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Where do you put Scott 
Quadrant Speakers? 

Anywhere! 

Speaker placement used to be 
extremely critical if you wanted 
to get the optimum stereo ef- 
fect. But not any more. With 
Scott's new Quadrant Q-100 
Speaker*, you can forget about 
placement problems. Quadrant 
speakers have been specifically 
designed to eliminate the "hole - 
in -the -middle" effect that 
plagues conventional speakers' stereo performance. 
Quadrant speakers have been used, with sensational 
results, in actual press demonstrations of 4 -channel 
stereo, where the use of conventional speakers re- 

sults in multiple "holes -in -the -middle." 
Here's how the Quadrant idea works: two woofers 
radiating more than 180° each and four midrange/ 
tweeters radiating more than 90° each are placed 
around the four sides of the Quadrant speaker. They 
project full -frequency sound in a complete circle. 
The sound is radiated both directly at you and in all 
directions, using the reflective qualities of your walls 
to heighten the live stereo effect. Your entire living 
room becomes a giant sound chamber. No matter 
where your Quadrant speakers are, you can go any- 

where in the room and be surrounded by rich, full - 

range stereo sound! This freedom of placement is 

particularly important if you're planning ahead toward 

Patent applied for. 

4 -channel stereo with its four separate 
speaker systems. 

Hear for yourself the dramatic differ- 
ence between Scott 
Quadrant stereo and 

conventional speaker i 
stereo. Your Scott deal- * 
er will show you that no 

matter where you place 
your speakers, or what *. 

shape your room, the Quadrant will deliver * 
hole -free wall-to-wall stereo. $149.95 each. 

Two woofers are mounted on op- 
posite sides of the speaker en- 
closure, each radiating low fre- 
quency sound of more than 180°. 

1 
Four midrange/tweeters are 
mounted one to a side, each pro- 
jecting high frequency sound 
waves in an arc of more than 90'. 

IIIISCQTT® 
H. H. Scott, Inc., Dept. 000-00, Maynard, Mass. 01754 

Export: Scott International, Maynard, Mass. 01754 

1970, H. H. Scott, Inc. 
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TANDBERG 
NEW 6000X STEREO DECK 

A Dynamic New Thrust In Recording Capability 
Featuring Our Unique CROSSFIELD Design 

The 6000X challenges the most precise 
professional instruments that sell for $1,100 or 
more. At 33/4 ips, this new stereo deck surpasses 
the 71/2 ips performance of our world famous, 
top rated Model 64! It offers the truest high fidelity 
you've ever heard, even at 33/4 ips (40-18,000Hz 
121/2 db). And, it incorporates a completely 
new design for the 70's...fresh, interesting 
-inviting use! 

Convince yourself. Would you believe... 
Signal-to-noise ratio at 62db 
70db dynamic range, plus 
An additional 24db overload protection 
Peak reading instruments 

And would you believe... 
4 hyperbolic, mumetal screened, precision - 
gapped heads 
Mixing, cueing, source vs. tape monitor, 
sound -on -sound, add -a -track, remote control 
Independent mike/line recording controls 
and stereo mixing 

Although we hesitate to say that this is the world's 
best tape recorder, we have yet to find its equal! 
Try the new 6000X. Record any material at 33/4. 
Play it back. Compare with others at 71/2. You'll see 
that you now can make professional quality 
recordings. Your franchised dealer 
has it now ... $499.00 

TANDBERG 
SERIES 6000X 

Available in quarter or hall -track models, 3 speeds. 
Solid state. 57 silicon planar and FET transistors. May 
be used horizontally or vertically. Low -noise, high out- 
put tape recommended. Hand -rubbed walnut cabinet. 

Tandberg P.O. Box 171, 8 Third Ave., Pelham, N.Y. 10803 
OF AMERICA, INC. Tel.: (914) 738-0772 N.Y.C. (212) 892-7010 

In Canada: Clifco Electronics, 5522 Cambie St., Vancouver, B.C. 
Egineered Sound Systems, 169 Kipling Ave., So., Toronto. Ontario 

Check No. 1 on Reader Service Card 



Number 77 in a series of discussions 
by Electro -Voice engineers 

PHASING: 

PHASE 2 
WILLIAM RAVENTOS 

Field Engineer 

As Electro -Voice continues its field study of micro- 
phone and loudspeaker performance for sound 
reinforcement, we have reassessed several long- 
standing "rules" for installation of theater and 
stage sound. 

One such rule insists that two loudspeakers cover- 
ing the same audience area must be in phase. 
Viewed solely from the loudspeaker end, this is 

normally true. But, extending a concept developed 
earlier, we have found conditions where violation 
of the rule results in an increase of gain -before - 
feedback of up to 6 db. 

In a large, typical auditorium with a center aisle, 
we installed two E -V Sentry II speakers wired out 
of phase. The speakers were located over the center 
of the proscenium and at least six feet apart (closer 
spacing will excessively reduce bass response). 
Careful location of the speakers created a dead area 
(about 6-10 db down) extending from the stage into 
the audience area, but restricted to the center aisle. 

By locating the microphone in the center of this 
dead area on the stage, an increase in gain -before - 
feedback of as much as 10 db was achieved. Wid- 
ening the speaker spacing narrows the width of the 
dead area but restores bass response lost as a result 
of the out of phase operation. 

It must be emphasized that matched, flat trans- 
ducers are presumed, and tests have been limited to 
acoustically symmetrical surroundings. The point 
of the exercise is to reduce speaker level on the 
stage in the vicinity of a fixed microphone. REI5 
supercardioid microphones were used for the 
experiments. 

The use of footlight microphones is common, but it 
has been noted that when located closer than 6" to 
the stage floor, response and directional charac- 
teristics may be seriously degraded. Experiments 
indicate that slight changes in location can add 3 to 
6 db of gain. Raising the microphone provides 
essentially free -field operation, but another alter- 
native may prove even more attractive. 

Resting a cardiold microphone on a shock absorb- 
ing pad directly on the floor (taking care to keep 
the head of the microphone unobstructed) may pro- 
vide higher gain -before -feedback than can be 
obtained by a free-standing microphone. The me- 
chanics of this improvement are not yet fully under- 
stood, and additional experimentation in this and 
other similar areas is now going forward. 

It is hoped that continued exploration will expand 
both the theoretical and practical knowledge needed 
to increase the sophistication of sound reinforce- 
ment design to meet new demands for higher 
quality and greater versatility of today's equipment. 

For reprints of other discussions in this series, 
or technical data on any E -V product, write: 

ELECTRO -VOICE, INC., Dept. 203A 

602 Cecil St., Buchanan, Michigan 49107 

gkeeprokbc 
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Walter Carlos, 
creator of 
"Switched -on Bach" 
and "The Well -Tempered 
Synthesizer," 
uses the Dolby System. 

Mr. Carlos says, "The raw materials of electronic 
music - the outputs of my Synthesizer, for 

example - are sounds which can be varied from striking 
purity to extreme complexity. After a desired sound is 

created, often with considerable effort, it must be 
preserved with care, to be combined later with others 

in a meticulous layer by layer process. The noises of 
magnetic recording are significant hazards in this 

regard, since they are particularly noticeable in 
electronic music. However, my experience confirms that 

the Dolby System effectively attenuates the noise 
build-up in electronic music synthesis. My studio at 

TEMPI is equipped with ten Dolby units, which I 

consider to be indespensible in my work." 
Whatever your recording activities, the dependable 

Dolby System can help you make good recordings even 
better. Now in use in over 100 companies in 21 countries 

around the world. 

OD DOLBY LABORATORIES INC 
333 Avenue of the Americas New York N Y 10014 
telephone (212) 243-2525 cables Dolbylabs New York 
for international inquiries contact UK address: 
346 Clapham Road London S W 9 England 
telephone 01-720 1 1 1 1 cables Dolbylabs London 

S. Calif. 

N. Calif. 

Midwest 

Canada 

Audio Industries Corp. 
1419 N. LaBrea Ave.. Hollywood. Calif. 90028 
Tel. 213 -HO 5-4111 
Audio -Video Systems Engineering 
1525 Tennessee Street, San Francisco, Calif. 94107 
Tel. 415-647-2420 
Expert Electronics, Inc. 
7201 S. Western Avenue. Chicago. Illinois 60636 
Tel. 312 -HE 6-2700 
J -Mar Electronics, Ltd. 
6 Banigan Drive. Toronto 17. Ontario. Canada 
Tel. 416-421-9080 



One of our competitors 
just introduced a Iwo -stage 

synchronous motor. 

We're bloody flattered. 



In 1967, Garrard engineers per- 
fected the Synchro-Lab motor. A revo- 
lutionary two -stage synchronous motor. 

Revolutionary because, for the 
first time in a component turntable, it 
successfully combined two types of mo- 
tor: induction and synchronous. 

The induction portion supplies the 
torque to reach playing speed instantly. 
The synchronous section then "locks - 
in" to the 60 -cycle frequency of the 
current. 

This produces unvarying speed, 
and thus unvarying pitch, despite vari- 
ations in voltage. 

A missed point 

Not surprisingly,a competitor has 
introduced a copy of our Synchro-Lab 
motor on their costliest model. 

Alan Say, our Chief Engineer, 
comments. "We're bloody flattered. 
After all, being imitated is a rather good 
indication of how significant an innova- 
tion really is. 

"But, curiously, they seem to have 
missed the point. 

"With a non -synchronous motor, 
you need a heavy turntable. Its mo- 
mentum makes up for fluctuations in 
motor speed. 

"Our purpose was to achieve 
constant speeds, using a lighter 
turntable and the least possible 
power. Less power and a low mass 
table help reduce rumble. And re- 
lieve mechanical stresses all 'round. 

"When we went to the Syn- 
chro-Lab motor, we cut our turn- 

table weight to three pounds. They're 
still using a seven pound disc. 

"So, while others are following 
our lead, there's no comparison yet. 

"Quite selfishly, we're pleased on 
both counts." 

H. V.'s commitment 
This is, by no means, the first 

time a Garrard innovation has been 
imitated. 

Spurred by a commitment of 
some thirty years standing, Garrard 
engineers have recorded every major 
advance in automatic turntables. 

H. V. Slade, a co-founder and 
Garrard of England's uncompromising 
Managing Director from 1918-61, set 
policy which endures to this day. 

"We will sell a Garrard in the U.S. 
only when it is more advanced than any 
machine available there." 

Satisfyingly dissatisfied 
"To fulfill such an unbending 

commitment," points out Alan Say, 
"requires chaps who are perpetually 
dissatisfied." The 1970 Garrards would 
seem to bear that out. 

Last year, we added viscous 
damped tone arm descent for gentler, 

safer cueing. 
But offering an automatic turn- 

table that was undamped in automatic 
cycle ran cross -grain of logic. So one of 
our engineers devised a linkage system 
between the changing mechanism and 
the damping "jack". 

Now Garrard's tone arm is 
damped in automatic. 

This year, a popular and exclu- 
sive Garrard feature-our disappearing 
record platform-has become a non - 
disappearing record platform. 

Someone at our Swindon labs 
discovered we could make it a bit 
larger and stronger that way. A small 
advantage, and a difficult decision. 
But one that would have pleased H. V. 

And we've added a counterweight 
adjustment screw to our gimbal - 
suspended tone arm. It permits you to 
balance the arm to within a hundredth 
of a gram. 

To quote our Mr. Say, "Anyone 
with a touch sensitive enough to take 
full advantage of it should be cracking 
safes with the Lavender Hill Mob." 

An embarrassment of riches 
You can select from not one, but 

six Garrard component models. Prices 
range from the SL95B (left) at 
$129.50 to the 40B at $44.50. 

Although prices vary from 
model to model, Garrard standards 
do not. Only the number of refine- 
ments possible at each price. 

It can be a mostdifficultchoice. 
Your dealer can help you make it. 

Garrard 
AUDIO FEBRUARY 1970 Check No. 5 on Reader Service Card 5 



What's New In Audio 

Dual 1219 Base and 
Dust Cover. Model, DC -9X 

A very practical solution of 
what to do with those extra 
spindles and cartridges is offered 
by this new base from Dual. The 
entire dust cover can be raised 
and left in a tilted position, or 
removed entirely when desired. 
It is made of heavy, smoke -tinted 
plexiglass and costs $24.95. 

Check No. 8 on Readers Service Card 

New Heath 100 Watt 
AM -FM Receiver Kit 

This receiver, model AR -29 is 
said to be the result of a two year 
project to produce the best avail- 
able medium power stereo re- 
ceiver. It has many of the fea- 
tures of the larger AR -15 and 
uses no less than 65 transistors, 
42 diodes, plus four IC's contain- 
ing another 56 transistors and 24 
diodes. A computer designed 9 - 
pole LC filter provides ideally 
shaped bandpass selectivity of 
70dB and eliminates IF align- 
ment, and new plug-in circuit 
boards further simplify assembly. 
Other features include a massive, 
regulated power supply, built-in 
test points, linear motion lever 
controls, and level controls on all 
inputs. IM distortion is quoted 
as less than 0.25% at any power 
level. Kit price $285. 

Check No. 22 on Readers Service Card 

8 -Track Stereo Mobile 
Cartridge Player 

Craig model 3122 is an 8 track 
unit with FM radio and it in- 
corporates an electro -magnetic 
latch which is claimed to give 
longer life to tape cartridges. The 
cartridge is held in playing posi- 
tion and when power is removed 
from the electro -magnet the 
latch disengages the cartridge 
from contact with the drive cap- 
stan. Other features of the Craig 
3122 are "disappearing" dial 
markings, stereo indicator lights, 
AFC and automatic cartridge 
and track selection. It can be 
powered by any 12 volt (nega- 
tive ground) system and the di- 
mensions are 6 by 3 inches high 
by 9',2 inches deep. $119.95. 

Check No. 18 on Readers Service Card 

New 3 -Way Bookshelf 
Speaker System 

Lafayette have introduced a 
new version of the Criterion 
100A called the 100B. It uses a 
10 inch woofer with 5% lb. mag- 
net and 2 inch voice coil and 3% 
inch midrange and a 1% inch 
super tweeter. The enclosure is 

a tube vented reflex type and the 
response is given as 30 to 19,- 
000 -Hz. A level control for high 
frequencies is fitted and power 
handling capacity is 40 watts. 
Dimensions 21% by 11l by 91h 

inches, finished on 4 sides in 
oiled walnut. $44.95. 

Check No. 16 on Readers Service Card 

Pioneer SX-1500TD 
Receiver 

This new receiver from Pio- 
neer uses four IC's in the I.F. 
section as well as a monolithic 
IC incorporating 30 transistors 
and 10 diodes in the multiplex 
circuit. Other features include 
two tuning meters, two separate 
pairs of phono inputs, center 
channel output sockets, and a 
microphone mixing facility. The 
panel is finished in silver and 
black contrasting with the pol- 
ished rosewood endpieces. 
$399.95. 

Check No. 10 on Readers Service Card 

Do -It -Yourself Organs 

Just opened in California is a 
new plant specializing in organ 
parts, kits, consoles and acces- 
sories. It also has a showroom 
and the enterprise is run by 
Robert Eby, well known founder 
of the Artisan line of organ kits. 
The photograph shows Robert 
Eby holding a transistor tone 
generator which replaces no less 
than 12 organ pipes! 

Check No. 14 on Readers Service Card 

Shure Microphone 

A new unidirectional micro- 
phone which combines numerous 
professional features with a low 
cost has been introduced by 
Shure Brothers Inc. It is called 
the Unisphere model 588 and 
its features include a true cardi- 
oid pickup pattern, built-in wind 
filter and a chrome -plated all - 
metal case. Frequency response 
is quoted as 80 to 13,000Hz and 
it is available in high, medium 
and low impedances. $60 com- 
plete with adapter, switch and 2 
feet of cable. 

Check No. 12 on Readers Service Card 

Hitachi Receivers 

Hitachi announce the release 
of three new receivers, the SR - 
300, SR -400 and SR -500 with 
ratings of 12,25 and 40 watts per 
channel respectively. All models 
feature automatic stereo switch- 
ing, interstation muting, switched 
loudness control and center tun- 
ing meter. Sensitivity of the SR - 
600 illustrated is claimed to be 
1.7µV for 20dB quieting. 

Check No. 6 on Readers Service Card 

Catalogues 

From Electro -Voice, two cata- 
logues covering the complete 
range of high fidelity products 
including speakers, speaker sys- 
tems and stereo components. 
Full of easy to read tips on hi-fi. 

Interested in headphones? 
Sharpe Audio has a new free 
catalogue describing their range 
of headsets which include induc- 
tion and wireless (RF) types 
plus audio station and sound 
centres ancilliary equipment. 
Check No. 23 on Readers Service Card 
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The Outer Rotor Motor: 
Attains new heights 
in turntable efficiency 

JVC announces the outer rotor motor-destined to revolutionize 
the record player as we know it. 

Bigger and substantially heavier than the old inside rotor type, 
the outer rotor motor achieves new heights in efficiency while cutting 
power consumption in half. Among its advantages are greatly 
improved balances for a significant reduction in vibration and 
more even rotation, and completely eliminated hum, thanks to the 
much reduced leakage flux. 

The outer rotor motor is a feature of both the ,JVC 6102 and the 
5201. The 6102, a beautifully -styled 4 -speed component.,. 
offers the option of records or 8 -track stereo tapes and sells for just 
$139.95 The 5201, another 4 -speed model, is a bargain $94.95.' 

JVC's 5204, with 2 -pole synchronous motor, is priced at just $59.95.' 
If greatly improved turntable efficiency makes sense to you, drop 

in and see your nearest JVC dealer. Only he is offering it. 
'Suggested list prices 

7lififÁtt It t 

Catching On Fast 

JVC 
_VC America, Inc., 5035, 56th Road, Maspeth, New York, N.Y. 11378 A Subsidiary of Victor Company of Japan, Limited, Tokyo, Japan 



Coming in 
March 

SPECIAL LOUDSPEAKER 
ISSUE ... 

Directory of Loudspeaker 
systems 

Q's and A's on Loudspeakers 
-What the specifications 
mean, how to choose a loud- 
speaker, white noise testing 
etc. 

Loudspeakers Past and Pres- 
ent-by Roy Allison and Bob 
Berkovitz 

Bass Response and Enclosure 
Size-Victor Brociner looks 
at some design criteria 

How to add a Bass Speaker to 
an Electrostatic Unit-Nate 
Garfinkel describes how he 
added a 'super woofer' to his 
Quads. 

PLUS: 
Record and Tape Reviews 
and all the Regular Features 

ABOUT THE COVER: This very elegant 
installation was designed by David Beatty 
Hi-Fi for Mr. and Mrs. Rogers of Kansas 

City. Equipment used includes McIntosh 
amplifiers and tuner, Dual 1009 turn- 
table and Bozak 302A's speakers which 
are housed in the lower section of the 
pier cabinets. 

Audioclinic 
JOSEPH GIOVANELLI 

If you have a problem or question on 

audio, write to Mr. Joseph Giovanelli 

at AUDIO, 134 North Thirteenth 

Street, Philadelphia, Pa. 19107. All 

letters are answered. Please enclose a 

stamped, self-addressed envelope. 

More Selective TV Sets 

Q. My color Tv set is being fed by 
a rotating, high -gain, highly directional 
antenna, 66 feet above the ground. 

Distant stations are often adversely 
affected by adjacent -channel interfer- 
ence caused by strong local stations. 
Why are not Tv set makers able to 
eliminate this adjacent -channel inter- 
ference? 

Great strides have been made in 
this respect where the FM band is con- 
cerned. Crystal filters, such as are used 
in Heath and other tuners, allow one 
to listen to a weak station even when 
it is next to a strong local one. It is 
possible to apply similar circuits to a 
Tv tuner so as to accomplish similar 
results for the video and audio per- 
formances of TV sets? If so, why are 
not the manufacturers making use of 
these filters?-Chester J. Alkema, 
Grand Rapids, Mich. 

A. There is no technical reason why 
television receivers cannot be made 
more selective, and, at the same time, 
produce pictures with even more defi- 
nition than is presently the case. 

However, economic considerations 
play a role here. Because competition 
among manufacturers is keen and 
costs are measured in tenths of a cent, 
a manufacturer would have to be 
pretty sure that these circuit changes 
would really be important to the con- 
sumer before he would decide to in- 
clude them. 

As it is, you are one of the very 
few who is interested in having such 
a set. Hence, you will either have to 
do some design work of your own or 

simply enjoy your present set. 
Another problem regarding selec- 

tivity is one which involves the front 
end. Very often, amateur radio opera- 
tors are blamed for creating interfer- 
ence to television receivers. True, the 
emanations of some of these trans- 
mitters do find their way into television 
sets, but it is not the fault of the 
operator of the station. It is the fault 
of poor front-end design of the tele- 
vision receiver which allows this type 
of interference to enter the receiver. 
This is the kind of problem that most 
television users would not understand 
as a design problem, and, therefore, 
would not complain to the manufac- 
turers of the sets. 

Q. I want to learn how to construct 
a voltage divider to put between my 
cartridge and preamplifier in order to 

cut down first -stage overload.-R. B. 

Taylor, Sellersville, Pa. 
A. You can make a voltage divider 

which will reduce the output from 
your cartridge sufficiently to prevent 
overloading of the early stages of your 
equipment. 

There are two resistors needed. 
Their total ohmic value, when they 
are connected in series, is 47 k ohms 
so that it will match the cartridge's 
requirements. You probably will need 
to reduce the signal output to perhaps 

ONE CHANNEL SHOWN - 

DUPLICATE FOR STEREO 

FROM 
CARTRIDGE 

R2 
TO PREAMP FROM 

CARTRIDGE 

R1 8 R2 = 22K FOR 6 dB LOSS 

R1 = 33K R2 = 15K FOR 10dB LOSS 

Fig.1 

6 dB below its present level. Therefore 
the value of each resistor should be 
23.5 k ohms. However, there is no 
such value made in standard resistance 
sizes. Therefore, 22 k ohms is the 
closest obtainable value. (There will 
be no degradation of sound quality 
as a result of this slight discrepancy.) 
See Fig. 1. 

