these involve the use of acoustic re-
sistance elements in the port. In prac-
tice, some efforts along this line result
in questionable improvement. The
reason is that the Helmholtz resonance
is usually tuned to a frequency between
35 and 55 cps and slight ringing in this
low range is hardly ever objectionable.
The “boomy’” quality often attributed
to bass-reflex systems is actually not a
property of the reflex principle at all,
as can be readily demonstrated by
blocking the port and noting that the
boom is still there.

To get the answer to this puzzle, we
must take a look at our impedance
curves once again. The upper imped-
ance peak of the characteristic double-
humped curve is due to the mass of the
cone resonating with a combination of
its suspension and the air trapped in
the enclosure. This frequency is rela-
tively unaffected if the port is made
larger or smaller or sealed up alto-
gether. Fortunately, electrical damp-
ing, provided by the power amplifier,
helps swamp out this resonance if an
efficient speaker is used. It can also be
damped by introducing acoustic resist-
ance at the point where air particle
velocity is greatest: immediately be-
hind the speaker cone. A partition (as
in Fig. 7) made of one-inch acoustical
glass fiber is practically a general-pur-
pose cure for bass-reflex systems

HI-FI ANNUAL & AUDIO HANDBOOK
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in which the upper resonance is
pronounced.

Excessive ringing at system reso-
nance, on the other hand, is generally
a fault only in very large reflex enclo-
sures. If present, it can be controlled
by stretching a screen of light material
across the port. Particle velocity is
very high in this area at resonance and
one thickness of burlap stretched tight-
ly across the opening will usually be
sufficient.

To sum up the question of transient
reproduction: a bass-reflex system in
which the upper impedance peak is
controlled and in which system reso-
nance is lower than 55 cps, usually has
quite satisfactory transient response.
Transient characteristics are further
improved if an efficient speaker with
high electrical damping is employed.

Designing a Reflex System

Since the bass-reflex cabinet is a
Helmholtz resonator, it would seem
simple enough to take the basic for-
mula for determining resonant fre-
quency and apply it to the speaker en-

Impedance curves for 8” speaker whose bass response is shown in Fig. 5.

perimenters and numerous magazine
articles will testify, it doesn’t always
work.

There are at least four reasons why
a practical bass-reflex enclosure de-
viates considerably from predictions
based on the Helmholtz formula:

(1) Interior standing waves intro-
duce peaks and dips which interfere
with simple Helmholtz resonance.

(2) Mutual coupling between the
port and the speaker cone is a factor
not considered in the standard reso-
nance formula.

(3) The walls of any cabinet flex to
some degree, introducing still another
variable.

(4) It is impossible to guess just
which portion of the enclosed air is
acting as capacitance and which is be-
having as inductance, thus, the shape,
position of speaker mounting, and port
configuration all influence the final fre-
quency of resonance.

The safest bet is either to use spe-
cific recommendations from the manu-
facturer of a particular speaker or else
provide some means of varying the port

closure. Unfortunately, as many ex- area and juggle things around until
Table 1. Dimensions for building reflex enclosures to house 8", 12”, 15” speakers.
8-INCH SPEAKERS 8- & 12-INCH SPEAKERS 12- & 15-INCH SPEAKERS
(50-60 cps free- (40-50 cps free-air (30-40 cps free-air
air resonance) resonance) resonance)
CUBIC PORT CUBIC PORT CUBIC PORT
FEET AREA FEET AREA FEET AREA
2,5 14 sq. in. 4 16 sq. in. 6 30 sq. in.
plus 3" duct plus 3” duct plus 3” duct
3 14 sq. in. 5 20 sq. in. 8 50 sq. in.
plus 2” duct plus 3" duct plus 3" duct
3.5 16 sq. in. 6 30 sq. in. 10 75 sq. in.
plus 2” duct plus 2" duct
4 20 sq. in. 7 40 sq. in. 12 85 sq. in.
45 25 sq. in. 8 50 sq. in. 14 100 sq. in.

1960 EDITION

an impedance curve having two equal
peaks is achieved.

Rough impedance curves can be run
quite easily if a sine-wave generator
and v.t.v.m. are available. The circuit
of Fig. 8 is usually used. Providing the
series resistor is large compared to the
speaker’s maximum impedance, the
voltage measured will be proportional
to the impedance of the speaker. How-
ever, it is usually not important to be
able to calibrate the meter directly in
ohms and for the purpose of tuning a
reflex enclosure any value of resistance
greater than 20 ohms will work.

Merely determining the resonant fre-
quency of the system doesn’t even re-
quire a meter. A candle held in front
of the port while a sine-wave tone is
fed to the speaker will indicate quite
dramatically the frequency of reso-
nance. But since the exact determina-
tion of frequency is not as important
as balancing the two impedance peaks
on either side to approximately equal
values, it is best to use a meter when
making any adjustment of a reflex
system.

For the home builder who wishes to
construct a reflex enclosure without
making costly mistakes, the following
rules are generally accepted as reliable.

Cabinet Size

Assuming that the enclosure is to be

IMMEDIATELY BEHIND
SPEAKER DAMPS
UPPER IMPEDANCE PEAK

Fig. 7. Reflex system shown with added
glass fiber screen to control boominess.

Fig. 8. The hookup for measuring impedance.
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tuned to a frequency in the 40-60 cps
range, the cabinet is usually made
large enough so that the port area will
not be less than one-third the cone area
of the speaker used. In general, an
eight-inch speaker requires an enclo-
sure of 3 to 5 cubic feet, a twelve-inch
speaker from 4 to 7 cubic feet, and a
fifteen-inch speaker from 5% to 12
cubic feet.

The shape of the cabinet must not be
more than a reasonable departure from
a cube. More amateur-designed enclo-
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sures probably go wrong on this point
than any other—a broom closet with a
speaker at one end and a hole at the
other simply will not behave as a bass-
reflex system. The thing to avoid is a
cabinet in which the ratio between any
two dimensions is more than 3:1. An
enclosure 13" x 20” x 50”, for example,
is obviously a pipe, not a box, and will
behave as such.

Reflex Port

The resonant frequency of the en-
closure is usually tuned to the free-air
resonance of the speaker to be used
since this seems to give smoothest bass
response. This frequency is determined
largely by the volume of the enclosure
in relation to the size of the port. It
makes little difference if the port con-
sists of one rectangular hole, two slots,
or a number of round roles as long as
the total area is correct.

Table 1 provides data which can be
used to build reflex enclosures with
reasonable assurance of satisfactory
performance. The table is compiled
from the characteristics of actual com-
mercial designs and balances the reso-
nant frequency of the system against
the size of the cabinet and the size of
the speaker, as well as the speaker’s
free-air resonance, for best over-all
performance.

The exact position of the port or
ports is not critical. Theoretically,
there is some advantage in having the
port close to the speaker, but if it is
closer than three or four inches there
will be a band of frequencies attenuated
because of cancellation between the
front and rear of the speaker cone. If
close spacing is dictated by the config-
uration of the cabinet, cancellation can
be avoided by inserting a 3 to 4-inch
shelf between the speaker and the port
on the inside of the enclosure.

A duct or tunnel increases the effec-
tive mass of air in the port and thus
allows a smaller volume to be used
with a given port area. Within limits,
this idea works well. The main disad-
vantage is that even though system
resonances can be lowered, the fre-
quency of the upper impedance peak
remains very nearly the same. Conse-
quently, if a long tunnel is used in a
very small cabinet, there will be an
unpleasant boom in the upper bass re-
gion and a hole in the response curve
below this .point.

Construction

In even the most rigidly constructed
cabinet, there is always some flexion
of panels. The ideal method of build-
ing a reflex enclosure seems to be to
use brick or concrete. For most appli-
cations however, wood is still the most
practical material, and a carefully built
wooden cabinet can closely approach
theoretically optimum performance.

The enclosure should be made of ply-
wood 3- to one-inch thick and any
panels larger than two feet square
should be braced internally. If there
is noticeable panel vibration once the
system is in use, more struts should

be added until all surfaces are rigid and
free from resonance.

Interior Padding

Considerable misunderstanding exists
concerning the function of acoustic
padding in reflex cabinets. Contrary to
published information, varying the
amount of interior padding -over wide
limits will not noticeably change the
resonant frequency of the system nor
will it affect bass transient response.

The real purpose of lining the in-
terior walls with absorbent material is
to smooth out mid-range response. The
more padding used, the smoother the
measured frequency response, but the
“deader” the mid-range will sound. Ob-
viously, the correct amount of treat-
ment depends on the mid-range charac-
teristics of the speaker, the acoustics
of the room in which the system is
used, and the degree of liveness which
the listener finds natural. A general
rule of thumb is to pad four interior
surfaces and arrange to have each
blank wall face a padded wall.

In computing the volume of a reflex
enclosure, the space occupied by pad-
ding should not be subtracted from the
internal dimensions. As a matter of
fact, if a great deal of absorptive ma-
terial is used, the effective volume of
the cabinet in increased rather than
decreased. Lining all surfaces with
four or five inches of glass fiber will
effectively increase the volume of a
sealed enclosure by about 20%. The
reason for this is that acoustic padding
dissipates sound energy as heat. Dur-
ing a compression cycle, some of the
springiness of the enclosed air is lost,
rather than being retained as potential
energy.

HANDY "LACING TWINE"
By ROY E. PAFENBERG

ORMING and lacing of wiring in elec-

tronic equipment has long been a mark
of professional craftsmanship and cer-
tainly should be considered in an ama-
teur construction project. For miniature
assembly work, however, suitable twine
is not always available.

As shown in the photograph, ordinary
dental floss is an ideal answer to this
problem. In addition to its ready, low-
cost availability it has the following ad-
vantages: small diameter for compact
cable assemblies; wax impregnation for
easy knotting, durability, and strength;
packaged in snarl-proof plastic bobbin
for ready use and minimum waste; and
built-in cutter for the twine.
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Fig. 1. JansZen Model 130 (above) uses 4 radiators of type shown (right).

Testing

Electrostatic
Loudspeakers

T APPARENTLY is still fashionable
to refer to loudspeakers as the
“weakest links” in the chain of com-

ponents in high-fidelity systems. The
obvious inference to draw from such
statements is that in every high-fidelity
system, the loudspeaker is the most
deficient of all components in the per-
formance of its assigned role. This is
not true. There are some loudspeakers
that introduce less over-all distortion
than some pickup cartridges, tape play-
back systems, preamplifiers, power am-
plifiers, and tuners. Despite the effort
that has gone into investigations of the
design parameters that make one loud-
speaker “good” and another ‘“bad,” the
problem of loudspeaker evaluation is
still with us; for there is no measure-
ment or set of measurements that can
be used to predict accurately whether
a “typical” listener will prefer speaker
A over speaker B. It may be possible
in the future, after extensive bio-
acoustical experiments have been com-
pleted and the data evaluated, to make
a prediction of listener preference,
based on objective measurements, that
will be valid for most listeners in most
situations. At the present time, how-
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ever, such a statistical prop is not
available and there is only one way to
find out whether speaker A or speaker
B is to be preferred in a given situation,
and that way is to try A versus B under
the conditions in which listening is to
be done.

Listening Tests

The assignment of a “figure of
merit” to a loudspeaker can be valid
only under highly specific conditions.
This is because one’s listening response

Table 1. Total harmonic distortion in
acoustic power output of a single unse-
lected radiator at various frequencies
with 5 volts applied to the 8-ohm input.

FREQUENCY % TOTAL HARMONIC
(in cps) DISTORTION

750 0.47
1000 0.4

1500 0.35
2000 0.23
4000 0.16
5000 0.38
6000 0.47
7500 0.5

10,000 0.45

By ARTHUR A. JANSZEN

Listening tests versus
laboratory measurements
—what's the right way
to assign a figure of
merit to a hi-fi speaker?

depends not only on the speaker’s ac-
tual performance, but also on the
acoustical environment in which the
listening is done, on the performance of
associated equipment, and on subjec-
tive factors that defy definition. Judg-
ments of loudspeaker performance
based on listening tests can be valid
only for one panel of listeners, in the
particular listening room, for the par-
ticular positions of the listeners and
loudspeakers within the room, and for
the particular program material used,
in conjunction with a particular set of
associated equipment. For example, a
preference for one loudspeaker over
another can sometimes be reversed by
simply using a different amplifier.

Obijective Measurements

Although objective measurements do
not permit the assignment of definitive
figures of merit to loudspeakers, there
are several performance factors,
which are susceptible of objective
measurement, that are important in
determining critical listener prefer-
ence, even though they may not repre-
sent all of the pertinent factors.
These are: (1) the range of frequency
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Fig. 2. (Top left) Electrical connections and construction of
electrostatic radiator described in text. Circuit for the 1100-
volt bias supply (derived from the a.c. line) and the high-
',; pass LRC filter network required is not shown in drawing.

Fig. 3. (Top) Test setup for distortion measurements. The radi-
ator being checked was mounted in a separate enclosure one-
quarter the volume of main enclosure. All 4 radiators were
connected for proper amplifier loading but radiation from the 3
radiators not under test was prevented by disconnecting bias.

Fig. 4. (Left) Axial pressure response of a single radiator
with 2 volts input at 8 ohms. Note slight diffraction dips.

response; (2) the “trend” or shape of
the curve of the frequency response
curve, i.e., whether some bands of
frequencies are emphasized or de-em-
phasized with respect to other bands;
(3) the “smoothness” of the frequency
response curve, ie., the presence or
absence of sharp dips and peaks in
the curve; (4) the linearity of response,
i.e., whether a linear relationship exists
between the instantaneous values of
input voltage and output pressure over
the entire a.c. signal cycle at each fre-
quency within the bandpass, which can
be determined by a measurement of
total harmonic distortion; (5) the tran-
sient response of the system, which can
be inferred from the frequency re-
sponse but which can be more directly
investigated by applying “tone bursts”
of various carrier frequencies within
the passband to the input terminals and
photographing the output of a micro-
phone as oscillograms; (6) the distribu-

tion of acoustic pressure in both verti-
cal and horizontal planes as a function
of the angular position with respect to
the axis of the loudspeaker; and (7)
theimpedance frequency characteristic,
which affects the ability of the asso-
ciated power amplifier to supply the
required output voltage frequency
characteristic at the required voltage
levels.

These then represent the objective
measurements that can be made.

It must be stressed that the listener’s
ability to detect differences in perform-
ance between one loudspeaker and an-
other, will depend greatly on the per-
formance of the associated equipment.
It is incumbent upon the manufacturer
of loudspeakers that are capable of ex-
cellent performance to be specific in
making recommendations concerning
the other components in the system.
For example, if another component (or
components) is generating a lot of har-

monic distortion at 4000 cps, it is likely
that a loudspeaker whose response is
restricted to frequencies below 8000 cps
would be chosen over one whose re-
sponse extends te 20 kc.

Since a loudspeaker should convert
complex electrical waveforms into
acoustical counterparts without distor-
tion, it would seem desirable to make
this conversion directly, without mem-
branes, cones, domes, or horns. Such a
system would be of ultimate simplicity.
If the acoustic output varied directly
with the input voltage, and if the area
of the air front at the radiating bound-
ary were large enough to prevent non-
linear response of the air itself, then
one would have a loudspeaker free of
waveform distortion. If the area were
made appropriate to the range of fre-
quencies to be radiated, then the power
output could be made independent of
frequency (for a constant input volt-
age), and the electro-acoustical tran-

Fig. 5. Tone bursts at a repetition rate of 30 per second for 1 kc., 3.5 kc., 7 kc., and 20 kc. respectively. In each pair of
waveforms the electrical input is shown directly underneath the waveform showing the acoustic output of the speaker.
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Fig. 6. Polar charts of acoustic pressure at various frequencies with all 4 radia-
tors operating. Measurements were taken in anechoic chamber at distance of 10 ft.

sient response would be without flaw.

Such an ideal loudspeaker is not yet
practical and all speakers on the mar-
ket at present have one or more me-
chanical and/or acoustical coupling
elements which tend to introduce reso-
nances and which, in turn, cause a de-
gradation of transient response. In the
radiating elements used in the speaker
shown in Fig. 1, an attempt has been
made to achieve the greatest degree of
simplicity and the nearest approach to
the ideal electro-acoustical system.
These elements are push-pull, constant-
“q@” electrostatic radiators, in which the
vibrating elements are made of plastic
membranes so light and thin that over
most of their frequency range they op-
erate almost as if the membrane were
absent. Through the application of a
very high, constant d.c. charge (“q”)
between the membrane and the two
stationary electrodes, a high degree of

linearity can be achieved with a high
per-unit-area acoustic power output.

Test Results

Fig. 2 shows the electrical connec-
tions to a segment of a radiator. Signal
voltage is applied to the outer elec-
trodes and bias voltage is applied be-
tween the conducting coating of the
membrane and the outer electrodes by
means of a resistor R. An analysis of
this constant-“q” system, in which
the electric charge deposited by the
bias supply is kept constant during
variations in signal voltage by the pres-
ence of the high resistance, leads to the
conclusion that if perfect symmetry is
preserved, there is no harmonic dis-
tortion. If R is made large enough,
electrode asymmetry, within limits
that can be maintained in production,
causes only very small amounts of dis-
tortion. The degree of excellence with

respect to distortion that can be
achieved in production is shown in
Table 1.

Fig. 3 shows a diagram of the test
setup used in the measurements. Data
gathered in an anechoic chamber on a
multiple array of radiators defies inter-
pretation, so measurements were made
on a single radiator. The response of
the microphone used was equalized by
means of a multiple LRC network so
that the over-all system response was
flat to within 1 db up to 20 kc.

A pressure frequency response curve,
taken on axis, is shown in Fig. 4. This
was obtained with the test setup of
Fig. 3, except that a power level record-
er, mechanically linked with the oscil-
lator, was substituted for the distortion
meter. The rising pressure response
tends to keep the acoustic power out-
put more nearly constant than it would
be if the curve were flat. The average
reverberant living room translates this
rising pressure characteristic, which is
accompanied by increased directivity,
into a more nearly constant pressure
response.

Although the transient response of a
loudspeaker can be inferred from its
pressure frequency response, tone
bursts provide a more direct test. Fig. 5
shows oscillograms of bursts of various
carrier frequencies within the passband
of the radiator. As one would expect,
the 1000 cps bursts, at the lower end of
the passband, were not as good replicas
of the electrical signal as the remain-
der of the bursts. The absence of “hang-
over” is indicative of the effectiveness
of a “nearly absent” vibrating element.

Fig. 6 shows the acoustic pressure at
various angles off-axis of a Model 130
with all four radiators in operation, at
several frequencies. At frequencies be-
low about 8 kec., the response in the
horizontal plane is quite uniform over
a total angle of about 120°. At 10 kc.
and above, there are sharp dips in the

Fig. 7. Measured impedance of the electrostatic unit alone and in combination with a matching woofer.
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polar pressure between the beams of
the individual radiators. The reverber-
ation of the listening room must be
relied upon to smooth these out.

The impedance-frequency curve is
important in determining the “power”
transfer of an amplifier for a given
distortion. Maximum undistorted pow-
er transfer can be attained generally
when the amplifier load is resistive and
equal to the nominal output impedance
of the amplifier. The loudspeaker car-
ries nominal impedance ratings of 8
ohms or 16 ohms. The actual imped-
ance, as in most loudspeakers, deviates
considerably from the nominal rating.
Fig. 7 shows the measured input im-
pedance of a randomly selected unit.
The impedance is near the rated value
in two frequency regions, around 600
cps and around 7000 cps. At the lower
frequency, the impedance is primarily
resistive, while at the higher frequency
it is primarily capacitive.

To obtain the desired pressure re-
sponse from the unit, as indicated in
Fig. 4, it is essential that the signal
voltage applied to the radiators be con-
stant within the passband. Therefore,
only power amplifiers with“a high
damping factor (low source imped-
ance) are recommended. Such ampli-
fiers deliver a constant voltage to the
input terminals of the speaker over a
wide frequency range. Speaker imped-
ance variations then are important
only as they affect the ability of the
amplifier to deliver undistorted and
constant voltage. The undistorted pow-
er that a good amplifier can deliver
into a 2-ohm resistive load at 20 kc.
from its 8-ohm terminals is usually not
greater than about 10 per-cent of its
rated power output. But since the
power-per-cycle in music is maximum
in the region between about 100 and
500 cps and falls off rapidly above 1000
cps, the impedance mismatch that oc-
curs at the extreme high end of the
hearing range does not normally de-
grade the performance.

Since only the upper 50 per-cent of
the musical scale is reproduced by the
electrostatic unit, it must be used with
a low-frequency loudspeaker, or woof-
er. Several are readily available.
The power transfer capabilities of the
amplifier are more important for the
combination of woofer and tweeter
than for the tweeter alone, since it is
the combination that acts as load on
the amplifier. Fig. 7 also shows the
combined impedance of a typical 16-
ohm dynamic woofer with the tweeter.
The upper end of the impedance curve
is almost identical with the curve for
the electrostatic unit alone, while in
the region of maximum music power
density (100 to 500 cps), the impedance
is within the limits of 13.2 and 16 ohms.

The electrostatic radiators described
in this article are covered by patents
issued and pending to the author.
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Simplexing For
Low-Level Crossover

A single push-pull stage is able to handle both
bass and treble channels with little interaction.

By C. NICHOLAS PRYOR

crossover network of a multi-chan-

nel loudspeaker system in front of
the power amplifiers has gained many
adherents. The advantages of such a
scheme are generally conceded and will
not be discussed here. The disadvan-
tage of cost, however, has deterred
many people from adopting low-level
crossovers. With the method to be de-
scribed here, the cost of a low-level
system is on a par with, if not less cost-
ly than, an equivalent high-level cross-
over.

The method involves a “trick” long
used by telephone and broadcast en-
gineers—namely, simplexing. Basically,
the idea consists of feeding an unbal-
anced signal down a balanced line along
with the balanced signal, thus provid-
ing two communication paths along the
same line. It has been applied to audio
amplifiers,* at least once, to permit use
of the same amplifier for two programs
and works as follows: Consider the cir-
cuit shown in Fig. 1. It represents a
push-pull stage in an audio amplifier.
With no voltage drive on the grids a
static current flows through ammeter
M; and no net voltage is shown across
the voltmeter, M, If the grids are
driven equally in opposite directions
(push-pull) and assuming linear opera-
tion of the tubes, a voltage appears
across M, but the current in M. re-
mains the same. On the other hand, if
the two grids are driven equally in the
same direction, the current of M, will
change in proportion to the grid volt-

RECENTLY the idea of placing the

age while no net voltage appears
across M.

