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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.
1959 EDITION 3



hidi

ANNNAL

180

LN

Contents E R o

Section 1—Stereo

Section Il—Amplifiers, Preamplifiers and Record Players
Section Ill —Loudspeakers and Enclosures

Section IV—FM and Tape Recorders

a selection of articles from ELEGTR“NIGS g2

WORLD
Oliver Read, publisher
David A. Findlay, editor
Art Fitzthum, art editor Oscilloscope: courtesy Allen B. Dumont
Fred Wetzler, assistant editor Cover photography by Bruce Pendleton

Barbara Hearst, editorial assistant
John A. Ronan, Jr., advertising director

George E. Morrissey, advertising manager

ZIFF-DAVIS PUBLISHING CO., One Park Ave., New York 16, N. Y.
William B. Ziff, Chairman of the Board (1946-1953);
William Ziff, President; W. Bradford Briggs, Executive Vice President;
. . ) . . Michael Michaelson, Vice President and Circulation Director;
Copyright © 1959 by Ziff-Davis Publishing Company. All Rights Reserved Hershel B. Sarbin, Vice President: J. Leonard O‘Donnell, Treasurer.

HI-FI ANNUAL & AUDIO HANDBOOK



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

HI-FI ANNUAL & AUDIO HANDBOOK



1960 EDITION

Section |
Stereo

The Case For A Third Channel

Phantom Channel For Stereo

Stereo Amplifier Controls —And What They Do
Stereo Glossary

Stereo Sound Balance Meter

10
14
18
21




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.

L

OBSERVER'S
SEAT

ARCHWAY SIS .

LEFT AMP
[T
L4 ]
500K
RIGHT AMP LINEAR
[ CONT. ¥ A
i L
F o |

T0
RIGHT AMP

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.
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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
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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-
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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

ASSOCIATED WAVEFORMS
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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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vT

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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be the very best you can afford. Tﬁﬁ‘ new H. H. Scott 22
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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.
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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