If the signal level is still too high, 
change the resistances to 33 k and 

8 
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COLUMBIA STEREO TAPE CLUB now offers you 

181909 

182246 

BARBRA STREISAND 

What About Today? 
_eWs_ 
With a 

Uttle 
Colo Prom 
M1 Friends ;_. 

9 MORE 

181230 

JIMI HENDRIX 
EXPERIENCE 

MASH 
HITS 

Purple Haze 

Crosstown 
Traffic 

l o MORE 

179291 

JUDY COLLINS 
Who Knows is 
Where The 
Time Goes 

PLUS , 

Poor Immigrant 
MORE jp 

MOM 

172262 

TONY MIR, 

BENNETT'S I 
GREATESt NITS 

VOL IV 

Free jl 
Life 

10 MORE 
L, MBiw 

176735 

DEAN MARTIN 

t Take 

a lot of 
Pride 

in What 
I kw 

181875 

181156 

JOHNNY 
CASH 

ot 
SAN QUENTIN 

A Bey 
Named Sue 

- 9 MORE 

176776 

TAMMY 

WYNETTE'S 

GREATEST 

HITS 

0 
MORE 

180166 180166 

183202 

182394 

180281 

The Soft 
Parade 

PLUS 

Ten All 
The 

People 

ELENTRA MORE 

180661 

THREE DOG NIGHT 
Slitahle for Framing 

Feelin' All Right 9 MORE 

179671 

ENGELBERT 
HUMPERDINCI( 

Lee 

Bicyclettes 

de Belsize 

180323 

O.C. 

SMITH 
AT HOME 

Daddy's 
Little Man 

10 MORE 

183137 

JOHNNY MATHIS 
Love Theme 

from 
"ROMEO 

& JULIET" 
-PLuS- 

Yesterdsy, When 
I Was Toaog 

e MORE 

JUST LOOK AT THE FABULOUS SELEC- 
TION of best-sellers the Columbiia Stereo 
Tape Club is now offering new members! 
The greatest stars ...the biggest hits... 
and all available in the incomparable 
stereo fidelity of 4 -track reel-to-reel tape! 
To introduce you to the Club, you may 
select any 5 of the stereo tapes shown 
here, and we'll send them to you for only 
one dollar each! That's right...5 STEREO 
TAPES for only $5.00, and all you need to 
do is agree to purchase as few as five 
more tapes during the coming year. 

AS A MEMBER you will receive, every four 
weeks, a copy of the Club's entertaining 
and informative music magazine. Each 
issue describes the regular selections for 
each musical interest... hits from every 
field of music, from scores of different 
labels. 

If you do not want a tape in any month -just tell us so by returning the selection 
card by the date specified ...or you may 
use the card to order any of the other 
tapes offered. If you want only the reg- 
ular selection for your musical interest, 
you need do nothing - it will be shipped 
to you automatically. And from time to 
time, the Club will offer some special 
tapes which you may reject by returning 
® CBS Direct Marketing Services T-404/870 

181685 

JANIS JOPLIN 

I Got 
Dem Dl' 
Kozmic 
Blues 
Again, 
Mama! 

181222 

170357 

PERCY FAITH 

CO 

LOVE THEME 
FROM 

"ROMEO 
& JULIET" 
-ILes- 

SpinnIng Wheel 
MOI 9 MORE 

181677 

172411 

Beethoven's 
GREATEST HITS 

173674 

183178 

184036 180968 

-, 1., 71 

5 
rE ,t 7" REEL-TO-REEL 

STEREO TAPES 

FREE -if you join now 
REVOLUTIONARY SELF - 

THREADING TAKE-UP REEL 
Just crop the end of the tape over this 
reel, start your recorder, and watch it 
thread itself! Unique Scotch® process 
automatically threads up tape of any 
thickness, releases freely on rewind. 

DONOVAN 
Barabajagal 
Nw 

eAUantis 
9 MORE 

181636 

1POMPAND 
CIRCUMSTANCE 

Great Symphonie 
-i Marches 

NEW PORK 
PNIIHARMONIC 

LEONARD 
BERNSTEIN, i. -Conductor 

177501 

ROGER 
WILLIAMS 
HAPPY 
HEART 

Moo 

9 MORE 

mua 

ge 

177477 

the special dated form provided ... or ac- 
cept by doing nothing. 
YOUR OWN CHARGE ACCOUNT! Upon 
enrollment, we will open a charge account 
in your name. You pay for your tapes 
only after you've received them. They will 
be mailed and billed to you at the regular 
Club price of $7.98 (occasional Original 
Cast recordings somewhat higher), plus 
a mailing and handling charge. 
FANTASTIC BONUS PLAN! Once you've 
completed your enrollment agreement, 
for every tape you purchase you will be 
entitled to an additional stereo tape of 
your choice for only $2.00... or you may 
choose one FREE tape for every two 
tapes you buy. 
SEND NO MONEY NOW! Just fill in and 
mail the coupon today! 

Note:'. All tapes offered by the 
Club most be played back on 4.track 

reel toreel stereo equipment. 

APO, FPO addressees: write for special offer 

COLUMBIA STEREO 
TAPE CLUB 

Terre Haute, Indiana 47808 

TransElactronic 
Music Production. Inc. 
presents 

SWITCHED -ON BACH 

171504 

ROM 2001: 
A SPACE ODYSSEY 

EUGENE ORMANDY 
Philadelphia Orchestra 

LEONARD BERNSTEIN 
New York Philharmonic 

167692 

176891 

plus mailing and handling 

if you join now, and agree to buy five 
additional tapes during the coming year, 

from the hundreds to he offered 

MANTOVANI'S 
GOLDEN 

HITS 

Charmelne 

Exodus 
rowan 

180349 

Marrakesh 
Express 

9 
MORE r aB j 

183103 

143024 

THE ASS 

GREATEST 

NITS! 

Cherish 

Windy 
11 MORE 

172254 

183335 

110d. % linen 
CARNEGIE 

HAIL 

182378 

SEND NO MONEY-JUST MAIL COUPON 

COLUMBIA STEREO TAPE CLUB, Terre Haute, Indiana 47808 
Please enroll me as a member of the Club. I've indicated 
below the 5 tapes I wish to receive for only $1.00 each, 
plus postage and handling. Include the self -threading 
takeup reel FREE. 
SEND ME THESE 5 TAPES (fill in numbers) 

My main musical interest Is (check one) : 

CLASSICAL POPULAR 
I agree to purchase five selections during the coming 
year, under the terms outlined in this advertisement... 
and I may cancel membership at any time thereafter. If 
I continue, for every tape I purchase I will get an addi- 
tional stereo tape of my choice for only $2.00 . . or I 
may choose a FREE tape for every two tapes I buy. 

Name 
(Please Print) Initial Last Name 

Address 

City 

State Zip 
L 461-6/T 1_ 



15 k ohms. The 15 k resistor should 
he placed closest to ground because it 
is the one which must develop the 
lower voltage. 

Place the two voltage dividers (one 
for each channel) in a metal container. 
Mount the input and output connectors 
to the box. This arrangement is useful 
in eliminating unshielded resistors and 
their leads. 

It might be convenient to have a 

method whereby any voltage between 
zero and the full output capability of 

your cartridge can be fed to the input 
of your preamplifier. This can be ac- 
complished through the use of a 

50-k ohm potentiometer. See Fig. 2. 

The 50-k ohm resistance value of this 
pot is close enough to the recom- 
mended 47-k ohm cartridge termina - 

5:K 

TO PREAMP 

Fig. 2 

tion that there will be no degradation 
of sound quality. 

As with the circuit of Fig. 1, this 
potentiometer should be mounted in a 

metal box. 
If you have a VTVM and a test 

record, the two potentiometers needed 
for stereo should be adjusted to pro- 
vide equal voltages between their 
wipers and ground. 

Regardless of which of the two cir- 
cuits you choose, connect a ground 
wire between the metal box in which 
the circuit is mounted and your pre- 
amplifier. 

Background Music 

Q. What is meant by "background 
music"?-Mr. M. Reich, Bronx, N.Y. 

A. Background is that music which 
you often hear in restaurants, banks 
and other establishments. It is carried 
on ordinary FM stations, probably the 
very ones to which you listen all the 
time. You cannot hear it at home, 
however, because it is transmitted on 

what is known as a subcarrier. The 
main FM carrier is modulated by the 
audio you hear, plus some stereo in- 

formation which you cannot hear on 
a monophonic receiver. Furthermore, 
there is a 67 -kHz carrier which also 
frequency modulates the main carrier. 
This carrier, in turn, is frequency 
modulated, and contains the back- 
ground music service. 

In order to receive this background 
music programming, the FM signal is 

first detected in the usual way. The 
regular program is then filtered out of 

the resulting audio and all that is left 
is the recovered 67 -kHz subcarrier 
This carrier is then passed into cir- 
cuitry which detects its FM just as is 

done when detecting the FM with 
which you are familiar. 

Transformers in Solid -State 
Amplifiers 

Q. It appears that most, if not all, 

of the latest solid-state amplifiers have 
no output transformers, driver, or inter - 
stage transformers. 

Do you feel there is any advantage 
in performance of either having driver 
transformers or not having them? 
Would their presence deteriorate tran- 
sient responses?-Leonard Drasin, 
Jamaica, N.Y. 

A. I do not think driver transformers 
impede good transient response. They 
are not required to handle much 
power. Further, because of the low 
impedances associated with solid-state 
circuitry, these transformers will not 
have sufficient turns to cause severe 
losses of highs because of distributed 
capacitance. 

The use of driver transformers solves 
some design problems, especially that 
of phase splitting. 

Meter Disagreement 

Q. Several FM stereo tuners I have 
seen have both a center -of -channel 
tuning meter and a signal -strength 
meter. If properly aligned, should the 
two meters agree with one another as 
to the point of best tuning? If not, 
which one should be relied on?- 
Leonard Drasin, Jamaica, N. Y. 

A. Theoretically, center channel 
meters both should give proper read- 
ings at the same time. In other words, 
when the center -of -channel meter 

shows proper tuning, this reading 
should coincide with the maximum 
signal point on the signal strength 
meter. I noticed, however, that in 

many cases the readings will corre- 
spond at one particular signal strength 
-that used when aligning the tuner. 
A signal which is stronger or weaker 
than this one will produce disagree- 
ment between the meter readings. 

I am not altogether sure of the rea- 
son why this discrepancy should exist. 

My personal guess would be that it 
has something to do with current flow- 

ing in the detector circuit and the 
changes in diode conductivity with 
varying signal levels feeding this cir- 

cuit. 
In any case, when the two meters 

disagree, rely on the center -of -channel 
meter reading. 

Of course, if the readings are in vio- 

lent disagreement, it might indicate 
that you must have your tuner aligned. 

Relay Protection for 
Solid -State Amps 

Q. Why don't manufacturers use 
relays as aids in protecting solid-state 
circuits from overload?-Name with- 
held. 

A. When transistor circuits are over- 
loaded, they often burn out with light- 
ning speed. Therefore, in order to 

protect such devices, the protective 
circuit must sense the potential danger 
even faster than it can act to cause the 
damage. 

Being mechanical devices, relays 
are not fast acting. Therein lies the 
basic reason why they are not used in 

solid-state amplifier protective cir- 
cuits. Further, relays are not com- 
pletely reliable in other ways. Oxida- 
tion of their contacts can make them 
useless. Failure of a restoring spring 
can also destroy their usefulness. 

FREE! 

Product Information 

Simply complete the Reader Ser- 

vice Card (back of issue), noting 
the reader service number on 
advertisements and editorial ma- 
terial. We'll handle the rest. 
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Some people can accept reduced quality in their audio 
components. For others, - the recording engineer, the 
professional musician, the music connoisseur - there is 

only one quality - the very best. These are the 
uncompromising - the people who choose CROWN. 

They know that beh nd each Crown product stands 
the teamwork of some of the nation's finest audio 
engineers and proudest American craftsmen. These are 
The designers whose innovations have led the tape 
industry with exclusive electro -magnetic braking, the 
first solid-state components, original computer logic tape 
control, the new industry standard power amplifier - 
DC300, and now an ultra -flexible, high-performance 
control center. These are the craftsmen who carefully 
hand -fabricate and test each unit, entering measurements 
on individual proof -of -performance records. This is the 
product line that is worthy the pride of both its makers 
and its owner. 

To discover what you're missing - compare 
CROWN's Total Performance sound today. Write Crown, 
Box 1000, Elkhart, Indiana, 46514. 

MADE ONLY IN AMERICA 

CX722 Superlative profes- 
sional quality with outstand- 
ing flexibility for on -location 
recording. 2 channels, 3 
speeds, pushbutton electric 
control, remote start/stop op- 
tional, sound -on -sound, sound 
-with-sound, echo effects, 
shown in studio console. 

SX724 Professional perform- 
ance at a minimum price. es- 
sential for the finest compon- 
ent systems. 1/4 -track stereo 
2 speeds, push-button electric 
control, remote start/stop op- 
tional, sound -on -sound, shown 
in scuff -proof carrying case. 

NIGH FIDELITY 

E 
II /7 i ir i 

C}:844 For the aadic 
perfectionist or professiona 

the AI -tin -ate in live recording. L chenrels in- :e, 3 
speeds, computer logic -ape cc n-rc I never b-eaks 
tapes, remote control optional, sourd -on -s. Inc, 
sourd-wi:h-sound, echo effects 
All -node/s shown featu-e total :,lco1 solid. tare 
desien, n an -mechanical hakes, prec'sic n mic'-:-gao 
heads, 5"' VU meters, 4 mic or l'ne irputs, 
panel w. h massive central castrg, third .lea) 
monitor with AB switch, rugged construction, 100 
hours in -plant testing. 

SX824 For the serious audio- 
phile, the ultimate home re- 
corder. 2 channels, 2 speeds, 
computer logic control never 
breaks tapes, remote control 
optional, sound -on -sound, 
shown in genuine walnut hard- 
wood cabinet. 

DC300 Laboratory standard 
basic amplifier. 300 watts per 
channel RMS, compílete out- 
put protection, extreme puri- 
ty, shown in walnut cabinet 
D40 The ideal monitor ampli- 
fier. 40 watts per channel 
RMS, compact, low distortion, 
shown in walnut cabinet. 
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OUlf:M 
BERT WHYTE 

My involvement with four -channel ste- 
reo gives me a distinct feeling of deja vu 
... as well it might, since there are so 

many parallels between four- and two - 
channel stereo. But there are differences, 
there are dissimilarities between the two, 
which pose some formidable problems. 

As was the case with two -channel ste- 
reo, there is a great deal of experimenta- 
tion to be done in the matter of micro- 
phone placement before we can optimize 
this parameter of four -channel sound. Of 
course, it goes without saying that micro- 
phone placement before we can optimize 
variables . . . hall acoustics, individual 
engineering and recording -director pref- 
erences, the special demands of certain 
repertoire . . . that it is unlikely there 
will be a set inflexible standard. But we 
must at least have a guideline which in- 
telligently used will provide some reason- 
able standard of rear -channel information. 
It is also highly probable that those engi- 
neers who make the most successful four - 
channel recordings will have modified 
their recording techniques even in respect 
to their handling of the front channels. 
They will have embraced new recording 
disciplines in which they think of the 
totality of the four -channel medium, 
rather than the front and rear channels as 
separate entities. This was one of the 
problems in the early days of two -channel 
stereo ... many engineers accustomed to 
monophonic recording couldn't orient 
themselves to stereo . . . they found it 
hard to "think stereo." In fact you would 
be amazed by the number of the engi- 
neers in those days who thought stereo 
was "stuff and nonsense!" 

Experimentation with mike placement 
naturally means live recording . . . and 
here is where the problems begin. One 
might safely assume that a typical profes- 
sional classical recording session would be 
the best place for four -channel experi- 
ment. and for the most part this is correct. 
However, everyone on the session is al- 
ways aware of the giant taxi meter ticking 
inexorably . . . the staggering cost -per - 
minute union rate of the musicians . . . 

and if things aren't going smoothly, the 
four -channel experiments would have to 

be abandoned. It is still a two -channel 
market and that comes first. The alterna- 
tive of course, is a situation where one 
can experiment without the terrible pres- 
sures of a commercial session. This in- 
volves many factors and unfortunately it 
is going to be a more complicated proce- 
dure than it was in the early days of 
two -channel stereo. For example, there is 

the matter of the two rear microphones. 
In 1951 when I was recording stereo with 
Maestro Stokowski, the recordings were of 
actual concerts. Whenever possible I hung 
my microphones, but often had to use 
mike stands and booms. This did not too 
greatly discommode the audience ... the 
mikes blocked very little in the way of 
sight -lines and the cables snaked along 
the foot of the stage to one of the wings 
where I was ensconced with my recording 
equipment. Monitoring was strictly via 
earphones. As you can imagine, if you 
tried to do the same thing today for a 

four -channel recording of a concert, un- 
less you could hang the rear mikes you 
would he out of luck as the hall manage- 
ment almost certainly would not permit 
the placement of mike stands and booms 
among the audience at an appropriate 
place in the hall. Over-riding all this 
would he the matter of union clearance 
to make the recording. Since what we 
were doing was strictly experimental and 
non-commercial, Maestro Stokowski was 
able to arrange clearance with the local 
involved. What would happen today is a 

matter of considerable conjecture. 
Well. no matter. If we are to learn any- 

thing about this new medium we all must 
experiment. I have the big Crown four - 
channel recorder and ancillary equipment 
and I'm rann' to go! So where do we 
conduct our experiments? If you are for- 
tunate enough to be near a large city or 
live in one, the blessed musical amateurs 
are the answer. In New York, the suburbs 
are quite well endowed with amateur 
symphony orchestras ... community or- 

chestras with as many as 80 members. 
There are choral groups galore . . . the 
colleges and universities have many musi- 
cal organizations of various types and 
sizes. In the city itself, there is almost an 
embarrassment of musical riches in the 
large churches. As I write this in early 
December. the churches are offering Bach 
Cantatas, the Bach "Christmas Oratorio," 
the "Messiah." Mendelssohn's "Elijah," 
the Poulenc and Vivaldi Glorias, Kodaly's 
"Te Deum," numerous organ recitals and 
much more. Some of these productions 
are quite modest with little more than 
piano or organ accompaniment. Others 
have brass ensembles or chamber orches- 
tras. Still others have elaborate presenta- 
tions with full orchestra and some well- 

known soloists. Okay, so these groups 
don't exactly sound like the Philharmonic 
and the Westminster Choir! Some of them 
are surprisingly polished performers and 
when all is said and done, they are more 

than adequate for the experiments. Get- 
ting permission to record these various 
groups ranges from dead easy ( especially 
if the director of the group is a hi-fi nut) 
to in some cases impossible, due to the 
presence of some union musicians within 
a particular group. It is a very hide -bound 
attitude because for one thing the group 
is not good enough to compete commer- 
cially with the great orchestras and 
choruses. For another thing, the union 
musicians ultimately will benefit from 
four -channel sound when it eventually 
supplants two -channel stereo, since all of 
the symphonic literature including all the 
old pot-boilers, will have to be newly 
recorded for the four -channel medium. 
My experiences in recording two -channel 
stereo with organizations of this kind has 
been generally good with amicable rela- 
tions and polite co-operation. 

Once you have decided what groups 
you would like to record, there is a 

preliminary task to take care of before 
asking permission to record. You must 
visit the hall or church where the groups 
are to perform and check the acoustics. 
Churches are rarely "dry" acoustically, 
but many halls are quite "dry" with 
reverb periods so short that they would 
be useless for four -channel recording. Or 
there may be other acoustical problems 
like severe slapback, too long a reverb 
period, multiple echos, bass attenuation, 
and so on. No use trying to record four - 
channel stereo in a poor acoustic situation. 
Assuming a good recording locale has 
been found it is now necessary to face the 
fact that you probably won't get permis- 
sion to place your rear mikes among the 
audience at the actual concert. Even if 
you could, the location you choose prob- 
ably wouldn't be right and you could 
hardly change the mike positions during 
the concert. After all, the idea is to expe- 
riment, right? Thus we must accept the 
idea that the best time for our experi- 
ments is during rehearsals. Then we can 
make all the changes we desire. I per- 
sonally plan to attend two rehearsals .. 
the one before the final and the final 

rehearsal. In this way I may find a mike 
placement that seems to have possibilities, 
and then if I am lucky, I may get per- 
mission to hang the mikes in that position 
and thus record the actual concert. If this 
is not possible, the final rehearsal will still 
furnish sufficient data. Since four -channel 
tape can be spliced as easily as two - 
channel, a skillful editor may be able to 
put together a complete performance. 
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Second to one... 

100 600 600 1000 1000 5000 10000 
FREQUENCY N: 

10.000 30000 

TRACKABILITY CHART FOR M91E 
Measured At One Gram 

If it were not for the incomparable Shure V-15 Type II 

(IMPROVED) Super -Track, the Shure M91E Hi -Track would be 
equal or superior to any other phono cartridge in trackability .. . 

regardless of price! The astounding thing is that it costs from 
$15.00 to $50.00 less than its lesser counterparts. And, it 
features an exclusive "Easy -Mount" design in the bargain. 
Trade up to the M91E now, and to the V-15 Type II (IMPROVED) 
when your ship comes in. Elliptical Stylus. 3/4 to 11/2 grams 
tracking. $49.95. Other models with spherical styli, up to 3 
grams tracking, as low as $39.95. 

