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Never before 
has there been a 
receiver like the 387. 
Power and purpose are implicit 
in its every distinctive line .. . 

from its bold new high -visibility dial face to 
the sweep of its comprehensive control panel. 
And just wait until you experience the 387's effortless 
performance! A new kind of receiver power is yours to command - 
instantaneous, undistorted, unmatched for flexibility and responsiveness. 

Inside, the 387 justifies its advanced exterior. Here are tomorrow's electronics .. . 

Integrated Circuits, Field Effect Transistors, solderless connections, and electronic safeguard 
systems to keep the 387's 270 Watts of power totally usable under all conditions. 

Decades of manufacturing experience and engineering skill have gone into the 387. But to really 
appreciate how its designers have totally rejected the ordinary, you must see it and hear it. 

SCOTT 387 AM/FM STEREO RECEIVER 

FM STEREO PERFECTUNE 

FM AM 

PHONO EXTRA 

Computer- activated "Perfectune" 
light: Perfectune computer de- 
cides when you're tuned for the 
best reception and lowest distor- 
tion, then snaps on the Perfectune 
light. 

New Modutron Circuit Board Ex- 
change Policy: Takes over after your 
warranty expires; insures quick, inex- 
pensive replacement of any plug-in 
printed circuit board for as long as 
you own your Scott unit. 

387 SPECIFICATIONS 
AMPLIFIER SECTION: Total power (±1 dB) 270 Watts @ 
4 Ohms; IHF music power, 220 Watts ® 4 Ohms; 140 Watts 
@ 8 Ohms; Continuous output, with one channel driven, 
100/100 Watts @ 4 Ohms; 63/63 Watts @ 8 Ohms; Continu- 
ous output, with both channels driven, 85/85 Watts @ 4 
Ohms; 55/55 Watts @ 8 Ohms; Harmonic distortion, 0.5% at 
rated output; IHF power bandwidth, 10 Hz - 38 kHz; Hum 
and noise, phone, -70 dB. TUNER SECTION: (FM); Usable 
sensitivity (IHF), 1.9 uV; Stereo separation, 40 dB; Capture 
ratio, 2.5 dB; Signal/Noise ratio, 65 dB; Cross modulation 
rejection, 80 dB; Selectivity, 42 dB. TUNER SECTION: 
(AM); Sensitivity (IHF), 4 uV @ 600 kHz; Selectivity (IHF), 
32 dB. 
Price: $449.95 Accessory case, extra. 
Prices and specifications subject to change without notice. 

Ultra -reliable Integrated Cir- 
cuits: Seven IC's are included in 
the 387 ... totalling 91 transis- 
tors, 28 diodes, and 109 resistors. 

New solderless connection tech- 
niques: Tension -wrapped termi- 
nal connections plus plug-in cir- 
cuit modules result in the kind of 
reliability associated with aero- 
space applications. 

COSCOTT 
For detailed specifications, write: 
H. H. Scott, Inc., Dept. 35-08 
111 Powdermill Road, Maynard, Mass. 01754 
Export: Scott International, Maynard, Mass. 01754 
©1970, H. H. Scott, Inc. 



Discovery in the art of performance 
Find your sound! The Starmaker collection not only in- 
cludes microphones for many different applications, but 
-even more important-microphones to enhance the 
personal techniques of professional performers as well. 

You can choose characteristics like "flat" frequency 
response. Tapered low -frequency response. Swütchable 
Bass Roll Off. A host of others. To make "today's" 
sound come alive-close up or far out. 

That's the way it goes up and down the Starmaker 

line (at optional list prices from $12 to $93). For pop, 
rock, and classical performers. At concerts, theatres, 
night clubs. In reel-to-reel and cassette home record- 
ings. For discussion/panel, paging, P.A., CB, and ham 
applications...you name it. 

To get specific, ask for the new Starmaker brochure 
1S1056 at your RCA microphone distributor or, write: 
RCA Electronic Components, Commercial Engineering, 
Sectionia H/J10, Harrison, New Jersey 07029. 

And, remember, for further professional needs, RCA also produces the- renowned eK and SK microphone lines. ncn 
Check No. 1 on Reader Service Card 



the pros 
depend on 
SHARPE 
headphones 
for the 
complete 
sound 

dont ÿóu? 
SHARPE Stereophones MKII with 
the smoothest frequency response 
from 15-30,000 Hz (30-15,000±3.5 
dB) are the choice of the professionals. 
After all, the pros know. That's why 
they're too rated. 
Audiometric laboratories have 
proven SHARPE Headphones to be 
superior In sound reproduction, utterly 
free of distortion (less than 1%) and 
ambient noise, no matter what your 
application ... professional or 
home stereo. 
Only SHARPE offers the maximum 
in comfort in the patented liquid filled 
ear cushions, and true reproduction, 
whether you choose the new Model 7 
at $19.95 or the 770 at $100.00... the 
quality standard of the professionals. 
Sound them out today at your 
franchised SHARPE dealer. Use the 
reader service card for the one nearest 
you. Ask him to demonstrate 
SHARPE Stereo Central, a new 
concept in remote listening control 
and headphone storage. 