By superposition, then, we can drive
the grids both in push-pull and in par-
allel with different signals and have
these signals appear individually on
the two meters. By replacing the

say that this makes the system imprac-
meters with transformers, we now
have a power stage for the amplifier
that will handle two different signals
independently. If the signals are un-
related, very precise balance and low
distortion must be maintained (both
under .1% for 60 db isolation of the
two signals). One would be likely to
tical but there is one important in-
stance where it is very practical in-
deed. This is the case when the two
signals are the high- and low-frequency
ends of the same program material!
Here it is only necessary to have about
30 db isolation between signals and this
is readily obtainable with the simplex
arrangement (this allows up to 3% un-
balance and distortion).

One of the worthwhile features of
simplex is that it may be installed in
practically any class A amplifier at
nominal cost. Fig. 2 is a partial sche-
matic of a typical Williamson-type am-
plifier with the simplex feature added.
The dotted block indicates the modifi-
cations to be made on the existing
circuit and below the dashed line are
the additional circuits required. If
desired, these may be built on a sepa-
rate chassis and mounted near the
main amplifier.

Fig. 1. Basic circuit arrangement used.
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The author’s model uses a pair of
6BX7’s for finals and puts out 8 watts
from the balanced section and 6 watts
from the simplex. Mr. Augspurger®
states that equal powers are needed on
both channels for a crossover of 400
cps, but this statement must be quali-
fied. It assumes that the tweeter and
woofer have equal power sensitivity,
which is not generally the case. Most
horn-type mid-range or tweeter units
are from 3 to 10 db more sensitive than
bass drivers in their usual enclosures.
This means that from 34y to % as much
power will be needed on the tweeter
as on the woofer and the simplex
handles this adequately.

When selecting a transformer for
simplex it is not necessary to buy a lot
of steel. This channel is for the high
end so the primary inductance (and
thus the weight and price) of the
transformer need not be too large. It
is necessary, though, to buy a unit that
will handle the unbalanced current
that will flow through it. The best
thing to do is buy a single-ended unit
that is rated at about two-thirds the
current rating of the power transform-

er used in the amplifier. It might also
be necessary to increase the filtering
of the power supply. Such filtering is
usually designed for a balanced power
stage, so the hum voltage on the “B”
supply might be too great for single-
ended operation without extra filtering.

As for the crossover itself, any
standard design will do. The author’s
circuit is shown in Fig. 3A. It is a
constant-resistance LC circuit using
plug-in components for variable cross-
over frequency. Since audio chokes are
expensive, the simple RC circuit of Fig.
3B may be used. Equations for the
design of both circuits are given on the
diagrams. The low-frequency output of
the crossover is connected to the orig-
inal amplifier input and the high-fre-
quency crossover output is connected
to the point marked “HF in” in Fig. 2.

That is all there is to it! The cost of
simplexing a 10-watt amplifier, includ-
ing the cost of the RC crossover, is
about $10.00 as against approximately
$20.00 for high-level crossovers. It’s
inexpensive but, most important of all,
it sounds great!

Fig. 2. Circuit showing connection of simplex to a typical push-pull amplifier.
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HI-Fl Crossover Networks

Part 1.
these important circuits before building or buying.

UDIO dividing networks are essen-

tial components that ensure the

proper functioning of multi-speaker
systems. A well-designed audio divid-
ing network, or crossover network as it
is usually called, performs two func-
tions. First, it is a traffic policeman
that directs the various parts of the
audio spectrum to the specialized
speakers which are best able to handle
specific bands such as the lows and
highs. The secondary function of the
crossover network is to protect the
delicate tweeter mechanisms from low-
frequency overload. The end reswlt of
these combined functions is better utili-
zation of audio power available from
the amplifier, cleaner reproduced
sound from the loudspeaker, and more
direct control over what comes out of
the loudspeakers.

There are simple networks and
there are complex networks, but they
are all easily understandable when ap-
proached in a basic fashion. Before
going into details of the design and con-
struction of home-built precision net-
works, which will be covered in Part
2, a simple and quick recapitulation of
the principles behind the network func-
tion will help the builder decide what
network he should construct for his
system.

Speakers Without Network

Networks, of course, are used with
multi-speaker systems. The simplest
multi-speaker system consists of a
woofer for the reproduction of low fre-
quencies and a tweeter for the repro-
duction of high frequencies. Although
it would be unrealistic to connect two
components such as a woofer and a
tweeter directly to an amplifier with-
out benefit of a network, we will do
just that to illustrate what happens to
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Fig. 1. Lack of network wastes power.

Fig. 2. Simple high-pass filter in tweeter
circuit lets only highs into tweeter and
provides tweeter protection, but does not
keep high frequencies out of the woofer.
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the over-all system; then we shall
progressively add network elements to
the system and observe their effect
upon performance.

In Fig. 1 we have connected a woofer
and a tweeter directly across a 10-watt
amplifier. Assuming that the amplifier
is a good high-fidelity type, we may
then expect that it will have full-fre-
quency-range output. Under this condi-
tion, the full-frequency range will be
fed equally to both the woofer and
tweeter. If both speakers are of the
same impedance, the woofer will get
half the power and the tweeter will get
the other half. But in each case, the
woofer and the tweeter will both re-
ceive the same full-frequency range.
Under this condition, half of the high-

By ABRAHAM B. COHEN &
PAUL D. COHEN

Here are the facts you need to know about

frequency power available from the
amplifier will appear at the voice-coil
terminals of the woofer. But, being a
woofer, it will not be able to reproduce
these high frequencies. Consequently,
all the high-frequency power that is
fed to the woofer (half of the total
high-frequency power) is entirely
wasted.

At the tweeter terminals we find a
similar condition of power available
but with different results. Since half
of the amplifier high-frequency power
has already been lost in the woofer, the
tweeter already has two strikes against
it. Only half of the high-frequency
power from the amplifier is available
to the speaker to be reproduced as
useful sound. Of equal importance is
the fact that half the amplifier’s low-
frequency power also finds itself at the
tweeter terminals. Naturally this rep-
resents a waste of half the total low-
frequency power that would normally
go to the woofer. Since the tweeter
cannot reproduce the low frequencies,
then the lows that find themselves at
the tweeter are a total loss as far as
reproduction is concerned.

Of equal importance is the fact that
the tweeter itself may become, physi-
cally, a total loss under these condi-
tions. Tweeters are invariably small
and delicately made so that the last
drop of efficiency may be extracted
from the feeble high-frequency signals.
Tweeters are just not built to handle
heavy low-frequency signals that
should normally go to the woofer,
either from a power handling capacity
or from a diaphragm excursion-stand-
point. It might not take more than a
few moments of good, loud playing of a
system without a network, such as is
shown in Fig. 1, to destroy the tweeter.
Thus, even if one wanted to start a

HI-FI ANNUAL & AUDIO HANDBOOK



system in its simplest form, the use
of some type of network is absolutely
essential if only as far as tweeter life
expectancy is concerned.

High-Pass Filter

The simplest way to protect the
tweeter against low frequencies is by
inserting a capacitor in its circuit—a
procedure which would normally block
low frequencies. In this case, as in Fig.
2, we get two effects for the price of
one. Destructive low frequencies are
kept out of the tweeter; and a high-
pass filter effect is obtained. Actually,
it is this high-frequency passband ef-
fect that prevents the transference of
the low frequencies into the tweeter.
The passband of the capacitor may be
chosen to coincide with the actual high-
frequency output of the tweeter itself
so that only those frequencies that the
tweeter will eventually reproduce will
get into the tweeter. The effect of this
simplest type of “network” is the con-
servation of all the low-frequency pow-
er for utilization by the woofer and
protection for the tweeter against dam-
aging low-frequency power. It should
be noticed, however, that in this simple
system, since there is nothing in the
circuit to prevent high-frequency pow-
er from getting into the woofer, that
half of the available high-frequency
power 18 still lost in the woofer.

It would be worthwhile to digress
briefly at this point to discuss the
effects of such a “high-pass network”
on the listening results obtained with
this two-way system. The degree of
effectiveness of this type of system in-
sofar as the high frequencies are con-
cerned will be greatest when the main
speaker is poor in high-frequency re-
sponse. If the main speaker is truly a
woofer, then despite all the high fre-
quencies that are sent into it, it won’t
reproduce any high-frequency sound.
Consequently, when the tweeter and
its high-pass element are subsequently
connected across the amplifier, highs
will begin to emerge from the system
only as a result of the tweeter being
connected and there will be a distinct
audible difference. On the other hand,
there are many cases where a tweeter
and a high-pass element are connected,
in the fashion just described, to a main
speaker which is of the “wide-range”
class. This situation will arise where
one has originally installed a single
speaker system for good over-all re-

" production and then, at some later
date, decides to build “up” from it to
a multi-speaker system. Since the orig-
inal single speaker installation is gen-
erally a good wide-range unit, it will
reproduce high frequencies with fair
efficiency and output. If a tweeter and
a simple high-pass element are now
connected across this type of speaker,
the high frequencies will again split
between the main speaker and the
tweeter. Half of the high-frequency
power will still be reasonably repro-
duced by the original speaker while the
other half will go to the tweeter. Thus
the increased over-all audible effect of
adding the tweeter to a speaker which
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already reproduces highs will not have
quite the impact as when connected to
a woofer.

Full Two-Way Network

To overcome such a condition and to
provide true network performance that
will not only properly channel the vari-
ous frequencies, but will improve over-
all cleanness of reproduction, we have
to add a single element to the circuit
of Fig. 2. Fig. 3 shows a full two-way
system with both high- and low-fre-
quency controlling elements: a capaci-
tor in the high-frequency channel to
block the low frequencies from the
tweeter and a choke in the low-fre-
quency circuit to keep the high fre-
quencies from the woofer. The capac-
itor is a high-pass element and the
choke is a low-pass element. The com-
bination of the two, usually referred
to as an LC network, provides an elec-
trical crossover function apportioning
all the low-frequency power to the
woofer and all the high-frequency pow-
er to the tweeter.

The audible effects of this sort of
combination will be readily apparent.
In almost all cases there will be fairly
clean separation between the bands of
sound radiating from the tweeter and
the woofer. Where the efficiency levels
of the two speakers are of the same
order, the output sound from the
tweeter and the woofer at the cross-
over frequency will be equal. Above
the crossover point the output of the
tweeter will be dependent solely upon
the performance characteristics of the
tweeter itself. However, as far as the
woofer is concerned, its output above
the crossover point does not simply
fall away. See Fig. 4. It will drop off
in a manner determined first by the
output characteristic of the woofer,
or main speaker itself, as discussed in
the previous paragraphs. Then it will
be further attenuated by the “roll-off”
characteristic of the high-frequency
limiting element (the choke) in the
woofer circuit. The converse of this
situation will hold for those frequen-
cies below the crossover point. The
woofer output will now be determined

Fig. 3. Two-way network channels lows and
highs to woofer and tweeter respectively.
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entirely by the woofer performance
characteristic while the tweeter per-
formance will be controlled first by the
output characteristic of the tweeter
and then additionally modified by how
the high-pass frequency element in its
circuit rolls off the low frequencies. As
shown in Fig. 4, the end result of the
speaker network combination is a func-
tion neither of the network nor the
speakers, but is controlled by both the
electrical characteristics of the net-
work and the acoustic output of the
speakers.

Intermodulation Distortion

How does a two-way network of this
LC type provide improved audio per-
formance beyond the simple unit of
Fig. 1 without the network? First,
complete audio power utilization from
the amplifier is now feasible. If there
are a full 10 watts of low frequencies
available from the amplifier, they will
all go to the woofer and be reproduced
there without half of them being
wasted in the tweeter. Alternately,
when there are a full 10 watts of high
frequencies available from the ampli-
fier, they will all gq to the tweeter and
be reproduced without half of them
being wasted in the woofer. Then, of
course, there will be full protection for
the tweeter against damaging low
frequencies.

However, most important from a
performance standpoint is the fact that
the full two-way crossover network
system will provide considerable im-
provement (reduction) of the inter-
modulation distortion of the system.
With the elimination of the highs from
the woofer and their being channeled
instead to the tweeter, these high fre-
quencies are no longer bounced around
by the large excursions of the woofer
diaphragm which would be the case
if both highs and lows were to come
from the main speaker. By thus pro-
viding a separate tweeter diaphragm
entirely independent of the more vio-
lent excursions of the large woofer dia-
phragm, considerable reduction in in-
termodulation distortion is possible,
resulting in over-all cleaner sound.

Spatial and Level Response

When frequency division of this sort
is practiced it is possible to overcome
another defect of single-speaker op-
eration, namely high-frequency beam-
ing. In any large speaker, such as a
typical 12” or, especially, a 15” unit the
high frequencies tend to concentrate
in a rather sharp beam in front of the
speaker and high-frequency response
over a wide listening angle is thus de-
teriorated. When, however, the highs
are not reproduced by the large cone
but are instead reproduced by a sepa-
rate branch, then wide-angle dispersion
of the high frequencies may be ob-
tained, either through the use of dis-
persing type horn tweeters or a bent
array of cone-type tweeters. Level con-
trol of the treble frequencies may also
be easily accomplished now that they
have a channel of their own. Such con-
trols are referred to as ‘brilliance”



controls. They raise or lower the en-
tire plateau of the tweeter band, thus
maintaining the full-frequency range
of the tweeter despite the over-all out-
put level of the unit.

Three-Way System

The principles of the two-way net-
work may be readily extended to the
popular three-way system. Such a sys-
tem comprises a woofer, a mid-range
unit, and a tweeter—speakers which
reproduce, correspondingly, the low
frequencies, the middle frequencies,
and the treble frequencies. The same
general attributes that were found for
the two-way network system are now
applicable to the three-way system but
with more definition of detail. Obvious-
ly, with three-band operation, the sepa-
ration of the high frequencies from the
lows is more efficiently accomplished
and more readily audible. Where in tne
two-way system, for instance, a cross-
over of 2000 cps may have been chosen,
in the three-way system an upper
crossover of 5000 cps may be utilized.
Those frequencies from 5000 cps down
to perhaps 350 cps would be carried by
the mid-range unit, while below that all
the low frequencies would come from
the woofer. With this sort of separa-
tion, there is no question at all as to
which band is carried by the woofer
and which by the tweeter. Audibly,
the difference between the woofer
cutting off at 350 cps and the tweeter
starting at 5000 cps is as clear-cut as
night and day. The mid-range unit,
bridging these two extremes, has a
characteristic personality all its own,
again very distinct from the other two
branches.

Balance in Three-Way System

Psychological use is made of the
mid-range tonal quality by referring to
it as “presence.” There are many who
feel that reducing the level of the mid-
range unit makes the performer re-
cede somewhat in the background,
while raising the mid-range level
brings him forward—or increases his
“presence.” This controlling feature of

Fig. 4. The over-all
system performance
will be a function of
both the performance
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operation of the sys-
tem with a wide-
range speaker (shown
at A) and with a
woofer (shown at B).
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OFF OF QUTPUT
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WOOFER TYPE SPEAKER
WITHOUT NETWORK

W, ATTEWUATIOM OF INPUT
h DUE TO HNETWORK ELEMENT

WOOFER WILL GIVE FAST ROLL-OFF FOR SAME NETWORK AS ABOVE

mid-range ‘“presence,” along with the
treble “brilliance” control, obviously
makes the three-way system more
versatile than the two-way set up.
Since there is greater separation of
the frequency bands in the three-way
system than in the two-way system,
we should expect further reduction of
intermodulation distortion.

Mid-Frequency Controls

The filtering elements for a three-
way network are actually a combina-
tion of the principles used in the design
of two-way networks. The frequency
controlling elements are, in the mid-
range case, a capacitor to limit the low-
frequency input to the speaker unit, in
series with a choke to subsequently
limit the high-frequency input to the
same unit, as shown in Fig. 5. In this
instance, the mid-range section is a
bandpass type of filter, whereas the
low-frequency section is a low pass and
the high-frequency section is a high
pass.

6 db and 12 db Networks

The electrical structures shown in
Figs. 3 and 5 for the two-way and the
three-way networks respectively are
representative of the popular “6 db-

per-octave attenuation” type. They are
the simplest types to construct and
provide an “easy” type of roll-off, that
is, a gradual falling off of the frequen-
cies. Where it is desired to provide
sharper electrical attenuation of the
signals going into the speakers, then a
12 db system may be designed by dou-
bling up the filter elements—not two
capacitors where one exists, but in-
stead pairing off an inductance with an
already existing capacitor, and a ca-
pacitor with an existing inductance.
(The initial value of these pairs will
not be the same for the 12 db as for
the 6 db network. This will be dis-
cussed in detail in Part 2.) As an
illustration of the conversion of a 6 db
to a 12 db network, let us again con-
sider the case of the two-way system
of Fig. 3 which is a 6 db-per-octave
network, the slow type, and examine
the tweeter section. The capacitor
passes high frequencies to the tweeter,
as determined by the normally decreas-
ing impedance of the capacitor as the
frequency is increased. There is no
sharp “yes and no” line of demarca-
tion where the capacitor passes and
where it does not pass power on to the
tweeter. The manner in which this
power is transferred to the tweeter is a
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gradual one determined by the value
of the capacitor in series with the
tweeter. Some low frequencies below
the crossover point will inevitably be
transferred to the tweeter.

We can, however, bypass these low
frequencies from the tweeter by shunt-
ing it with a choke, a low-pass element
which has low impedance at low fre-
quencies. Thus, if we have a tweeter
in series with a capacitor, we may put
a choke across the tweeter for faster
roll-off of the low frequencies from the
tweeter terminals, as shown in Fig. 6.
As the frequency goes up, however,
so will the impedance of the choke
and the high frequencies that get
passed on to the tweeter through
the capacitor will not be bypassed from
the tweeter by the choke.

In a similar manner, if a capacitor
were to be put across the woofer ter-
minals, it would bypass any high fre-
quencies that might get through the
choke to the woofer terminals and the
high-frequency roll-off at the woofer
would thus be faster than that pro-
vided by the choke itself. At the low
frequencies the capacitor shunted
across the woofer terminal would be
relatively ineffective. It is thus possible
to design a “fast” 12 db-per-octave net-
work from a ‘“slow” 6 db-per-octave
network by simply adding, across each
loudspeaker unit, a reactance element
opposite in nature to that normally
found in that particular branch of the
circuit as a 6 db-per-octave network
(but altered in value). Fig. 7 shows 12
db-per-octave counterparts of the
simpler 6 db-per-octave networks.

We have intentionally avoided refer-
ence to numerical values for these re-
active elements because it was desir-
able to first establish a general speak-
ing acquaintance with the principles
behind these common network sys-
tems. We have indicated why they
were necessary; we have briefly dis-
cussed how they function; and the
general nature of the differences among
the various types. We are now ready
to assign values to the components
used in the various filter elements.

Part 2.

Constructing the Network

How to design and put together home-built
precision networks for 2- and 3-way systems.

Now we must deal a little more spe-
cifically with this matter of the 6 db
versus 12 db roll-off characteristic of
the network to determine the source
of the particular values chosen. These
are not arbitrarily selected values—
they are specifically related to the
values of the choke or capacitor ele-
ment that will provide a given cross-
over point for a given impedance.

Voltage Division at Crossover

By definition, the crossover point is
that frequency where the drooping out-
put of the low-frequency branch of the
network crosses over the rising char-
acteristic of the high-frequency branch
(as indicated in Fig. 3 of Part 1). For
a 6 db-per-octave network, the value
of the capacitor in the tweeter branch
and the value of the choke in the woof-
er branch are chosen to provide an a.c.
impedance across those two respective
elements, at the crossover frequency,
which will be equal to the speaker im-
pedance. Fig. 8 shows a simplified cir-
cuit of a two-way network with a low-
frequency branch and a high-frequency
branch, both tied across a common
voltage source. Let us assume that the
speakers are both 8-ohm units and that
it is desired to design a network to
cross over at 2000 cps. We will have to
find an inductor and a capacitor that
will each present an impedance of 8

ohms at this frequency. Having found
such components (more details later
on actually finding these) and insert-
ing them in the network of Fig. 8A, we
see that the voltage in the low-frequen-
cy branch has been equally divided
across the choke and the woofer. In a
similar manner, the voltage across the
high-frequency branch has been di-
vided equally between the capacitor

Fig. 7. A 6 db network is transformed to a 12 db network by adding into each
filter circuit an opposite type of filter element. Values will be altered—see text.
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and the tweeter. Consequently, the
voltage across the woofer is equal to
voltage across the tweeter. This is the
crossover point where the drooping
low-frequency characteristic crosses
the rising low-frequency characteristic.

6 db/Octave Attenuation

Now we come to the matter of the
octave rate of attenuation of these
drooping and rising characteristics.
Consider, first, the drooping woofer
branch characteristic of Fig. 8A. If it
a crossover frequency of 2000 cps the
inductance in the woofer circuit is
equivalent to 8 ohms, then at 4000 cps
(one octave higher) this inductance
will present a 16-ohm impedance since
the impedance is directly proportional
to the frequency. When this 16-ohm
impedance is now considered in series
with the 8-ohm woofer, Fig. 8B, then
the voltage across the choke becomes
twice that across the woofer. On a db
basis (db = 20 log E:/E;) a 2 to 1 volt-
age ratio becomes 6 db. Thus, after the
crossover point, the voltage drop-off
across the woofer progresses at a rate
of 6 db-per-octave. Thus, if we go up
another octave the choke impedance
doubles again, going from 16 ohms to
32 ohms, while the woofer still remains
8 ohms. The voltage in the woofer
branch, Fig. 8C, is now at a 4 to 1 ra-
tio. On a db basis, a voltage ratio of
4 to 1 represents a total drop of 12 db
or, agdin, 6 db over the previous octave.

The same analysis may be applied to
the tweeter branch and it may be
shown, in identical fashion, that the
tweeter circuit capacitor, when neces-
sarily chosen to be equal in impedance
at the crossover frequency to the
tweeter impedance will, below the
crossover point, continue to roll-off at
the gradual rate of 6 db-per-octave. So
it is seen that the automatic 6 db rate
of this type of network arises from the
simple necessity of choosing reactive
elements in the two branches to divide
the voltages equally across the various
elements in the circuit so that the in-
dividual speaker terminal voltages will
be the same at the crossover frequency.