SHLJFZE 
M91E HI -TRACK PHONO CARTRIDGE 

© 1969, Shure Brothers Inc., 222 Hartrey Ave., Evanston, Illinois 60204 
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We're making progress, but alas, this 
business of four -channel recording is 

quite cumbersome. For example, let us 

assume we are in a good hall at a re- 

hearsal. Your front mikes are in place and 
the rear mikes some distance down the 
hall. Ideally, to monitor the four -channel 
sound you will be in a room off to the 
side of the hall, or perhaps behind the 
stage. To reach this room from the hall 
you may need as much as a hundred feet 
of mike cable for each mike. You can't 
monitor in the hall with loudspeakers, 
hence the long cables. In the room you 
will have your four -channel recorder, two 
stereo amplifiers, two loudspeakers in 

front of you, and two in back of you. The 
room will have been heavily damped with 
rolls of builder's fiberglass insulation .. . 

we want to hear the acoustics of the hall 
with a minimum of interference from the 
room acoustics. Unless. you are rich 

enough to have an intercom system or 

closed-circuit TV, you'll be working blind 
in the room. What comes over the mikes 
will have to be your cues to start record- 
ing. In the case of a concert, you'll prac- 
tically have to run continuously. To cope 
with varying acoustics of halls our mike 
complement would include four with 
cardioid pattern and four omnidirectional, 
to be used in various groupings. A mike 
that would greatly facilitate experiments 
is the AKC Model C-12 which has a 
number of patterns remotely switchable 
from the recorder locale. As you can see, 
the recording and monitoring of four - 
channel stereo darn near requires an ex- 

pedition with pack mules! As an admit- 
tedly lazy type, the thought of all that 
equipment appalls me. How much easier 
two -channel stereo recording is! You can 
usually have your recorder right in the 
hall or church with you, albeit off to one 
side, your mike runs are short and oh! 

those lovely earphones! Surely the inven- 
tive genius of the audio industry can 
devise some way to monitor four -channel 
stereo via earphones? Perhaps two sepa- 
rate elements in each earphone reproduc- 
ing front and rear mikes? The front sound 
would undoubtedly swamp the rear. How 
about one pair of phones on the ears and 
the other signals via bone conduction? 
You can't blame me for trying! Probably 
the simplest thing is to plug phones alter- 
nately between front and rear amplifiers 
and try to hazard a guess as to whether 
you have too much or too little rear in- 

formation. It's worth a try although I 

don't really believe it will work. There 
are many other facets of four -channel 
recording that require special attention, 
and as knowledge is acquired we'll pass 
it on to you. 

a a a 

Because we writers for the various high 
fidelity publications are always in the 
van on new developments, such as four - 

channel stereo, there is sometimes a 

tendency to forget that it takes time for 

these advances to reach the hi-fi public. 
A case in point is four -channel sound. It 
has occupied a great deal of space in the 
press, and as a very significant step for- 

ward in the quest for sonic realism, this 

is as it should be. However, the cold 
facts are that only a miniscule fraction of 

the hi-fi public have even seen four -chan- 
nel stereo equipment, let alone heard a 

demonstration of this new sound. The mar- 
ket today is two -channel stereo and is 

likely to remain so for a considerable 
time. The two -channel stereo medium has 

reached a point of high refinement with 
some truly sophisticated recording and 
playback equipment. The past several 
years have seen the emergence of new 
formats of two -channel stereo, notably 
the eight -track cartridge and the cassette. 
In the broadest terms, the cartridge has 
been considered a playback medium and 
the cassette a recording medium. At the 
present time the cartridge is the champ 
in the pre-recorded tape market, with the 
cassette coming up fast. The advocates of 

the cassette are quick to point out that it 

has now developed a solid market for 
pre-recorded tape and at the same time 
retaining its recording ability, and they 
see in this the eventual demise of the 
cartridge. Only time will tell if they are 
right, but there have been some develop- 
ments in eight -track cartridge recorders 
which may cause the cassette people to 

revise their timetables. The cartridge re- 
corders have generally been maligned be- 
cause of the difficulties inherent in the 
endless loop format. Their critics point 
out the lack of fast forward and rewind, 

the inability to spot specific selections on 
the tape, their alignment problems with 
the very narrow tracks, and so on. While 
the cartridge will probably never equal 
the cassette for ease of recording, there 
now are eight -track machines with fast 
forward and a magnetic coding system 

exists, (though not yet in use) which is 

said to make spot selection on the tape 
feasible. As to cartridge recorders, a few 
of the early models suffered from a vari- 
ety of ills . . . poor motion, bad cross- 
talk, poor timing facilities. The attraction 
that a good workable cartridge recorder 
would have for many people is undeni- 
able. Even at discount prices the average 
cartridge is over four dollars and the 
motorist who has car stereo has an insati- 

able appetite for new material. With 
blank cartridges costing quite a bit less 

than the recorded variety, they could 
"roll their own" cartridges with any kind 
of music they want from FM tuner, 
phono, or open-rell tapes. Furthermore, 
they could erase the material when they 
tired of it and record something new, 
and really cut the cost. 

To be frank, I had about given up any 
hope that I would ever see a cartridge 
recorder that really worked, when I 

spotted a new unit at the Consumer 
Electronics Show made by the Telex peo- 
ple in Minneapolis. Designated the 811-R, 
it had all the amenities needed for re- 

cording cartridges, with a few new twists 
to ease the task. The Telex people were 
kind enough to send me one recently, and 
to put it succinctly, it works and works 
well. I refer you to our PROFILE on the 

unit in the October, 1969, issue for all the 
nitty-gritties about frequency response, 
wow and flutter, distortion, and so on. 

To my ear, all parameters were "go" . . . 

(Continued on page 79) 

"ND' I DO NOT Woe YD NCoei2 
Yoe, New t p ^CGe" 
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DYNACO SYNERGISM* 
OR HOW TWO UNITS COMBINE 

FOR EVEN GREATER VALUE 
SCA-80 _ STEREO 80 

$169.95 Kit 
$249.95 Assembled 

We have always tried to give outstanding value 
at Dynaco; and when we work on new designs, 
our primary objectives are quality and value- 
quality second to none, and prices far below the 
levels of competitive quality. Following this phil- 
osophy, we have designed our newest power 
amplifier, the transistorized Stereo 80, in the tra- 
dition of the famous Dynaco Stereo 70-ex- 
treme reliability, conservative operation and 
specifications, outstanding quality, and moder- 
ate price. The Stereo 80 is compact (it fits any 
remote space, but is handsome enough to keep 
on display), cool -running, simple, and elegant. 
It delivers 40 watts continuous power per chan- 
nel, with both channels operating simulta- 
neously, from 20 Hz to 20 kHz. 

The Stereo 80 and our PAT -4 preamplifier 
create an outstanding combination which deliv- 
ers crystal clear sound, free of noise and distor- 
tion, and with excellent flexibility as the control 
center for the most complete hi fi installation. 

Further, we have combined these units into a 

single, transistorized integrated package, the 
SCA-80, and through careful design have 
achieved SYNERGISM*, the combination giving 

L]IyIIéaC® III/C_ 

$159.95 Assembled 

PAT -4 

$119.95 Kit $89.95 Kit 
$129.95 Assembled 

even greater value than the sum of its parts. 
The SCA-80 has all the qualities of the Stereo 80 
plus the performance and many of the features 
of the PAT-4-center-out tone controls, low 
noise, multiple input facilities, headphone out- 
put, center -speaker output without the need for 
a separate amplifier, and so on. It provides com- 
plete control facility and yet it is simple to oper- 
ate with a basic two -knob control action for those 
who do not require sophisticated features such 
as loudness, filters, blending, and other subtle 
variations. 

The SCA-80 gives quality plus compact flex- 
ibility. The Stereo 80 plus the PAT -4 gives qual- 
ity, increased flexibility for installation, and 
greater range of control function. The Stereo 
120 plus the PAT -4 gives all this plus extra 
power plus the benefits of a stabilized highly fil- 
tered power supply which makes performance 
independent of power line variations. In all these 
choices, quality and value are outstanding-and 
in the SCA-80, the synergistic benefit enhances 
the value of the unit. 
"SYNERGISM-"Cooperative action of discrete agencies such that the total effect is greater than the sum of the two effects 
taken independently . . . 

3060 JEFFERSON ST., PHILA., PA. 19121 
1N EUROPE WRITE: DYNACO A/S, HUMLUM, STRUER, DENMARK 
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Tape Guide 
HERMAN BURSTEIN 

If you have a problem or question 

on tape recording write to Mr. Her- 

man Burstein at AUDIO, 134 North 

Thirteenth Street, Philadelphia, Pa. 

19107. Please enclose a stamped, 

self-addressed envelope. All letters 

are answered. 

Q. I am striving for a high -quality 
system of music reproduction via 
phono records. I have been told that 
the thing to do is record the first play 
of a high -quality disc with a profes- 
sional -type tape recorder and with the 
finest disc -playback equipment. In 
doing this I will have the same fine 
sound as the record and will not have 
the loud tape hiss characteristic of 
many prerecorded tapes. Is this in- 

formation correct? If so, must I stick 
to 11/2 -mil tape to minimize print - 
through? Or would I have better sound 
if I just spent the money for a good 
turntable, arm, and cartridge, and re- 

placed the disc every 25 plays or so? 

-David E. Sosin, New Haven, Conn. 

A. The information given you how 
to get a hiss -free recording is correct. 
I think that if you went to 1 -mil tape 
you would be unlikely to find print - 
through a significant problem unless 
you employed excessive recording 
levels. If your purpose in acquiring a 

tape machine is only to copy phono 
discs, you might be better off by not 
buying the tape machine and instead 
putting your money-probably a lesser 
sum-into a first-rate record player, 
arm, and cartridge. Using a top-flight 
cartridge that permits tracking at 11/2 

grams or less, you are unlikely to 
scratch the record, esecially if you 
use a cueing device. 

Reports have it that when a disc is 

played with good equipment, it can 

last with little loss of quality for 100 

plays, 200 plays, and perhaps more. 
If you have anything of a record col- 

lection, the chances of playing the 

same record more than 200 times or 

so seem small. 
It is only fair to add that owing to 

technological improvements, pre-re- 
corded tapes are getting better in 

various respects, including hiss. Hence 
you may want to review the entire 
situation in terms of the pre-recorded 
tapes now available. 

Q. I have developed the following 
problem with my tape recorder. Dur- 
ing a stereo recording my machine will 

record properly on the right channel, 
but only very slightly on the left. So 

when I play back the tape it will only 

play the right channel. But if I play a 

pre-recorded tape, both channels re- 

produce 100%. I have tried adjusting 
the bias control to supply more bias to 

the tape head, but this does not help. I 

have also tried trouble shooting with 
a VTVM and comparing the voltages 
for the right channel (good) and the 

left channel (poor), but I am still un- 

able to solve the problem. The tape 
head is a combination one, having all 

three functions (erase, record, and 
playback) in one head. I am wonder- 
ing if this might be the problem.- 
James David Gorr, Philadelphia, Pa. 

A. Your tape machine combines a 

record -playback head and an erase 
head in one casing. Inasmuch as your 
machine functions correctly in play- 
back, this appears to eliminate the 
head as the source of trouble. The dif- 

ficulty, then, seems to lie in the elec- 

tronics. Apparently the bias oscillator 
circuit is o.k. inasmuch as you are 

recording satisfactorily on the right 
channel. Perhaps not enough bias cur- 

rent is reaching the left channel. Your 

machine has separate bias -adjust con- 

trols for the left and right channels. 
Did you adjust the correct one? If in- 

sufficient bias is not the trouble, then 
some electronic fault in the left chan- 
nel, involving such elements as resistors 
and capacitors, would be responsible. 
Expert troubleshooting should reveal 
the culprit. 

Q. For the past year and a half it 

has been necessary for me to store all 
my pre-recorded tapes while I was 
away. Before I left, I packed them on 

edge in their boxes, firmly but not 

tightly in corrugated cartons, and 
placed the cartons in a closet where 
the temperature and humidity would 
not be expected to vary a great deal. 

Last month I returned, only to find 

that a number of my tapes now suffer 

from rather pronounced edge warp or 

fluting at regular intervals during the 
first couple of hundred feet. Although 
this physical distortion does not appre- 
ciably affect the music quality, it is 

disturbing to me, and I am anxious to 

correct the condition if possible and to 

avoid similar problems in the future. 

Almost all of the damaged tapes are 
* tapes, most of them full -reel twin - 

packs. The culprit therefore seems to 

be either the brand's tape or reels. I 

suspect the reels, since they are solid 
plastic except for one long notch, and 
the tape nearest the notch seems to be 

the most badly fluted. I hesitate to 

blame my tape machine for faults in 

winding tension, etc., since I have a 

very good unit which I have serviced 
and adjusted regularly. Is there any- 
thing I can do to correct the tapes 
already damaged and to prevent simi- 

lar damage in the future?-Roger C. 

Anderman, Dayton, Ohio 

A. One step is to avoid in the future 
your mistakes of the past. This means 
using those brands of tapes and those 
types of reels which have given you 

least trouble, and making sure to re- 

wind or replay your tapes every few 
months. I have never been able to get 
a mis-shapen tape back into condition. 
Some claim to have obtained an im- 

provement by winding and rewinding 
the tape several times. I guess their 
degree of success depended on how 
badly warped or fluted the tape was. 

Are you perhaps storing your tapes 
after rewinding them at high speed? 
Tapes are best stored after having 
been wound at normal operating speed 
(such as 7.5 ips) rather than after high 
speed winding. Also (including from 

the point of view of minimizing print - 
through) it is desirable to store tapes 
tail -out, namely with the last part of 

the recording at the outside of the 
reel; and then rewind the tape just 
before playing it. 

It may be of some point to mention 
that using good tape and good reels, 

I have stored some recorded tapes flat 

rather than on edge, in extremes of 

temperature (well over 100° and be- 
low freezing) and humidity (close to 

100); and that they have shown little 
if any signs of physical deterioration 
after several years under such condi- 
tions. Æ 
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A-15000 Exclusive triple -motored drive system 4 precision heads for instant off -the -tape monitoring Mike -line mixing 4 independent amplifiers Automatic tape lifter All -pushbutton controls, automatic shutoff Stereo echo fo- special sound effects Choice of cabinet or portable styling 

Play it by ear. 
You'll like what you hear. 

And you can go right on hearing it, too. Because our A-15000 
tape deck comes complete with carefree automatic reverse. In other 
words, this machine doesn't care whether it's coming or going. 

It's a standard four -track model with all the quality 
TEAC is famous for. And plenty of unique features. 
like the popular ADD recording for simultaneous 
playback and recording on separate tracks. 

Yes, you'll like what you 
hear on this one. Including 
the price. (That part 
sounds almost as good 
as your favorite tapes.) 

T E AC. 
TEAC Corporation of America 2000 Colorado Avenue Santa Monica, California 90404 



EDITOR' S 
R EVIEW 

New Editor 

Masthead readers will already have noticed that a 

new editor is at the Helm of Auvlo after nearly three 
years under the guidance of Arthur Salsberg, who has 
left for-we hope, for his sake-bigger and better fields. 

At least, he is not in competition with AUDIO. 

George W. Tillett assumes the reins of the magazine, 
effective with this issue, and it seems only fitting that 
he should be introduced by the publisher in his first 

issue. Mr. Tillett has an excellent technical back- 
ground, having been most recently executive vice 
president of Audio Dynamics Corporation, and for- 
merly director of engineering at the Milroy, Pennsyl- 
vania, plant of Fisher Radio Corp. Before coming to 
the United States in 1966, he was technical director of 

Wharfdale, chief engineer of the British Heath com- 
pany, chief engineer Decca Radio Company, and so 

on. He is a member of the AES, and follows the usual 
hobbies of the audio enthusiast-photography, music, 
and literature. 

We trust Aunio's readers will welcome Mr. Tillett to 
his new responsibility. 

C. G. McProud, Publisher 

I have always considered "Audio" to be the finest 
magazine in the world in its class and so it goes 
without saying that I am very proud to be 
associated with it. Will there be any changes? Yes, 
and No. All the regular features will he retained 
and if possible expanded, but I do want to devote 
more space to beginners -and also include more 
articles of musical interest. I would like to remind 
readers that we are always interested in publish- 
ing articles dealing with some aspect of Sound 
Reproduction-or music. Manuscripts should he 
typed or clearly handwritten and submitted with 
drawings where necessary. To avoid disappoint- 
ment, it is suggested that would-be authors send 
in a rough precis first. 

4 -Channel 

Although some experts hail 4 -channel stereo as 

representing as big an advance on 2 -channel as 2 - 

channel was on mono, some people are not yet con- 
vinced. In his article on page 12, Bert Whyte 
mentions thhe skepticism of some engineers, saying 
it reminded him of the early days of stereo-the 
original 2 -channel variety. Such a comparison may 
be a little unfair but I certainly remember how diffi- 

cult it was to sell the idea of stereo to the unbeliev- 
ers. In those days ( not so long ago, really) it was part 
of my duties to visit major companies and advise 
them on 2 -channel amplifier and equipment 
design, as we were releasing stereo discs in a few 
months time. I found more than half of the people 
I saw-engineers and executives alike-were 
dubious about the whole thing. Some thought 
stereo -was nothing but a gimmick thought up by 
money -grabbing record companies, others stub- 
bornly refused to believe in its practicality! I well 
remember a senior executive of a large corporation 
saying with some heat "Stereo? ridiculous-like 
being in a ships' cabin listening to music coming 
from two portholes!" Needless to say, he would 
rather not be reminded of this comment today... . 

Of course, disbelieving cynics are not just confined 
to Hi-Fi circles: the Xerox idea was turned down 
by company after company for years as being non- 
commercial, and how about television? Going 
back to the days when a handfull of enthusiasts 
were watching tiny 1 inch or 2 inch pictures on 
home made equipment ( how many remember 
those spinning disc viewers?) a very famous 
expert said "Television will never be more than a 

scientific curiosity, a toy." 

Prediction 

At least two companies are experimenting with 
multiplex disc recording for 4 -channel stereo and 
one firm is reputed to be well on the way towards 
perfecting a wide -band disc recording system 
suitable for video. I would say in about 2 years 
time, teenagers will be able to see their favorite 
groups on their record players as well as hearing 
them. 

Sound And Fury 

"Audio" medal of the month should go to a 

Mr. Irwin A. Bazelon who wrote to "The New 
York Times" as follows:... "I for one am sick to 
death of the wisdom of 15 year -olds and the 
musical genius of 20 year -old electric -guitar play- 
ers. Never before in history have so many said so 

little with such overpowering amplification. Our 
musical culture has witnessed the great contem- 
porary marriage-the American Money Rhythm 
and the electric -guitar." G.W.T. 
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Only Picerîng offers 
'Dynamic Coupling Factor.. 

your assurance of 
greater listening pleasure 

A sophisticate who can afford the finest 
in stereo components and equipment, 
would select the Pickering XV -15 Car- 
tridge labeled 750E, 400E or 350. They're 
the proper ones to deliver "100% Music 
Power." 

With the more simple equipment that 
characterizes today's informal living, the 
XV -15 with a DCF of 150 or 200 will as- 
sure "100% Music Power." 

A Pickering XV -15 Cartridge with a DCF 
of 100 or 140 will guarantee "100% 
Music Power" on the type of set up that 
the young in your house use for dancing 
or listening. 

The Dynamic Coupling Factor is an index of maximum stylus performance 
when the cartridge is related to a particular type of playback equipment. This 
resultant number is derived from a Dimensional Analysis of all the parameters 
involved. To select a pickup for a professional manual turntable, with its sophisti- 
cated, dynamically balanced tone arm, tracking at an ultra -light force,a higher DCF 
index would be required than, say, for a pickup to be used in an ordinary record 
changer. For maximum distortion -free response, this index to application relation- 
ship properly determines maximum stylus performance in your playback equipment. 
100% music power is assured at all frequencies - linear response from 10 to 20,000 
Hz virtually a straight line - due to the extremely low mass of its moving magnetic 
system - 1/5 to 1/10 of ordinary pickups. 

There are seven DCF rated XV -15 models. Each is equipped with the famous 
patented V -Guard "floating stylus" - the easily replaceable stylus assembly that 
protects the diamond and record while it plays. In addition each model includes the 
DUSTAMATIC" brush that automatically cleans the record groove while it plays. 

For those who can HEAR I 

PICKERING 

the difference 
THE NEW PICKERING XV -151750E. PREMIER MODEL OF THE XV -15 SERIES. TRACKS AT 1/2 TO 1 GRAM. DYNAMIC COUPLING FACTOR OF 750 FOR USE IN FINEST TONEARMS. $60.00. OTHER XV -115 CARTRIDGES FROM $29.95. PICKERING & CO., PLAINVIEW, L.I., N.Y. 
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1970 Superscope, Inc., 8144 Vineland Ave.. Sun Valley, Calif. 91352. Send 



How to recognize a 
stacked deck. 

No matter how elaborate your home stereo 
sound system is, it's incomplete without a 

tape deck. And Sony/Superscope brings you 
the most complete line of stereo tape decks 

in the world. Decks that fit all pocket- 
books, that suit particular systems, that meet 

specific needs. And every Sony/Superscope 
deck-regardless of price-is the finest money 

can buy. Each instrument is flawlessly 
crafted, with rigorous testing at every step 

of construction. Then each instrument 
undergoes a complete series of quality - 
assurance tests -performed by skilled 
technicians at one of the most modern and 
sophisticated tape -recorder test facilities in 
the world. So you may be sure that the 
Sony/ Superscope product you purchase will 
give you years of trouble -free service. 
The Sony/Superscope deck that's exactly 
right for you is at your dealer's now. 

SONY 11]4u 
You never heard it so good 
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More on 
Negative Feedback 

TO NEXT 
STAGE 

OUTPUT 
TRANSFORMER 

OUTPUT 

Fig. 1-1-A simple type of tube amplifier 
circuit feedback, to illustrate a question 
over which some confusion arises. Do we 

consider first -stage gain with or without 
degeneration due to the cathode resistor? 

LEr's START our feedback circuitry 
study with a fairly familiar type of tube 
circuit (Fig. 1-1). Here a signal from 
the output is fed back to the cathode 
of an earlier, usually the input, stage. 
The feedback seems easy enough to cal- 
culate, at first sight, until you start try- 
ing to do the actual figuring. First you 
want to know the forward gain, which 
you could either calculate or measure. 

Now you find that the first stage 
presents a problem. Do you figure the 
gain with the cathode resistor bypassed 
or un -bypassed? The first inclination is 

to say un -bypassed, because it actually 
has no bypass. We've noted that some 
circuits of this kind use a bypassed 
cathode resistor as well as an un -by- 
passed one of much lower value for the 

Bt 

2 2K 

100 

NEXT 
STAGE 

GROUND 

FEEDBACK 

Fig. 1-2-An input stage used in some de- 

signs that avoid the question posed by 

Fig. 1-1. 
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NORMAN H. CROWHURST 

feedback (Fig. 1-2). Maybe it is done 
that way to avoid this problem. 

To all intents and purposes, the 
smaller -value resistor is nbt big enough 
to produce appreciable degeneration in 
the first stage itself, and the bypassed 
cathode resistor provides bias without 
degeneration. Thus the calculations are 
easier or, at least, they bypass the prob- 
lem. 

But avoiding a question doesn't al- 
ways answer it. Sometimes using a 
much -smaller -value resistor to isolate 
the two effects will not provide a work- 
able answer. 

In the simpler circuit (Fig. 1-1), do 
we figure the gain with the cathode by- 
passed or un -bypassed? Suppose this 
first stage uses a tube with an amplifi- 
cation factor of 100 (at the chosen 
operating point) a plate resistance of 

80K and a plate load of 100K (d.c.) 
with 390K in the following -stage grid, 
a.c. coupled to it (Fig. 1-3). This makes 
the a.c. load for the plate 80K, and the 
gain, working with the cathode by- 
passed, would be 50. 

Now assume the cathode resistor, to 
give correct bias, needs to be 2.2K. 
While 50 times the grid -to -cathode sig- 
nal appears at the plate, 50 x 2.2/80 = 
1.375 times grid -to -cathode signal ap- 
pears cathode -to -ground. Un -bypassed, 
the single -stage AB factor is 1.375, or 
the (1 + AB) factor is 2.375, which 
represents a feedback of 7.5 dB. The 

100 

rA 80K 

oH 

INPUT 9_h 

B+ 

OVERALL 
FEEDBACK 

-FACTOR AB 9 

Fig. 1-3-The input stage of Fig. 1-1, with 
some details put in, for the sake of cal- 

culating an example. 
working gain, un -bypassed, will be 50 

divided by 2.375, or 21. 
Rather than working the gain all 

through the amplifier, we'll skip that 
and assume that we find, or design it 
so that, the feedback signal from the 
output, as measured across the same 
cathode resistor of 2.2K, is 9 times the 
grid -to -cathode input signal. In saying 
it that way, we are ignoring the feed- 
back due to this stage, as we have just 
calculated it. 

The key question now facing us is, 
how much feedback will we have? The 
total AB factor, due to both feedbacks, 
is 1.375 + 9 =10.375. Knowing this, 
we can figure the effect of removing the 
feedback in two ways (Fig. 1-4). If we 
disconnected the feedback resistor from 
the cathode (A), the feedback -factor 
operative changes from 11.375 (1 + 
10.375) to 2.375, to give a gain change 
of 11.375 divided by 2.375, or 4.8, which 
is 13.6 dB. 

o. b. 

Fig. 1-4-Two ways of "removing" the 

feedback: (A) by disconnecting the feed- 

back resistor at the cathode; (B) by bypass- 

ing the feedback voltage at the cathode. 
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But if we bypass the cathode resistor 
(2.2K) with a capacitor of large enough 
value to eliminate all feedback signal, 
the gain change will be 11.375, or 21.1 
dB. So our question is, which is the ef- 
fective amount of feedback, 13.6 dB or 
21.1 dB? 

Of course, each of these answers is 
correct, for the particular way of mea- 
suring it: if you open the feedback re- 
sistor connection, the gain will go up 
by 13.6 dB and if you bypass the cath- 
ode resistor, the gain will go up by 21.1 
dB. But this doesn't answer the ques- 
tion. Suppose the output stage has 4.3 
per cent distortion at maximum out- 
put: how much will this distortion be 
reduced by the feedback? By a factor 
of 4.8 or of 11.375? 

The thing to recognize here is that 
the input being amplified is the differ- 
ence between the original (external) 
input and the feedback signal. The 4.3 
per cent distortion of this difference 
signal (grid -to -cathode of the input 
stage) will be included only in the AB 
factor for the overall feedback calcu- 
lated as 9, yielding a feedback factor, 
for this purpose, of (1 + AB) =10. So 
the distortion due to the output stage 
will be cut from 4.3 per cent to 0.43 per 
cent. We're making progress. 

For distortion reduction, we have 20 
dB of feedback, although different ways 
of measuring the feedback will yield 
results of 13.6 or 21.1 dB, neither of 
which is applicable. If you measure the 
change in distortion, or the change in 
output impedance due to this feedback, 
your results will confirm the calculated 
20 -dB feedback factor. 

A Tricky Tube Circuit 
Before we leave tube circuits to go 

into transistors, there is another inter- 
esting combination feedback problem. 
It is found in either the unity -coupled 
or the twin -coupled output circuits. We 
show the unity -coupled version, output 
stage only, in Fig. 1-5. 

In this circuit, the output stage op- 
erates each tube as a pentode, using the 
double -wound primary of the output 
transformer to provide pentode condi- 
tions for each tube. Both primaries 
have identical turns, in fact, they're 
usually bifilar wound. 

The plates and screens have the same 
d.c. operating voltage. But the a.c. (sig- 
nal) voltages, as cathode and screen of 
each tube swing in the same direction 
by an equal voltage, are such that the 
screen -cathode voltage of each tube 
does not change during the signal cycle. 
This is pentode operation. 

200V p -p 

200v p p 

20V p -p 

200V p -p 

-11 

GROUND 

NOMINAI 

LOAD 

Fig. 1-5-The unity -coupled output circuit that forms the second subject for investiga- 
tion in this article. Voltages indicated are developed later in the text, with the nominal 

load connected. 

The plate and cathode -cum -screen of 
each tube swing in opposing polarity 
with equal voltages (a.c.). As the grid 
voltage will be referenced tlo ground, 
the cathode -cum -screen half of the total 
output voltage is feedback to the grid 
circuit. In referring to half the output 
voltage, we are taking the tube's view- 
point, not that of the output trans- 
former. As the latter has separate prim- 
aries, these may be regarded equally 
well as series or parallel elements of 
total output. 

Assume that, with normal output 
load, a grid -to -cathode signal of 20 

4 

3 

o 

volts peak produces 200 volts peak each 
at plate and at cathode/screen. For the 
output stage, the AB factor is 10, so 
the feedback factor is 11, reducing out- 
plit stage distortion, regarded as a 
push-pull pentode stage, by this factor. 

So far, no problem. But now comes 
the question of providing the drive volt- 
age for the grids, which needs to be 
220 volts peak for each output grid. As 
we shall see, this modifies the figuring 
we have just done. 

Using a pair of ordinary triodes we 
run into design problems (Fig. 1-6). If 
we use a plate resistor of high enough 

1 

1 

1 

1 

1 
N 
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0 
h 
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\ 
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-N 

` 
`P 

` ge . 
, 

''>''' 

'4 ® 
100 300 s. 400 500 600 

PLATE VOLTS 

Fig. 1-6-Load lines applied to triode characteristics to illustrate the problem of obtain- 
ing the large swing to drive the output tubes in the unity -coupled circuit. Three are 
shown, using 33K and 10K as simple plate resistors (operating points being indicated by 
a dot on the line) and a 3K resistor with bootstrap to make its effective resistance (to a.c.) 

equivalent to 33K, allowing almost twice the swing to be obtained. 
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3K 

3K 
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NOMINAL 
LOAD 

Fig. 1 -7 --The complete bootstrap circuit that provides the longer load line of Fig. 1-6 for 
each tube. 

value to produce adequate swing, the 
operating point drops in voltage. If we 
use a lower value of plate resistor, we 
lose swing and run into excessive dissi- 
pation, in both resistor and tube. 

This problem can be neatly overcome 
by the so-called boot -strap circuit (Fig. 
1-7). Here the swing available at the 
screen of the output stage is used to 
boost the swing at the plate of the drive 
stage, using a plate resistor of much 
lower actual value. The actual resistor 
of 3K drops only about 30 volts at the 
plates. The voltage at its "top" end 
swings 200 volts while the plate swings 
220 volts. 

From the drive -stage tube's view- 
point, the plate resistor "looks like" 
33K (Fig. 1-8). This makes the getting 
of 220 volts peak to drive the output 
stage grids a simple matter, and at the 
same time avoids the need for excessive 
dissipation. Really, it's positive feed- 
back. But now comes the question: 
what effect does this positive feedback 
have on distortion, impedance, and so 
on? 

We have already seen that the feed- 
back multiplies the effective plate load 
for the drive stage by a factor of 11. 
Does this mean it also provides further 
reduction of distortion and output 
source impedance by the same factór? 

To answer this, we have to see how 
the drive swing at the grids of the out- 
put stage is affected, relative to the sig- 
nal input to the drive stage. Assume the 
drive stage uses triodes with an ampli- 
fication factor of 20 and a plate resist- 
ance of 7.7K. With an effective plate 
resistor of 33K and following -stage grid 
resistors of 330K, making an a.c. load 
for the drive -stage plates of 30K, the 
stage gain is 20 x 30/7.7 = 16. 

But we have no feedback across this 
stage, unless overall feedback is applied 
from output to input later, which we 

haven't considered yet. However, the 
behavior of this stage can reflect into 
the output stage source impedance and 
distortion reduction. 

First assume the output stage is 
somehow driven from a pure voltage 
source and that the pentode source im- 
pedance is 10 times its load impedance. 
Actually, this value will fluctuate dur- 
ing the signal cycle, but we'll use this 
as an average. 

The combined output impedance, as 
it would be measured from plate to 
cathode, is 10/11 of nominal load, when 
nominal load is connected, without 
feedback (that is, if the output is re- 
arranged as a regular pentode push- 
pull, with neither cathodes nor screens 
swinging) . 

Now we put in the feedback product 
of AB = 10, still with nominal load 
connected. The feedback factor is 11, 
so the combined impedance is 10/11 
divided by 11, or 10/121 of nominal 
load, measured plate to cathode. Make 
this a decimal, or 0.0827. Now this in- 
cludes the nominal load as a parallel 
element, so the effective source impe- 

OVACI ¡ 

PART OF 0/P 
XFORMES II 

EQUIVALENT 
TO 30K, AC 

B. 

220V 
AC GRID OF 

0 P STAGE 

330K 

D VAC 

Fig. 1-8-How the bootstrap makes the 3K 
resistor look like a total of 33K. 

dance, under this condition is 
0.827(1 - 0.0827) = 0.0904 

This represents a damping factor 
very close to 11. 

Now consider how the drive stage 
affects this. The best way to do this is 
to ignore output stage non -linearity 
and assume that the value of source re- 
sistance of 10 times the load impedance 
is linear. This won't be true, but using 
is for calculation purposes will enable 
us to predict smaller changes that don't 
materially affect linearity. 

Still using the 200 + 200 volts peak 
output, with no load, the grid -to -cath- 
ode input to the output stage will only 
need to be 1/11th of the 20 volts needed 
when the load is there, or 1.82 volts. In- 
stead of requiring 220 volts peak at the 
grids, the output stage now needs 
201.82 volts peak. 

But the factor by which the effective 
plate resistor of the drive stage is mul- 
tiplied is changed, from 11 to 121. The 
effective resistance rises from 33K to 
363K. The a.c. load (with the 330K 
grid resistor coupled in parallel) rises 
from 30K to 173K. This raises drive - 
stage gain from 16 to 19.1. To give 
200 + 200 output with load connected, 
the drive stage needs a grid input of 
220 divided by 16, or 13.75 volts peak. 
To give 200 + 200 output without the 
load connected, the drive stage needs 
201.82 divided by 19.1, or 10.5 volts 
peak. 

Viewed the other way, if the ampli- 
fier is operated below its clipping level 
(in both conditions) with constant in- 
put to the drive -stage grid, the output 
voltage will rise in the ratio 10.5:13.75 
when load is removed. So the effective 
source resistance is the nominal load 
multiplied by 3.25/10.5. 

(3.25 = 13.75 - 10.5) 
So with the bootstrap drive, the 

source resistance is 0.31 times the nomi- 
nal load, or the damping factor is 3.2, 
as compared with the earlier figure, not 
taking the drive stage into account, 
of 11. 

And what of distortion? This is a 
difficult question. For one thing there 
are several sources of distortion now: 
drive stage as well as output stage, not 
to mention possible distortion due to 
the output transformer and the inter- 
action between the output stage and its 
transformer (causing the cathode and 
screen not to be perfectly in -phase, for 
example) . 

So we must make some assumptions. 
Let's assume the output transformer 

(Continued on page 75) 
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with theVersatility of Microphone Mixing 
A new criterion of excellence in sound has arrived. The 
Pioneer SX-1500TD AM/FM multiplex stereo receiver 
was meticulously designed for the audio perfectionist. 
Its advanced design circuitry, incorporating an FET front 
end and IC's ïF strip, offers an array of features for the 
ultimate in stereo performance. Music power is at a 
zenith of 180 watts, rated in compliance with the stand- 
ards of the Institute of High Fidelity. Extremely versatile, 
it provides six sets of inputs. The pre and main amplifiers 
may be used independently. An exclusive highlight is 

the unique facility for Dynamic Microphone Mixing 
which provides simultaneous recording with broadcast 
music... voice over music announcements ...5 -position 
speaker selection for announcements over speakers in 
several locations. You can connect up to three different 
speaker systems. Complementing its magnificent sound 
reproduction is the subdued elegance of the hand 
rubbed, oiled walnut cabinet faced with brushed silver 
and jet. Hear the true sound of quality at your Pioneer 
dealer,. Only $399.95, including microphone. 

(tiD PIONEER 
PIONEER ELECTRONICS U.S.A. CORPORATION, 140 Smith Street, Farmingdale, N. Y. 11735 (516) 694-7720 
West Coast: 1335 W. 134th Street, Gardena, Calif. 90247 - (213) 323-2374 & 321-1076 In Canada: S. H. Parker Co., Prov. of Ontario 
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THE TRANSIENT POWER 

OF A X-TEREO SYSTEM 

O. S. 

This paper*will present theoretical 
and practical aspects of simulating a 
concert orchestra in a home by means 
of state-of-the-art audio components. 
Emphasis will be placed on the tran- 
sient characteristics of music, quality 
of components, room acoustics, and 
especially transient power capabilities 
of amplifiers and speakers. Transient 
power is very important because the 
dynamic range of a room background 
noise to the stimulated full concert 
orchestra may be from 60 to 70 deci- 
bels. The home audio system should 
be capable of handling this dynamic 
range. The Xtereo system uses three 
speakers driven separately by solid- 
state power amplifiers. 

Transient responses of musical instru- 
ments can be represented by Fourier 
transform: 

f(x)= 2 + E A cos nx+ 
n=1 

E 
1 

B sin nx 

(1) 

First and second terms of Eq. (1) 
represent even harmonics while the 
third term represents odd harmonics. 
When n=1, the wave form consists 
only of the fundamental. It is known 
that n must equal up to nine in order 
to describe a transient pulse truly. Any 
transient waveform can be reduced to 
sinusodial waveforms by knowing its 
amplitude, harmonic relation, and 
phase. 

If the highest fundamental of a 
musical instrument were 4 kHz, and 
up to the 7th harmonic were required 
to reproduce the instrument, we im- 
mediately require a bandwidth of 28 

*Presented at the Stereophonic Club of 
Southern California meeting of 18 No- 
vember 1967 in Orange, Calif. 

GODA 

kHz. Some present manufacturers still 
claim that 20 kHz is adequate for 
musical reproduction. This may be 
partially true if one were to take only 
the frequency into account. However, 
phase relations must be considered. 
A 0.5- and 1 -dB change in the edge 
response constitute respectively 20 - 
and 27 -deg. phase shifts. After about 
8 kHz, this phase shift for the higher 
harmonics can change the original 
waveform unless the bandwidth of the 
whole stereo system is beyond 50 kHz. 
An ear cannot respond to 50 kHz or 
150 kHz. However, an ear can detect 
what is happening to the particular 
sound up to medium frequency (20 
kHz) due to frequency limitation or, 
more seriously,, phase distortion. 

If one accepts the fact that a wide - 
bandwidth system is needed, this can 
be easily related to transient rise time 
of any linear amplifier. 

tr=0.35/freq. at -3 dB (2) 

signal to the point at which the mag- 
nitude is 3 dB down (0.707) of the 
magnitude) . 

If the average listening level for a 
classical music were 0.25 acoustic 
watts, and the peak output of a full 
concert orchestra can develop' up to 
17 dB above this average or equivalent 
to 50 times, then 12.5 watts acoustic 
power will be developed. A concert 
orchestra is semi stereo. If one were 
to attempt to reproduce this orchestra, 
a wall of speakers will be required. 
This is impractical. Therefore, a good 
compromise which excels the present 
stereo system is the three -speaker sys- 
tem.'' The advantage of the three - 
speaker system over the two -speaker 
system is beyond the scope of this 
paper. In general, it can definitely be 
stated that full stereo is unrealistic 
and restricts the listener's position; and 
the three -speaker system improves this 
situation. Tappan's paper states that 
for proper acoustical balance from a 
three -speaker stereo (Xtereo) system, 
the center speaker should have at least 
6 dB less power. An 8 -dB differential 
has been selected or 0.159 the power 
of the left or right speaker in this 
system by 440 -Hz and 1000 -Hz audio 
signals and various musical program 
materials. This means that most of the 
power must be developed from the 
left and right speakers (1-0.159) x 

156 watts =131 watts. 

Table I. Sound Pressure Level and Electrical Power for Speaker Efficiency 

SPL 

db W 

Acoustical Watts 

ElectriCal Power P 

Efficiency 10% 8% 5°/ 1% 0.5% 

113 13.04 130.4 watts 163 261 1304 2608 
110 6.54 65.4 81.8 130.9 654 1308 
105 2.06 20.6 25.8 41.2 206 512 
100 0.655 6.55 8.2 13.1 65.5 131 

95 0.216 2.16 2.7 4.32 21.6 43.2 
90 0.134 1.34 1.68 2.68 13.4 26.8 

This is the reason why modem 
solid-state amplifiers with extremely 
wide frequency bandwidth can realisti- 
cally reproduce transient waveforms. 
According to measurements conducted 
by Luce and Clark', the transient -at- 
tack time of the highest musical note 
is approximately 1 millisecond where 
the transient -attack time is defined as 

that period from the beginning of the 

The Journal of the Acoustical So- 
ciety of America has studied and 
measured the acoustical power outputs 
of various orchestral instruments. In 
this study, the maximum absolute out- 
put as well as the frequency range in 
which they occurred were determined.` 
The power output of a piano was be- 
tween 0.42 to 0.69 acoustic watts, 
with the greatest power being distri- 

(Continued on page 30) 
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How do you top the top -rated Miracord? 

Equip it with today's most advanced cartridge, the new 
Elac 444-E. The Elac 444-E and the IElac/Miracord 50H 
have much in common. Both are made by ELAC of West 
Germany. Both have recently received national recog- 
nition. The Miracord 50H is acclaimed by leading high 
fidelity editors & experts. The Elac 444-E rated superior 
by 50 discerning high fidelity salesmen. These experts 
tested the Elac 444-E in their home systems and com- 
pared it to their present cartridges. A few comments: 

"A great groove tamer for the straight -from -the -studio 
sound lover! All of today's terms won't describe the 
utmost enjoyment I experienced" 

"... probably one of the finest cartridges I've had the 

privilege to evaluate. I find it superior in all respects:' 
The Miracord 50H autofinatic turntable with the Elac 

444-E cartridge is about the Finest record playback sys- 
tem available today.The Elac 344-E cartridge is an excel- 
Ientchoicewith the Miracord 620(also highly acclaimed 
by the experts). Eiac offers a complete selection of car- 
tridges from $2495 to $69.50. Miracord, a choice of 
automatic turntables from $109.50 to $169.50. 

Hear them today. Benjamin Electronic Sound Corp., 
Farmingdale, N.Y. 11735. Div. Instrument Systems Corp. 

FLAC/MIRACORD 



180 WATTS SANSUI POWER 
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SANSUI 5000A 
180 watts of Sansui power are built into the 50O0A-an AM/FM stereo receiver that 
has been created for the connoisseur who demands the ultimate in tonal magnificence 
and clarity of sound. The Sansui 5000A features a new FM Pack with linear tuning 
for greater selectivity and pin -point station selection .. . All -Silicon AM tuner for 
maximum stability ... inputs for three separate sets of speaker systems ... records 
up to 4 tape decks simultaneously ... just a few of the features which will make the 
Sansui 5000A the nucleus of your most comprehensive hi-fi music system for years 
to come. At your Sansui Audio Dealer. $449.95 

ire SANSUI ELECTRONICS CORP. 
Woodside, New York, 11377 Los Angeles, California 90007 

SANSUI ELECTRIC CO., LTD., Tokyo, Japan Frankfurt a.M., West Germany Electronic Distributors (Canada), British Columbia 
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(Continued from page 26) DECIBELS 
RE 0.0002 MICROBAR 

buted in the 250- to 400 -Hz range. 
Acoustical terminology will be de- 

fined and related to an actual system. 
The sound pressure level is 20 times 
the logarithm of the ratio of the mea- 
sured effective sound pressure to the 
reference sound pressure. The refer- 
ence sound pressure Pr,=0.002 micro - 
bar. 