12 db/Octave Attenuation

In Part 1 we discussed the general
method of pairing off a capacitor with
an inductance in each speaker circuit
to convert a 6 db-per-octave network
into a 12 db system. While ‘“pairing
off” is the general procedure, the values
to be used in converting from a 6 db
to a 12 db network need some modifica-
tion. Thus, if a choke had been original-
ly selected to have an impedance of 8
ohms at the crossover frequency (and
equal to the speaker impedance), then
it would have to be multiplied by a
factor of 1.41 when the systems were
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Chart 1 (Above). A master chart giving all physical winding data for
crossover network chokes based on speaker impedance and desired cross-
over frequency. Choose the speaker impedance on the vertical scale,
move over horizontally to the curve which represents the desired cross-
over frequency, and then move down to the horizontal scale which gives
all the vital statistics of the coil needed for the chosen conditions for a
6 db per octave network, shown in circuit (A) to right. To use chart for
12 db per octave network, circuit (B), simply multiply speaker impe-
dance by 1.41 and proceed as above.
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Chart 2 (Left). Auxiliary chart to be used in conjunction with
Chart 1 for determining the value of capacity needed to
cross over at a given speaker impedance. To use chart,
simply lay a straight edge between the point on the first
column representing the impedance of the speaker and the
point on the last column representing the crossover fre-
quency desired. The point where the straight edge crosses
the center column is the value of capacity required. Be sure
to use the two columns marked ’A’’ together, or the two
columns marked /B’ together. This chart is to be used for
a 6 db per octave network only. In order to obtain capacity
values for a 12 db per octave network it is only necessary
to divide the value of capacity obtained by 1.41. For the
lower values of capacitance, oil-filled capacitors are pre-
ferred. For the higher values, electrolytics are employed.

Chart 3 (Below). The actual inductance values of network
chokes used in the master Chart 1 are given here. This chart
makes it possible to wind coils of given inductance if the
construction details shown along the bottom axis and in the
drawing at the center of this page are followed. Inductance
values from about .03 up to 20 millihenrys are covered here.
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changed to a 12 db-per-octave network
as indicated in Fig. 7 of Part 1. Simi-
larly, the capacitance of the component
which had been originally chosen for
the tweeter circuit of the 6 db-per-
octave network would have to be di-
vided by a factor of 1.41 when the con-
version is made. Once these new values
have been determined by modifying the
6 db values, they may then be paired
off to provide the 12 db network. Cal-
culations similar to those in Fig. 8 may
be made when using these revised
values to plot out the network branch
voltage which will drop at the rate of
12 db-per-octave after the crossover
point when going in either direction.

It may seem that we put the ‘“cart
before the horse” in giving details on
how to convert from a 6 db to a 12 db-
per-octave network before we had dis-
cussed how to select the simple values
for the 6 db network. However, since
we had treated such conversion last
month as part of the general philoso-
phy of network design, it was deemed
logical to carry over that discussion in
terms of ‘numbers” so that a transi-
tion might be made to the problem of
selecting real values of inductances and
capacitances for a particular network.

Building the Coil

Although Chart 1 provides all of the
practical details for making the coil for
any given impedance and for any given
crossover frequency, we have included
another chart for the purist who still
wants to know the inductance of his
coil. If one were truly amb tious, he
could wind one master coil with several
taps along the depth for experimental
purposes. Charts 1 and 3 give the
actual curves of an experimentally
checked master coil wound of #18
enamel wire on the coil form shown on
the chart page. Along the abscissa are
four scales: first, the number of layers,
then the number of turns, then the
pounds of wire that are necessary for
a given inductance, and finally the coil
depth. The coil form is made with a 1”
wooden dowel as the core and the end
pieces of hard %4” Masonite. A series
of %&” holes were drilled along a radius
of one of these end pieces so taps could
be brought out anywhere along the
depth of the coil.

Chart 1 gives the details of the coil
configuration for any desired frequen-
cy and speaker impedance. Choose the
speaker impedance on the vertical
scale, move over horizontally to the
curve which represents the desired
crossover frequency, and then move
down to the horizontal scale which
gives all the vital statistics on the coil
for the conditions selected for a 6 db-
per-octave network.

To use Chart 1 for 12 db-per-octave
networks multiply the value of the
speaker impedance by 1.41 and proceed
as above. This, in effect, increases the
inductance value by 141 times, a re-
quirement for a 12 db-per-octave net-
work.

The corresponding capacity to go
along with the chosen inductance is
easily determined. One may make a
simple calculation of capacity by using
the formula: C = 1/27fX. where f is
the crossover frequency and X. repre-
sents the reactance of the capacitor
chosen to be equal to the speaker im-
pedance at the crossover frequency. C
will be the capacity required for the
tweeter branch. Alternately, Chart 2
may be used to pick off the actual ca-
pacitor value for a given impedance at
a given frequency. Here, again, as in
the case of the coil, the value found
for the capacitor is for a 6 db-per-
octave network. For a 12 db-per-octave
crossover, divide the capacitance value
obtained by 1.41.

Typical Three-Way Network Parts

The very important matter of the
type of capacitor to use deserves indi-
vidual treatment, but consideration of
this point will be deferred to the last
so that we may illustrate the actual
selection of component values for a
typical three-way system. Let us as-
sume an 8-ohm system with a cross-
over at 300 cps between the woofer and
the mid-range and an upper crossover
at 5000 cps between the mid-range and
the tweeter. This system was shown
in Fig. 7 of Part 1. The choke for the
woofer is selected from Chart 1 by
coming in from the 8-ohm point (speak-
er impedance) on the vertical scale to
the 300 cps curve and then down to
the horizontal scale where it is indi-
cated that very nearly 16 layers (or
500 turns) of wire will be required on
the coil form, that just under one

pound of wire will be needed, and the
coil depth will be approximately 34".
This is all the information required for
winding this woofer circuit coil.

Now, the low-frequency blocking ca-
pacitor of the mid-range circuit will
have to be equivalent in impedance to
the speaker at the 300 cps crossover
frequency. From Chart 2 thé value of
this capacitor turns out to be 65 ufd.

Moving to the upper crossover fre-
quency of 5000 cps, the high-frequency
limiting choke in the mid-range circuit
should have an impedance of 8 ohms
at this frequency. Again from Chart 1,
we select 8 ohms on the vertical scale,
move horizontally to the curve repre-
senting 5000 cps, then vertically down
the horizontal scale where we find that
the coil will consist of 5 layers of wire
(160 turns), will utilize approximately
14 pound of wire, and will be about 24"
thick. The corresponding tweeter
branch capacitor at this crossover fre-
quency point will also have to have an
impedance of 8 ohms and from Chart 2
this turns out to be 42 pfd. (call it 4).
Thus all the details for winding the
coils and choosing the right capacitor
values are readily available if you
know the speaker impedances and the
desired crossover frequencies.

To convert this network into the 12
db system shown in Fig. 7D, Part 1,
the inductance values of the chokes
should be multiplied by 1.41 and the
capacities divided by 1.41 and then
paired off as previously described.

Type of Capacitors

We must now discuss the contro-
versial question of the type of capac-
itor to be used in audio dividing net-
works. It has been generally conceded
that one can’t go wrong if he uses good
oil-filled or paper capacitors. However,
there is the matter of cost for such
units. A 60 wufd. capacitor, even one
rated at comparatively low voltage,
may not fit one’s pocketbook as well as
it does the network data. This prob-
lem has been overcome in commercial
equipment by using non-polarized elec-
trolytic types where large capacities
are required. These are comparatively
cheap but they do have their short-
comings. In practice it has been found
that the actual capacity of a batch of
electrolytics, all rated the same but
measured at the higher frequencies,
may vary by as much as 25 to 30%
from the rated value. In some in-
stances it has also been found that the
impedance of the non-polarized elec-
trolytic may climb at the very high
frequencies causing a tweeter loss.

This latter loss may be easily over-
come by shunting the electrolytic with
a small paper capacitor, 1 ufd., for ex-
ample, which will serve to keep the
impedance of the capacitor section of
the tweeter branch low at the high
frequencies.

Looking prejudice squarely in the
eye, there would seem to be no reason
as yet for not using electrolytics, polar-
ized or non-polarized, for network
construction.
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Here are examples of new quarter-
track record/playback (left) and
erase (below) tape recorder heads.

Here is what some of the very
newest extra-small-gap
heads can do with quarter-trac
tape when operated at

speeds of only 3.75 inches/sec.

Slow-Speed
Tape Recording

By JOHN W. HOGAN

HEN two large tape recorder

manufacturers released specifica-

tions on a four-track, 3.75-ips sys-
tem last year, the impact was sufficient
to cause a complete re-appraisal of the
medium by other members of the tape
recording industry including equip-
ment manufacturers, dealers, distrib-
utors, tape-music suppliers, and, of
course, audiophiles and other ultimate
users of tape recorders. As of this writ-
ing, several machine manufacturers are
supplying reel-type machines that
will operate at 3.75 ips and incorporate
“quarter-track” heads for this type
tape. In a few cases, recorder manu-
facturers have provided a vertical head
mechanism that enables the quarter-
track head to be shifted to a center

position for playback of the older half-
track stereo tapes. As an alternate
plan, other manufacturers are supply-
ing both half-track and quarter-track
heads on the same machine.
Performance evaluation of quarter-
track, 3.75-ips operation is a difficult
task. In direct comparison with stereo
discs, the new tape system offers ad-
vantages common to any tape unit.
These include: negligible quality dete-
rioration with extensive playing, pro-
fessional cross-talk rejection charac-
teristics, excellent dynamic range, and
good frequency response characteris-
tics. Recent LP discs are capable of
high-fidelity performance—particularly
when new and in good condition. Unfor-
tunately, the basic noise level and cor-

Fig. 1. Constant-current-record, unequalized-playback characteristics for Model TLD-L
laminated quarter-track record/playback head. Tape: 3M’'s 190: speed 3.75 ips.
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responding usable dynamic range may
deteriorate so that some audiophiles
“tape” their new stereo discs and pre-
serve the original. Channel cross-talk
rejection on the finest stereo disc sys-
tems is only 20 to 30 db while even the
poorest tape system betters this figure
by at least 10 db.

Compared with 7.5-ips, half-track
tape, the new tape system requires
careful analysis. In the first place, only
a few manufacturers of 7.5-ips record-
ers have taken advantage of the fuil
potential of the basic tape recording
art. Most machines use single laminar
heads which are characterized by ex-
cessive core losses and subsequent re-
duction in dynamic range. Amplifiers,
in many cases, are not properly equal-
ized and, generally, the inherent tape
noise level—which should determine
the noise in the basic system—is ex-
ceeded by amplifier hum and noise. In
the author’s opinion, a well-designed,
quarter-track, 3.75-ips machine using
laminated heads, properly adjusted
bias and equalization characteristics,
and precision drive components.is capa-
ble of providing equal or superior per-
formance to many of the recently man-
ufactured 7.5-ips machines.

The high retail prices of recorded
music tapes have dampened the enthu-
siasm of many audiophiles and music
lovers. Adoption of the lower speed and
the narrower track widths will provide
one answer to this cost problem and,
in all probability, open the tape record-
ing field to the popular music market
as well.

Technical Considerations
Keeping in mind these factors, let’s
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consider a few of the technical problems
involved in the design and manufacture
of components for tape recorders in the
medium-priced field. We will discuss
record/playback and erase heads, am-
plifiers, as well as integrated systems
for quarter-track operation. Record/

from the tape section that spans the
gap. Tape motion across the gap
causes the varying magnetic strength
of the recorded flux signal to be trans-
ferred through the core and thereby
generate a voltage in the associated
winding as:

playback head design, production, and _ _Nd¢
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basic importance in any system de-
signed for high-fidelity porformance.
In other words, no amount of engineer-
ing ingenuity or production ‘“gim-
micks” can offset the liabilities of in-
adequate head performance in a tape
recorder.

The Heads

A basic description of a magnetic re-
cording head is simple. It consists of a
closed core assembly with a precisely
lapped and spaced gap over which the
tape passes during the recording and/
or playback process. The head also
includes a winding assembly consisting
of multiple turns of copper wire to en-
ergize the head on recording and pro-
vide the induced voltage on playback.

When the head is used exclusively
for playback, the effective gap should
be small enough so that it doesn’t ap-
proach the wavelength of the highest
frequency on the tape. Fig. 1 shows a
constant-current-record, unequalized-
playback curve of a laminated quarter-
track head at 3.75-ips. The effective
gap coincides with the null reading at
28 kc. and is, therefore, 3.75/28000 or
.000134 inch. The actual or mechanical
gap on a head of this type, as checked
under a microscope, measured .000090
to .0001 inch. Discrepancies between
effective and mechanical gap figures
are the result of production faults,
such as improper finishing, which
might result in the situation dia-
grammed in Fig. 2. Fortunately, in this
case, as tape/head wear progresses, the
effective gap will begin to approach the
mechanical gap dimensions. For re-
liable playback performance the first
frequency null, occurring when the
wavelength on the tape equals the
effective gap, will be twice the highest
frequency desired. Thus, Fig. 2 repre-
sents a head well suited to 14 kc. play-
back performance with a quarter-track
system at 3.75 ips.

In actual playback operation, the
highly permeable structure of the head
offers a relatively easy path for flux
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Since the induced voltage amplitude
is proportional to frequency, a con-
stant-flux recording will result in a
uniformly rising output of 6 db or two
times per octave. Two basic types of
losses will completely alter the picture.
The first of these, wavelength or gap
losses, has already been briefly dis-
cussed. Here, as the physical wave-
length of the recorded flux signal
gradually approaches the effective gap,
the induced voltage will approach a
minimum or zero value, depending on
the parallelism of the two gap surfaces.

The second group of losses are classi-
fied as electrical or frequency losses.
They include core losses, such as eddy
current and hysteresis losses, and cop-
per losses in the winding. Other related
factors that cannot be readily defined
as losses and yet affect performance in-
clude capacitance, resonance effects,
etc. Fig. 3 shows the composite effects
of these various losses at 3.75-ips
speeds.

Curve 1 in Fig. 3 shows a 6 db-per-
octave curve. If there were no losses
during recording or playback, a con-
stant-current (flux) recording would
produce this type of response from an
open-circuit playback head into a volt-
meter. Curve 2 includes nominal losses
introduced during the recording proc-
ess. These will be described later in
more detail. Curve 3 shows the effect
of electrical or frequency losses on
playback over and above those sus-
tained in recording. Curve 4 shows the
resultant of all these losses plus play-
back loss from gap or wavelength ef-
fects and is the same curve that was
obtained experimentally in Fig. 1.
Other factors which enter into play-
back performance include: tape-to-
head contact, dirt, misalignment, etc.

A magnetic recording head designed
specifically for recording applications
would differ from a playback head in
two respects. First, it would have a
larger gap length to allow the medium
to be subjected to several bias cycles.
This eases the bias and record cur-

Fig. 2. Enlarged drawing showing how im-
proper finishing will produce a large differ-
ence between mechanical and effective gap.

«{ Fig. 3. Effect of losses during record and
playback to show how resultant constant-
current-record, unequalized-playback re-
sponse differs from 6 db per octave rise.

Fig. 4. Curve showing how the signal cur-
rent is combined with the bias current.

Fig. 5. Curve showing particles of the
medium as they are carried through first
an increasing field due to the tape en-
tering the record head gap (points S, 2,
3. and 4) and then through a decreasing
field when the tape leaves the record
head gap (points 5, 6, and F). Point F
represents the remaining magnetization.

Fig. 6. Equalized input-output, record/play-
back curves for a quarter-track, 3.75 ips
system at various frequencies. The record
and playback equalization and bias set-
tings are as shown in Fig. 8. Dashed
curve is ideal. Each decade is 20 db.
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Fig. 7. Test setup employed for Fig. 6.

rent drive requirements and further
allows a relatively thick conductive
spacer material to deflect the bias and
signal fields toward the medium.® The
second general design requirement of
a head to be used exclusively for re-
cording it that the relative number of
turns or head electrical impedance be
low enough to reduce winding capacity
losses; this is especially true when the
higher bias frequencies are used. Pro-
fessional tape recorder manufacturers
will often use a core material for a
record head that has higher flux han-
dling capabilities than the high-nickel
alloys used for playback heads.

The a.c. bias-record operation is com-
plicated and a thorough explanation of
the principles involved would require
more space than can be spared here.
The basic point to remember is that the
bias and signal fields are added to-
gether in the recording operation.- This
is shown in Fig. 4. Considering a given
point in time as P and remembering
that several bias cycles occur as the
tape passes across the gap, the action
of entry and exit of tape coinciding
with time point P would be to expose
the tape particles to first an increas-
ing intensity bias field (the signal may
be considered as a d.c. component effec-
tively deflecting the bias field upward
at the point P) and then a decreasing
field as the particles under considera-
tion leave the gap area. As the par-
ticles are carried through this series
of increasing and decreasing hysteresis
loops, the ultimate remanence is repre-
sented by F' in Fig. 5.

Any discussion of recording tech-
niques requires consideration of bias
frequency and amplitude. The bias fre-
quency should be at least four or five
times the highest audio frequency de-
sired. Reducing the frequency below
this figure will generate beat frequen-
cies that will ultimately result in au-
dible distortion when any amplifier-
circuit non-linearity is encountered.
The amplitude of the bias signal cur-
rent is extremely important in critical
tape recording applications. It assumes
even greater importance at low speeds
because demagnetization due to over-
biasing will have a relatively greater
effect on high-frequency performance.

Using too little bias will improve the
relative high-frequency response but at
the expense of signal-to-noise ratio and
distortion. At 3.75 ips the correct com-
promise for achieving good frequency
response, low distortion, and wide dy-
namic range or good signal-to-noise
characteristics is a bias slightly below
that figure which will give maximum
response at 1 kc. well below the 3 per-
cent distortion level.

As previously mentioned, losses oc-
cur during recording which contribute
to a non-uniform magnetization level
on the tape if the head is energized
with a uniform magnetizing current.
These losses fall into two groups: tape
losses which cannot be compensated
when the tape is magnetized to its up-
per limit; and electrical or frequency
losses and bias demagnetizing losses
which can be counteracted irrespective
of the recording level on the tape..

The discussion thus far has been con-
fined to the single-purpose, single re-
cording or playback head. Far more
common, even on some semi-profes-
sional recorders, are the combination
record/playback heads. These heads
are usually “weighted” toward the
factors that make a good playback
head. At 3.75 ips, however, even with
effective gap lengths near .0001 inch,
excellent recordings can be made.

Several manufacturers have con-
ducted extensive experiments to deter-
mine optimum equalization, dynamic
range, distortion and frequency re-
sponse characteristics for 3.75-ips op-

eration. Their results have “shown
that precision in quarter-track record/
playback head manufacture is such
that frequency response at 3.75 ips is
comparable to that obtained with
present-day single laminar half-track
heads at 7.5 ips. In addition to frequen-
cy response, however, the importance
of usable linear dynamic range at any
specific frequency in the audio band
should not be overlooked. The family
of curves of Fig. 6 shows maximum
usable linearity ranges at 1 ke, 3 kec.,
7 ke.,, and 10 ke. at 3.75 ips. with a
Nortronics TLD-L laminated quarter-
track head in the setup of Fig. 7.

Typical NAB-type equalization
curves for the 3.75-ips system with a
Nortronics TLD-L laminated head are
shown in Fig. 8. Curve 1 represents the
constant-current-record, unequalized-
playback curve of the head with a bias
chosen as previously outlined. Curve 2
represents the record-current equaliza-
tion. This curve, in conjunction with
Curve 1, will produce the unequalized
playback response of Curve 3. Curve 4
represents the playback equalization
necessary for the complete system.

It is interesting to note that the
TLD-L laminated narrow-gap, quarter-
track head has approximately the same
response at 3.75-ips as the older TLD-S
single laminar half-track head has at
7.5 ips. There are two reasons for this:
the gap length of the TLD-L head is
about one-half the gap length of the
TLD-S and the core losses are consid-
erably less, as shown in Fig. 9.
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the alignment of FM receivers,

there is not much point in simply
reviewing well-known procedures.
Therefore, specific problems peculiar
to certain types of FM circuits will be
our main concern. It will be convenient
to concentrate on the various detector
circuits, but consideration will be given
to related alignment procedures. Con-
sidered in order will be discriminator-
type detectors, ratio detectors (bal-
anced and unbalanced), locked-in os-
cillator detectors, and gated-beam de-
tectors.

Before any test equipment is con-
nected to the tuner, the latter should
be adjusted to a point where no signal
is received. This is done because short-
ing out of the oscillator in an FM re-
ceiver cannot usually be accomplished
reliably. Since the inductance of the
jumper used is likely to approach that
of the oscillator coil, oscillator opera-
tion tends to continue, although at a
different frequency.

For the initial phases of alignment,
it is often more practical to forego a
sweep generator in favor of a more
conventional r.f. generator—one that
has been set to the i.f. with 400-cps
amplitude modulation. The latter type
of signal will be found to provide good
accuracy and convenience, especially
in indicating exact center frequency
during detector alignment. The audio
signal also comes in handy for such
other purposes as checking AM rejec-
tion and detecting oscillation by its ef-

S INCE MUCH has been written about

Fig. 1. A version of the discriminator.
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Circuits using various types of detectors each

have their own bugaboos. Practical techniques.

fect on the receiver’s audio output.

Connection of the signal-generator
leads to the receiver chassis in the
vicinity of the detector or the final i.f.
stage frequently results in the devel-
opment of standing waves. As a result
of these, oscillation may be encoun-
tered when i.f. adjustments are at-
tempted. To eliminate this effect, gen-
erator leads often have to be re-dressed
carefully.

Refer now to Fig. 1, which is the
schematic for one version of the dis-
criminator-type detector. The primary
of the discriminator transformer is ad-
justed first, for maximum output. Or-
dinarily the indicating instrument is
connected from the center tap of the

(A) (B)

Fig. 2. Swept detector response with
scope synced at (A) 120 and (B) 60 cps.

secondary to ground, across the load
resistor of the secondary. In most ver-
sions of the discriminator, this is easy
to locate. In this case, the v.t.v.m. is
connected from point “A” to ground.