SPL=20log (p/p,J)dB (3) 

The acoustic power level of a sound 
source is 10 times the logarithm of the 
ratio of the acoustic power radiated 
to the reference acoustic power. 

PWL=lO log (W/VV,.,) 
=101ogW+130 dB (4) 

Where W =acoustic power in watts 
Wr =reference acoustic power 

of 10- watts 

The exact method° is beyond the 
scope of this paper. However, a sim- 
plified expression of Eq. (3) which in- 
cludes the sound absorption coefficient 
of a room is 

4 
SPLPWL+10log S + 

+ 0.5 dB (5) 

Where PWL=Eq.(4) 
S,. =area of radiating wall 

in ft' 
R =aS/(1-a) 
S =total area of all surface 

of the room in ft' 
a -average absorption 

coefficient of the room 

The second term of Eq. (5) has a 
negative sign because S. and R are 
much greater than unity. From refer- 
ence 6, the average absorption coef- 
ficients are: 

Dead room a=0.40 
Medium dead room a=0.25 
Average room a=0.15 
Medium live room a = 0.10 
Live room a=0.05 

The average absorption coefficient 
can be calculated by 

a,S,+a:S,+a,S,+ a,S, 
a= 

S-S,+S,+S,+ S. (6) 

Where S S and S. are the areas of 
particul- absorbing surfaces in ft'; and 
a a and a, are the absorption coef- 
ficient associated respectively with 
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Fig. 1-Sound pressure levels (SPL) in decibels with respect to 0.0002 microbars. 
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Because of their exceptional accuracy, 
Acoustic Research speaker systems are usually 
chosen for special scientific applications. 

One of the world's leading medical schools has recently solved a long-standing problem in its training of first -year 
students: how to enable a lecturer and hundreds of listeners to hear simultaneously the heart sounds of a living patient. 
Usable microphonic pickups exist; the difficulty arises because most of the sound in a heartbeat is in the range below 
40 Hz. At these very low frequencies, even many speaker systems which seem to have "good bass" are unable to provide 
results comparable to those of a doctor's stethoscope. The stethoscope, simple as it is, couples the physician's ears 
directly to the patient's chest, and can, in principle, convey acoustic pulses near 0 Hz. It is this kind of extended 
low -frequency response which was needed, but individual listening devices were out of the question; they would not 
allow lecturer and students to hear and recognize the same abnormalities without ambiguity. 
The problem was solved by the school's purchase of four standard full -range AR -1x speaker systems and an AR amplifier; 
the latter is used with all controls "flat". Despite the large size of the lecture hall, the heart sounds are clearly 
audible to all students, and levels can be produced which literally rattle the doors and windows of the amphitheater. 
Our best system for music reproduction is our AR -3a; it has the same low -frequency characteristics as the AR -1x, 
but includes our most accurate mid -range and high -frequency drivers also. Other AR speaker systems are described 
in the free AR catalog. 

Acoustic Research Inc. 
24 Thorndike Street, Cambridge, Massachusetts 02141 

Acoustic Research International 
Radiumweg 7, Amersfoort, Holland 
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Only Marantz Has Gyro - 

What's a Marantz? 
Any audio engineer or stereo hobbyist 

will tell you. Marantz builds the world's 
finest high-fidelity components. And has 
for fifteen years. 

This message, therefore, is not to 
engineers but to professional musicians, 
serious music -lovers, and beginning 
stereo hobbyists. We'd like to introduce 
you to Marantz. 

Never Heard Of Marantz? 

Until this year, the least -expensive 
Marantz stereo component you could buy 
cost $300.00. And our FM tuner alone cost 
$750.00! To own a Marantz, you either 
had to be moderately wealthy or willing 
to put beans on the table for awhile. But 
it was worth it. And a lot of experts 
thought so, too, because the word soon got 
around, and the products sold themselves. 

What The Competition Said 
The chief design engineer of a major 

competitor once said that no one even 
tries to compete with many of Marantz' 
sophisticated features; it would be just 
too expensive. Marantz designs its circuits 
the same way the aerospace industry 
designs missiles and jet planes-for 
utmost performance and reliability. 

Gyro -Touch Tuning 
Marantz even offers a different tuning 

experience because you rotate the actual 
tuning flywheel. This results in the 

smoothest, most precise tuning possible. 
And this Marantz-exclusive design 
requires considerably fewer moving parts 
than conventional systems used by 
other manufacturers. The 
benefits: reduced 
friction, wear, 
and service 
problems. 
We call this 
patented pleasure 
"Gyro -Touch Tuning." 

Features, Not Gimmicks 
The unique features of a Marantz 

component are there for only one purpose: 
to make possible the highest level of 
listening enjoyment. 

That's why we put an oscilloscope in 
our best components. 

An oscilloscope is kind of a TV tube. 
But instead of the Wednesday Night 
Movie, it shows you a green wavy line. 
An electronic picture 
of the incoming FM 
radio signal, telling 
you exactly how to 
rotate your antenna 
for minimum multi - 
path distortion (ghost 
signals) and maximum signal strength 
(clarity) even from the weakest stations. 

The "scope" also shows correct stereo 
phasing: that is, if the broadcasting 
transmitter or your equipment is out of 
phase. And it lets you set up optimum 
stereo performance and reception to 

create a solid "wall" of sound. 

Butterworth Filters 
You've probably never heard of 

Butterworth filters because practically no 
one else uses them besides Marantz. And 
the U.S. Military. Other manufacturers 
feel they can get by without them. 
And they can. Because their standards 
don't have to measure up to 
Marantz'. Butterworth 
filters let 

you hear music 
more clearly, with less 

distortion; and unlike their 
conventional I.F. coil or filter counterparts, 
they never need realignment. They help 
pull in distant FM stations and separate 
those right next to each other on the dial. 
Although Butterworths cost more, 
Marantz designed not one but four of 
them into their Model 18 receiver. 

Built To Last 
Marantz stereo components aren't 

built in the ordinary way. For example, 
instead of just soldering connections 
together with a soldering iron, Marantz 
uses a highly sophisticated waveflow 
soldering machine-the type demanded 
by the Military. The result: perfect, fail - 
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Touch Tuning! 

proof connections every time. 
Even our printed circuit boards are a 

special type-glass epoxy-built to rigid 

military specifications, ensuring rugged- 
ness and dependability. 

Marantz Power Ratings Are True 
When someone tells you he has a 

"100 -watt amplifier," ask him how the 
power was rated. Chances are his 100 
watts will shrink to about 75 or 50 or 
perhaps even as few as 25. The reason 
is that most manufacturers of stereo 
amplifiers measure power by an inflated 
"peak power" or "IHF music/dynamic 
power." 

Marantz states its power as "RMS 
continuous power" because Marantz 
believes this is the only method of 
measurement that is a true, absolute, 
scientific indication of how much power 
your amplifier can put out continuously 
over the entire audible frequency range. 

But if Marantz were to use the 
unscientific conventional method, our 
Model Sixteen 80-RMS-80 power amplifier 
could be rated as high as 320 watts per 
channel! 

Moreover, you can depend on Marantz 
to perform. For example, the Marantz 

80-RMS-80 amplifier can be run all day at 
its full power rating without distortion 
(except for neighbors pounding on your 
wall). That's power. And that's Marantz. 

Marantz Speaks Louder Than Words 
In a way, it's a shame we have to get 

even semitechnical to explain in words 
what is best described in the medium of 
sound. For, after all, Marantz is for the 
listener. No matter what your choice in 
music, you want to hear it as closely as 
possible to the way it was performed. 

In spite of what the ads say, you can't 
really "bring the concert hall into your 
home." For one thing, your listening room 
is too small. Its acoustics are different. 
And a true concert -hall sound level (in 
decibels) at home would deafen you. 

What Marantz does, however, is 
create components that most closely 
recreate the sounds exactly as they 
were played by the musical performers. 
Components that consistently 
represent "where it's at" in 
stereo design. No one 
gives you as much-in any 
price range-as Marantz. 

Every Marantz Is Built 
The Same Way 

Every Marantz component, 
regardless of price, is built 
with the same painstaking 

craftsmanship and quality materials. 
That's why Marantz guarantees every 
instrument for three full years, parts 
and labor. 

Now In All Price Ranges 
Today, there is a demand for Marantz- 

quality components in other than very - 
high price ranges. A demand made by 
music -lovers who want the very best but 
must consider their budgets. Though you 
can easily invest more than $2000.00 in 
Marantz components, we now have units 
starting as low as $199. True, these lower - 
priced models don't have all of the same 
features, but the quality of every Marantz 
is exactly the same. Marantz quality. 

And quality is what Marantz is all 
about. 

Hear For Yourself 
So now that you know what makes a 

Marantz a Marantz, hear for yourself. Then 
let your ears make up your mind. 

Maiiii.WINfflleMet2Ine 
Components Speaker Systems Receivers 
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these areas. The absorption coefficient 
of materials such as walls (brick, 
plaster, wood), floor (wood, tile, car- 
peted) , draperies, and furniture (un - 
upholstered, upholstered) are all 
variable; and each particular material 
varies in absorption coefficient from 
125 Hz to 4000 Hz. Also, the number 
of people and how they are dressed 
are variables and frequency depen- 
dent. 

For an average room of size 11 x 15 
x 22 ft, the distance at the conduc- 
tor's podium, Eq. (5) is used to de- 
termine the peak acoustic watts. 

10 log W=113-130.5+28.66 
=11.66 dB (7) 

Solving for the acoustic power 
W=log-' (11.6/10) 

=1304 acoustic watts (8) 

The electrical power requirement of 
an amplifier -speaker system is shown 
by Table I for various SPL which can 
be related to Fig. 1. If one were seated 
20 feet from a large orchestra, Fig. 1 

shows that SPL=96 dB; then the elec- 
trical power output from the power 
amplifier can be low for high -efficiency 
speakers. However, the power ampli- 
fier may be approaching the point of 
high intermodulation distortion and 
harmonic distortion for very -low -effi- 

ciency speakers. For the acoustic room 
considered and the recording tech- 
nique used, it can be seen that a low - 
efficiency speaker cannot possibly 
duplicate a concert orchestra at the 
conductor's podium. This is because 
power amplifiers with one kilowatt 
undistorted power output or even 600 
watts are not available.' Published 
data' on low -frequency distortion for 
an acoustically suspended speaker are 
relatively high at the 20 -watt level. 

Damping factor (DF) is the ratio 
of the load impedance (normally re- 
ferred to 8 ohms) to the internal source 
impedance of a power amplifier. A 
good tube amplifier may have a DF of 
25. However, quality solid-state power 
amplifiers may have a DF of over 200; 
this means less than 0.04 ohms internal 
impedance. Any transmission line that 
is connected between the power am- 
plifier and the speaker should not 
significantly reduce the DF. Since the 
speaker is an electro -mechanical de- 
vice that has movement for a particu- 
lar sound wave, it will have a normal 
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Fig. 2-How damping factor is affected by gauge and length of speaker cables. 

reverse movement unless the impe- 
dance at the speaker terminals can 

damp out the reverse movement. If 
the speaker lines were of small 
size and/or appreciable length, this 
increases the effective output impe- 
dance and the designed DF is essen- 
tially lost. Figure 2 shows the effect 
of DF versus speaker line length for 
various AWG number wire. A DF of 
200 is assumed for a solid-state power 
amplifier. It shows the importance of 
separate power amplifiers that are 
placed as close as possible to speakers 
with proper AWG wire and short lines. 

In this respect, the physically sepa- 
rated preamplifier should have a low 
output impedance, approximately 200 
ohms, with shielded signal lines. Pre- 
viously, audiobuffs have stated that 
with high -efficiency speakers, speaker 
lines are not important because little 
power is lost in the line. This is true 
at low power levels and no considera- 
tion given to DF. In the low -efficiency 
acoustically suspended speakers where 
the speaker cone must move a greater 
distance at low frequencies, Fig. 2 is 

very significant. 
(Continued on page 79) 

Fig. 3-Diagram of a Xtereo system. 
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If everyone were an 
expert, there'd be 
only three speakers 
left on the market. 
We mean this very seriously. 

If everyone had a good ear with- 
out any high -frequency loss... 

If everyone listened to live music 
regularly... 

If everyone understood the idio- 
syncrasies of commercial records 
and tapes... 

If everyone could see through 
shallow technical arguments... 

In sum, if everyone had the quali- 
fications of an expert ¡udge of 
loudspeakers-then only three of 
the current models on the market 
would survive. 

The Rectilinear III, the Rectilinear 
Mini -III and the Rectilinear X. 

We base this brash assumption on 
our study of people possessing the 
above qualifications. 

They seem to reject, to a man, all 
speakers created for a particular 
"taste." The big -bass taste. The 
zippy -highs taste. The Row -A -spec- 
tacular taste. Or even the more re- 
fined taste for subtly rich bass with 
slightly subdued upper midrange 
but sharply etched highs. 
They want no personality at all in 

their speakers. Just accuracy. What 
goes in must come out, no more 
and no less. If the input is less than 
perfect, they use tone controls and 
filters, rather than loudspeaker 

manufacturers, to improve it. 
And they're unimpressed by nov- 

elty for novelty's sake. They've got 
to hear that engineering break- 
through, not just read about it. 

These people are invariably re- 
duced to a choice of no more than 
six or seven models, out of literally 
hundreds. Three orfour of this ridic- 
ulously small group of neutral - 
sounding, transparent speakers are 
full -range electrostatics. Which 
means that they're huge, awkward 
to place, murderously expensive 
and far from indestructible. Which, 
in turn, leaves only three, as we 
said: 

The Rectilinear III, a classic after 
less than three years, acclaimed by 
every reviewer under the sun as the 
floor -standing monitor speaker 
without equal; four-way with six 
drivers, $279.00. 

The Rectilinear Mini -III, the only 
small compact with class; three- 
way with three drivers, $89.50. 

The Rectilinear X, "the world's 
fastest bookshelf speaker," with 
unprecedentedly low time delay 
distortion; three-way with three 
drivers (including our new high -ex- 
cursion 10 -inch woofer), $199.00. 

Of course, in the real world out 
there, everyone is not an expert, so 
there'll be many speakers left on 
the market. 

But there seem to be enough ex- 
perts around to keep one company 
very happy. 

(For more information, see your 
audio dealer or write to Rectilinear 
Research Corp., 30 Main St., 
Brooklyn, N. Y. 11201. Canada: 
H. Roy Gray Co. Ltd., 14 Laidlaw 
Blvd., Markham, Ont.Overseas: 
Royal Sound Co., 409 North Main 
St., Freeport, N. Y. 11520.) 

Rectilinear 
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And we think you too are going to flip for the 
same reasons reported by Hirsch -Houck Lab- 
oratories in the January issue of Stereo Review 
But, let Hirsch -Houck do the speaking. 
W"The Concord Mark Ill features their new 
pressure -sintered ferrite heads, which are 
claimed to have a hardness between that of a 

sapphire and a diamond and to be corre- 
spondingly wear -resistant: it is also claimed 
that they provide an extremely wide frequency 
response. We cannot comment on the former 
claim, but our tests certainly confirmed the 
latter" 

"When we measured the overall playback - 
frequency response of the Concord Mark Ill, 

the advantages from its new heads were im- 
mediately apparent...we did not extend our 
measurements beyond 20,000Hz to check 
Concord's claim of 27,000Hz response: the 
results in the audible range were impressive 
enough!" 

"The wow and flutter were respectively 0.015% 
(the residual level of our test tape) and 0.05%, 
among the lowest figures we have ever meas- 
ured on a tape machine!' 

"In any event, the Concord Mark III provided 
one of thequietest backgrounds in the absence 
of signal that we have heard (or should we say 
"not heard"?) from a tape machine" 

"In all other respects, the Mark Ill was equally 
satisfying. Its frequency response and overall 
cleanness of sound left little to be desired:" 

"The best news of all is its price-under $260. 
We haven't used a tape recorder at that price 
that could match it (if such machines do exist, an 
we have not had the opportunity to test them):" 

The Mark Ill, under $260, is one of a series 
of hysteresis -drive tape decks. The Mark II, 

under $230, similar in every respect except 
that it uses Hi -Mu laminated record and play- 
back heads and a ferrite erase head. The Mark 
IV, Concord's top -of -the -line deck, similar to 
the Mark III, also has an extra playback head 
and electronic automatic reverse. Audition 
the new Mark Series at leading high fidelity 
dealers. For an "all the facts" brochure, write: 
Concord Electronics Corp., 1935 Armacost 
Avenue, Los Angeles, California 90025. o 0 
Subsidiary of Ehrenreich Photo -Optical SD 
Industries, Incorporated. 
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GEORGE H. R. O'DONNELL 

TODAY THE LACK of understand - 
ing, plus careless use of the 
decibel is leading to needless 

confusion. 
Yet by a practical method shown 

here, proper use of these terms-dB, 
dBm, and VU-is easily attainable, 
and I believe one could obtain accu- 
rate results comparable to those labori- 
ously obtained by customary use of 

the standard formulas such as: 

dB =10 log,. P,/P, 
dB -20 logo E,/E, 
dB = 20 log,. I,/I, 

P=2°B" 

Explanations & Observations 

a) Decibel Number (DN): In 12 dB, 
it's the '12'; in 23 dB, it's the '23'. 

b) Decibel Equation (DE): Such 
equations look like this: 

12 dB= 16:1 

12 dB= 4:1 

This, a power equa- 
tion, gives the 
power ratio. 
This is the voltage 
or current ratio. 

e) Unit, Figure, Number: 
A unit is a natural whole: acorn, 

oak, forest; egg, chicken, flock; man, 
clan, tribe, population. They are stan- 
dard statistical entities! Like eggs in 

a supermarket, they come small, 
medium, and large. There's little 'stan- 
dard' about them. And it is precisely 
for that reason that units must be 
sharply defined when accuracy, preci- 
sion, and maximal clarity are desired. 
That's why `decibels' must be defined. 

A figure, as used in this article and 

in immediate close association with the 
word `number', is any one of the 10 

characters, or signs, of quantity: 0, 1, 

2, 3, 4, 5, 6, 7, 8, and 9. 

A number is a quantity, standing 
alone, and made up of one or more 
figures. '777' is one number, but three 
figures. Though identical, the 7's are 

all different through position: the first 

means `700', the second '70', and the 
third just '7' .. However, note that when 
used alone, we may pick individual 
figures out of any number: in 20 dB= 
100:1, the '2' and the two 0's are 
directly related, as we shall see. In 120 
dB=1,000,000,000,000:1. This is the 
same relationship, but we'll take care 
to refer to the '12' as the first part of 

the decibel number. Both of these first 

equations provide, by mere inspection, 
the number of digits in their power 
ratios, and vice versa, so if you have 
the power ratio, you know its decibel 
number at once. 

d) Ratio: In decibels, there are only 
two: power ratios, and voltage or cur- 
rent ratios. The second is always the 
square root of the first, or the first is 

the square of the second. The quanti- 
ties may be any. Usually the last 
named ratio quantity is a '1' (obtain- 
able by dividing both quantities by 
the smaller). Remember that the ratio 
'1:1' means only that the two quanti- 
ties are identical; it does not mean that 
they are just `l's'; they can be `23:23', 
`47:47', or any other pair of identical 
numbers. This brings us squarely to 

the meaning of '0 dB', which means 

that there is no difference between the 

two quantities being described. 
e) Decibel Table (DT): All power 
ratios that contain the same number of 

figures (no matter what the figures 

are) belong in the same decibel table. 
There are ten DE's in each table, but 
we give eleven, using the last of any 
one table as the first of the next. The 
decibel number of one equation in a 

table differs from that in the adjacent 
equation above or below by just 1 deci- 
bel. The first decibel number in any 
table is always 10 dB less than the first 

of an adjacent table. There is no need 
to learn table numbers, but if you want 
them too, they are always equal to the 
number of figures making up the power 
ratio. You choose the right decibel 
table at all times by inspection. 

Given any decibel number- 
what is its power ratio? 

Rule 1: First, divide the decibel 
number by 3. Since 3 dB represents 
twice the power ratio, the resulting 
quotient indicates the number of times 
the power must be doubled (or 
halved) to reach the specified decibel 
number. For example, what is the 
power ratio corresponding to 9 dB? 
Dividing 9 by 3 gives a quotient of 3. 

Thus the power must be doubled 
(or halved) three times, or 2x2x2, 
or 8 times. Therefore, 9 dB represents 
a power ratio of 8:1. 

Rule 2: If the given decibel number 
is not exactly divisible by 3, add to it, 
or subtract from it, 1 dB. The power 
ratio now resulting will be either too 
high (if you added 1 dB) or too low 
(if you subtracted 1 dB) . If it is too 
high, decrease the power ratio by one - 
fifth; if too low, increase it by one- 
fourth. For example, what is the 
power ratio corresponding to 13 dB. 
From Rule 1, we can learn that 12 

dB= 16:1 (12/3=4; 2x2x2x2=16). 
The '16' is obviously too small; in- 

creased by one fourth it becomes 16+ 
4=20; so 13 dB=20:1. 

Now we apply this Rule to derive 
the first and basic decibel table, by 
getting at it backwards. If 9 dB = 8:1, 
10 dB will be one-fourth more, or 
10:1. We already have 9 dB equalling 
8:1, and 8 dB-one less than 9-re- 
quires taking one -fifth less than 8:1. 
Thus, one -fifth of 8= 1.6, and 8-1.6 
=6.4, so 8 dB represents a power ratio 
of 6.4:1. 
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People prefer 
its sound to $100 headphones. 

People prefer its feel to earmuffs. 
Before the very recent introduction of the 

Fisher HP -100, headphones to most people meant: 
A device for listening to music for 

short periods of time. 
A frequency response considerably more 

restricted than that of speakers. 
A boxed -in, isolated -from -the -world feeling. 
Needless to say, we wouldn't be 

reminding you of the problems involved in headphone 
listening if we hadn't already solved them. 