The meter is then transferred to the
output of the de-emphasis network
(point “B”) for the adjustment of the
discriminator-transformer secondary.
The desired reading here is zero d.c.
volts. As the proper setting of the sec-
ondary is reached, the meter pointer
drops from a definite amount of deflec-
tion to zero almost instantaneously.
Also the audio modulation from the
generator will almost completely dis-
appear at the same point. We there-
fore have two indicators. one visual
and the other aural, for accurately de-
termining the proper point.

If the v.t.v.m. has a zero-center

scale, this will be convenient in mak-
ing the adjustment. A slight move-
ment of the adjustment in one direc-
tion will then result in a negative
reading, while over-adjustment in the
other direction will result in a quick
swing through zero to a positive read-
ing.

For final alignment, the sweep gen-
erator is brought into play. While a
discussion of the conventional setting
of generator controls is not intended
here, it should certainly be pointed out
that sweep width should be increased
to the maximum that is consistent
with convenient observation of the
trace. If sweep is not wide enough,
there are several difficulties that can
mask the proper alignment point. To
mention some, misalignment of the i.f.
channel, regeneration, spurious re-
sponse from the tuner, and standing
waves can all obscure the scope pat-
tern to some extent. When the sweep
is, for example, 450 kc. wide, the trace
on the screen will show the whole re-
sponse curve and indicate such trou-
bles. If the sweep is too narrow, we
may also end up by setting the cross-
over point on one side of the i.f. re-
sponse curve.

Occasionally the connection of an os-
cilloscope to the receiver may result
in pickup of external signals, noise, or
hum voltages. Internal regeneration
or oscillation may also result. These
conditions cause modulation or distor-
tion of the observed pattern. To guard
against these annoyances, the lead to

Fig. 3. Ratio detector, balanced ty'pe.
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Fig. 4 (Upper left). One version of the unbalanced ratio detector.

Fig. 5 (Above). Locked-in oscillator-detector found in Philco sets.

Fig. 6. Correct (A) and poor (B) response for oscillator-detector.

the vertical-input terminals should be
kept as short as possible and well
shielded. If these troubles persist, a
resistor in the range between 50,000
and 100,000 ohms may be placed in se-
ries with the vertical-input lead of the
oscilloscope. In the circuit of Fig. 1,
for example, this is necessary to avoid
detuning. Keep this resistor as close
as possible to the point of contact in
the receiver.

A few words are necessary here con-
cerning the final alignment of the i.f.
section. When adjusting the frequency
setting of the sweep generator, always
make certain that the response curve
displayed is for the proper interme-
diate frequency rather than for a har-
monic. It is easier to make a mistake
of this kind than one might expect,
especially if one happens to be work-
ing with an instrument that is not
completely familiar. However, a sim-
ple check eliminates this possibility of
error.

With the response curve showing on
the screen of the scope, move the re-
ceiver tuning control back and forth.
If the frequency setting of the gen-
erator is correct, the pattern will re-
main stationary; if not, the pattern
will move off the screen as the tuning
knob of the receiver is turned.

The reason for this movement lies
in the design of those sweep gener-
ators where this difficulty is likely to
occur. The FM is imposed on an oscil-
lator of fixed frequency, usually in the
range between 25 and 60 mc. This sig-
nal then beats against another variable
r.f. oscillator, providing sweep around
the desired frequency by heterodyne
action. However, more than one het-
erodyne output is produced.

For example, assume that the fixed
swept oscillator is operating around 45
mec. and that it is beating with a vari-
able oscillator adjusted to 55.7 mc. By
adding these two we get 100.7 mc. By
subtraction we get 10.7 mc., the de-
sired signal. In addition, the second
harmonic of |the 45-mc. output is at 90

mc. Thus, there are at least three
sweep signals available in this case to
which circuits in the receiver may re-
spond, although only one of them is
desirable.

If the trace observed on the oscillo-
scope is the result of either the 90-mc.
or the 100.7-mc. signal, it will move
off the screen as the receiver’s tuning
control is rotated because these sig-
nals beat with the local oscillator in
order to enter the i.f. section. On the
other hand, if it is the true 10.7-mc.
output, it will stay put. Furthermore,
this does not take into account such
other adverse effects as image re-
sponse.

Assuming that if. alignment is cor-
rect, final oscilloscope alignment of the
discriminator is performed by first con-
necting the scope to point “A” of Fig.
1, as already noted, for the primary
adjustment, in which maximum ampli-
tude of the response curve is sought.
The scope lead is then moved to the
de-emphasis network (point “B”) to
obtain the crossover pattern, which is
adjusted for maximum symmetry, par-
ticularly at the crossover point. The
sweep frequency of the scope may be
set to 120 cps, in which case the pat-
tern should resemble that of Fig. 2A.
If the scope is synced at 60 cps, the

pattern of Fig. 2B will be obtained.

We will now consider the ratio de-
tector, both balanced and unbalanced
types. Information previously given
for signal-generator settings and at-
tachment of instrument leads applies
equally well here. We first connect the
v.t.v.m. across electrolytic capacitor C:
(point “A” in both Figs. 3 and 4) and
ground to adjust the primary of the
detector transformer for maximum
curve amplitude and to make the i.f.
adjustments as well. In the balanced
type, we next connect the v.t.v.m. to
the de-emphasis network, between
point “B” (R, C:in Fig. 3) and ground,
and then adjust the secondary for the
rapid zero reading previously de-
scribed.

To make this adjustment in the un-
balanced type, a pair of high-value,
matched resistors—100,000 ohms or
more—is usually shunted across R in
Fig. 4. Connection of the meter is then
made between the usual point in the
de-emphasis network and the junction
of these two temporarily added re-
sistors. To avoid this bothersome pro-
cedure, the secondary may be adjusted
by ear for minimum audio as previous-
ly described, using a conventional r.f.
generator with a 400-cycle amplitude-
modulated signal. This time saver is
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Fig. 7. A gated-beam
detector using the
6BN6 tube. The two
adjustments in this
circuit are the slug
in the quadrature
tank and the AM re-
jection control in
the 6BN6 cathode.
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particularly acceptable if final align-
ment will be completed with the oscil-
loscope anyhow.

When the FM generator and scope
are brought into play, remember that
we rely on the latter to indicate ampli-
tude changes during adjustment of the
detector primary and the i.f. channel.
Therefore limiting action in the de-
tector is disabled temporarily by dis-
connecting electrolytic capacitor C: in
Figs. 3 and 4 and making the scope
connection at this same point. In the
balanced circuit, it is satisfactory to
remove either end of the capacitor. In
the unbalanced version, the negative
terminal should be removed.

When if. adjustments have been
completed, reconnect C: and transfer
the scope to the de-emphasis network,
as already noted, to adjust the trans-
former secondary for maximum sym-
metry of the crossover pattern. In some
sets, it will be necessary to re-adjust
the primary to a very small degree at
this time to get the crossover point to
straighten up.

The locked-in oscillator-detector em-
ploying the FM1000 tube was de-
veloped by Philco. Refer to Fig. 5. The
oscillator grid, pin 2, is first grounded
which causes the section to operate as
an AM detector. The if. frequency
used here is 91 mec. The output in-
dicating instrument is connected either
to point “A” or to any other audio-
frequency signal point. Alignment of

the i.f. section is then made by employ-
ing the same procedure as given for the
discriminator detector. When the i.f.
adjustments have been completed, the
ground jumper on the oscillator grid is
removed, and the quadrature circuit is
short-circuited, as shown in the sche-
matic, to disable the locking action of
the plate feedback into the oscillator
section. With the signal generator set
for 400-cycle AM output at 9.1 mec., ad-
just the oscillator trimmer until a beat
note is heard in the loudspeaker. This
audio note results from the heterodyn-
ing of the oscillator and if. signals.
Continue to adjust the oscillator trim-
mer until a condition of zero beat is
obtained (a null between two low-
pitched growls).

When the short circuit is removed
from the quadrature circuit, the audio
signal will again be heard. Reduce the
signal generator output to the lowes:t
value at which a usable signal can L
heard. Re-adjust the tuning slug in tho
quadrature circuit until a zero beat is
again obtained. Repeat the entire op-
eration as necessary until the removal
of the short from the quadrature cir-
cuit has minimum effect on the zero-
beat condition obtained when the oscil-
lator trimmer is adjusted. When the
jumper is removed from the quadra-
ture circuit, the complete response
curve can be observed on the screen
of the scope with FM sweep. The

quadrature slug is then adjusted for
maximum linearity. Fig. 6A shows a
proper response curve, while that of
Fig. 6B is poor.

Once the detector is properly aligned,
the oscillator grid is again grounded
and the receiver front end adjusted in
the usual manner.

In receivers employing the 6BN6
type of gated-beam detector, Fig. 7,
alignment of the i.f. stages is accom-
plished by measuring the r.f. voltage at
the signal grid of the detector. A
suitable probe is therefore required
with the indicating instrument.

Attach the r.f. probe to the detector
signal grid and adjust the if. trans-
former for maximum r.f. voltage read-
ing. Next, tune in a local FM station
for maximum indication and adjust the
quadrature circuit coil for best audio
results. Finally, tune in a weak signal
accompanied by a large amount of
noise and adjust the variable control
in the cathode circuit for the best sig-
nal-to-noise ratio. It may be necessary
to disconnect the antenna and do some
juggling with the degree of coupling to
the receiver input in order to maintain
the noise level sufficiently high so that
changes can be detected readily. A
slight re-adjustment of the quadrature
coil may then improve fidelity.

The main point to remember is that
poor alignment can cover up an other-
wise skillful repair job. When in doubt,
go over all adjustments.
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& A.F.C.in FM

with FM receivers is that of oscilla-
tor drift, although compensating
capacitors and a.f.c. have gone a long
way toward minimizing the trouble.
While such measures make life more
pleasant for the receiver owner in
normal use, they can, when trouble de-
velops, complicate things for the tech-
nician. In the popular AM-FM types,
the interrelationship between circuits
used for both modes of operation
doesn’t help matters either. Before
tackling problems in FM stability, the
technician should know some pertinent
things about the receiver circuitry.
The detector in an FM receiver de-
modulates the i.f. signal. The center

oNE OF THE ETERNAL problems

frequency of the if. signal must stay-

close to the center of the amplitude-
frequency characteristic of the detec-
tor. One of the reasons is illustrated in
Fig. 1. In each of the three diagrams,
the frequency-modulated if. signal is
shown on the lower, vertical axis in
such a way that it can he projected to
the detector characteristic shown
above it. The a.f. signal that results

A clear picture of what goes on inside

from demodulation is shown along the
horizontal axis to the right of the de-
tector characteristic. With this ar-
rangement, the input-signal values can
be projected geometrically through the
detector characteristic to the a.f. out-
put signal waveform. In each of these
diagrams, the input signal is assumed
to be modulated by a sine wave.

Fig. 1A illustrates the condition of
perfect tuning. The center frequency
of the i.f. signal corresponds exactly to
the center frequency of the detector
charaéteristic. Within the limitations
of a small, inevitable amount of cur-
vature in the actual characteristic,
the modulating sine wave is faithfully
reproduced.

Fig. 1B illustrates what happens
with a small amount of detuning. Be-
cause the positive excursions of the in-
put signal now reach into the substan-
tially-curved portion of the detector
characteristic, one half of the a.f. sig-
nal is flattened, and the signal is thus
noticeably distorted.

Fig. 1Cillustrates what happens with
a large amount of detuning. Positive

the set can speed up troubleshooting
when oscillator stability is involved.

excursions of the input signal extend
beyond the edge of the detector char-
acteristic. The result is extreme distor-
tion, as shown.

The lower the amplitude of the mod-
ulation signal, the less the FM signal
deviates from its center frequency, and
the less likely it is to swing past the
detector’s linear portion. Thus, one
characteristic of detuning distortion is
that it gets worse as modulation-signal
amplitude increases. In some cases,
only the high-level peaks of the pro-
gram material distort. Even when the
detuning is small and the signal is with-
in the so-called “linear” portion of the
detector characteristic, the fact that
slight non-linearities are not symmetri-
cal about the received signal center fre-
quency adds to distortion.

It thdis becomes clear that, for full-
quality FM reception, the tuning should
be kept as nearly perfect as possible.
The if. signal center frequency should
be within a few kec. of the detector’s
center frequency.

The if. center frequency is deter-
mined by the local oscillator. Ordi-

Fig. 1. In properly tuned FM set (A) linear detection results in undistorted audio output. Detuning (B, C) distorts audio.
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narily the if. is the difference between
the oscillator frequency and the (lower)
FM carrier being received. For ex-
ample, with the receiver tuned to 90
me., the oscillator should be at 100.7
mec. The difference, 10.7 mc., is the gen-
erally used i.f. for FM receivers. When
the local oscillator in the front end
drifts as little as 20 or 30 kc., the cor-
responding shift of the if. band can
result in annoying distortion and noise
interference. The problem of noise
arises sometimes even before distortion
is noticed, because detuning during
drift reduces the signal amplitude to
the limiter. In cases in which the sig-
nal is weak enough to be just on the
threshold of adequate limiting, drift
allows such noises as automobile igni-
tion pulses to be serious obstacles to
quiet listening.

Reasons for Instability

The local oscillators of FM receivers
are much more susceptible to drift than
their AM receiver counterparts. The
main reason is that the values of induc-
tance and capacitance used in FM cir-
cuits for tuning are very much lower
than those in AM circuits. These react-
ances are so low in FM that they do not
greatly exceed those of tube and stray
circuit capacitances. The latter vary
considerably during temperature
changes and thus change the resonant
frequency of the oscillator tuned
circuit.

At the same time, the physical di-
mensions of the oscillator coil change
due to thermal expansion. Since a tem-
perature rise tends to increase the size
of most components, and thus also in-
crease the values of inductance and
capacitance, the frequency of the oscil-
lator tends to drift downward.

Of course the greatest drift occurs
when the receiver is warming up from
a “cold” start, as this is when the
greatest temperature change takes
place. Most FM receivers do tend to
drift during the first 15 minutes or so
after being turned on from a cold start.
After that time, the oscillator should
“settle down” and be relatively stable.
However, if the oscillator is not care-
fully designed, or if there is a defect in
its circuit, drift may continue indefi-
nitely, causing distortion and excessive
noise due to mistuning. It will also be
subject to frequency change as a result
of line voltage fluctuations.

Temperature Compensation

Some FM receivers use negative-
coefficient capacitors to compensate for
drift during the warmup period and for
general stability. A negative-coefficient
capacitor is one whose capacitance be-
comes less as its temperature increases,
thus reversing the usual trend. If con-
nected in a tuned circuit, such a capaci-
tor causes the resonant frequency to
become higher as temperature in-
creases.

As previously noted, ordinary oscilla-
tor circuits tend to drift downward in
resonant frequency during warmup, so
the negative-coefficient capacitor tends
to compensate for this drift. Such ca-
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Fig. 2. How a.l.c. locks oscillator.

pacitors are manufactured in several
standard ratings. The receiver designer
attempts to choose the capacitance and
coefficient that will most nearly cancel
the normal uncompensated drift in the
circuit.

As an example of the ratings of nega-
tive-coefficient capacitors, one of the
most popular coefficients is 750 parts-
per-million per degree centigrade, des-
ignated as “N750.” This means that
this capacitor changes capacitance by
750 millionths of its value for each
change of one degree centigrade in its
temperature. The “N” stands for nega-
tive, indicating that the capacitance
changes in a direction opposite to
that of temperature change. In other
words, if the temperature rises the ca-
pacitance goes down, and if the tem-
perature falls the capacitance rises.

It is important that the technician be
familiar with such data because, if a
temperature-compensating capacitor is
to be replaced, the replacement must
be correct. Otherwise, bad oscillator
drift may result.

A. F. C. Circuits

Another device that helps. combat
tendencies toward oscillator drift is the
automatic frequency control (a.f.c.)
circuit. This circuit probably came into
use mainly to aid in providing less criti-
cal tuning to the receiver owner. How-
ever, in so doing, it overcomes the ef-
fects of oscillator drift within limits.

The basic principle of a.f.c. is illus-
trated in the block diagram of Fig. 2.
The FM detector develops a d.c. control
voltage. This voltage is normally zero
when the front end is correctly tuned,
but becomes plus or minus when the
front end is off tune one way or the
other. The control voltage is applied to
the “a.f.c. tube,” which has the more
general name of “reactance tube.” The
reactance tube converts the variations
of d.c. control voltage into variations
of reactance across the oscillator tuned
circuit.

The reactance thus applied to the
oscillator becomes part of its tuned
circuit, and helps to determine the reso-
nant frequency. If, through tempera-
ture drift or line voltage variation, the
oscillator should shift frequency so the
receiver is out of tune, the detector
control voltage changes the reactance
exhibited by the reactance tube. This,
in turn, changes the resonant frequency
of the oscillator in such a way that this
frequency shifts back toward what it
should be for proper receiver tuning.

A basic reactance-tube is shown in
Fig. 3. This circuit simulates and ap-
plies capacitance to the oscillator at
terminals A and B. When an a.c. volt-

age is applied to a capacitor, the ensu-
ing current leads the voltage by 90 de-
grees; this is a basic characteristic of a
capacitor. The reactance-tube circuit
does the same thing: when an a.c. volt-
age (such as an oscillator signal) is
applied to terminals 4 and B, the re-
sulting current leads the voltage 90
degrees. The oscillator tuned circuit, to
which these terminals are connected,
cannot tell the difference between the
reactance-tube circuit and a capacitor.
It thus reacts in the same way as
though a real capacitance were present
across A and B.

Now let’s look into how the react-
ance tube sets up this voltage-current
relationship:

1. The a.c. voltage from the oscillator
is applied to points A and B, and thus
also to C and R in series (Fig. 3).

2. The capacitance of C is deliberate-
ly made small enough so that its react-
ance in the circuit will be much higher
than the resistance of R. Thus the
series circuit composed of these two
elements, consisting of a large react-
ance and a negligible resistance, is al-
most entirely capacitive. Therefore the
alternating current that flows through
this combination leads the voltage ap-
plied to it (at terminals A and B) by
almost 90 degrees.

3. The voltage across a resistor is in
phase with the current passing through
it. Thus the leading alternating current
applied to the resistor develops an in-
phase voltage across this component.
Furthermore, this new, developed volt-
age must then lead by 90 degrees the
original a.c. voltage applied through
terminals A and B.

4. Since R happens to be the grid
resistor of the tube, we may now say
that the a.c. voltage applied to the grid
(voltage across R) leads the a.c. volt-
age at the plate (applied by the oscilla-
tor).

5. The plate current of a tube is di-
rectly controlled by and in phase with
the signal voltage applied at the grid.
Thus the alternating current at the
plate of the reactance tube that results
from the a.c. voltage at the grid also
leads the a.c. voltage at the plate by
90 degrees.

6. With current leading voltage, the
circuit has the properties of a capaci-
tor. Since the output of the reactance
tube (plate to ground) is connected
across the oscillator’s resonant circuit
through terminals 4 and B, the react-
ance tube-simulates a capacitor added
to the oscillator tank to help in tuning
it.

Fig. 3. Basic reactance-tube circuit.
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0SC. AND
MIXER TUBE

SIGNAL FROM
RF AMP

Fig. 4. A typical a.f.c. and oscil-
lator circuit, using a twin triode.

It is worth mentioning that some re-
actance-tube circuits are designed to
act as inductors. However, the capaci-
tive type described here is the more
usual case. Also, while we have
established the nature of the circuit
as capacitive, we have said nothing
about the amount of capacitance that
is simulated.

In order to readjust oscillator fre-
quency as needed, we must be able to
vary the amount of simulated capaci-
tance used for retuning. At this point,
we may consider the role of the control
voltage also applied to the grid of the
reactance tube in Fig. 3. The more posi-
tive this d.c. voltage becomes, the
greater will be the plate current. Since
more current will flow through a larger
capacitor (less capacitive reactance)
than through a smaller one, a relatively
positive control voltage will increase
the simulated capacitance applied to
the oscillator tank. This will lower os-
cillator frequency.

Obviously, the circuit must be so
wired that, when local-oscillator fre-
quency drifts too high, the correspond-
ing d.c. imbalance in the detector’s out-
put must be applied in the positive di-
rection as a control voltage. Conversely,
if the oscillator goes lower in fre-
quency, control voltage from the de-
tector becomes more negative. This
reduces the reactance tube’s plate cur-
rent, decreasing the simulated output
capacitance (increasing reactance), and
oscillator frequency is tuned back up to
where it should be.

In many modern FM tuner circuits,
a triode is used as the reactance tube.
This makes it convenient to use one
section of a dual triode for this purpose
while the other section is used for an-
other function, usually that of oscilla-
tor.

One typical modern circuit is shown
in Fig. 4. A dual triode (12AT7) is used
for the oscillator, mixer, and a.f.c. (re-
actance) tube. No external capacitor is
shown for the function of C (in Fig. 3).
It happens that the triode’s grid-to-
plate capacitance is large enough to
assume this role. Notice that quite a
bit of positive voltage is applied to the
cathode of the reactance tube through
a 27,000-ohm resistor. This biasing
prevents loading 'of the oscillator cir-
cuit from becoming excessive.
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Fig. 1. The actual case record of one of

the tuners modified by the author.

Re-
sponse curves (A), (C), and (E) were taken

at the second limiter grid, while curves

(B), (D), and (F) were at the discriminator.

FM tuners, both kit type and factory

assembled, which have insufficient i.f.
bandwidth to give top fidelity reception
of broadcast programs unless the re-
ceived signal is an extremely strong
one. It matters not what the sensitivity
of the receiver is or how much AM
rejection it has if it produces distortion
on signals of reasonable strength.

The unsatisfactory if. bandpass situ-
ation that exists in some cases is due,
principally, to two causes. The if.
transformers may be under-coupled and
there may be feedback from the output
of the i.f. strip back to the input which
will distort the i.f. response. Even if
feedback is not a problem in the origi-
nal circuit it may become one as trans-
former coupling is increased:

To make the tuner revisions de-
scribed here it will be necessary to
have a sweep-frequency oscillator, a
marker oscillator to cover the i.f. range
in the vicinity of 10.7 mc., and an oscil-
loscope. This equipment will permit
visual alignment and checking of the
results of the modification.