With the Fisher HP -100 you can listen 
all night, and all the next day if you want to, 
in absolute comfort. Nothing touches your ears 
but velvet -soft foam rubber, 
kept in place by pressure too light to 
feel after the first minute or so. 

How does it shut out all external sounds? 
It doesn't. 

If the phone rings you'll hear it. 
Just as you would if you 
were listening to speakers. 

As for sound, we invite comparison 
with the most expensive headphones 
your salesman will permit. 
No headphones have a broader frequency response 
or lower distortion than the HP -100's, 
remarkably priced at $34.95. 

The Fisher 

PRICES SLIGHTLY HIGHER 
IN THE FAR WEST 
OVERSEAS AND CANADIAN RESIDENTS 
PLEASE WRITE TO 
FISHER RADIO INTERNATIONAL, 
LONG ISLAND CITY, N.V. 11101. 

Mail this coupon for your free 
copy of The Fisher Handbook, 
1970 edition. This reference 
guide to hi-fi and stereo also 
includes detailed information 
on all Fisher components. 

Fisher Radio 
11-35 45th Road 
Long Island City, N.Y. 11101 

Name 

Address 

, City State Zip 
0302705) 
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Rule 3: Adding 3 dB to any decibel 
equation doubles the power ratio; sub- 
tracting 3 dB halves the power ratio. 
Thus, if 10 dB represents a power 
ratio of 10:1 (Rule 2) then 10-3 or 
7 dB represents a power ratio of 5:1. 
Similarly, if 6 dB=4:1, 3 dB=2:1. 
If 3 dB=2:1, then 0 dB=1:1. 

From this we see that there is a 
difference of 0 dB between two signals, 
they are of exactly the same level, and 
that's what dB are all about. They 
always represent a ratio, and as such 
are a logarithmic quantity. And loga- 
rithms scare most people. 

We now present the first and basic 
decibel table (the left column) . And 
alongside it are the next two decibel 
tables, showing how the values pro- 
gress, each by a factor of 10. 

method by which, using the basic 
table, any higher or lower equation 
can be built up. For instance, given 
the power ratio 256:1; what is its 

decimal number? From the basic table, 
the nearest multiple to 256 is 2.5:1 
(4 dB) . The three figures in the '256' 
indicate that your multiplier must be 
'100' (20 dB) . Then you have two 
equations to add: 

20 dB=100:1 
4 dB= 2.5:1 

24 dB=250:1 (which is close 
enough since the 
correct number of 
dB is 24.082.) 

Voltage & current ratios 

Now that you can solve the power 

THE BASIC DECIBEL TABLE 

dB Power ratio dB Power ratio dB Power ratio 
0 1:1 10 10:1 20 100:1 
1 1.25:1 11 12.5:1 21 125:1 
2 1.6:1 12 16:1 22 160:1 
3 2:1 13 20:1 23 200:1 
4 2.5:1 14 25:1 24 250:1 
5 3.2:1 15 32:1 25 320:1 
6 4:1 16 40:1 26 400:1 
7 5:1 17 50:1 27 500:1 
8 6.4:1 18 64:1 28 640:1 
9 8:1 19 80:1 29 800:1 

10 10:1 20 100:1 30 1000:1 

Note: The second equation power 
ratio (1.25:1) gives the ratio 5/4:1, 
and is the basis for another rule.) For 
example, 5/4x5/4x5/4 =125/64 =2:1. 
Thus the '5' and the '4' are special. 
Whenever you come across either of 
these figures, you are to double the 
'6-4' to a 1-2-5, and halve any 1-2-5 
into a 6-4. That is the price our 
method pays for using 1.25:1 instead 
of 1.2589:1 (for 1 dB). 

Rule 4: To add any two decibel 
equations, add only their decibel num- 
bers, but multiply their power ratios 
(never their voltage or current ratios) . 

To subtract any two decibel equations, 
subtract only their decibel numbers, 
but divide their corresponding power 
ratios. For example: 

12 dB=16:1 12 dB=16:1 

+3 dB= 2:1 -9 dB= 8:1 

15 dB=32:1 3 db= 2:1 

These examples, and those given 
previously, are obviously only one 

ratio easily, you will want to know 
how to determine voltage or current 
ratios, so we come to Rule 5: Having 
any power ratio, take its square root 
to have the corresponding voltage or 
current ratio. For example: 

dB Power ratio 
Current or 

Voltage ratio 

6 4:1 2:1 

12 16:1 4:1 

14 25:1 5:1 

18 64:1 8:1 
20 100:1 10:1 
30 1,000:1 32:1 

60 1,000,000:1 1000:1 
70 10,000,000:1 3200:1 

The dBm 

Since the dB is now established as 

a ratio, and only as a ratio, if a given 
level is to be indicated by a decibel 
number, it must be referenced to some 
standard level. And since the usual 
reference level used professionally in 

transmission of audio signals is re- 
ferred to as 1 milliwatt across 600 

ohms,' the chosen reference becomes 
that same '1 milliwatt', and the term 
dBm is created, with the 'm' standing 
for the milliwatt. Thus a reference to 
a level of +8 dBm now means some- 
thing. The actual level indicated by 
+8 dBm means that it is 8 dB above 
1 milliwatt across 600 ohms. It's as 

simple as that. While heretofore we 
had a ratio, we now have a ratio re- 
ferred to a specified quantity, and we 
are no longer saying that something is 

three times as long, for example, but 
instead we are saying that a level is 

three times as great as a fixed level, 
which corresponds to an increase of 
about 5 dB. 

The Volume Unit (VU) 

The VU is based on the same scale 
of values, but when a program is 

specified as having a level of +4VU, 
it means two distinct things: (1) it is 

referenced to a level of 1 milliwatt in 
600 ohms, and (2) it is measured on 
program material (not sine waves) 
with a meter having specified charac- 
teristics. Among these characteristics 
are its resistance (3900 ohms), its 
ballistic characteristics (the pointer 
must reach 99 per cent of its final de- 
flection to an applied signal in 0.3 
seconds, and its overswing shall be be- 
tween 1.0 and 1.5 per cent when the 
tone is applied) . 

The standard VU meter has a yellow 
dial and is normally illuminated for 
use in recording and broadcast studios. 
Its rectifier characteristics are also 
specified. Thus it will be noted that 
not all meters that are labelled "VU" 
are actually VU meters, even though 
they may have yellow dials. They do, 
however, serve to give the user a 
reference indication of the signal level 
in a manner that is useful in recording 
and broadcast applications. After some 
use of a specific instrument, the oper- 
ator will become sufficiently familiar 
with its characteristics so that his re- 
cordings or his station output are 
consistent from program to program. 
For a more thorough treatise on the 
VU meter and its applications, the 
reader is referred to "The Measure- 
ment of Audio Volume," by Howard 
Chinn, which appeared in the Septem- 
ber and October, 1951, issues of 
Aunro, and to "Volume Measurements 
of Electrical Speech and Program 
Waves, American Standards Associa- 
tion, C-16.5 (1942). 
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Can You Beat Tha 
To guarantee performance to specifications, this individual machine -run response curve comes with every ESP -9 Studio Monitor Headset. You get, 
for the first time, flat ± 2 db monitoring over the entire audible spectrum 
because the ESP -9 is a breakthrough electro -acoustical development achieved 
by exploiting electrostatic principles. Only Koss electrostatics give push-pull 
balanced acoustical circuitry, cancelling all second harmonic distortion to proviide fatigue -free listening through long recording sessions. Now you hear 
what the program material really sounds like, uncolored by monitor room 
reflections. Exceeding the range and cleanliness of any speaker system, the 
ESP -9 gives the measure of separation and accurately positions the soloist. 
40 db isolation through comfortable, fluid -filled cushions relieves the noisy 
distraction caused by producers, A and R men, time -killing artists, and other visitors in the control room. The ESP -9 eliminates the masking effect of 
blowers, breath sounds, clothes rustling and other control room ambients. 
So now you have a running check on low-level system noise. You monitor 
the sounds you only saw before on the VU meter, like the "whoosh" of a 
stage door closing, ventilator rumbles and music stand rattles-because 
speakers simply don't have the super -wide -range you need to hear them. 
The ESP -9 has a signal handling capacity of 10 volts at 30 Hz with good 
wave form versus 6 volts for the integrated ESP -6 introduced last year. This 
is made possible by increasing the size of the coupling transformers by a factor of 4 and mounting them in the E-9 Energizer external to the cup. 
The E-9 Energizer offers the option of self -energizing for the bias supply, or energizing through the ac line; choice is made with a selector switch on the front panel. When energized through the ac line, very precise level measure- 
ments can be made. Thus the unit is ideal for audiometry, and for evaluating 
the spectral character of very low level noise in tape mastering machines 
and recording consoles. 
SPECIFICATIONS 
Frequency Response Range, Typical: 15-15,000 Hz ± 2 db (10 octaves) 10-19,000 Hz -±- 5 db. An individual, machine -run calibration curve accompanies each headset. Sensitivity: 90 db SPL at 1kHz.± 1 db referred to 0.0002 dynes/cm, with 1 volt at the input. Total Harmonic Distortion: Less than 1/5 of 1% at 110 db SPL. Isolation From Exlernal Noise: 40 db average through fluid - filled cushions provided as an integral part of the headset. Power Handling Capability: Maximum continuous program material should not exceed 10 volts (12 watts) as read by an ac VTVM; provides for transient peaks 14 db beyond the continuous level of 10 volts. Source Impedance: Designed to work from 4-16 ohm amplifier outputs. External Power Requirements: None, except when used for precise low level signal measurement, when external ac line can be selected by a front panel switch on the E-9 Energizer. 

See your dealer today or write for free technical paper, 
"An Adventure in Headphone Design" and ESP Catalog 108. 

icK 

KOSS 
MODEL ESP -9 
ELECTROSTATIC 
STEREOPHONES 
WITH 
E-9 ENERGIZER 

$150.00 

KOSS 
KOSS ELECTRONICS INC. 
2227 North 31st Street 
Milwaukee, Wisconsin 53208 
KOSS ELECTRONICS S. r. I. 
Via Valtorta 21/20127 Milan, Italia 



Until Now There Has Been One Stereo Receiver 
Obviously Superior To All Others - 

The Heathkit® AR -15 

Now There Are Three 

HEAT Ell 

1. Heathkit® AR -15 
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150 Watt AM/FM/FM Stereo Receiver 
The receiver that started the trend to new concepts in circuitry is still judged the world's finest ... by owners, electronic 
experts and testing labs. Here are some of the many reasons why. The AR -15 delivers 150 watts music power from its 
69 transistor, 43 diode, 2 IC's circuit - 75 watts per channel. Harmonic and IM distortion are both less than 0.5% at 
full output. The FM tuner has a cascode 2 -stage FET RF amplifier and an FET mixer to provide high overload capability, 
excellent cross modulation and image rejection. The use of two crystal filters in the IF section is a Heath first in the in- 
dustry and provides an ideally shaped bandpass and adjacent channel selectivity impossible with conventional methods. 
Two Integrated Circuits in the IF amplifier provide hard limiting, excellent temperature stability and increased reliability. 
The FM tuner boasts sensitivity of 1.8 uV, selectivity of 70 dB and harmonic & IM distortion both less than 0.5% ... 
you'll hear stations you didn't even know existed, and the elaborate noise -operated squelch, adjustable phase control, 
stereo threshold control and FM stereo noise filter will let you hear them in the clearest, most natural way possible. Other 
features include two front panel stereo headphone jacks, positive circuit protection, transformerless outputs, loudness 
switch, stereo only switch, front panel input level controls, recessed outputs, Tone Flat control, a massive electronically 
filtered power supply and "Black Magic" panel lighting. Whether you choose the kit model or the factory assembled and 
tested version, you have chosen the world's finest stereo receiver ... the Heathkit AR -15. 
Kit AR -15, (less cabinet), 34 lbs $349.95* 
Assembled ARW-15, (less cabinet), 34 lbs $540.00* 
Assembled AE -16, optional walnut cabinet, 10 lbs $24.95* 

100 Watt AM/FM/FM Stereo Receiver 
The world's finest medium power stereo receiver ... designed in the tradition of the famous Heathkit AR -15. It's all 
solid-state ... 65 transistors, 42 diodes plus 4 integrated circuits containing another 56 transistors and 24 diodes. Music 
power output at 8 ohms is 100 watts. Frequency response is 7 to 60,000 Hz. Harmonic Distortion is less than 0.25% and 
IM Distortion is 0.2% - both ratings at full power. Direct coupled outputs are protected by dissipation -limiting circuitry. 
It boasts a massive, electronically regulated power supply. Circuitry includes four individually heat linked output tran- 
sistors. The AR -29 uses linear motion bass, treble, balance and volume controls and pushbutton selected inputs. There are 
outputs for two separate stereo speaker systems, it has center channel capability and a front panel stereo headphone jack. 
The FET FM tuner is assembled and aligned at the factory and has 1.8 uV sensitivity. Two front panel tuning meters 
make precise tuning easy. A computer designed 9 -pole L -C filter plus 3 IC's in the IF give ideally shaped bandpass with 
greater than 70 dB selectivity and eliminates alignment. IC multiplex section. The AM tuner has three FET's. An AM 
rod antenna swivels for best pickup. Modular Plug-in Circuit Boards make the kit easy to build and service. Built-in test 
circuitry lets you assemble, test and service your AR -29 without external test equipment. "Black Magic" panel lighting, 
chrome trim, aluminum lower panel. The AR -29 will please even the most discriminating stereo listener in performance 
and value. 
Kit AR -29, (less cabinet), 33 lbs $285.00* 
Assembled AE -19, oiled pecan cabinet, 10 lbs $19.95* 

60 Watt AM/FM/FM Stereo Receiver 
The AR -19 circuitry reflects many of the advanced concepts of the AR -29. It uses 108 transistors and 45 diodes including 
those in 5 integrated circuits. It delivers 60 watts music power at 8 ohms. At any power level, Harmonic and IM Dis- 
tortion is less than 0.25 %. Frequency response ranges from 6 to 35,000 Hz. Direct coupled outputs are protected by 
dissipation -limiting circuitry. A massive power supply includes a section of electronically regulated power. The assembled, 
aligned FET FM tuner has 2.0 uV sensitivity. A preassembled and factory aligned FM IF circuit board gives 35 dB 
selectivity. The multiplex IC circuit provides inherent SCA rejection. It features two switched noise muting circuits; 
linear motion controls for bass, treble, volume and balance; input level controls; outputs for 2 separate stereo speaker 
systems; center speaker capability; two tuning meters; stereo indicator light; front panel stereo headphone jack. The 
Modular Plug-in Circuit Board design speeds assembly. Built-in Test Circuitry aids assembly, simplifies servicing. "Black 
Magic" panel lighting, black lower panel, chrome accents. Compare it with any model in its price range ... the AR -19 
will prove itself the better buy. 
Kit AR -19, (less cabinet) 29 lbs 
Assembled AE -19, cabinet, 10 lbs 

NEW 
FREE 1970 CATALOG! 
Now with more kits, more color. 
Fully describes these along with 
over 300 kits for stereo/hi-fi, 
color TV, electronic organs, gui- 
tar amplifiers, amateur radio, 
marine, educational, CB, home 
& hobby. Mail coupon or write 
Heath Company, Benton Harbor, 
Michigan 49022. 

r 

L 

$225.00* 
$19.95* 

HEATH COMPANY, Dept. 41-2 
Benton Harbor, Michigan 49022 

Enclosed is $ 

Please send model (s) 
Please send FREE Heathkit Catalog. u Please send Credit Application. 

Name 

Address 

City 
*Mail order prices; F.O.B. factory. 

a Schlumbeiger company 
, plus shipping. 

State Zip 
Prices & specifications subject to change without notice. HF -234 
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"An Integrated Circuit FM 

Detector" 
EUGENE T. PATRONIS, JR. 

INTEGRATED CIRCUITS ARE BEGINNING 

to bring about extraordinary 
changes in the electronics indus- 

try. These changes are manifested in 

many ways. The radical differences in 
the manufacturing processes of inte- 
grated circuits as compared with cir- 
cuits assembled from discrete compo- 
nents are self-evident. In addition, 
however, there are notable differences 
in circuit capabilities and in design 
considerations as well. In general, inte- 
grated circuits have a higher circuit 
density, greater speed, and lower 
power dissipation than conventional 
circuits. They lend themselves quite 
readily to those applications where a 

large number of circuits of a particular 
type are required as in computer cir- 
cuitry. They are finding increasing use 
in linear circuits 'a here the applications 
can be tailored to a few standard con- 
figurations. RCA, GE, Fairchild, and 
Texas Instruments among others are 
each producing lines of linear inte- 
grated circuits. Circuit designers will 
be called upon more and more in the 
future to design around a few standard 
integrated circuits or to evolve circuits 
which can be totally reduced to the 
integrated form so as to reduce overall 
costs. An example of a circuit -design 
innovation which allows a frequency - 
modulation detector to be produced 
completely as an integrated circuit will 
be given here. 

Frequency -modulation detectors us- 
ually take the form of a limiter-discrim- 

inator or ratio detector. Both of these 
circuits depend in part upon a tuned 
transformer for their operation. The 
other components in these circuits such 
as transistors, resistors, diodes, and ca- 
pacitors can all be produced in the IC 
form. The transformer can not be inte- 
grated at the present stage of IC tech- 
nology. A circuit not requiring a trans- 
former or other inductors would allow 
the detector to be produced completely 
in the integrated form. Clearly, the 
transformer must be eliminated. 

In order to see how this may be 
accomplished, consider the function 
which must be performed by the de- 
tector. When the detector is presented 
with a signal whose frequency is f,, 
the output of the detector is to be zero, 
When the detector is presented with 
a signal whose frequency is f, the out- 
put of the detector is to he a voltage 
whose value is proportional to f 
where 

f=f-fo (1) 

In most applications At is no greater 
than one per cent of fo. The fact that 
the detector output is zero when the 
input is at a frequency of f, is sugges- 
tive of a null or balance technique. 
That is, if two signals, say A and B, 

can be derived from the input signal in 

such a way that their amplitudes are 
equal at the frequency fo, then the dif- 
ference of these two signals will aae 

zero at the frequency f,. Furthermore, 
if the amplitude of A is an increasing 

M- 
Fig. 1-Circuit pro- 
posed by the au- 
thor for use as a 

frequency- modula- 
tion detector. 

function of f while the amplitude of B 

is a decreasing function of f, then the 
amplitude of the difference signal A- B 

contains information about Of. 

Let the input signal to the detector 
be a constant -amplitude sine wave de- 
noted by 

e,=E sin(27rft). (2) 

From this signal must be derived the 
two signals A and B. The amplitude of 
signal A must be an increasing func- 
tion of f. It is a well-known property 
of sinusoids that the time derivative is 

proportional to f. The amplitude of 
signal B must be a decreasing function 
of f. This can be given by the time 
integral of the sinusoid which is in- 
versely proportional to f. Apparently, 
the signals A and B can be derived 
from the input signal e, by the opera- 
tions of differentiation and integration, 
respectively. These operations can be 
performed electronically with great ac- 
curacy by means of operational ampli- 
fiers which can be constructed in the 
form of completely integrated circuits. 

Figure 1 depicts a detector circuit 
arranged according to the considera- 
tions just discussed. The triangles rep- 
resent inverting amplifiers having large 
voltage gains for frequencies in the 
vicinity of f,,. The generator represents 
a frequency -modulated signal source of 
the form 

e, E sin(27rft). (3) 

The operational differentiator produces 
an output signal e., of the form 

_ - RC27rf E cos(27rft) (4) 

which when rectified by the diode DA 

and filtered by the network R,, and C,, 

becomes E,, where 

E,,=7/RC27rf E, (5) 

77 being the rectification efficiency. The 
operational integrator produces an out- 
put signal eB of the form 

E 
e6=RC27rf cos (27rft) (6) 

which when rectified by the diode DB 
and filtered by the network RL and C,, 
becomes ER where 

EB- RC27rf' 

assuming the same rectification effi- 

ciency. The output of the overall de- 
tector is then e, with 

l eo=n E (RC27rf ) RC27rf (8) 

(7) 
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If now the integration and differenti- tected is sinusoidal, this assumption is 
ation time constant RC is chosen so not essential. The input signal might 
that just as well be a square wave, a tri- 

angular wave, or other periodic wave - 
shape having an average value of zero. 
The A signal will still be proportional 
to the frequency while the B signal 
will still be inversely proportional to 
the frequency. 

This detector offers a number of 
advantages other than the fact that it 
can be constructed completely in the 
integrated form. The operational am - 

then the output of the detector be- plifiers provide excellent isolation be- 
comes tween the signal source and the de- 

tector load. The detector can readily 
e0=77 E 2 

fa 
, (15) ° be tuned by varying the time constant 

RC. This tuning could be accomplished 
remotely under voltage control by let- 
ting C be furnished by a silicon var - 
actor diode, for example. The detector 
can be used with a wide variety of 
signal waveshapes and over a wide 
range of frequencies, f,. 
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Fig. 2-Details of the final circuit using RCA integrated circuits-CA-3002s-as a com- 
plete frequency -modulation detector. Constants shown are for an i.f. of 10.7 MHz. 

RC -27f. 

and remembering that 

f=fo+Af 

with 

fo, 

/±L 

(9) 

which is just the desired form. Even 
though the analysis has been carried 
out assuming that the signal to be de - 

°The derivation of (15) from (8) ap- 
pears in the appendix. 
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Fig. 3 - Curve of 
detector output vs. 
frequency. Radio - 
frequency input is 

0.25 volts peak. 