The actual sequence of operations
will be determined by the type of trans-
formers used and whether the receiver
uses a limiter-discriminator or a ratio
detector system. If %" x 3" trans-
formers are used, it is not practical to
vary the magnetic coupling of the two
windings so the additional coupling
must be capacitive. Because this addi-

THERE have been, and still are, some

tional capacitive coupling will depend,
to a great extent, on that already: pres-
ent, adjustments on this type trans-
former are most easily made when the
transformers are checked in the tuner.
In the case of some of the larger trans-
formers which may be easily removed
from their shields, the magnetic cou-
pling is increased by moving one turn
of one of the windings closer to the
other winding, as shown in Fig. 3. This
may be done with the transformer
installed in the tuner or in a trans-
former test jig, the diagram for which
is shown in Fig. 2.

This test jig is so wired that the
signal is fed into an amplifier which
drives the primary of the transformer
under test. If the transformer is an
interstage type, the secondary is con-
nected to an infinite-impedance-type
detector which will rectify the if. sig-
nal. The detector output is then fed
into the oscilloscope to allow observa-
tion of the response curve. At the dis-
cretion of the experimenter, a third
socket may be installed near the in-
finite-impedance detector socket. A
6AL5 may be used in this socket either
as a discriminator detector or as a
ratio detector. An FM test signal is,
of course, required. The test jig is not
essential if only one tuner is to be
modified. If a number of if. trans-
formers are to be wound or modified,
the jig will save both time and effort.

Fig. 1 is an actual “case history” on

Improving

your

M Tuner
A

By W. B. BERNARD
Capt., USN

Some changes that will take only a few hours to make
will pay large dividends in listening satisfaction.

one of the tuners modified by the
author. The tuner in this case was a kit
which, according to the instruction
booklet, was furnished with pre-aligned
transformers which required no further
adjustment to provide moderately sat-
isfactory reception. The tuner was as-
sembled according to instructions and,
upon completion, the if. response to
the second limiter grid was checked.
The result is the narrow, peaked curve
shown in Fig. 1A. It can be seen that
the = 100 kc. points are down about 15
db from the peak. The discriminator
curve for this condition is shown in
Fig. 1B. The peaks are 300 kc. apart
and the line connecting the peaks is
far from being straight although the
input signal was sufficient to provide
considerable limiting. In fact, the limit-
ing was sufficient to obscure the mark-
er pip except when it was moved to
the peaks of the curve.

In the original condition, acceptable
reception could be obtained on two of
the strongest signals but most of the
other signals in the band were badly
distorted. The next step in the process
was to align the if. system. The result-
ing curve at the second limiter grid
is shown in Fig. 1C. The center fre-
quency has been moved to 10.7 mc. and
the = 100 kc. points are now about 5
db down. Fig. 1D shows the discrimina-
tor curve. It is still 300 kec. peak-to-
peak but the line connecting the peaks
is now much straighter. Listening tests
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showed that additional stations could
be received satisfactorily but that some
of the stations which were limiting
adequately were giving distorted re-
ception when the modulation percent-
age was high.

It should be pointed out that the
curves of Figs. 1C and 1D are not at
all unusual with either kits or factory
assembled tuners. The i.f. response can
be broadened by stagger-tuning the
transformer windings but this results
in a reduction of gain in the if. system
which, in many cases, is not acceptable.
The preferable remedy is to increase
the coupling between the primary and
the secondary of the interstage trans-
formers. In the case described, the
transformers were of the 3" x 3" type
so the additional coupling had to be
capacitive.

The signal generators were con-
nected to the grid of the first limiter
and the oscilloscope was connected to
the second limiter grid leak. The setup
was then adjusted to give a good trace
on the screen. A 2.5 pufd. ceramic ca-
pacitor was connected from the first
limiter plate to the second limiter grid.
The transformer response increased to
over 300 kc. at the 3 db points. This
showed that 2.5 wpfd. was too much
coupling and, having no smaller ca-
pacitors, it was necessary to use a
“gimmick.” A short length of wire was
soldered to the grid terminal of the
transformer and the other end brought
near to the plate terminal. The re-
sponse of the transformer narrowed
considerably. This showed that this
capacity was in opposition to the mag-
netic coupling; the 2.5 pufd. unit had
completely overcome the magnetic
coupling and had over-coupled the
windings as well. To get the magnetic
and capacitive coupling to aid, it was
necessary to reverse the connections on
one of the transformer windings. In the

- tuner being modified it was simplest to
cross the connecting wires going to the
plate and screen of the tube driving the
primary of the transformer.

Once the windings were correctly
polarized, the gimmick was reconnected
to the grid terminal. Hooking the in-
sulated end over the plate terminal
gave sufficient capacity to provide the
desired bandwidth. The transformer
was now over-coupled, that is, the re-
sponse curve was double-humped with
a deep valley in the center. The valley
was removed by loading both windings
with 39,000-ohm resistors.

Working toward the front of the re-
ceiver, the same treatment was applied
to each of transformers. As the first
transformer was adjusted the influence
of feedback from the output of the i.f.
system became troublesome. The trou-
ble was temporarily eliminated by con-
necting the scope to the grid resistor
of the first limiter and removing the
second limiter tube from the socket.
This permitted modification of the first
transformer but, of course, some other
remedy was needed before the system
as a whole could be aligned. In this
case the trouble was corrected by con-
necting a choke (consisting of 15 turns
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of #20 insulated wire, wound on a 4"
form) between the hot side of the
heaters on the first limiter and the
preceding tube and connecting a 5000
pufd. disc ceramic capacitor from the
hot heater terminal of the tube pre-
ceding the first limiter to ground. It
may also be necessary to choke and by-
pass the plate supply leads and shield
the bottom of the discriminator trans-
former and the discriminator socket.

The presence of this undesirable
feedback is manifested by a wide vari-
ation in the response curve when the
strength of the input signal is varied.
When the signal is strong, the gain of
the limiters is decreased and the feed-
back causes no trouble. When the input
signal level is reduced, the gain of the
limiters increases and the feedback also
increases. When it is of considerable
magnitude, it has a great effect on the
response curve of the amplifier. It or-
dinarily results in a peak in the curve
at low signal levels with the peak dis-
appearing as the level is increased. The
presence of this feedback can be
checked by shorting out the primary of
the discriminator transformer and not-
ing whether the response, up to either
of the limiter grids, is affected. If the
curve is appreciably changed when the
primary of the transformer is shorted,
you have work to do.

After the feedback was reduced to
a satisfactory level, the i.f. system was
aligned. Fig. 1E shows the i.f. response
of the modified tuner. At the second
limiter grid the bandwidth is 200 kec.

with the = 100 kc. points less than 2
db down. More important is the flat
response across most of the 200 kc.
bandpass. The discriminator curve, aft-
er modification of the rest of the i.f.
transformers, showed that the dis-
criminator transformer itself had suf-
ficient bandwidth and thus needed no
modification. Fig. 1F shows the dis-
criminator curve of the modified tuner.
The peaks are now separated 400 kec.
and the line between them is straight.
Listening tests showed that any sta-
tion which gave limiting could be re-
ceived satisfactorily.

The procedure for modifying a ratio-
detector-type tuner with a limiter is
the same as for the limiter-discrimina-
tor type. The modification of a ratio-
detector type which has no limiter
requires that some arrangement be
made to check the response of the i.f.
stages independent of the response of
the ratio detector stage. In some cases
it will be possible to get the signal for
the scope from the screen of the driver
tube. If, in the tuner you are checking,
it is not possible to find any point
which will provide a scope signal, it
will be necessary to use a probe, similar
to that shown in Fig. 4, to check out
the if. system.

The changes described took only a
few hours to make. This modest
amount of work has paid big dividends
in listening satisfaction. If you have or
can borrow the necessary test equip-
ment, you can make these same im-
provements in your tuner.

TRAKSFORMER

Fig. 2. The schematic
diagramshown hereis
of a circuit that may
be employed for the
testing of individual
if. transformers as
is described in text.
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Fig. 4. Special oscilloscope probe for
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Author Jones is shown with the stereo sys-
tem described below. The two preamps
are at the bottom of the tape deck carry-
ing case, the two 10-watt amplifiers are on
the shelf between the two speakers., and
the common power supply is at the left.
Complete construction data
on a semiconductor stereo
system which provides 20

watts of hi-fi power output.

By DWIGHT V. JONES

All-Transistor Stereo Tae System

EpIToR’S NOTE: For those of our readers
who are interested in constructing the
unit described below, we would like to
point out that there are nine transistors
used in each of the two channels, plus
four silicon rectifiers in the power supply.
The four power transistors are Delco
types available directly from local Delco
distributors at about $6.00 apiece. The
other transistors and rectifiers are read-
ily available and are less expensive. The
total cost of semiconductors alone may
run between $70.00 and $80.00 for this
unit.

In spite of the above, however, we feel
that this article is important even to
those who may not duplicate the circuit
since it shows what can be donme with
transistors and transistor circuitry at
this time.

WENTY watts of electrical energy

is available from this system for

driving your living room speakers;
also adequate tone controls to compen-
sate for variations in components, pro-
gram material, and the human ear at
different listening levels. This system
consists of a stereophonic tape deck,
two tape preamplifiers, two 10-watt
amplifiers, two 8- or 16-ohm speaker sys-
tems, and a common power supply, as
indicated in the block diagram of Fig. 7.

Transistors offer many advantages
in high-fidelity circuits since there is
no problem with microphonics or hum
pickup from filaments as we have with

Fig. 2. Response curves for the tape preamplifier unit.

tubes. Transistors are inherently low-
impedance devices and thus offer better
matching to magnetic pickups and
loudspeakers, for more efficient power
transfer.

Preamplifiers

The two preamps consist of two
identical units with the circuitry of
Fig. 1. Both preamplifiers use a com-
mon 18-volt battery supply. The circuit
of Fig. 1 consists of three direct-coupled
transistor stages. The first two stages

have a feedback bias arrangement for
current stabilization of the two stages.
The 330,000-ohm resistor from the
emitter of V. provides this d.c. current
feedback to the base of V.. The output
stage is well stabilized with a 5000-ohm
emitter resistance, Rs.

The negative feedback from the col-
lector of V. to the emitter of V, is fre-
quency selective to compensate for
the standard NAB (formerly NARTB)
recording characteristic. The preampli-
fier frequency response from a record-

‘L_
r.:lI+
Fig. 1. Complete sche-
matic diagram and part c2
listing of one of the tape o
preamplifiers employed.
Note two identical units

are required for system.

P TAPE HEAD

¥ OUTPUT

R:1—15,000 ohm, Y5 w. res.

Re:—47 ohm, V5 w. res.

Rs—1500 ohm, 15 w. res.

R—25,000 ohm linear taper pot
Equalization™)

R5—330,000 ohm, Y5 w. res.

Rs—10,000 ohm, 5 w. res.

R7—3000 ohm, Y, w. res.

Rs—5000 ohm audio taper pot (“Level Con-
trol”)

(“Treble

C1, C2—20 pfd., 20 . elec.. capacitor.

Cs—.01 ufd. ceramic capacitor

C;—100 pfd., 6 v. elec. capacitor

Vi, Ve—“p-n-p’’ transistor (G-E 2N508)
Vs—“p-n-p”’ transistor (G-E 2N322)

NOTE: This listing is of parts required for
ONE of the preamps. For the complete stereo
system as described by the author, TWO such
units must be built and the above parts dupli-
cated.

Fig. 3. Response of preamp altered for 3.75 its tape speed.
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‘ Fig. 4. Both tape preamps along with
tone control circuits are shown here.

T R T

Fig. 5. Close-up view of rear of one

Rz fvi lf a3 ] preamp and the tone-control circuits.

ed tape at 7.5 ips is shown in Fig. 2.
The flat response from a standard re-
corded tape occurs with the treble con-
trol, R,, at mid-position or 12,000 ohms.
There is 7 to 8 db of treble boost with
the control at 25,000 ohms maximum
position and approximately 20 db of
treble cut with. R, equal to zero.

The preamp output is approximately
2 volts with the input being the maxi-
mum 400-cycle recorded level for 2 per-
cent distortion on the tape (Standard
Reference Level). The total har-
monic distortion of the preamp at this
level is under .2 per-cent. With a pre-

- . POWER SWITCH
amp output of 4 volts at 400 cycles, the FOR BOTH

total harmonic distortion is still less PREAMPS.

—sov. than 1 per-cent as actually measured.

'; ’ This preamp will accommodate a

Fi variety of tape head impedances since

it gives an equalized output for a 2000-

ohm head at 1000 cps and also a 6000-

ohm head. The input impedance of the

P-N-P preamp increases with frequency be-

2N§§3 cause of the frequency selective nega-

tive feedback to the emitter of V.. The

C6 impedance of the tape head also in-

= creases with frequency but is below

that of the preamp. The input im-

pedance of the preamplifier is approxi-
mately 70,000 ohms at 1000 cps.

The 2N508 was used in this preamp
because, basically, it is a high-gain low-
noise transistor. This transistor oper-
ates in a circuit designed to achieve a
good signal-to-noise ratio (S/N). The
3 S/N of this preamp is approximately
60 db. The noise level will vary with
respect to head structure, shielding,

RS
(5MA.-NO SIGNAL
.4A AT IOWATTS)

Ril

P-N-P

8 OR 16 OHM SPEAKER &

L.
!

Rr—3000 ohm, Y, w. res. C5—.001 pfd. capacitor A
Re—100,000 ohm pot (“Bias Adjust”) Co—1000 pfd., 50 v. elec. capacitor and physical layout of the tape deck,
Rs—150,000 ohm, Y5 w. zes. C7—.2 ufd. paper capacitor amplifiers, etc.
R;—24,000 vhm, 1> w. res. CR:1—1N91 germanium diode : _ :
R5:—39,000 ohm, Y, w. res. F1—Y5 amp. fuse 1 T}}e en(”lutter followerf stage %IIVES a
Re—1500 ohm, V5 w. res. Vi—*p-n-p” transistor (G-E 2N320) ow-lmpedance OUtRUt or a cable run
R7—8200 ohm, V> w. res. Vs, Vs—“p-n-p” transistor (G-E 2N43) to the power amplifier and acts as a
ﬁs—;ﬂJ ohm, Y5 w. res. ll;;—"/‘n-p-n" transistor (G-E( 21\;167)N buffer so that any preamp loading will
9, R10—1000 ohm, V> w. res. 5, Ve—“p-n-p” transistor (Delco 2N553) s s
Rir—22 ohm, Y, w. res. NOTE: This listing is of parts required for l’lOt affeCt, the equallzatlon character-
C:1—20 ufd., 20 v. elec. capacitor ONE of the amplifiers. For the complete stereo istic. A linear taper was used for R,
C:—100 uufd. ceramic capacitor system as described by the author, TWO such the treble control, and an audio taper
g:—i;oph’i‘.’, Sg 1‘v. ellecc.ccap:‘f‘i;or u”:’; must be built and the above parts dupli- for R the level control.
¢ HiGes 6 7. clec. capacitor cared The preamplifier of Fig. 1 may be
Fig. 6. Complete schematic of one of the two identical 10-watt power amplifiers. altered to compensate for tapes re-
<4 Fig. 7. Block diagram of the complete stereo tape system.
# 1 TRACK TAPE |gOmAETRT Z{Ig. 8. Distortion vs power output for 10-watt amplifier.
PREAMP AMP. 2 A .
[ P i
SPEAKER Cio o — e
S'l;EREO N - | POWER L] ,_SJ g % 1. M.'?ﬂ;’{f )
DECK W S| °o [ e — >
% .\-g .5 —— a—
-"#'—JIKC.
2 TRACK TAPE 10 WATT E - 4
POWER —
PREAMP R " :
AMP | 2 3 4 5 6 7 8 9 10
SPEAKER O.IWATT OUTPUT (WATTS)
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« Fig. 9. Curves at the TRaANSISTOR

l 0 db. LEVEL leftshow thefrequency
— ! res f the bass-
— f ponse of the bass <—BASS BOOST
2 _jof= e boost circuit employed
_\ L Juax | 55580057 at —20 and —40 db. .
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MIN. LEVEL (SEE TEXT)
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LEVEL the bass-boost circuit. 5K

T MIn: Note that two such ru Ly
e circuits are used in 10ptd.
30 100 TKC. T5KC. the stereo system. 15V, OUTPUT
FREQUENCY-CPS
o -0

BASS BOOST CIRCUIT

This is to compensate for the non-
linear response of the human ear as
represented by the now-familiar
Fletcher-Munson curves. The ear re-
quires a higher level for the low-fre-
quency sound to be audible as the
frequency is decreased and also as the
over-all spectrum level is decreased.

The usual circuits that are employed
to accomplish this attenuate the over-
all audio spectrum independent of the
level control and then with a variable
network the low-frequency attenuation
is decreased—giving bass boost. This
means that circuit gain has been sacri-
ficed to obtain bass boosting. Frequen-
cy sensitive feedback around one or
more stages is another method used
to accomplish bass boost.

The new simplified bass-boost circuit
shown in Fig. 10 gives the desired re-
sult without sacrificing circuit gain
or adding gain stages.

This circuit is more easily adapted
to transistor circuitry since it requires
a very low drive impedance for opti-
mum performance. It is quite practical
to attain this low impedance (less than

Fig. 11. Top view of the two 10-watt transistorized power amplifiers. 50 ohms) from a transistor in the emit-

corded at 3.75 ips by setting R, at 25,- Fig. 12. Bottom view of the chassis housing both the power amplifiers.

000 ohms and making the feedback
capacitor (C,) .02 ufd. In addition, the
47-ohm resistor (R.) from the emitter
of V. to ground was shunted with 5
ufd. to attain the response shown in
Fig. 3. The value needed for this shunt
capacitor will depend somewhat on the
high-frequency response of the tape
head being used, since this capacitor
contributes to increased circuit gain
above 3000 cps.

Bass-Boost Circuit

A bass-boost circuit using three pas-
sive components in conjunction with
the level control is included in the de-
sign. This gives the operator independ-
ent control of the level or amount of
bass boost desired or the level control
can be used as a loudness control. This
circuit has the advantage of simplicity,
economy, and has its best application
in transistor circuits since it requires
a very low driving impedance.

It is usually desirable to have some
method of boosting the level of the
lower portion of the audio spectrum as
the over-all sound level is decreased.

102 HI-FI ANNUAL & AUDIO HANDBOOK



Fig. 13. One-kc. square-wave response,

ter-follower connection, as shown in
Fig. 10.

Fig. 9 shows the frequency char-
acteristics of this circuit. With the
level control set for zero attenuation at
the output there is no bass boost avail-
able, but as the output level is attenu-
ated, the available bass boost increases.

Fig. 9 shows the frequency response
(lower dashed curve) when the output
is attenuated 40 db and the bass-boost
control is set for minimum (50,000
ohms). The solid curve immediately
above represents the frequency re-
sponse when the bass-boost control is
set at maximum (zero ohms). Thus a
frequency of 30 cps can have anything
from zero to 27 db of boost, with re-
spect to 1000 cps, depending on the
adjustment of the bass-boost control.

All components used in the construc-
tion are standard with the exception of
the inductance, which weighs about 1
ounce and has over-all dimensions of
about 1” x 34” x 3%". The coil is wound
on standard nickel-steel laminations
that are used for transistor transform-
ers. The author obtained the 0.7-henry
inductance by using the green and yel-
low leads on the secondary of Argonne
transistor transformer No. AR-128.

This circuit about fulfills the require-
ments set forth in the article “Is a
Loudness Control Necessary” by Burt
Hines published in the July 1958 issue
of Rapio & TV News. This article in-
dicated a separate loudness control
would not be needed if a bass control
could provide “something like 25 to 30
db at 40 cycles.” Fig. 9 shows that ap-
proximately 25 db of boost can be ob-
tained with this circuit. The Fletcher-
Munson contours of equal loudness
level show most of the contour changes
involve a boost of the bass frequencies
at the lower levels of intensity. There-
fore, this circuit combination seems to
fulfill the requirements of level control,
bass boost, and loudness control.

The circuit can be added to the emit-
ter-follower and level-control output of
Fig. 1 since it has the same driving im-
pedance, as shown in Fig. 10.

With this addition, the preamp of
Fig. 1 now has the necessary treble
and bass contro] to compensate for lis-
tening levels, deficiencies in the pro-
gram material, or deficiencies in pick-
up, speakers, etc.

1959 EDITION

LY
Chart your course in the exciting,ever-changing world
of ELECTRONICS. . . with the brand-new edition of

YOUR CAREER IN ELECTRONICS!

Now on sale at your favorite newsstand, or use coupon below today!

Here's your chance to explore the field of the future—Electronics! Your CAREER
IN ELecTRONICS sums up the wonderful array of opportunities open to you, with
informative articles, colorful charts, helpful tips...all geared to your own needs.

You'll enjoy learning about:
e YOUR FUTURE IN ELECTRONICS

o ELECTRONIC CAREERS IN COMPUTERS, ARMED FORCES,
AUTOMATION, PATENT LAW, STANDARD MEASUREMENTS,
and much, much more

e HOW TO PLAN YOUR CAREER...SCHOOLING...JOB HUNTING
e HOW TO MAKE MONEY IN SPARE-TIME ELECTRONICS
e And many more authoritative, helpful features

Pick up your copy of the 1960 Edition of Your CAREER IN ELECTRONICS
now at your newsstand or radio parts store—or order by mail using handy coupon
below. Only $1.00

your carcor in [T

Ziff-Davis Publishing Company
Department HFA

434 S. Wabash Avenue
Chicago 5, lllinois

Please send me a copy of the 1960 YOUR CAREER IN
ELECTRONICS. | enclose $1.00, the cost of YOUR CAREER
IN ELECTRONICS, plus 10¢ to cover mailing and handling
charges. (Canada and Foreign, $1.25 plus 10¢ postage).

MHAME

ADDRESS

——— e S RS



. ®E !
—_— T — 4
3 = |
Z o - Odb = 10 WATTS} -
Fig. 14. The curve at 5 il Ml
the right shows the max- & Mo
imum power response 3 2 1
of one of the power am- & \:
plifiers at the level at = -4 .1'
which clipping begins. & )
'
_5 i
30 100 IKC. 10 I5KC.
FREQUENCY-CPS
T R2 _ 50 v {NO LOAD]
Fi A +—0 45y [.44)
'?' 2 =eC3 =ec4 A3 AMPLIFIER # |
=R + +
'.-!'.&I C }j'
PLI e + + —
s emq | C' ITC2 R4 AMPUFIER # 2
| #—— 50 V. (NO LOAD)
I7V.AC. i R v L aa)

R:+—180,000 ohm, Y2 w. res.