While it is understood that the entire 
circuit would be feasible in a single 
IC chip, none is yet available. How- 
ever, the author assembled the same 
circuit functions, using a pair of RCA 
integrated circuits (commonly avail- 
able at a price of about $4.40 each in 
small lots) each as the operational am- 
plifiers. The complete circuit of the 
FM detector developed is shown in 
Fig. 2, with constants suitable for an 
i.f. of 10.7 MHz. This circuit, working 
from an i.f. input of 0.25 V applied at 
e, produced an output as shown in the 
diagram of Fig. 3, where e, was mea- 
sured at -6.2 mV for an applied fre- 
quency 150 kHz lower than f, and 
+6.2 mV when the applied frequency 
was 150 kHz higher than f e. Note that 
the curve has exceptional linearity over 
a swing of ±250 kHz each side of the 
center frequency. 

Further development of the circuitry 
-and the possible introduction of an 
IC designed for this particular appli- 
cation-would certainly simplify FM 
receivers and their alignment, an aim 
that is always justified in this day of 
electronic simplification. 

APPENDIX 

To further clarify the derivation of 
(15) from (8), the following is offered: 

ea-r7 E (RC27rf - I ) (8) 
RC2ar f 

RC =-27,-7., then 

e, -77E(í - or (10) 

e0 =77E(ftff') (11) o 

Substitute f = f ,+[ f to obtain 

co-'? E [f'+Af]'-f') [fo+ofefe 

e0=77E(f°=+2f=°f+4f'-f') 
fj +foAf 

e°_ 
(2fOf+Ar 

E f0=+fopf J 

In the numerator, At' is much smaller 
than 2 fA f; therefore we neglect it. In 
the denominator, f oA f is much smaller 
than f,', so we neglect fAAf. Therefore 
with very small error: 

eo=7E(2ff)-r7E( ff) (15) 

Let 
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Equipment. 
Profiles 

This Month: 

Roberts Stereo Tape Recorder, Model 420XD 

Dynaco Stereo 80 Power Amplifier Kit 

Harman-Kardon Model 820 Stereo Receiver 

Jensen TF -25 Loudspeaker System 

Pioneer SE -50 Two -Way Stereo Headphones 

Roberts Stereo Tape Recorder 
Model 420 XD 

MANUFACTURER'S SPECIFICATIONS: 
Frequency Response: 30 to 22,000 Hz 
±3 dB at 71/2 ips. Tape Speeds: 1'/8, 33/4, 

71/2, and 15 ips. S/N: 50 dB. Wow and 
Flutter: 0.12% at 71/2; 0.17% at 33/4; 

0.20% at 17/8. Outputs: two preamp 
"line" outputs and 8 -ohm stereo head- 
phone jack. Heads: Erase, Record, Play- 
back, and Cross -field head for bias; 2 

micron (.000080") head gap on record and 
x 10'/2" d. Weight: 55 lbs. Price: $699.95. 

The Roberts 420SD is actually a 
deck, in that it does not have a built- 
in power amplifier and speakers, nor 
does it have any provision for speakers. 
You must connect it to another ampli- 

fier if you wish to hear the results on 
other than headphones. For thoses 
who require a built-in amplifier and 
speakers, there is another model- 
420X-which does incorporate these 
features, and which costs an addi- 
tional $100.00. Otherwise, the two 
models are identical except for weight 
-the 420X weighs 611/2 lbs. 

The unit comes in an attractive 
wood housing, complete with a re- 
movable cover. It is designed for 
vertical operation, and accommodates 
7 -in. reels. The hubs are fitted with 
spring -loaded retainers on both shafts. 
A cutout on the right side of the case 
gives access to the input and line - 
output phono jacks, as well as to a 
"DIN" type 4 -terminal socket which 
is used with many amplifiers to pro - 

Fig. 1-Roberts 
Model 420XD Tape 
Recorder -a deck 
with auto reverse, 
four speeds, and a 

host of other fea- 
tures in one 

machine. 

vide input and output connections 
with a single plug. 

The mechanism is relay operated, 
with light -touch push buttons control- 
ling all transport functions. Tape 
speed is selected by push buttons, as 
is the mode of operation-tracks 1 

and 4, stereo, or tracks 2 and 3. Head- 
phone and microphone jacks are lo- 
cated along the lower edge of the 
front panel, with a headphone level 
control just above the headphone jack 
at the lower left corner. Above this 
is the TAPE/SOURCE pushbutton as- 
sembly for monitor, and to the right 
are the record -level controls. These 
are dual -concentric, one pair for each 
channel. The front metal knob controls 
microphone level, while the black 
plastic knob at the rear controls the 
AUX input level. Between these two 
controls is the record push button, and 
above it, the record indicator light. 
Below it a unique feature: the Com- 
put-O-matic Record Level Indicator. 
This device provides an unusual type 
of automatic level control. With the 
enabling button depressed during the 
recording of a number, the circuit 
mechanically rotates a volume control 
so that the loudest note recorded will 
be reduced to the proper recording 
level, and all other material thereafter 
will be recorded in equal proportion 
to the level set automatically for the 
loudest note or passage. This is auxil- 
iary to the manual recording -level 
controls, and functions only when the 
Comput-O-Matic SET button is de- 
pressed. If the button is not depressed, 
the job of controlling the recording 
level is done manually by the oper- 
ator. A small indicator shows the posi- 
tion of the automatic control in what 
appears to be a knob-at maximum, 
it is in the position usually occupied 
by a manual knob in the maximum 
position-that is, at about 5 o'clock. 
This feature is particularly helpful to 
the inexperienced user, since he is 

more likely to produce usuable record- 
ings than he could with only manual 
control. 

The 420XD is a reversible machine, 
and this entails the need for more 
than the usual four push buttons for 
operation-or five, if you include the 
RECORD button. The row of push but- 
tons which control the tape motion 
incorporates five buttons - REWIND, 

REVERSE, STOP, FORWARD, and FAST 

FWD. All of these control relays - 
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Fig. 2-This shelf in the Roberts recorder carries the many relays which control the 
functioning of the machine at the command of a series of push buttons. 

thirteen of them, as near as we could 
count-and solenoids, of which there 
are three. This is understandable, con- 
sidering the number of functions 
which are controlled, and the com- 
binations of these functions, which 
would be difficult for full manual 
control without the combinations. 

The reversing process involves 
changing the direction of motor opera- 
tion, reversing the duties of the spool- 
ing motors, and shifting the play head 
(the reverse function operates only on 
playback, not on recording). During 
recording, the Cross -Field head is 
raised up to a position about .05 in. 
from the record head, and the bias 
is applied from the back of the tape. 
This system seems to improve the 
high -frequency response of the re- 
corded signal, particularly at the 

Fig. 3-Playback response from standard 
tapes at 71/2 and 33/4 ips, and record/play 
responses for these speeds and for 17/R ips 

in addition. 

7 
5dB 

PB ONLY 7.1/2 

PB ONLY 3-3/4 

REC/PB 7-1/2 

REC/PB 3-3/4 

5dB 

REC/PB 1-7/8 

slower speeds. When the recorder is 
at rest or in the playback mode, the 
cross -field head is away from the 
record head, as seen in the illustra- 
tions, so that tape threading can be 
accomplished readily without the in- 
terference of the additional head. 

Another useful circuit in the unit is 
one called the "Head Sentry." It taps 
off the signal from the input transistor 
in the playback amplifier and feeds it 
through a string of transistor stages 
which are tuned to a high frequency. 
If the heads-play or record-be- 
come coated with residue from the 
tape or if they are only dirty, the 
high -frequency content of the signal is 
appreciably reduced, and the circuit 
causes the sentry lamp to light, thus 
indicating that the heads should be 
cleaned before continuing. 

Still another feature - this one 
purely mechanical-is the selection of 
the point where the reversal of tape 
motion takes place. If only a part of 
a reel is recorded-as would be the 
case if the selection were not long 
enough to fill one side of the reel-the 
Reverse-O-Matic control can be set 
to reverse at that point, rather than 
waiting until the entire side had been 
played. A knob at the top of the panel 
operates over a scale calibrated in 
100 -foot increments, and this knob is 
set to the footage at which the reverse 
is to take place. When that amount 
of footage has passed through the 

machine, the unit reverses itself auto- 
matically. It is also possible to inaugu- 
rate the reverse action by affixing a 
strip of conductive foil to the tape at 
the point where it is to reverse. The 
control by the mechanism is put into 
action by depressing the Reverse-O- 
Matic SET button. As the tape is re- 
turned to the left reel, the scale will 
show the numbers reducing to zero, 
and at this point the machine will 
reverse again, playing in the forward 
direction. Thus continuous playing 
can be employed if desired. 

Two other unusual features are the 
selection of brake tension for three 
different thicknesses of tape-stan- 
dard or 11/2 -mil, 1.0 -mil, and 0.5 -mil 
-and the changeover from 60 to 50 
Hz line supply. This latter control 
simply moves the main belt from one 
pair of pulleys to another. This makes 
it possible for the machine to be used 
in the U.S.A., where 60 Hz is the 
standard line frequency almost every- 
where, or in the rest of the world 
where 50 Hz is the standard. 

The tape is threaded over the 
damping lever and around an im- 
pedance roller at the left of the head 
assembly, then past the tape cleaner 
(which may be moved upward slightly 
for use with virgin tapes which do not 
need cleaning) past the heads and then 
under the capstan (this is, over the 
pinch roller), under the automatic 
stop lever and onto the take-up reel. 
The machine will not run unless the 
tape holds the automatic lever up and 
thus away from the cutoff switch. A 
knob adjacent to this lever holds it 
away from the main power cutoff 
Microswitch during normal operation, 
but if it is desired to have the entire 
machine shut off-amplifiers as well as 
motors-the knob is turned slightly to 
the left so as to allow the shutoff 
lever to drop down fully and contact 
the second switch, which shuts off all 
the power to the unit. 

From this description it can be seen 
that the machine is full of a number 
of fine features which simplify opera- 
tion, make is as flexible as possible, and 
provide practically any function the 
recordist may want. 

Performance 

The 420XD comes fairly close to its 
specifications. Frequency response in 
playback from standard tapes is 

20 100 1,000 10,000 20K 

FREQUENCY (Hz) 
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shown in Fig. 3, along with the re- 

cord/play responses for the three 
slower speeds. We did not make any 
tests at the 15-ips speed because it 

appeared that there was some os- 

cillation in the circuit. Signal-to- 
noise measured 48 dB below the 3% 

distortion point, which was at 10 dB 
above the indicated zero on the VU 

meters-both of which, by the way 
have only a single white line to indi- 

cate the "zero," and no other scale 
marking. Wow and flutter measure- 
ments were well below the specifica- 
tions with figures of .08 per cent at 
71/2 ips, 0.11 at 33/4, and 0.17 at PA. 
Distortion was under 1 per cent at 
"0" recording level, and reached 3 

per cent only at a + 10 level. The 
tape used was Scotch 111. 

The input signal required to reach 
a "0" recording level was less than 
0.3 mV in the microphone circuit, and 
only 32 mV in the Aux input, and the 
line output level for a "0" recorded 
signal was 1.2 volts, constant, and not 

controllable from any panel controls. 
The machine is a delight to use, and 

with the automatic level control-the 
Comput-O-Matic - one never need 
worry about overloading a recording. 
You simply feed in the signal with 
the automatic control "on," start the 
recording and "let 'er roll." The first 

loud note will be reduced in level to 

the correct "0" and the recording will 

continue with that setting of the auto- 
matic level control until a louder note 

comes along and then the control 
brings that one to the "0"- again, and 
so on. To restore the control to the 
maximum sensitivity position again, 
simply press the button to OFF, re- 

move the input, and depress the but- 
ton again to ON. The control then 

returns to the maximum position. 
You can make sound -on -sound re- 

cording on the 420XD, adding a new 
source to one already recorded on 

track 1 and recording the two together 
on track 3. And you can do it again 

back to track 1, if you like, and so on 

as often as you wish. 
You can also add an echo effect by 

recording on the second track that 
which you have already recorded on 

the first, then playing back in stereo. 
This gives the advantage of being 
able to control the echo effect better 
than if both signals were recorded 
on the same track, but it does neces- 
sitate that it be done with mono sig- 

nals, and the effect is available only 

when the two tracks are played back 
simultaneously-that is, in stereo. Not 
the least of its advantages is the ability 
to mix a high-level (line) source with 
another signal introduced at the mi- 

crophone jacks. Not all machines will 

permit mixing, but the 420XD does, 
and this is one of its many advantages. 
It is not an inexpensive machine, but 
it does incorporate practically every- 
thing a recordist needs for serious 
work. 
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Dynaco Stereo 80 
Basic Stereo Amplifier Kit 

MANUFACTURER'S SPECIFICATION 
Frequency Response: 10 Hz to 50 kHz 

±0.5 dB. Power Bandwidth (IHF): 8 Hz to 

50 kHz half power output at less than 

0.5% total harmonic distortion into an 

8 -ohm load. Harmonic Distortion: Less 

than 0.5% at any power level up to 40 

watts per channel into 8 ohms at any 

frequency between 20 and 20 kHz. Dis- 

tortion decreases at lower power levels. 

Intermodulation Distortion: Less than 
0.1% at any power level up to 40 watts 

per channel into 8 ohms with any com- 
bination of test frequencies. Noise: 90 dB 

below rated output. Damping Factor: 
Greater than 40 from 20 Hz to 20 kHz. 

Separation: More than 60 dB from 20 Hz 

to 10 kHz. Input: 100k -ohms; 1.3 V for 40 

watts output. Dimensions: 14" D x 8" W 

x 4" H. Weight: 13 lbs. Price: $119.95 

(kit); $159.95 (wired). 

Neat, compact, and effective, are 

three words that come to mind when 
one considers the Dynaco Stereo 80 

basic amplifier, available either as a 

kit or factory -wired, as desired. For 
the difference in price of $40.00, most 
audio buffs would prefer to build the 
kit, since it can be completed easily 
in less than six hours, largely because 
the printed -circuit amplifiers are al- 

ready assembled and tested. 
There is relatively little difference 

in the amplifier circuits of the Stereo 
80 and the earlier Stereo 120. Circuit 

Fig. 1-Dynaco 
Stereo 80 Power 

Amplifier Kit. 

configuration is the same, the output 
transistors are the same, and the per- 
formance-allowing for the difference 
in maximum power output-is the 
same. The main difference between 
the two is that the Stereo 120 uses a 

regulated power supply so that the 
supply voltage remains constant over 
the entire range from no -signal to full - 
power output, whereas the supply 
voltage in the Stereo 80 drops as the 
output power increases. In fact, the 
manufacturer claims that "if they used 
an external power supply to maintain 
constant power -supply voltages, they 
could rate the Stereo 80 at the same 
power as the Stereo 120." 

Circuit Description 

The input is fed through a coupling 
capacitor to a direct -coupled pair of 
transistors with d.c. feedback from 
the emitter of the second to the base 
of the first, providing both stability 
and linearity. This section drives a 

complementary -symmetry pair to pro- 
vide the necessary phase inversion to 
drive the output transistors in the 
conventional single -ended push-pull 
configuration. The complete amplifier 
except for the output transistors is 

mounted on a single printed -circuit 
board for each channel, with the out - 
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" ... the Dynaco PAT -4 is unsurpassed .. . 
a remarkable unit and unmatched at anywhere 
near its low price . . . (Stereo Review, January 1968) 

DYNACO 
PAT -4 

$89.95 kit 
$129.95 assembled 

The Stereophile, Vol. 2, No. 9, 1968 
"With all of its tone controls and filters set to 
Flat, and feeding any high-level input, we were 
simply unable to tell whether we were listening 
to the original 'raw' signal or the output from 
the PAT -4. In this respect, we cannot see how 
any preamp, present or future, could surpass 
the PAT -4." 

A separate preamplifier can offer su- 
perior performance and greater flexi- 
bility than available on any integrated 
control amplifier or receiver. How well 
did Dynaco succeed with its PAT -4? 
Here's what two of the most respected 
publications say. 

Julian Hirsch in Stereo Review, January, 1968 
" . (the PAT -4 has) an extraordinary degree 
of operating flexibility ... (and) in sonic qual- 
ity, we would unhesitatingly say that the Dyna- 
co PAT -4 is unsurpassed by any preamplifier 
we have seen. It is a remarkable unit and un- 
matched at anywhere near its low price of 
$89.95 in kit form or $129.95 factory -wired." 

The Dynaco PAT -4 preamplifier can be used with 
any power amplifier, tube or transistor, like the 
Stereo 120 (60 watts rms per channel) or new 
Stereo 80 (40 watts rms per channel). Owners of 
Stereo 70's can also derive the full measure of en- 
joyment from the PAT -4. 

Send for literature or pick some up at your dealer where you can see and hear Dynaco equipment 

oilynraco :NE 3060 JEFFERSON ST., PHILA., PA. 19121 
IN EUROPE WRITE: DYNACO A/S, HUMLUM, STRUER, DENMARK 
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put transistors located on a heat sink 
for each channel. The heat sinks are 
on opposite sides of the chassis, with 
the transistor tops facing outward, and 
grooves in the heat sinks serve to hold 
the printed -circuit boards in place, re- 
sulting in a minimum of work in as- 
sembly. 

The power supply components-ex- 
cept for the transformer itself-are 
mounted on a small printed -circuit 
board which is attached to the "chas- 
sis" between the transformer and the 
amplifier area. The chassis consists of 
the bottom plate with the ends bent 
up to serve for the connections, power 
switch, and fuse, and with a narrow 
flange bent up along the sides to re- 
strain the perforated metal cover. The 
chassis/base is chrome plated, and the 
metal cover is finished in satin black- 
in all, a net and attractive package. 

Coupling to the loudspeaker loads 
is through 5000-µF capacitors and an 
r.f. choke which is wound of 16-ga. 
wire around the capacitors. The 
chokes measured approximately 3 
microhenries in inductance, a value 
which is commonly used in transistor 
amplifiers to roll off response in the 
region above 500 kHz so as to reduce 
interference and provide absolute 
stability. 

The output terminals are on a strip 
on the rear apron of the chassis, and 
are suitably spaced. Terminals are 
fitted with neat screws which are 
shaped for easy turning with the fin- 
gers and require no tools to make the 
connections. The inputs are the usual 
phono jacks, mounted adjacent to the 
output terminal strip. On the other 
end are the fuse holder and the power 
switch, the latter illuminated when 
power is on. The power transformer 
has two tapped primaries so as to per- 
mit connecting for 100, 120, 220, or 

Fig. 2 (above)-Square-wave response of Stereo 80 at 100, 1000, 
and 18,000 Hz. 

Fig. 3 (left)-Interior of Stereo 80 shows neat construction which 
is easily completed by the kit -builder in about six hours. 

240 volts. This is an especial advantage 
for those who may wish to use the 
unit in areas where the supply voltage 
differs from the usual 117 available in 
the U.S., or for those who have con- 
sistently low line voltages in their 
areas. 

Performance 

In all our measurements, we found 
that :he unit performed in accordance 
with the specifications. And although 
the specs do not list power outputs at 
other than the rated 8 ohms, we did 
measure this parameter. At the rated 
8 ohms, we measured an output of 42 
watts with both channels operating 
and a line voltage of 120 and at a 
THD of 0.5 per cent. At 1 watt, THD 
reached a much lower value-approx- 
imately 0.25 per cent on one channel, 
and 0.2 on the other. With a 4 -ohm 
load, we measured a maximum output 
of 25 watts per channel, both opera- 
ting, at the rated 0.5 per cent THD, 
and with a 16 -ohm load, the maxi- 
mum output was 14 watts per channel 
for the same conditions. 

(dB) 
POWER BANDWIDTH 

0 
FULL POWER 

-1 

-2 
-3 HALF POWER 

_4 

-2 

-35 10 5 100 5 1,000 5 10,000 5 )00,000 

FREQUENCY RESPONSE 

Fig. 4-Curves showing power bandwidth 
of the Stereo 80, and its frequency re- 

sponse at the 1 -watt output level. 

Power bandwidth came within spe- 
cifications -8 Hz to 52 kHz at half 
power and the same distortion, and 
separation measured 63 dB with maxi- 
mum signal on one channel and none 
on the other. We also measured S/N, 
and found a figure of 92 dB below 
rated output. Square -wave response 
came up to expectations, considering 
the output coupling capacitor which 
invariably introduces some slope in the 
waveforms at the lower frequencies, 
but as high as 18 kHz, the waveform 
remained excellent, and indistinguish- 
able from the source. Photos of these 
responses are shown for 100, 1000, 
and 18,000 Hz. 

The final test of any device in the 
audio realm is the actual listening, and 
in this department the Stereo 80 did 
exceptionally well in comparison with 
a number of other amplifiers of un- 
questioned quality. The reproduction 
had the crispness we have learned to 
expect from any high -quality solid- 
state amplifier, and it had the full 
roundness of tone one likes to hear. 
Driving the amplifier into admitted 
overload did generate unpleasant dis- 
tortion, but the amplifier recovered 
immediately, and the ears suffered 
only during the actual overload and 
not for several seconds afterward. This 
was more noticeable when observing 
the output of a 'scope, since one could 
see the distortion plainly during over- 
load, but immediately the signal was 
lowered, the waveform came right 
back to normal. On the whole, the 
Dynaco Stereo 80 is a rewarding pro- 
ject-one from which you should get 
some pleasure in building, and one 
from which you are certain to get a 
lot of enjoyment from listening. 

Check No. 54 on Reader Service Card 
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You pay 
for what you 

don!t get 

Like the inaudible rumble. The result of a 
motor that runs at approximately 1/6th the 
speed of conventional motors to reduce 
intensity of motor vibration. And a belt -driven 
system that effectively isolates any possible 
remaining vibration from the turntable platter. 

Like the absence of distortion, wow and flut- 
ter. The result of a servo -control motor that 
assures precise speed accuracy and can't be 
affected by line voltage fluctuation. The elec- 
tronic servo and the low -speed DC motor 
reduce total wow and flutter to only 0.08% 
rms, and rumble to 60dB below the Audible 
Rumble Loudness Level (ARLL). 

Check No. 51 on Reader Service Card 

Like no troublesome mechanical linkages 
that can cause drag on the arm and result in 
distracting sour notes. The remarkable, new 
Sony Magnetodiode (SMD) initiates move- 
ment of the arm electronically, rather than 
mechanically. 

Like nothing added to the recording that 
isn't on the recording already. 

So, you see, you pay for what you don't get. 
On the other hand, so you don't feel cheated, 
and don't feel that you are getting nothing 

for your money-you do get a superb 
playback system. It includes turntable, 

precisely balanced tonearm of low mass 
design that tracks flawlessly, oil finish wal- 
nut base and dust cover. You also get the 
convenience of semi -automatic operation. 

Automatic shut-off after a record has 
been played. Automatic shut-off while 

the record is in play, by simply push- 
ing a button or just returning the 
arm to rest. 

You pay $200 for what you don't 
get and you enjoy it too. Sony Cor- 

poration of America, 47-47 Van Dam 
Street, Long Island City, New York, 11101 

SONY® PS -1800 51 



Fig. 1 

Harman Kardon Model 820 
Stereo FM Receiver 

MANUFACTURER'S SPECIFICATIONS: 
TUNER SECTION: IHF Sensitivity: 1.8 µV. 
Capture Ratio: 3.0 dB. THD (Mono): 
0.5%. Image Rejection: Better than 85 

dB. Spurious Response Rejection: 90 dB. 

FM Stereo Separation: 35 dB. 
AMPLIFIER SECTION: Total IHF Music 
Power: 110 Watts @ 4 ohms. RMS 

Power/Channel: 43 Watts @ 4 ohms. 
THD: 0.5% at rated power. IM: Less than 
0.5% at rated power. Power Bandwidth: 
10 to 40,000 Hz. Frequency Response: 5 

to 60,000 Hz ± 1 dB. Hum and noise: 90 

dB below full power output. Tone Con- 
trol Range: ± 12 dB Bass and Treble 
Boost and Cut at 50 and 10,000 Hz. 
Damping Factor: 30:1. 

GENERAL: Dimensions: 16%" W x 4'4fó" 

H x 12%" D. Price: $299.95 (includes 
metal enclosure; walnut enclosure op- 
tional, extra). 

This newest entry in Harman- 
Kardon's popular Nocturne range em- 
bodies the same serene styling which 
first attracted listeners to the series 
some years ago. The entire surface of 
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the front panel is of the blackest black 
plastic, tastefully framed by polished 
gold trim with gold and black knobs 
to match. The upper half of the panel 
is totally black until power is applied, 
at which time it becomes softly illumi- 
nated in clear green, disclosing the 
FM tuning scale, a center -of -channel 
tuning meter and a series of indicator 
lights which denote signal source and 
the presence of a stereo FM signal. 
The lower portion of the panel con- 
tains all the necessary controls as well 
as a stereo headphone jack at the ex- 

treme left. A series of "piano key" 
type switches perform secondary func- 
tions, such as tone control "defeat" 
(for those who would operate the 
receiver with absolutely flat frequency 
response) , FM muting on/off, high - 
frequency filter, stereo/mono switch, 
and loudness (contour). Rotary con- 
trols include a speaker selector, bass 

(ganged for both channels) ,. treble 
(similarly ganged), balance, volume 
(including the power on/off switch), 
function selector switch and, finally, 
the tuning knob which is coupled to 

Fig. 2-Rear panel view of the 820 receiver shows neat placement 
of the input and output connections. 

a very effective flywheel. Our only 
quarrel with this otherwise well - 
planned control arrangement is the 
linking of the power on/off switch 
with the master volume control. 
Another "piano -key" switch would 
have served this function better, in 
our view. A view of the entire front 
panel of the Eight -Twenty is shown 
in Fig. 1. Figure 2 shows the back 
panel layout which, besides the usual 
input and tape output jacks, features 
a center -channel output jack, well - 
spaced terminal screws for speaker 
connections, speaker fuses, an overall 
line fuse, FM antenna terminals (300 - 
ohm match only), and an a.c. con- 
venience outlet. A threshold control 
for adjusting muting is located below 
the antenna terminals. A switch, ad- 
jacent to the second pair of speaker 
terminals, enables the user to parallel 
the outputs for use with a single, 
monophonic speaker system in a sec- 
ondary location. Incidentally, when 
the speaker selector switch is set to 
"Systems 1 & 2", a series fixed resistor 
of 3.3 ohms is inserted in series with 
each amplifier output. While this cuts 
down on total available power to the 
pairs of speaker loads it prevents the 
inadvertent application of net loads 
of less than four ohms. Thus, even if 
two pairs of 4 -ohm impedance speak- 
ers are used, the impedance seen by 
the amplifier channel would still be 
4/2+3.3 or, about 5.3 ohms. While 
most integrated receivers have provi- 
sion for tape input, (whether it's 
called "Tape" or "Aux") , the Harman- 
Kardon Eight Twenty designers have 
provided two sets of inputs for tape, 
bowing to the new popularity of cas- 
sette playback units. The reasoning is 
probably that many people now own 
(or will own) both reel-to-reel tape 
recorders and the more convenient, if 

Fig. 3-Internal view of chassis, showing modular printed -circuit 
construction and sealed front-end and i.f. sections. 
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The Professionals. 
Bill Bell is known as "The Ear:' He's 
the owner of Bell Sound Studios, Holly- 
wood. Bill does commercials, some of 
the best. You've heard a lot of them. He 
orchestrates each one, every element of 
sound from the soft spoken solo voice 
of Marvin Miller to the high dB blare 
of acid rock. 

Bill's fussy about sound, and so are 
his engineers. So are the advertising 
agency production men, the creative 
people and the account executives. If 
you're going to take three or more hours 
to get the right sound in sixty seconds 
of commercial, you want to make sure 
the sound is the best possible. 

So, as a starter, Bill uses Altec "The 
Voice of the Theatre"® speaker systems, 

sixteen of them. And in his custom 
consoles, Bill Bell also uses Altec audio 
controls. Again, because he thinks 
they're the best.. After over thirty years 
of developing sound systems for the 
broadcast and motion picture industries, 
that's a nice reputation for Altec to 
have. 

Specifically, each new Third Genera- 
tion Voice of the Theatre speaker sys- 
tem features a 15" low frequency 
speaker that's the finest made. It has a 
101/2 pound magnet structure, a cast 
aluminum frame and a 3" edge -wound 
voice coil of copper ribbon. All this- 
plus the efficient new SymbiotikTM dia- 
phragm-provides outstanding bass and 
transient response, and as much as two 

times more power handling capability 
than previous designs. The 18" massive 
cast -aluminum sectoral horn has a very 
wide sound dispersion angle at all fre- 
quencies. 

The driver. It works from 500 to 
22,000 Hz in the A-7-500-8. (The A7 
crosses at 500 Hz.) It's so efficient, 
there's need for only one crossover in 
the system which eliminates those high 
frequency peaks and dips. All this 
means the crispest, cleanest, most undis- 
torted sound you can get from low end 
through the high. 

For complete specs on our sound 
equipment, just write to Altec Lansing, 
1515 So. Manchester Ave., Anaheim, 
California 92803. 

ALTEE 
LANSING. 

A QUALITY COMPANY OF LTV LINO ALTEC, INC. 
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lower quality, cassette units. As a side 
benefit, the dual input availability 
also means that you can record from 
reel-to-reel units on to cassette types 
and vice versa-using just the Eight 
Twenty as your "master console". 

In Fig. 3 we see the top -of -the - 
chassis layout (with the metal cover 
removed). Note that the front end 
and i.f. modules are totally shielded. 
This particular i.f. circuit, by the 
way, requires no alignment (bar- 
ring ratio -detector touch-up), since 
wideband crystal filters are used in- 

stead of the usual interstage trans- 
formers. Two integrated circuits do 
most of the amplifying and limiting 
in this circuit, although eight discrete 
devices are used as well. The front 
end employs four active devices, one 
of which is a Junction Field Effect 
Transistor, used for r.f. amplification. 
AFC was not deemed necessary by 
the designers and we concur, since 
the front-end frequency stability was 
very good under voltage and tem- 
perature variations likely to be en- 
countered in home use. Frequency 
calibration, by the way, was also ex- 

cellent, accurate within about 100 
kHz at every point on the dial. Power 
amplifier circuitry is transformerless 
and operates in the class B mode. 

Measurements 

In all fairness to this receiver, we 
were able to measure IHF sensitivity 
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Fig. 5-Stereo FM separation curve. 
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Fig. 6-THD and IM characteristics with 
both channels driven into 8 -ohm loads. 
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Fig. 4-FM characteristics of the 820 receiver. 

at 2.0 µV, rather than the 1.8 µV 
claimed. However, our measurements 
were taken at 98 MHz,, as prescribed 
by IHF. It should be noted that at 
106 MHz, IHF sensitivity was a bit 
better than claimed, measuring 1.6 
µV, while at 88 MHz, the figure was 
2.3 µV. These minor variations could, 
no doubt, be balanced out by more 
careful alignment, but all three fig- 

ures are well within production toler- 
ances. This specification, as well as 
other primary FM performance cri- 
teria, is graphically illustrated in Fig. 
4. We wonder why published specifi- 
cations did not include maximum FM 
S/N, since the measured value was an 
excellent 70 dB! 1 dB limiting took 
place at an input signal of only 2µV 
while total harmonic distortion mea- 
sured 0.5%, as claimed. In stereo, how- 
ever, this THD figure rose to 0.8%, 

still a highly acceptable figure. 
Stereo FM separation is plotted in 

Fig. 5 and meets published specifica- 
tions at mid -band. At the high end, 
separation drops to about 20 dB at 10 
kHz, while the low end maintains a 
30 dB separation capability all the 
way down to about 80 Hz. 

We were sorry to see Harman -Kar - 
don join the "±1 dB" power rating 
which has been editorially decried by 
this and other publications. Playing 
this numbers game, H -K comes up 
with a power rating (total) of 140 
watts, although they do publish a 

11 -watt IHF rating, albeit at 4 -ohm 
load impedance. The r.m.s. per chan- 
nel power rating of 43 watts was 
taken from a product -listing in the 
September 1969 issue of Aunio, as 

1000.0 

supplied by the manufacturer and is 

also based upon a 4 -ohm load. In 
keeping with our usual practice, all 

measurements were made at 8 ohms, 
and the THD and IM characteristics 
obtained are plotted in Fig. 6. On 
this basis, 1% THD was evident with 
a power output of 30 watts per chan- 
nel, with both channels driven. This 
is a perfectly acceptable power rating 
for a receiver in this price class, but 
is a far cry from the meaningless "140 
watts ± 1 dB" which this manufacturer 
claims it must publish because "com- 
petitors started it." 

Power bandwidth extends from 15 

to 40,000 Hz, based upon a 30 -watt - 
per -channel (r.m.s.) power rating, as 

can be seen in Fig. 7. Tone -control 
range, high -filter characteristic and 
loudness -contour action are all plotted 
in Fig. 8, while square -wave response 
at 100 Hz and 10,000 Hz is pictured 
in Fig. 9. The photos were taken with 
the tone controls defeated, since they 
did have a degrading influence on 
the square wave or transient response 
when observed on the oscilloscope. 

Listening Tests 
If one had to rate the tuner and 

.10 

-5 

0 

-S IS Ma 40 lb 
-10 

-Is 

-20 

-25 

20 SO 100 200 500 1K 2K 5K 10K 20K 50K 

FREQUENCY (H.) 

Fig. 7-Power-bandwidth curves. Insets 

show square -wave performance at 100 and 
10,000 Hz. 
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NIKKO. 

It's The Sign of Our Line 
With exclusive Terada electronic circuitry 
It's The Sign of Our Time 

NIKKO ELECTRIC CORPORATION OF AMERICA moo, LANI KERSOinn BLVD.. NORTH HOLLYWOOD. CALIF. 91001 
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"second system" or for others who re- 
quire moderately high efficiency in a 

small enclosure. We were surprised to 

find that about five watts of clean 
amplifier power was all we needed in 

a medium-sized listening area to re- 
create desired dynamic sound levels. 
By way of explanation, it should be 
noted that the enclosure design lies 
mid -way between the popular, low - 
efficiency "air suspension" designs and 
the older, more conventional sealed 
enclosure more commonly referred to 

as an "infinite baffle." 
The woofer element of this two-way 
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Fig. 8-Tone-control range, filter response, 

and loudness -contour characteristics of the 
820 receiver. 

amplifier sections of the Harman- 
Kardon Eight Twenty separately, the 
tuner section would come out ahead. 
Just about as sensitive as any FM 
tuner we have tested, some 46 sta- 
tions were received acceptably in our 
admittedly good listening location. 
Sixteen of these were received in 

stereo. Muting was excellent. When 
set to maximum mute (by means of 

the rear control), signals having a 

strength greater than 10 microvolts 
were able to overcome the mute, and 
the transition from mute to "no -mute" 
was not accompanied by any increase 
in distortion. The station was either 
"all there" or "not there at all," as 
it should be. The center -of -channel 
tuning meter was accurate in all cases, 
indicating perfect detector alignment. 
While the stereo indicating light had 
a tendency to be a bit dim when we 
were tuned to weaker stations, this 
did not affect reception or stereo sep- 
aration perceptibly. In all, FM recep- 
tion and stereo FM reception ranked 
with the best of present-day receivers. 

As for the amplifier, it has sufficient 
reserve power to drive any low effi- 

ciency pair of speakers, but if you 
plan to use two pairs of speakers in 

two locations simultaneously, they 
should he of the medium or high effi- 
ciency variety. The high -cut filter is 

of minimal slope and hence not any 
more useful than the ordinary tone 
controls. Transients were well defined, 
more so when the tone controls were 
out of the circuit. Controls are easy 
to use and certainly, visually, this re- 
ceiver fits in very well with our decor. 
For that matter, its styling is so ele- 
gant, that it would fit in well with 
almost anyone's furnishings. By elim- 
inating AM from this receiver, Har- 
mon-Kardon was obviously intent 
upon producing as much receiver as 
possible for under $300.00. In this 
they have succeeded. 

Check No. 56 on Reader Service Card 

Jensen TF -25 High Fidelity Bookshelf Speaker System 

Manufacturer's Specifications: 

Input Impedance: 8 ohms. Power Rating: 
25 Watts. Frequency Range: 25 to 19,000 

Hz. Crossover Frequency: 3000 Hz. Con- 

trols: High -Frequency Balance. Nominal 
Woofer Size: 10 inch. Dimensions: 14" h 

x 221/2" w x 85/8" d. Suggested Retail 

Price: $89.50. 

An attractively styled two-way 
bookshelf speaker system in the mod- 
est -price category, the Jensen TF -25 
could well be the answer for those 

seeking a reasonably good -sounding 

eee-.. . , .-...ieeet 

design comes from the "Flexair"® 
series of loudspeakers which Jensen 
makes available separately as their 
C 10 -PF loudspeaker mechanism. 
While these speaker elements have a 

fairly long "throw" or excursion and 
a soft rim suspension, they should not 
be thought of as true air -suspension or 
soft -suspension types. It is this "in- 
between" design, however, that ac- 

counts for the higher efficiency and 
surprisingly good bass response within 
the confines of an enclosure that might 
ordinarily be thought of as suitable 
for "air suspension" speaker elements 
only. 

The 10 -in. element is used all the 
way up to 3000 Hz, the crossover fre- 
quency, at which point a capacitive - 
inductive crossover network, associated 
with a wirewound level control, routes 
the signal to the horn -loaded, com- 
pression -driver tweeter. The open end 
of the horn measures two inches by 
five inches. 

Enclosure construction is solid, with 
sides and top and bottom made of 
:3,4 -in. lumber and the back constructed 
of 1/2 -in. material. The back is remov- 
able by means of ten screws. Attempt 
is made at sealing the enclosure by 
means of gasket material placed under 
the back cover. Styling of the front 
includes two vertical bars, as can be 
seen in the photo of Fig. 1. These 
enclosures may be oriented either ver- 
tically or horizontally, although we 
found that better angular dispersion 
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TELEFUNKEN 

CTELE 
FUN 
KEN 

AEG-TELEFUNKEN 

rnagnetophon 

The professional tape recorder 
magnetophon M 10 A 

This master recorder - with the TELEFUNKEN - of course 
amplifiers V 396/397 - is the top 
model for radio and TV studios. 

+ Extremely low wow and flutter 

+ S/N ratio of the playback amplifier 
75 dB or better 

+ Solid-stateswitchoveroftheequal- 
ization 

+ Amplifiers with silicon transistors 
on plug-in boards 

All German broadcasting corpora- 
tions are working with TELEFUNKEN 
tape recorders because of their high 
performance and reliability. 

Information Systems Division 
D-775 Konstanz, West Germany 
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of highs resulted when the enclosures 
were oriented with the long dimen- 
sion running vertically. 

We performed two types of electri- 
cal measurements in connection with 
the TF -25 units. The first of these in- 
volves impedance. Although this sys- 
tem (and many, many others) is said 
to have a nominal impedance of 8 
ohms, it is well known that this figure 
applies at perhaps one frequency or 
a specific range in the audio spectrum. 
In this age of solid-state amplifiers, it 
becomes very important that a speaker 
exhibit an impedance characteristic 
which never falls below the safe limit 
of 4 ohms, regardless of frequency 
applied. Figure 2 is a plot of imped- 
ance versus frequency. Note, that the 
nominal impedance of 8 ohms applies 
at a frequency of 600 Hz. Happily, 
however, at no frequency did the 
measured impedance decrease below 
the safe limit of 4 ohms. This is par- 
ticularly important at the extreme low 
end of the spectrum where inaudible 
but high-powered rumble might dam- 
age the associated amplifier if this 
limit were not maintained. Judging by 
the high impedance at 80 Hz, we 
would assume that this is the resonant 
point of the entire system, despite 
manufacturer's claim of 25 Hz reso- 
nance for the woofer element. It is, 
by the way, not unusual to have a 
steep rise in impedance at or about 
the resonant frequency of the system, 
as shown in Fig. 2. 

The second measurement performed 
was an open air frequency response 
plot, using a calibrated microphone 
mounted on -axis at a distance of three 
feet from the surface of the loudspeaker 
system. A word is in order in connec- 
tion with this frequency -response plot, 
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which is shown in Fig. 3. Most 
speaker systems exhibit small rises and 
dips over their entire usable range. In 
conventional graphic recorder plots of 
speaker response curves, there are 
many more dips and rises than are 
shown in Fig. 3. To present a more 
meaningful plot, however, we have 
averaged out the smaller dips and 
rises, since from an auditory point of 
view they are relatively unimportant. 
We have included such variations 
from "flat" response that represent 
more than a tenth of an octave in 
spectral width, since these are believed 
to contribute to the overall coloration 
of the particular speaker system. Three 
runs were made at the high -frequency 
end of the spectrum, corresponding to 
various settings of the high -frequency 
balance control. Later listening tests 
confirmed that the most "balanced" 
and pleasing sound occurred with this 
control set to its mid -point. 

Aftèr testing so many "low -effi- 
ciency" systems, the most startling 
thing about the Jensen TF -25 is its 
loudness level when fed with just a 
little bit of power. The control on our 
receiver, which normally needs to be 
set at about 2 o'clock for low -efficiency 
speakers, was set at about 10 o'clock 
for the same loud level at which we 
usually do our subjective listening. 
Highs were quite clean and well de- 
fined, as was the upper mid -range 
sound. The system seemed a bit defi- 
cient in the lower mid-range, through 
this may well have been caused by a 
pronounced peak at about 100 Hz, 
which tended to give the spoken voice 
just a bit of a "barrel" or hollow sound- 
ing effect. Admittedly, many listeners 
prefer this kind of sound, and that is 

probably why Jensen tailored the re - 

FREQUENCY (Hz) 

sponse of this system to meet that 
preference. We find the effect a bit 
unnatural. One thing is certain, how- 
ever. Before this system could pos- 
sibly be overloaded by excessive 
power, you would long since have 
achieved more than enough loudness 
for any listening you might want to 
do-even in relatively large listening 
areas. 

Check No. 58 on Readers Service Card 

Pioneer Model SE -50 Stereo 
Headphones 

MANUFACTURER'S SPECIFICATIONS: 
Frequency Response: 20-20,000 Hz. 
Matching Impedance: 4-16 ohms. Max. 
Allowable Input: 0.5 W (Each channel). 
Earpiece Elements: 3" cone -type for 
lows; 1 9/16" horn -type for highs. Cord: 
36 -in. retracted, coiled, extends to 16 
feet. Controls: two on each earpiece- 
one for volume and one for highs. 
Weight: 1.35 lbs. (without cord); cord 
and plug, 3'/2 oz. Price: $49.95. 

Stereo headphones have become al- 
most de rigeur in any modern hi-fi 
installation, and for a variety of rea- 
sons. Primarily, the aficionado is likely 
to want to listen to music at a higher 
level than the rest of the household, 
and there are certainly times when 
the other members of the household 
may possibly want to watch and lis- 
ten to TV, or maybe they just want 
quiet so they can read, study, or what 
not. In any case, the stereo head- 
phone allows the wearer to listen 
without either disturbing others or 
being disturbed himself. 

The Pioneer SE -50 headphones 
solve the problem effectively, and 
offer the additional advantage of al - 

(continued on page 71) 
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Strauss 

till 
you've 

listened to 
STEREO BY KENWOOO 

Visit your nearest Kenwood Authorized Dealer 
or write for complete brochure to: 

KENWOOD 15721 So. Broadway, Gardena, California 90247 

Y 

A KENWOOC receiver ... with its remarkable fre- 
quency respJnse and low distortion .. lets you 

hear every voice clea-ly, right down to the bottom 
of the orchestra. There's a lot going on down there 
you wouldn't want to miss! 
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