Re, Rs—2 ohm, 5 w. res.

Rs, R;—47,000 ohm, Y5 w. res.

Ci1, Cs, Cs, C4—1500 ufd., 50 v. elec. capacitor
SR1, SRe, SRs, SR,—Silicon rectifier (1N1115)

Fig. 15. Complete schematic diagram of

tening levels, deficiencies in the pro-
gram material, or deficiencies in pick-
up, speakers, etc.

The construction and component lay-
out of the two preamplifiers with this
bass-boost circuit is shown in Fig. 4.
Fig. 5 shows the construction on the
back side of one of the preamps.

Power Amplifiers

A great deal of effort has gone into
the development of transformerless
push-pull amplifiers using vacuum
tubes. Practical circuits, however, use
many tubes in parallel to provide the
high currents necessary for direct driv-
ing of low-impedance speakers.

The advent of power transistors has
given new impetus to the development
of transformerless circuits since tran-
sistors are basically low-voltage, high-
current devices. The emitter-follower
stage, in particular, offers the most in-

Fig. 16. Top view 6f the common power supply chassis.

104

Tr—Rectifier power trans. 117 v. pri.; 33 v. @
3 amp sec. (Triad F-61U or equiv.)

F1—2 amp fuse S1—S.p.s.t. switch

PL1—1/25th watt neon bulb (NE-51)

NOTE: This supply will power both amplifiers.

the single power supply unit required.

teresting possibilities since it has low
inherent distortion and low output im-
pedance.

The two 10-watt power amplifiers
used in this system consist of two iden-
tical amplifiers with circuitry as shown
in Fig. 6. This is a direct-coupled am-
plifier with excellent low-frequency re-
sponse and also has the advantage of
a feedback arrangement for current
stabilization of all stages. The feedback
system also stabilizes the voltage divi-
sion across the power output transis-
tors, Vs; and V. which operate in a
class B push-pull arrangement.-V, and
V. also operate class B in the familiar
Darlington connection to increase the
current gain. Using an n-p-n for V,
gives the required phase inversion for
driving Vs and also has the advantage
of push-pull emitter-follower operation.
Vs and Vs have a small forward bias to
minimize crossover distortion. This bias

is set by the voltage drop across the
1000-ohm resistors (R, and R.) that
shunt the input to V; and V. V; and
V, are biased for the same reason with
the voltage drop across the 1N91. A
68-ohm resistor would serve the same
function as the 1N91 except there
would be no temperature compensa-
tion. Thermistors have also been used
to compensate for the temperature
variation of the emitter-base resist-
ance, but they do not track this vari-
ation as well as a germanium junction
diode which has temperature charac-
teristics similar to the transistor.

V. is a class A driver requiring a
very low-impedance drive which is ac-
complished by an emitter follower, V..
V. needs a current source for low dis-
tortion thus R, was set at the maxi-
mum value which would allow the
amplifier to be driven to maximum
output with the Standard Reference
Level into the preamp.

The bias adjust, R., is set for one-half
the supply voltage across Vs and can
be trimmed for symmetrical clipping at
maximum power output. The .001-ufd.
feedback capacitor (C:) from collector
to base of V. aids in stabilizing this
circuit by reducing the phase shift and
high-frequency gain of this stage. The
100-upfd. capacitor (C:) shunting the
bias network further aids the stabiliza-
tion with high-frequency negative
feedback from output to input. This
circuit has approximately 15 db of
over-all feedback with the 24,000-ohm
resistor (R.) from load to input. The
speaker system is shunted by 22 ohms
(R.) in series with .2 pfd. (C:) to pre-
vent the continued rise of speaker im-
pedance and its accompanying phase
shift beyond the audio spectrum.

The over-all result from using di-
rect-coupling, no transformers, and
ample degeneration, is an amplifier
with output impedance of % ohm for
good speaker damping and very low
total harmonic distortion, as shown in

Fig. 17. Bottom view of the common power supply unit.
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Fig. 8 The frequency response at
average listening levels is flat over the
audio spectrum and the maximum pow-
er response is shown in Fig. 14. The
amplifier square-wave response is
shown in Fig. 13. All of the data was
obtained using an amplifier load of 16
ohms.

Figs. 11 and 12 show the construc-
tion and layout of both 10-watt ampli-
fiers on a single aluminum chassis. V;
and Vs of Fig. 6 are mounted on a
common heat radiator which is insu-
lated from the chassis. See Fig. 11. One
of these transistors must be insulated
from the common heat radiator. The
author placed a thin sheet of mica be-
tween transistor Ve of both amplifiers
and the Delco automobile radio heat
sink. These aluminum heat sinks could
have been sawed in half for direct
mounting of each of the four power
transistors. Another method would be
to mount each power transistor direct-
ly on a 3”x3"”x 39" aluminum plate,
with each of the four plates insulated
from each other and also insulated
from the chassis.

The two 10-watt amplifiers use the
common power supply of Fig. 15 which
provides excellent isolation for each
amplifier. Figs. 16 and 17 show the
layout and construction of the power
supply used by the author. Mounting

hardware and mica washers are furn-
ished with the 1N1115 silicon rectifiers.
The aluminum power supply chassis
(Fig. 16) is the heat radiator for the
bridge rectifier system that is used to
deliver the required d.c.

Although the construction described
may seem fairly complicated and be
relatively expensive, the results ob-
tained have fully justified the author's
outlay of time and effort.

“STEREO" DEFINED

PPROVAL of a concise and complete

definition of the word “stereophonic”
has been voted by the Board of Direc-
tors of the Magnetic Recording Industry
Association.

The definition was formulated by the
Standards Committee of MRIA, headed
by C. J. LeBel, and after approval by the
association’s board became standard for
the magnetic recording industry. The
definition will be forwarded to the Amer-
ican Standards Association for its con-
sideration. The definition is as follows:

“Stereophonic, sterec (binaural, dep-
recated): A technique of transmitting
sound which employs two or more com-
plete transmission channels for the pur-
pose of creating in the listening environ-
ment the sense of auditory perspective
inherent in the source environment.
Each channel must include a separate
microphone, amplifier, and loudspeak-
er, and may have one channel of a multi-
channel recorder and reproducer inter-
posed as a time-storage device.”

2-Tube 7-Watt Stereo Amplifier

NEW miniature triode-pentode that

makes possible very compact audio
amplifiers, has just been introduced by
CBS Electronics. The 50FY8 combines
the voltage and power amplifiers in a
single envelope. In addition to the 50-
volt heater type, 25-, 12.6- and 6.3-volt
heater types are also available as the
25FY8, 12FY8, and 6FY8, respectively.
The tube features low plate and screcen
voltage requirements and provides 2.7
watts output in single-ended class A.

A pair of 50FY8’s are the only tubes

required in a stereo amplifier utilizing
the CBS modified simplex circuit. Such
an amplifier can provide up to 3.5 watts
per channel. Complete construction de-
tails of an amplifier using two of these
tubes, along with tone-control circuits
and power supply, will appear in our
September issue under the title ‘“Com-
pact Two-Tube Stereo Amplifier.”

The technical bulletin E-334 describ-
ing the new audio tube is available from
CBS Electronics Advertising Service,
Parker St., Newburyport, Mass.

Schematic diagram of the two-tube, seven-watt stereo amplifier using 50FY8's.

172 50FY8

STEREO
CARTRIDGE

I} 1 —0

CBS-HYTRON
SC-2
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172 S0FY8
T, —PRIMARY=4000 2 C.T.

~ SECONDARY (ONE SIDE TO C.T.)=VOICE COIL IMPEDANCE OF ONE SPEAKER

T2 - PRIMARY = 1000 €

— SECONDARY = IIZVOI(:E COIL IMPEDANCE OF ONE SPEAKER 2
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By HAROLD REED

Listening to tape playback and
editing with aid of the switch,
which is being operated by 20
cps pulses on the tape itself.

20 cps

Tape Recorder Switch

Use low-frequency signal recorded on tape to operate

operating a relay by means of a

low-frequency signal recorded on
magnetic tape, this device may be used
to operate a relay for control applica-
tions when any 20-cycle, or lower, sig-
nal is applied to its input. It may be
used to stop the recorder actually being
used to play back the tape, to start or
stop another recorder, to control a mo-
tion picture projector, in fact to control
any electrical device or electric lamps
in demonstration applications.

The control signal can be obtained
from any audio oscillator capable of
supplying the low-frequency signal
This signal may be used to actuate the
device directly or it can be recorded on
magnetic tape and the unit operated
during tape playback once, or as many
times as desired and for any time
duration.

The filter has a sharp cut-off char-
acteristic above 10 cycles, therefore, a
control signal between approximately
10 and 20 cycles will operate the
switch, but voice, music, and sine-wave
signals of higher frequencies will not
trigger the unit. This makes it possible
to feed the output of a tape recorder to
the unit and only the low-frequency
control voltage will cause the switch
to operate and only at each point that
this control signal is recorded on the
tape.

A self-contained germanium diode
power supply is included but the cir-
cuit may be operated from a 22 -volt
battery if desired.

ALTHOUGH designed primarily for

Circuit Description

The device employs a low-pass filter
in the input circuit, as shown in Fig. 1.
This filter was designed to operate at
the lower end of the audio band, that
is, 20 cycles or below. Using a low fre-
quency makes it possible to record this
signal on a magnetic tape along with

power circuits through this automatic switching unit.

R2

o
BTVEL, 2RIV "
|| - CE]+

RT

R:—1000 ohm pot

Re—150,000 ohm, Y5 w. res.
Rs—10,000 ohm, V> w. res.

R;—470 ohm, Y, w. res.

Rs;—100 ohm, V> w. res.

R6—600 ohm, V5, w. res.

R7—150 ohm, 5 w. res. (optional, see text)
Ci1, C5—25 pfd., 25 v. elec. capacitor
C:—16 ufd., 12 v. elec. capacitor

Cs, C;,—10 ufd., 25 v. elec. capacitor
Cs—16 ufd., 50 v. elec. capacitor

CH;—4.5 hy. choke

CH:—8 hy. choke

CHs, CH;—2.5 hy. choke

PL1— 147 pilot light (optional, see text)

S1—S.p.s.t. switch

T1—Fil. trans. 25.2 v.
P6469 or equiv.)

RL:—8000-0hm relay (Sigma 4F)

CRr—1N34 crystal diode (Raytheon)

CR:—I1N38A crystal diode (Sylvania)

Vi, Ve—*“p-n-p”’ transistor (G-E 2N190)

@ 1 amp. (Stancor

Fig. 1. Schematic diagram and parts listing of the transistorized 20 cps switch.

voice or music and the low-frequency
control signal will trigger the relay but
will be inaudible in the loudspeaker.
Mathematical equations used in design-
ing the filter are discussed later. Un-
less the constructor is especially in-
terested, or wishes to design the filter
for another frequency or impedance,
he may ignore such design data.

A common-emitter transistor audio
amplifier follows the filter section. This
amplifier works into a germanium
diode rectifier. Direct-current output
from the diode is applied to a transistor
d.c. amplifier with the sensitive relay
connected in its collector circuit.

Voltage divider R; and R. allows for
adjustment of the power-supply output
to —225 volts. These resistors also

provide a bleeder load for the power
supply. Since the circuit was designed
for this supply voltage, it is possible
to build the unit with either or both an
a.c. and a 22.5-volt battery supply and
switch in either as required. As there
is no 6.3-volt winding available, the
power pilot lamp is connected across
the 25-volt winding in series ' with
dropping resistor R.. The pilot lamp
and resistor may be omitted.

Although two relays are employed
in the unit shown, the sensitive relay,
RL,, can be used alone to operate the
recorder motor or other device. It has
a contact rating of 2 amperes. The
second relay, RL. of Fig. 2, is an or-
dinary 117 volt a.c. type. It is wired to
provide a self locking-in action, elimi-
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SENSITVETY.

Front-panel view of the completed unit shown in its metal case.

nating the need for a more expensive
latching-type relay. Release of the re-
lay to the normal, or open, condition is
easily accomplished with reset switch,
S.. Thus, relays RL: and RL. may be
used to start or stop any device and
RL. may be selected to handle greater
loads.

The value of the sensitivity control
at the input of the amplifier was
selected so that it would be at about
midway position when a control signal
of 1 volt was applied to the filter input.
A 1000-ohm potentiometer proved to be
about right for this purpose.

Impedance mismatch at the filter
output varies with movement of the
sensitivity control. For this applica-
tion, however, we are not concerned
with precise impedance matching as
long as we obtain a low-frequency sig-
nal of sufficient amplitude at the base
of V.. A more expensive constant-im-
pedance attenuator could be used here
but was not considered necessary.

Construction

Although a standard 5” x6” x9"” metal
box was used to house the device, it
could be built into a much smaller con-
tainer. The size shown, however, will
provide room for a battery and change-
over switch, if both battery and a.c.
operation are desired, with space to
spare.

The input connector, control connec-
tor, power and reset switches, pilot
lamp, and sensitivity control are
mounted on the front panel. The low-
pass filter section, power supply, relays,

transistor sockets, and other compo-
nent parts are assembled on a 7%” x
41" sub-panel which is attached to the
main panel by means of screws and
four spacer posts. These posts may be
of any suitable material. The author
used threaded ceramic insulators.

Stand-off terminal strips were
mounted on the inside of the sub-panel
under the machine screws holding the
chokes, etc.,, as required. Capacitors,
resistors, and the crystal diodes were
soldered to these terminals between
the sub- and front panel. Miniature
transistor circuitry capacitors were
used. All wiring on the sub-panel must
be completed first and then the inter-
connecting leads between it and the
front panel soldered in place just be-
fore the sub-panel is installed. The
constructor need not follow this type
of layout, however, since parts place-
ment is non-critical.

Both panels are aluminum sheets
and the front panel was etched and
provided with identifying decals under
the controls and connectors. The box
was fitted with a plastic handle and
four rubber feet. Most of the items
used in the unit shown in the photos
were found in the junk box. The parts
list gives commercial components that
will provide equivalent results.

Incidentally, after cutting transistor
leads to a short length, it is difficult to
plug them into the socket. The author
found that if after the leads are cut,
they are filed lightly with a fine file to
taper the lead ends, they can be in-
serted into the sockets quite easily.

As mentioned previously, the foliow-
ing design data is given for the benefit
of the reader interested in constructing
filter networks with characteristics
other than those of the author’s
“model.”

The filter consists of a constant-k
“T” section and an m-derived “T” sec-
tion. The equations for the constant-k
section are: L, = R/7f. and Ci =
1/7f.R. The circuit diagram is
shown in Fig. 3A. Equations for the
m-derived sections are: L, = mLy, L. =
(1—m?*/4m) Ly, and C, = mCk. Refer to
the diagram of Fig. 3B. In the fore-
going equations, L is in henrys, C is in
farads, R equals the characteristic im-
pedance, 7 is 3.14, f. is the cut-off fre-
quency, m is 0.6. The m value of 0.6 is
commonly used in practical filter de-
sign. Its value is found by m =
V1= (f/f ©» )2 where f » is a frequency
of high attenuation. The inductance
L, in the output leg of the constant-k
section and the input inductance L. of
the m-derived section are combined,
that is, the total value of these two in-
ductances is furnished by a single coil.
This is shown in Fig. 5 which is the
schematic diagram of the complete
filter as designed from the preceding
equations.

For extremely efficient filter opera-
tion and in critical applications, top
quality parts are required. The resist-
ance of the coils should be low and the
“Q” of the coils and capacitors high.
However, for this application and at
the low frequency involved, the author
found ordinary iron-core choke -coils
and electrolytic capacitors to be satis-
factory. Commercially available choke
coils and capacitors having inductance
and capacitance values as close as pos-
sible to the values derived from the
equations were chosen. These are
given in Fig. 1 and in the parts list.
Note how close the values of the com-
mercially available items come to the
filter design values. A response curve
of the filter, using the specified parts, is
shown in Fig. 6. Measured values are
given in Table 1.

Two methods for checking the filter
response are presented in Fig. 4. When
a 600-ohm, high-output oscillator is
available, the filter can be checked as
shown in Fig. 4A. The oscillator output
voltage must also be constant over the
frequency range. If the oscillator out-
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Rear view showing sub-panel attached to main panel of the unit.

put is too low for this arrangement, the
test setup of Fig. 4B may be used. The
input voltage to the filter is held con-
stant by switching in an audio vacuum-
tube voltmeter for each test frequency.
If the amplifier output is known to be
completely flat over the frequency
range, the voltmeter switch is not re-
quired. If the amplifier has an output
impedance of 600-ohms it may be
worked directly into the filter without
the series resistors shown in Fig. 4B.

Voltage and Current Data

The following test data was taken
when using an audio control signal of
20 cycles. With the snsitivity signal of
wide open, that is, maximum sensitiv-
ity, the relay closed with an audio in-
put signal of 0.17 volt at the filter input
and opened when this signal voltage
was reduced to 0.15 volt. With the
sensitivity control at about -midway
position, the relay closed at 1 volt of
audio signal to the filter input and
opened when the signal was reduced
to 0.7 volt.

V.1 collector voltage measured —5.6
volts and collector current was 1.7 ma.
The V. collector voltage read —21 volts
with no audio signal and —15 volts with
the relay closed (1 ma. current flow).
V. collector current with no audio sig-
nal was 0.2 ma., with 1 volt audio sig-
nal (sensitivity control midway) it was
1 ma. With the sensitivity control at

maximum and an audio input signal of
0.5 volt, the V: collector current ran 2
ma.

Operating Data

To use this device with a tape re-
corder, the 20-cycle control signal is re-
corded on the tape at any spot at which
it is desired to have the control device
operate. This signal may be recorded
separately or simultaneously with
other recorded material and it may be
recorded on the tape at as many points
as desired. The control signal may be
obtained from any oscillator and re-
corded on the tape through one of the
regular recorder input channels.

The control unit is then connected
to the output of the tape recorder.
When the tape is played back, relay
RL, will close at any time and for any
time duration that the 20-cycle control
signal is reproduced from the tape.
This may be a single short pulse to mo-
mentarily- operate the relay or it may
be a prolonged signal to hold the relay
closed for a definite period of time.
When operating in this manner, switch
S: may be in the ‘“off,” or open, posi-
tion, so that RL. will open or close in
consonance with RL,. Thus, any device
may be started or stopped momentarily
or for prolonged periods, depending on
duration of the 20-cycle control signal
recorded on the tape.

Another mode of operation is to

have relay RL. lock-in upon operation
of RL,. For this action, switch 8. must
be “on,” or closed. Now a 20-cycle
pulse applied to the input will actuate
both relays as before, but RL. will
latch in and remain closed even after
the control signal has been removed.
In this way, any controlled device may
be started or stopped and will remain
in this condition until relay RL. is
reset by opening switch S..

If the mechanism of the recorder
driving the tape that supplies the con-
trol signal is powered through relay
RL., it too may be stopped automati-
cally. This is a convenience in editing
tapes. As an example, during the re-
cording process a 20-cycle pulse may be
superimposed on the other recorded
material at any point where it is de-
sired to make changes or to splice in
other tape material. Then when the
tape is played back for editing it will
stop at each spot containing the low-
frequency control signal and remain
stopped until switch 8: is reset.

Only several applications for the de-
vice have been suggested although it
can be employed in numerous ways, not
only by the audio experimenter and
hobbyist, but commercially as well.

2 Bl by,
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Fig. 5. Complete filter designed from text.

Fig. 6. Response of the filter network.

3
FREQUENCY-CPS

Table 1. Listing of relative outputs.

FREQUENCY RELATIVE OUTPUT

(cps) (db)
100 —42
90 —40
80 —38
70 —35
60 —32
50 -29
40 —24
30 -19
20 =11
10 0
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Electronic Level Indicators
For Tape Recorders

By HERMAN BURSTEIN

indicator of some sort to inform
the user whether he is recording at
a proper level or not, since excessive
distortion will result from too high a

ATAPE recorder should include an

level and an inferior signal-to-noise
ratio from too low a level. Although
a number of tape machines, particu-
larly professional and semi-professional
ones, employ vu and similar meters,
electronic indicators are generally used
in home-type recorders. This includes
a number of tape machines suitable for
high-fidelity applications.

Electronic indicators are of two
kinds, the electron-ray (‘“‘magic eye”)
tube and the neon glow lamp. An un-
derstanding of how they operate, of
their circuitry, of their advantages and
disadvantages relative to meter indi-
cators, and of the various problems as-
sociated with their use should be of
value to the technician called upon to

INSUFFICIENT PROPER EXCESSIVE
ECORDING RECORDING RECORDING
LEVEL LEVEL LEVEL

SHADOW
Fig. 1. Action of an electron-ray tube.

Fig. 2. Typical electron-ray tube circuit.
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Helpful information on operation,

circuits, and use of

electron-ray tubes and neon lamps in home-type recorders.

repair, adjust, or modify a home tape
recorder. It should also be helpful to
the audiophile desiring best results
from his tape recorder, especially if he
is inclined to tinker with the insides of
his audio equipment from time to time.
Unless the technician or audiophile un-
derstands electronic indicator circuitry,
it is quite possible that in making a re-
pair, adjustment, or change he may de-
feat the true purpose of the indicator.

The Electron-Ray Tube

Action of the electron-ray tube—
the 6ES5 is probably the most popular
type—is illustrated in Fig. 1. The audio
signal fed to the grid of the tube causes
the shadow of the eye to be just barely
open when maximum permissible re-
cording level is reached. Excessive re-
cording level causes the eye to close
or overlap, while insufficient level
causes it to remain substantially or
completely open.

When recording, the user tries to set
gain to nearly close the eye on audio
peaks. If the eye does close occasionally
on a transient, there is probably no
harm done but if the eye is closed much
of the time, tape distortion will be
manifest in playback.

The Neon Lamp

The less expensive recorders tend to
employ a neon glow lamp, usually an
NE-51, as an indicator. At maximum
permissible recording level, the audio
signal fed to the lamp causes it to
fire.

Although a single neon lamp can in-
dicate when recording level is too high,
it cannot also indicate whether the
level is too low. Therefore frequent
practice is to use a second lamp which
ignites at a lower recording level.
When the latter is ignited, the re-

cordist knows that he is putting enough
signal on the tape to produce an ade-
quate signal-to-noise ratio. Thus he
tries to set the gain control of the re-
corder so as to keep the second lamp
ignited as long as possible without
causing the distortion indicating lamp
to fire more than once in a while.

Indicators vs Meters

The electronic indicators in common
use are generally not as uniform, re-
liable, or stable as a good meter, par-
ticularly the vu meter, which has been
especially designed for audio use. Pro-
duction tolerances for electron-ray
tubes or for neon lamps allow indi-
vidual units to produce significantly
different indications. While one NE-51
may require as much as 65 volts a.c. to
fire, another may need only 45 volts.
This is a difference of about 3 db
and when recording at a high level, a
further increase of 3 db can raise
distortion substantially. When an elec-
tron-ray tube or a neon lamp must be
replaced, the new one may have signifi-
cantly different characteristics than
the original one.

The skilled recordist knows that
maximum permissible recording level
varies according to the audio source,
since a given amount of distortion is
less offensive for certain sounds than
others. A meter enables him to adjust
recording level fairly precisely. The
electron-ray tube permits considerably
less accuracy, while the neon lamp is
essentially a ‘go-no-go” device and
does not provide intermediate in-
dications.

Electronic indicators require sub-
stantially greater driving voltage than
do meters. An electron-ray tube such
as the 6E5 requires between —6 and —8
volts to completely close the eye, while
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the neon lamp requires at least 65 volts
d.c. and, more typically, about 80 volts
d.c. to fire.

Bias current fed to the record head
has a fairly critical value if one is to
obtain an optimum combination of low
distortion, good treble response, and
high signal-to-noise ratio. Therefore
in tape machines employing a vu meter
as a record-level indicator it is fre-
quent practice to also use the meter
for measuring bias current by means
of a switching arrangement. Unfortu-
nately, the electron-ray tube and neon
glow lamp do not have sufficiently ac-
curate characteristics to permit their
use in this respect.

Advantages of Indicators

Much lower cost is the primary ad-
vantage of the electronic indicator. In
terms of function, the electronic indi-
cator has an important advantage in
that it reads true peak level, without
the lag that occurs in the meter be-
cause of the mechanical nature of the
latter. The electronic indicator re-
sponds immediately to the rapid tran-
sients found in music and speech,
whereas the relatively slow-moving
meter only partially indicates true
level. To minimize distortion and maxi-
mize signal-to-noise ratio, it is highly
desirable to know the actual peak re-
cording level. In the case of the meter,
an allowance has to be made for the
difference between the meter reading
and the actual level on transients. De-
pending upon the program metered,
peaks may be from 5 to 20 db above the
meter reading, so that considerable ex-
perience is required to accurately judge
the true peak level.

Electron-Ray Circuits

A typical magic-eye circuit, employ-
ing a 6E5, is shown in Fig. 2. The ray
control electrode partially deflects the
electron stream flowing from cathode
to target, thereby forming a shadow in
the circular fluorescent pattern caused
by this stream. When the amplifier
grid goes negative and the amplifier
plate therefore goes positive, the con-
trol electrode, connected to the plate,
also goes positive, and its ability to
deflect (repel) the cathode-target elec-
tron stream is decreased, thus the
shadow decreases, that is, the eye
closes.

The 6E5 grid is driven by an audio
voltage from a stage of the recording
amplifier. To provide the correct
amount of signal to the grid, so that
virtually full closure of the_ eye cor-
responds to maximum permissible dis-
tortion, a voltage divider is employed.
This consists of R: and R: in Fig. 2.

A circuit such as Fig. 2 allows the
electron-ray tube to flicker rapidly as
it follows the changes in audio signal
and is, therefore, difficult to gauge the
maximum eye indication. To correct
this condition a ‘“floating action” cir-
cuit, like that shown in Fig. 3, is often
used, maintaining the eye for a short
while at the maximum position
reached.
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Fig. 3. Typical electron-ray tube cir-

cuit uses “floating action.” See text.

The values of R. and C; are chosen
so that C; is substantially charged by
the negative portion of the audio signal
in about .001 second through the 166
diode. The very high back resistance of
the diode requires that C; discharge
essentially through R;. The high value
of R; results in a discharge time of
about .05 second for Cs; so that the
magic eye reading is maintained long
enough to be readily noted.

If it becomes necessary to replace
CR, in a circuit similar to Fig. 3, the
same type of diode must be used. If
a popular diode such as the 1N34 were
used as a replacement, its much lower
back resistance would impair the per-
formance of the circuit. Instead of a
crystal diode, some tape recorders em-
ploy the spare half of a dual triode—
with plate and grid tied to.form a diode
—in order to achieve the required high
back resistance.

Neon Lamp Circuit

Fig. 4 shows the neon lamp in a typi-
cal record-level indicator circuit. In
some tape machines enough audio volt-
age is available to fire the lamp. About
65 volts a.c. or 90 volts d.c. is the
maximum required to fire the lamp,
although appreciably less is often suffi-
cient. Audio voltages of this magni-
tude are sometimes present as the
result of using a high inductance head
in the recorder. This, in turn, requires a
large constant-current resistor in series
with the head (to prevent the head’s
inductance from discriminating against
treble frequencies). Because of the
high circuit impedance, a large voltage
—65 volts a.c. or more—may be neces-
sary to drive sufficient current through
the head to obtain the desired record-
ing level on the tape. By employing a
power tube such as a 6AQ5, 6V6, EL84,
etc., voltages of the required magni-
tude can be obtained. The power tube
that is used ordinarily serves a double
purpose, because in playback it is

Fig. 4. Typical neon glow lamp circuit.
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switched into service as an output tube
that is employed to drive the self-
contained speaker in the tape recorder.

In many tape machines, however,
audio voltages of sufficient level to
drive the neon lamp are not available.
Therefore the neon lamp is “biased” by
a d.c. voltage obtained from the power
supply. In this case the audio signal
has to supply only the difference be-
tween the biasing voltage and the volt-
age needed to fire the lamp. In Fig. 4,
a voltage divider network comprising
R. and R; produces a 58-volt d.c. bias
voltage. The audio voltage is in series
with the 58 volts d.c. Positive halves of
the audio signal raise the total voltage
to the magnitude necessary to ignite
the lamp.

Fig. 5 is a circuit where a ‘“normal”
lamp is added to indicate whether re-
cording is at sufficiently high level. The
‘“‘normal” lamp fires at a lower audio
signal, about 6 db less, than that re-
quired to fire the “distort” lamp. The
latter requires a higher voltage be-
cause of the voltage divider action of
R. and Rs;. Instead of a d.c. biasing
voltage, the supersonic bias:current is
employed here to help fire the lamps;
C: and C; adjust the bias current to the
proper level.

‘The neon lamp has a built-in “float-
ing action” inasmuch as the extinction
voltage is appreciably less than the fir-
ing voltage. For example, if 90 volts
d.c. is necessary to fire the NE-51, the
lamp will stay on until the voltage
drops to about 50 volts d.c.

Loading Distortion

Irrespective of the type of record-
level indicator used, meter or elec-
tronic, precautions must -be taken so
that the indicator will not seriously
load down the audio signal and thereby
cause significant distortion. This re-
quires that the impedance of the indi-
cator circuit be considerably greater—
at least 10 times—than that of the
audio circuit impedance. If one is
tempted to make changes in a record-
level indicator circuit, one must be
careful not to substantially reduce the
load impedance presented by the indi-
cator.

In a typical electron-ray circuit such
as the one shown in Fig. 2, application
of the positive portion of the audio
signal to the grid causes electron flow
from cathode to grid; since the cathode
is at ground, no negative bias exists on
the grid. In effect, on positive signal

Fig. 5. Circuit using two neon glow lamps.
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swings the load (the magic-eye tube)
presents a small resistance to the sig-
nal in view of the current flowing from
cathode to grid. On negative signal
swings, however, the effective resist-
ance between cathode and grid be-
comes infinite since there is no current
flow between these tube elements. This
changing load resistance would cause
severe distortion if it were not for the
intervening resistance between the sig-
nal and the tube, R; and R. respectively
in Figs. 2 and 3.

A similar thing happens when a neon
lamp is employed as an indicator. The
effective resistance of the lamp changes
from about 100,000 ohms when it is
fired to infinity when it is extinguished.
Again a series resistor between signal
and lamp is necessary to prevent the
changing resistance from loading down
the audio source. R, serves this pur-
pose in Fig. 4, and R: and R: in the
circuit of Fig. 5.

Preventing Bias Pickup

Ordinarily it is of fundamental im-
portance that the bias current supplied
to the record head does not reach the
record-level indicator, thereby causing
the latter to give a false reading. In
Fig. 2, bias current is filtered out by
Cs in conjunction with R, and R.. In
Fig. 3, filtering is essentially due to
C, in conjunction with R, In Fig. 4,
filtering is accomplished by C: and R..
In Fig. 5, we have the exceptional case
where bias current is deliberately al-
lowed to reach the neon lamps, as will
be further discussed below.

One of the means employed to mini-
mize the amount of bias current reach-
ing the record-level indicator is to pick
off the audio signal prior to the stage
that drives the record head. Thus the
tube that supplies current to the head
serves as a buffer between the bias cur-
rent and the indicator.

Adjustment

If the record-level indicator is not
fairly accurate in its indications, seri-
ous over-recording or serious under-
recording may result. Generally, tape
recorders employing an electronic indi-
cator do not provide means for readily
adjusting the indicator to correspond
to maximum permissible recording
level. However, Fig. 5 is an exception.
The neon lamps in this circuit are fired
by a combination of the audio signal
and a certain amount of bias current.
The variable capacitors regulate the
amount of bias current reaching the
lamps and thereby afford a means of
adjusting the level at which they ignite.

If adjustments are desired in the cir-
cuits of Figs. 2, 3, and 4, one could
change values in the voltage-divider
networks. In Fig. 2, one could change
R,. In Fig. 3, one could change R;, al-
though this would also require corre-
sponding changes in Cs and R. to pre-
serve the ‘“floating action” time-con-
stants of the circuit. In Fig. 4, R. or
R; could be changed to place a different
‘““bias” voltage on the lamp.
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By H. R. WALTER

LECTRONIC service technicians,
E serious-minded audiophiles, and hi-fi

hobbyists are always faced with the
problem of tape recorder flutter and
are concerned with the best possible
mechanical adjustments to keep flutter
to a minimum. Flutter is caused by
variations in tape speed as the tape
passes over the recorder heads and al-
though it may be understood that mini-
mum flutter results when optimum me-
chanical adjustments are made in the
tape transport mechanism, together
with replacement of worn parts such as
drive wheels, belts, capstans, pressure
rollers, etc., the question often arises,
how can one know when optimum con-
ditions have been attained?

Tape speed variations, or flutter, are
particularly noticeable when a sine-
wave signal or sustained notes from a
musical instrument, such as the violin,
are reproduced from the magnetic tape.
Listening tests may result in reduction
of flutter as various mechanical ad-
justments are made, but this method
does not provide assurance that speed
variations have actually been mini-
mized.

The author has worked with labo-
ratory-type flutter indicators which
indicate the per-cent flutlier of a me-
chanical system when used to repro-
duce a sine-wave signal. Since these
instruments provide a high degree of
accuracy, they are quite costly and

That Flutter
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Flutter tester is built in a
4x5x6 inch metal box.

Construction details on tape recorder flutter tester

that can be made from commercially available parts.

are, therefore, usually found only in
laboratories engaged in audio work.

The author has often wondered if a
practical instrument, using readily
available parts at reasonable cost,
could be constructed to enable the audio
worker to check the results of mechani-
cal adjustments and provide visual in-
dication of his efforts.

Principles of Operation

A flutter indicator will measure vari-
ations in a sine-wave signal frequency,
reproduced from a tape transport mech-
anism, due to speed variations of the
magnetic tape.

The input circuit consists of an im-
pedance matching transformer which
may work into a bandpass filter net-
work. The primary winding of the
transformer may be tapped for com-
mon impedances, such as 4-, 6-, 8-, 16-
and 600 ohms. The bandpass filter is
designed for the flutter indicator fun-
damental frequency and attenuates

Fig. 1. Diagram of 3-element “T"-section
bandpass filter with mathematical terms.
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hum and noise components in the re-
corder and amplifier system outside of
the passband.

A special form of general purpose,
or Wheatstone, bridge is connected to
the output of the bandpass filter. This
is known as a resonance bridge and is
composed of three resistive arms and
one series-resonant arm. By manipu-
lating a capacitance-balance and a re-
sistance-balance control the bridge can
be balanced at the fundamental fre-
quency and usually about 2% either
side of this frequency, that is, mini-
mum indication will be obtained on
the null detector since at resonance the
inductive and capacitive reactances are
equal and, therefore, cancel out, leav-
ing only a resistive component in this
series-resonant arm.

With variations in tape speed, the
fundamental frequency recorded on the
tape will also vary and these deviations
from the fundamental will result in a
reactive component in the series-reso-
nant arm. Under this condition the
bridge, of course, will be unbalanced
and the null detector will indicate some
value above the minimum reading.
Since the bridge becomes unbalanced
when the tape test-signal frequency
varies with tape speed, the null indica-
tor will furnish information concerning
the tape speed variation, or flutter. The
null indicator, or meter, may be cali-
brated in per-cent flutter which is pro-
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portional to the frequency deviations.

The flutter tester to be described was
built to make comparative flutter tests
and so was not calibrated. However,
some calibration procedures are sug-
gested later in the article.

“Circuit Analysis

The input and bandpass filter circuit
is shown in Fig. 1. The input trans-
former, T, is a line-to-speaker-voice-
coil type and may have a tapped low-
impedance winding or a single imped-
ance for the input. This transformer
works into the three-element “T” sec-
tion bandpass filter which was designed
for a frequency of 3500 cycles. Mathe-
matical equations used in the filter
design are given later for the benefit
of the reader interested in construct-
ing a filter with different operating
characteristics.

The design frequency of 3500 cycles
and impedance of 1000 ohms were used
because it made possible the use of a
transformer, inductors, and capacitors
that happened to be available. Any de-
sign frequency may be chosen, but it
would seem desirable to work between
about 1000 and 4000 cycles. Low fre-
quencies result in large inductors and
capacitors. Higher frequencies bring
on loss and intercoupling problems and
more critical parts placement.

The bridge circuit, as mentioned pre-
viously, is a modified form of the
Wheatstone bridge, known as a reso-
nance bridge. In this bridge configura-
tion, three of the arms contain only
resistive components and one arm in-
cludes both inductive and capacitive
reactances. See Fig. 2. The bridge is
balanced by manipulating potentiom-
eter R, and variable capacitor C. The
reactance arm is adjusted by the capac-
itor to obtain a series-resonant condi-
tion, causing cancellation of the reactive
components, resulting in only a re-
sistance impedance at the audio signal
frequency. If the input frequency to
the bridge increases or decreases from
the fundamental frequency, this will ex-
hibit a reactive component and an a.c.
vacuum-tube voltmeter or other null
detector placed across the null indi-

cator terminals will give a reading
above the balanced condition, depend-
ing on the amount of frequency devia-
tion. The null detector may be a
v.t.v.m., oscilloscope, or headphones,
but for this purpose an a.c. voltmeter is
most suitable.

As in the case of the bandpass filter,
mathematical treatment for the bridge
circuit is given later for the reader
wishing to design his own circuit. The
complete schematic diagram of the
flutter tester with parts values is
shown in Fig. 3.

Any physical arrangement of parts
will be satisfactory but there are sev-
eral necessary precautions. The in-
ductors should be of the shielded type.
They should not be mounted too close
to each other in order to avoid coupling
effects. High “Q” inductors are desir-
able and for best results this is es-
pecially important in selecting the
bridge circuit inductor.

The desired bandpass for the filter
network, as designed from the mathe-
matical formulas, was obtained when
the response was measured with resis-
tive terminations. The band shifted
slightly when the filter was connected
in the complete circuit of Fig. 3. These
filters should operate with resistive ter-
minations with no, or very little,
reactive components. Transformer re-
actance could possibly be cancelled out,
but by experimentally altering the
series capacitors in the network slight-
ly, correction can be obtained.

This flutter tester was built for a
service technician for making compara-
tive flutter checks, to provide informa-
tion concerning mechanical adjust-
ments, and to indicate when the best
possible adjustment has been affected.
For this purpose the following pro-
cedure is recommended.

Feed a 3500-cycle signal from an
audio oscillator to the input of the
tester. Extreme accuracy of the os-
cillator frequency is not required since
the bridge circuit covers the range from
3400 to 3600 cycles. Connect an a.c.
vacuum-tube voltmeter across the null
detector terminals. The oscillator out-
put control and input control of the

Fig. 3. Flutter tester circuit. Other input Z’s, including 600 ohms, may be used.

R-—500 ohm pot
Re, Re—1500 ohm, Y, w. res.

Ry—1000 ohm pot

Rs—100 ohm, V5 w. res.

Ci, Cs, Cs, Cy—.00# pfd. capacitor (see text)
Cs5—.04 pfd. capacitor
Ce—.003 ufd. capacitor
Cr—450 uufd. capacitor
LEWEL

C:e—365/365 wpfd. miniature var. capacitor
(Lafayette MS-142)

Li, L:—.3 hy. inductor (UTC Type VIC-9)

Ls—.5 hy. inductor (UTC Type HQB-5)

S1—S8.p. 3-pos. rotary switch

T1—Line-to-voice-coil trans. 1000 ohms to 4,
8, 16 ohms (Stancor A-8104)
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Fig. 2. Modified Wheatstone bridge circuit.

flutter tester should be set for a suit-
able reading on the meter. Adjust the
balance controls on the tester to obtain
a minimum reading on the meter. The
sensitivity of the voltmeter should be
increased by means of its range switch,
as required, to obtain the minimum in-
dication. Make a note of this reading.
Measure and note the audio voltage
input to the tester. The same volt-
meter may, of course, be used for this
purpose. Now, feed the oscillator to
the tape recorder and record this same
signal frequency on a tape in the nor-
mal manner. This tape is then played
back through the recorder and the out-
put fed to the input of the flutter
tester. The input impedance of the
tester should be selected to be close to
the output impedance of the recorder.
Adjust the signal level by means of the
volume control on the recorder to ob-
tain the same voltage level to the tester
that was noted when the oscillator was
fed to its input. Observe the reading
of the voltmeter connected across the
null detector terminals. After making
mechanical adjustments or replacing
worn parts on the tape transport mech-
anism, this same test tape is again
played back to the flutter tester. The
main purpose of the test is to obtain
the lowest possible reading on the vacu-
um-tube voltmeter, or null detector,
which corresponds to minimum flutter.

In making this comparative test, it
should be noted that the balance con-
trols are adjusted only when originally
feeding the oscillator directly to the
flutter tester and are not to be changed
when playing back the signal recorded
on the tape to the tester. The fore-
going procedure may at first sound in-
volved, but actually it isn’t once the
operator runs through the test once or
twice. *

If the recorder level is not high
enough, or the output impedance does
not provide a suitable match, the re-
corder may be played through the
regular audio system or through a
utility amplifier. The unit shown, how-
ever, operated satisfactorily with as
little as 0.2 volt to the input.

Other Procedures

Since the flutter tester was con-
structed for comparative flutter tests,
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it was not equipped with a self-con-
tained null detection meter nor was it
calibrated to indicate the magnitude
of the existing flutter, which is usually
expressed as a percentage. One method
that will give an idea of the per-cent
flutter is as follows.

Record a 3500-cycle signal from the
oscillator and play back this tape to
the flutter tester. Adjust for minimum
reading on the null meter. Remove the
recorder output from the tester and
connect the oscillator in its input. Ad-
just the oscillator output control to
obtain the same signal voltage to the
tester as existed when the tape was
played. Vary the frequency of the
oscillator to again obtain lowest read-
ing of the null meter. Do not change
the balance controls. Note the oscil-
lator frequency which gives this null
indication. Now we can learn some-
thing about the flutter. If the devia-
tion frequency is found to be higher
than the fundamental frequency, then,
Per-cent Flutter = [(f: —fm)/fu] 100,
where fm is the mid, or fundamental,
frequency and f. the deviation frequen-
cy. When the deviation frequency is
found to be lower than the mid-fre-
quency, then: Per-cent Flutter = [(fm
—f1)/f=1 100, where f, again represents
the deviation frequency.

Consider the following examples. fm
= 3500 cycles, f: = 3570 cycles. Then,
[(3570 —3500)/3500] 100 = 2% flutter.
Also, if f, = 3430 cycles then, [(3500—
3430)/3500] 100 =2% flutter. Thus we
may term these two results as *+2%
flutter which is actually the percentage
change from the mid-frequency.

Two per-cent would represent a con-
siderable amount of flutter since pres-
ent-day recorders have flutter percent-
ages somewhat below 1%. It is inter-
esting to note that the author, when
checking flutter as just explained, found
one of the earlier model machines had
2% flutter, whereas a late model unit
costing $50.00 less than the older unit,
had only 0.3% flutter. This indicates
the great advances that have been
made in tape transport mechanisms. Of
course, the old model may have done
bettéer with new parts but since they
were not badly worn it probably would
not have done better than about 1% %.

The flutter tester could be equipped
with a self-contained a.c. meter and
calibrated in the manner just outlined
where the 2% flutter point was found.
Meter scale markings would be from
0 to 2%. Accuracy will depend on how
the constructor interprets the frequen-
cy of his oscillator for each setting.

A d.p.d.t. switch may be used to con-
nect the meter to the bridge null con-
nections or to the input of the bridge
to calibrate the meter before making a
flutter check. The meter would include
a “CAL” marking on its scale and the
input level would be adjusted so the
meter would deflect to this mark when
switched to the bridge input.

A preferred method for calibrating
the tester, if the builder is in a posi-
tion to do so, is to calibrate the device
against a laboratory-type flutter indi-
cator.

This section is included for the bene-
fit of the reader interested in designing;
his own filter and bridge circuits.

The following terms and equations
apply to the bandpass network. The
term f, represents the low cut-off fre-
quency while f. is used to indicate the
high cut-off frequency. The geometric
mean, or mid-frequency, of f; and f. is

fm. Therefore fn = Vfif. Bandwidth
of the circuit is (f: —fi1)/fm. The char-
acteristic impedance is symbolized by
R.

The inductance of L, in Fig. 1, is
then found from the equation L, = R/
7 (f: —f.) where f, and f: are in cycles
per second, R is in ohms, and L is in
henrys.

The capacitance of C,, in Fig. 1,
is given by C: = (f-—f.)/(47f*R) and
the value of C: is found by solving the
equation C. = 1/7 (f, + f) R where C is
in farads.

In the bandpass filter network of the
complete circuit of Fig. 3, the values
chosen were fn. = 3500 cycles, fi = 3248
cycles, f. = 3773 cycles, bandwidth 0.15,
and R = 1000 ohms.

Mathematical data for the resonance
bridge circuit of Fig. 2 is as follows:
When the four arms of the bridge are
purely resistive, then the bridge can be
balanced, when R.,/R: = Rs/R. Also
R; = (R./R:)R,, where R;s is the total
resistance in this arm, including the
series resistance of L. Now the induc-
tive reactance is X; = 27fL and the
capacitive reactance is X. = 1/(27fC).
In Fig. 3, Ls and the parallel combina-
tion of Cs¢ —C: —Cs form the series-res-
onant circuit and the values of the
component parts were chosen so that
resonance occurs at the mid-frequency,
fm, previously selected for the bandpass
filter with % of Cs. "At this frequency,
X. = X., leaving only a resistive com-
ponent, and the bridge balances. This
resonant condition is obtained with the
rotor plates of variable capacitor C:
about half meshed. The capacitor will
actually tune the resonant circuit from
3400 to 3600 cycles—which is 2.86%
above and below fm.

TIGHTENING WOBBLY PLIERS
By CARLTON A. CALDWELL

F THE jaws of your long-nosed pliers

become loose so that they wobble no-
ticeably, they can be tightened more
nearly like new by expanding the hinge
pin. Lay the pliers flat on an anvil of
some sort (an axe head should do),
and hammer the pin—lightly, with a .
ball-peen hammer—around its edge a
dozen or so times. This will swell the
pin a little and make for a better fit.
Remember, hard steel is brittle: make
sure you are holding the pliers flat on
the anvil and don’t pound too hard.

Test the pliers occasionally as you
proceed to make sure that you are not
overdoing the remedy. This would make
the pliers too hard to open. If you work
gradually, you may get the pin just a
little too tight, at worst. If this should
happen, all you need is a drop of oil
around the pin. That, and working the
pliers back and forth to loosen them,
should restore the joint to the right ten-
sion for proper use.
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By HERMAN BURSTEIN & HENRY C. POLLAK

Co-Authors, “Elements of Tape Recorder Circuits”

Reducing
Tape
Recorder

T reasonable levels of reproduction,
A the electronic components in any
high-fidelity system deserving of
the name produce virtually no audible
noise or hum. However, an important
exception often occurs in the case of
the home tape recorder. It can still be
said of relatively few moderate-price
tape machines that they exhibit low
enough noise and hum levels to qualify
as “high-fidelity” instruments.

This does not imply gross negligence
on the part of tape machine manufac-
turers. Rather, it reflects the diffi-
culties that must be coped with in tape
playback. The signal produced by the
playback head is seldom more than 5
millivolts, with 2 or 3 millivolts maxi-
mum being more usual. Compare this
with the 20 or more millivolts obtained
on peaks from the popular magnetic
cartridges, and it is easy to see why
tape amplifiers have a special problem.
Furthermore, the signal produced by
the tape playback head must undergo
tremendous equalization, consisting of
36 db bass boost if the NARTB stand-
ard is followed. By comparison, the
output of a magnetic cartridge under-
goes only 20 db of bass boost. Sub-
stantial treble cut is applied to the
signal from the magnetic cartridge—at
the same time reducing noise—whereas
the signal from the tape playback head
undergoes no such de-emphasis and, in
fact, may receive some treble boost in-
stead to compensate for gap-width loss.

All-in-all, keeping noise and hum in a
tape machine down to a level compat-
ible with high-fidelity standards is no
small feat. The following checklist
seeks to remind or inform the tech-
nician or technically inclined audiophile
of ways to combat noise and hum.
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Quite likely, a tape machine that at
one time was sufficiently quiet is so no
longer. Or it may be possible to im-
prove a machine that was always noisy.
Or in constructing a tape amplifier it
may be possible to guard against the
many pitfalls that await the builder.
The measures to be described are not
necessarily effective in all circum-
stances, but at one time or another
they can prove worthwhile.

Reducing Noise

1. Tube Type: Tubes have been de-
veloped with special low-noise charac-
teristics for critical applications. Such
are the EF86, Z729, ECC83, 12AYT,
5879, etc. A low-noise tube can some-
times be directly substituted, without
socket, wiring, or circuit value changes.
Thus the ECC83 and 12AY7 can be used
instead of the common 12AX7; these
are twin triodes. Sometimes a new
socket may be required as, for example,
if one replaces a 6AU6 with an EF86
or Z729; these are pentodes. When re-
placing a 5879 with an EF86, the socket
and circuit values are the same, but the
connections to the socket must be re-
wired.

2. Tube Selection: Low-noise tubes
command premium prices, yet this is
not complete assurance that one is get-
ting a satisfactory tube. Although the
chances of getting a good tube are
greater with premium than with con-
ventional types, success can be assured
only by being able to select the best of
several units of a given type.

3. Resistor Noise: Resistor noise
shows up in the very high gain circuit
of a tape playback amplifier. Low-noise
resistors should be used in at least the
first stage and, preferably, in the first
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WITH TREBLE CONTROL

ON GOLD EMBOSSED SOLID BRASS
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two stages. In subsequent stages, a
conventional 2-watt resistor can be
used for hoise reduction. Low-noise
types should be used not only in the
plate circuit but also in the cathode
circuit if the cathode resistor is unby-
passed. Wirewound, non-inductive re-
sistors are best, but most costly; more-
over, the resistor does have some
residual inductance and is therefore
susceptible to hum pickup. Deposited
metal film resistors can be virtually as
noise-free as the wirewounds. One
should be wary of the deposited carbon
resistor in this application. Although
some deposited carbons have excellent
noise properties, others are little better
than ordinary resistors.

4. Tape Hiss: The substantial treble
boost in playback, employed by a num-
ber of tape machines, accentuates tape
hiss caused by imperfect cancellation
of the minute magnetic fields on the
tape, called ‘“domains.” A tape machine
conforming to NARTB equalization
principles applies all or most of the
necessary treble boost during recording
instead. To change a tape amplifier to
NARTB equalization in both recording
and playback modes is fairly major
surgery. Tape hiss can perhaps be kept
down by subjecting the tape to a bulk
eraser instead of always relying on the
erase head. Tape hiss may be accentu-
ated by significant departures from flat
treble response in the control amplifier,
power amplifier, or speaker. The speak-
er is the most likely culprit. In the case
of commercially recorded tapes, sub-
stantial hiss may be recorded on the
tape as the result of too many ‘“‘gener-
ations” of tape.

5. Head Noise: Heads tend to grad-
ually become magnetized due to the
asymmetrical audio waveforms pre-
sented to them; the asymmetry, in
effect, constitutes a d.c. component. A
magnetized head has a d.c. field which
records a d.c. pattern on the tape that
varies with the irregularities in the
coating and base of the tape. In play-
back, these irregularities are heard as
noise (modulation noise), therefore it
is advisable to demagnetize the heads
periodically, say after 10 to 20 hours
of use, with an electromagnet designed
for this purpose. Heads may also be
magnetized by accidental contact with
a magnetized tool, such as a screw-
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pling capacitor.
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6. Bias Waveform: The waveform
produced by the bias oscillator and fed
to the record and erase heads should
be as close as possible to a pure sine
wave. Distortion in the waveform can
be a source of noise because such dis-
tortion may represent a d.c. component,
magnetizing the head and causing noise,
as already explained. The bias wave-
form should be viewed with a scope to
pinpoint gross distortion, if present.
But this is only a preliminary check,
because much less than the approxi-
mately 5% distortion discernible on a
scope can produce appreciable no'se,
therefore voltages and components in
the oscillator circuit should be checked.
Possibly the oscillator is overloaded by
a defective erase head or other defec-
tive component. High quality recorders
generally employ a push-pull oscillator,
typically a 12AU7 or 12BH7, and in the
case of poor waveform the -circuit
should be checked for matched com-
ponents, namely grid resistors and cou-
pling capacitors. Fig. 1 shows a typical
push-pull oscillator circuit. This one
also incorporates a means of balancing
each half of the oscillator for maximum
symmetry and, therefore, purest wave-
form; that is, the grids are connected
to ground through a balancing po-
tentiometer.

7. Tube Voltages: At times tube noise
can be significantly lowered by operat-
;ing the heater at moderately reduced
voltage (through a series resistor), for
example, about 5.5 volts in the case of
a 6.3-volt tube. Noise also tends to vary
inversely with plate current so that
a higher “B+" voltage supply or small-
er plate resistor can reduce noise. (But
in the case of triodes, reducing the
value of the plate resistor may raise
distortion; in the case of pentodes. it

will sienificantly reduce gain.)

8. Shock-Mounting: Even the best of
tubes are somewhat susceptible to mi-
crophonics, set up by vibration of the
transport mechanism. Shock mounting
is therefore advisable for the first tube
and possibly for others as well. The
socket may be spaced away from the
chassis by using rubber grommets on
the socket-mounting screws.

9. Switching Transients: Clicks may
be recorded on the tape when motors,
relays, etc. are switched on or off. This
can be prevented by placing capacitors
—suitable values are about .01 to .05
ufd.—across the switches and relay
contacts.

10. Current Surges: Sudden applica-
tion or removal of “B+"” from the os-
cillator and record-head driver stages,
which is apt to occur when. switching
between record and playback, may
cause clicks and pops to be recorded.
Also, these current surges may cause
the heads to become magnetized, pro-
ducing noise as previously explained.
Again, capacitors can solve the prob-
lem. Fig. 2 is a typical circuit, incor-
porating capacitors C; and C: in series
with a resistor Ri, so that “B+” will
be gradually applied or removed from
the record-head driver and oscillator.

11. Imperfect Erasure: If the tape has
previously been recorded and is imper-
fectly erased when next used for re-
cording, some of the previous program
material will be audible, often annoy-
ingly so. The fault may lie in an erase
head of poor design or one with shorted
turns. Insufficient erase current may be
reaching the erase head. This can be
checked as shown in Fig. 3, where cur-
rent is determined by Ohm’s Law by
reading voltage across a resistor, name-
ly I=E/R. The amount of current
should be that specified by the manu-
facturer, with 10 to 20 ma. a typical
value for erase heads in most home tape
machines. If erase current is too low,
then the oscillator circuit and the com-
ponents coupling it to the erase and
record heads must be checked. Even
though erase current is of the value
suggested by the manufacturer, the
erase head may be ineffective because
the current frequency is too high, so
that the winding capacitance of the
head acts as a substantial short-circuit.
Thus for a given amount of erase cur-
rent, an erase head may erase well at
65 kc. and poorly at 100 kc. When a
tape has been recorded at an excessive-
ly high level, even a normally operating
erase head may be unable to achieve
adequate erasure. An electro-magnetic
bulk eraser is then required, provided
one is willing to erase the entire tape
and not merely one track. If one track
must be kept, the only recourse is to
put the tape through the record proc-
ess, with the volume control all the
way down, thereby subjecting one
track to a preliminary erasure. Of
course this is very time-consuming.

12. Print-Through: Also known as pre-
echo and post-echo, this refers to the
appearance (on a given portion of the
tape) of the signal on adjacent layers
of tape. Print-through is apt to become
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audible if the tape has been recorded
at high level; also if the tape is stored
in a warm place and/or near magnetic
fields. For a given set of circumstances,
print-through is greater for the thinner
tapes.

13. Record Level: Excessive noise
may simply be due to a low recording
level. This can be checked by compar-
ing the level of a tape recorded on one’s
own machine with a commercially
recorded tape that sounds clean (some
recorded tapes have obvious distortion
due to over-recording). Inadequate
record level may be due to malfunction
of the record level circuit, which should
be checked.

14. Gain Control: If the gain control
is located in an early stage in the play-
back circuit, turning down the control
will fail to simultaneously reduce the
noise of the later stages. It may be
advisable to install a dual gain control
with one section in a later stage.

Reducing Hum

1. Tube Type and Selection: As with
noise, use of a preferred type of tube
and selection of the best tube out of
several of the same kind can lead to
a rather substantial amount of hum
reduction.

2. Tube Shield: Tube shields should
be employed for at least the first stage
and preferably the first two. As an
extra precaution, the shields should be
demagnetized by means of the bulk
eraser used for erasing tapes. Extra
shielding can be provided for the tube
by wrapping it in a layer of “Co-Netic”
(Perfection Mica Co.), an effective, but
expensive, shielding material.

3. Tube Demagnetization: Sometimes
hum can be reduced by demagnetizing
the input tube (and others as well),
using the bulk eraser. Since the eraser
is usually very powerful, caution should
be exercised so that the tube is not
brought near enough to the electro-
magnet to dislocate the tube elements
themselves.

4. Hum-Bucking Pot: One of the sim-
plest, least expensive, and most effec-
tive means of reducing hum is to use a
hum-bucking pot in the heater supply,
as shown in Fig. 4A. In a number of
inexpensive tape machines, a.c. is em-
ployed on the heaters, with the electri-
cal center of the transformer’s heater
winding connected to ground. However,
electrical center is not necessarily the
best grounding point for maximum
hum reduction.

5.- Riasing the Hum-Bucking Pot: Some-
times the effectiveness of the hum-
bucking pot can be increased by con-
necting the arm to about 20-50 volts
“B+,” as shown in Fig. 4B, instead of
to ground. A large capacitor, of about
20 to 40 pfd., should be employed for
a.c. grounding. By making the heater
positive with respect to cathode, this
prevents a.c. current flow from heater
to cathode due to emission of electrons
by the heater.

6. D.C. Heater Supply: A d.c. heater
supply can make the choice of an input
tube and the problems of lead dress
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less critical. Fig. 5 shows a circuit for
converting an a.c. 6.3-volt heater sup-
ply into a d.c. supply for either 6- or
12-volt tubes.

7. Rectifier Tube Hum: The rectifier
tube develops a magnetic field which
may extend far enough to cause hum
pickup by another component. Thus it
would be poor practice to put the recti-
fier and input tubes next to each other
on the chassis.

8. Head Shield: A major source of
hum pickup is the playback head. Pro-
fessional tape machines usually sur-
round the heads with a heavy shield
during operation, leaving a gap just
wide enough for the tape to pass
through. Home recorders ordinarily
employ less expensive and generally
less effective head-shielding measures.
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Fig. 6. Shielding of the 6AU6 grid.
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Sometimes hum can be reduced by
placing a small piece of shielding ma-
terial, such as “Mumetal,” “Co-Netic,”
or a piece of silicon steel from a junked
power transformer, in front of the head
gap.

9. Input Grid Shield: Significant hum
reduction, especially if a.c. is used on
the heaters, is possible if the grid of the
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united audio

PRODUCTS OF DISTINCTION
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man
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And, some day, man
will also conquer cancer.
With your help.

Guard your family . ..
fight cancer with
a checkup and a check
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know-
how!

That'’s the real difference between the average home-
movie fan and the professional out in Hollywood!

Know-how doesn’t come easy. But if you're sin-
cerely interested in better movies you can start
yourself along the road with the all-new HoMmE
MOVIE MAKING ANNUAL.

Prepared by the Editors of POPULAR PHOTOGRAPHY,
the 1960 Home Movie MAKING ANNUAL goes on
sale at your newsstand October 27th and costs
only $1.00.

You'll get facts, tips and pointers from the experts
on every phase of home-movie making. You'll enjoy
the big special book bonus — THE AMATEUR MoVIE
MAKERS HANDBOOK — bound right into the magazine.
And you won't want to miss features like:

o Animation for Non-Artists
o Special Effects for the Amateur
o How to Dramatize the Stories Around Us
o Diary of a Motion Picture
o Complete Guide to Camera Movement
o Acting for Amateurs
Movie Music
Directory of Equipment
" Movie Dictionary

PLUS...articles covering Sound...Accessories...
Scripting...Titling...Making Money from your
Movies ... Film Processing...Editing...Lighting...
Zoom Lenses ... Composition ... Makeup...Electric
Eyes...and much, much more!

Start getting the know-how
that will make you a top-
flight movie-maker! Buy the
HoME MoVIE MAKING ANNUAL
al your newsstand October
27th or send for it today with
the coupon below! Only $1.00.

Ziff-Davis Publishing Company
Department HFAG0

434 S. Wabash Avenue
Chicago 5, lllinois

]
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I Please send me a copy of the 1960 HOME MOVIE :
: MAKING ANNUAL. | enclose $1.00, plus 10¢ to
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input tube is shielded, as shown in Fig.
6. The shield can be formed from a
piece of tin can, soldered to the center
pin of the tube socket.

10. Input Lead: The lead from the
playback head to the input of the first
playback tube is apt to be relatively
long and thus susceptible to hum pick-
up. It is advisable that this lead be
shielded, but using low capacitance co-
axial cable to minimize high-frequency
losses.

11. Lead Dress: Grid and plate leads
must be carefully routed away from
hum sources, such as heater leads,
power leads, power transformers, etc.
It is advisable to dress the grid and
plate leads as well as associated com-
ponents, namely resistors and capaci-
tors, close to the chassis, which acts as
a shield.

12. Chassis Ground: The chassis
should not be employed as a ground
return because magnetically induced
hum currents circulating through the
chassis may be coupled to low-level
audio signals. Instead, one common
ground point, well-soldered to the chas-
sis near the grid of the first playback
tube, should be used.

13. Ground Loop: An inadvertent
ground loop, that is, a multiple path
to ground, may cause substantial hum.
For example, if the ground lead of the
playback head is returned to ground
through the shield of a coaxial cable, if
this shielded wire accidentally contacts
the chassis, and if the chassis is sepa-
rately grounded, then there are two
paths to ground for the head.

14. Location of Power Transformer:
The power transformer should be
mounted as far as possible from the
playback head.

15. Mounting the Power Transformer:
In building a tape amplifier, it is pref-
erable to use a transformer that
mounts above chassis rather than flush
with it (part above and part below),
because in the case of flush mounting
the chassis acts to extend the trans-
former’s magnetic field.

16. Orientation of Transformer and
Motors: Hum may be alleviated by ro-
tating the transformer and/or motors,
as mounting conditions permit.

17. Shielding the Transformer and
Motors: Well-shielded motors and trans-
formers are considerably more expen-
sive than the garden variety and thus
not too likely to be found in moderate-
priced tape machines. Yet the power
transformer and the transport mecha-
nism motor(s) are very potent sources
of hum, most likely picked up by the
playback head. If the tape machine is
troubled by hum from these sources,
one may try wrapping a shield around
the transformer and motors.

18. Type of Chassis: In building a
tape amplifier, an aluminum chassis
is preferable to a steel one, for the
former does not radiate hum. Also, it
has less resistance to circulating cur-
rents, including those produced by hum
fields, so that the resultant hum volt-
ages present in the chassis are lower.
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NEW

from
University

three
elegantly
styled 2
wltra '
compact.
speaker
systems
of superb
quality
at

modest
cost

MODEL RRL-12
Features the sgusational
new Ephericon Siper
Tweeter far sweet,

smooth high frequency
response to inandiliilify.
25" £ 159" & 12%" deep.
From $114.95 unfipished,
MODEL°RRL-8

The impossible becomes
reality! An 8" system
with full bass response
down to below 40 cps!
22Ys" x 12Y4" x 10%" deep.
From $95.4i1 1|;||_|‘ip|j.§.flq’ o,
MODEL S-80
Ezxcellent wide-range
response from a

system measuring only
21%" x 11%2" x 9Y;” deep.
From $56.95 unfinished.
ALL THREE MODELS
finished on four sides

for use as highboy or
lowboy. Beautiful

oiled walnut finish

for RRL-12 and RRL-8
in addition to mahogany,
walnut and limed oak ;
S-80 in mahogany,
walnut and fruitwood.

Model RRI-12 12" 3-Speaker RRE Syatem

Furniture courtesy of Smilow-T hielle Corp.

Model RRL-8 8" 3-Speaker RRL System

Model 8-80 8" 2-Way High E fliciency System

ON PATIO...LAWN...
TERRACE...POOL...
THRILL TO OUTSTANDING
HIGH FIDELITY SOUND
WITH UNIVERSITY’S
WEATHERPROOF
‘LC’ SPEAKER SYSTEMS

=8

MODEL MLC

MODEL BLC

Each model is a true coaxial speaker,
with separately driven woofer and
tweeter, and built-in network. Simply
connect to your amplifier, phonograph,
radio, or TV . .. the exceptionally effi-
cient ‘LC’ speakers provide high volume
sound of fine tonal quality. Cover any
area you desire . . . wide or narrow, shal-
low or deep . . . according to model chosen
and placement angle. Leave in place rain
or shine, season after season ... con-
fident of the rugged dependability
built-in by University.

MODEL MLC One-piece fiberglas reinforced
polyester horn. Response: 160-15,000 cps. Imped-
ance: 8 ohms. Power .capacity: 16 watts. 123" x
914” x 105%” d. Shpg. wt., 10 lbs. User net: $34.50.

MODEL BLC All metal construction. Response:
70-15,000 cps. Impedance: 8 ohms. Diameter:
223,". Depth 91"”. Power capacity: 26 watts.
Shpg. wt., 21 1bs. User net: $53.70.

For complete details write for brochure.Desk P-2,
University Loudspeakers, Inc., White Plains, N. Y.

Write Desk W-15 for the full story of the three ultra-compact systems; Desk W-16 for the Weatherproof ‘LC’
systems, including outdoor stereo applications. University Loudspeakers, Inc., 80 So. Kensico Ave., White Plains, N. Y.



if you think
that all brands of
recording tape are alike...

ferro-sheen
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The newsstand price of HiFi REVIEW this Special Offer will be discontinued
has been increased from 35g to 50¢. The forever! But if you act now, you get
subscription rate will soon go from 10 issues for less than the price of 8 —
$4 to $5 a year. When this happens, in effect, 2 ISSUES FREE!

Send me 10 issues of HiFi REVIEW at the reduced
rate of only $2.75 (regular rate $4 a year).

O Payment Enclosed. (Save us billing costs and we'll
add 1 extra issue FREE, making 11 in all!)

[0 Vil pay when billed.

Initial here

Name

Address

City Zone State
(Additional postage for addresses not in L.5 or Canada: 50¢ per
year for Pan American Countries; $1 per year for all other foreign.) HFA60