SHARPE 
AUDIO DIVISION 
SCINTREX INC. 
390 Creekside Drive, Amherst Industrial Park 
Tonawanda, N.Y. 14150 
Export Agents: 
Elpa Marketing Industries Inc. 
New Hyde Park. N.Y. 11044 
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To maintain the uncompromising 
standard of Garrard automatic turntables, 

we mass produce them. 
Garrard of England is the world's 

largest producer of component auto- 
matic turntables. 

A mass producer, numerically 
speaking. 

Especially curious, since Gar- 
rard remains a staunch foe of mass 
production methods. 

At our Swindon works, final as- 
sembly of the Garrard SL95B is in the 
hands of nineteen men and women. 

Hands, not machines. 

A modest record 

As Brian Mortimer, Director of 
Quality Assurance, sees it, "In top form 
they turn out twenty units an hour. A 
rather modest record in these days of 
mechanized production lines. 

"But if we were to speed it up, 
we'd pay for it in quality. And, in my 
book, that's a bad bargain." 

At Garrard, we insist that each 
person who assembles a part test that 
finished assembly. If it isn't up to 
standard, it's corrected on the spot-or 
set aside to be made right. 

And then we test our tests. 
Four of our nineteen final "as- 

semblers" do nothing but testing. 
Before each unit is packed in 

its carton, it must pass 26 final 
checks that cover every phase of its 
operation. 

Is all this fussbudgetry really 
necessary? 

Check No. 3 on Reader Service Card 

By hand. 
Brian Mortimer answers it this 

way. "It would be sheer folly to give up 
the precision we'd achieved in manu- 
facture through imprecise assembly." 

The case for fussbucgetry 

Of the 202 parts in a Garrard 
automatic turntable, we make all but 
a handful ourselves. 

And we do it for just ore reason. 
We can be more finicky that way. 

For instance, in the manufacture 
of our Synchro-Lab motor we adhere to 
incredibly fine tolerances. 

Bearings must meet a standard 
of plus or minus one ten -thousandth of 
an itch. Motor pulleys, the same. 

To limit friction (and rumble) to 
the irreducible minimum we super fin- 
ish each rotor shaft to one microinch. 

And the finished rotor assembly 
is automatically balanced to within 
.0008 in. -oz. of the absolute. 

So, in the words of Brian Morti- 

mer, "We indulge our fussiness with a 

certain amount of conviction." 

From Swindon, with love 

For fifty years now Garrard has 
been important to the people of Swin- 
don, and they to us. 

Many of our employees are sec- 
ond and third generation. (Mortimer's 
father hand -built the first Garrard.) 

And 256 of them have been with 
Garrard for more than 25 years. 

We've been in good hands. 
Today's SL95B is the most high- 

ly perfected automatic turntable you 
can buy, regardless of price. 

Its revolutionary two -stage syn- 
chronous motor produces unvarying 
speed, and does it with an ultra -light 
turntable. 

Its new counterweight adjust- 
ment screw lets you balance the tone 
arm to within a hundredth of a gram. 

And its patented sliding weight 
anti -skating control is permanently ac- 
curate. 

$44.50 to $129.50 

There are six Garrard component 
models from the 40B at $44.50 to the 

SL95B (shown) at $129.50. 
Garrard standards, nonethe- 

less, do not vary with price. Only the 
degree of refinement possible. 

The choice is yours. However, 
your dealer is prepared to help. 

British Industries Co. 



Coming in 

September 

Audio's Annual 
1970-1971 Directory 
of Stereo Hi-Fi Com- 
ponent Equipment 

Here, in one issue, you 
get a truly comprehensive 
view of what's available in 

the latest hi-fi component 
models: 

Amplifiers Preampli- 
fiers Tuners Receiv- 
ers Record Changers 
Turntables & Tone Arms 

Phono Cartridges 
Loudspeaker Systems 

Open -Reel Tape Record- 
ers Cassette and 8 -Track 
Cartridge Tape Recorders 

Microphones Head- 
phones. 

In addition to this author- 
itative, year -long equip- 
ment buying guide, the 
September issue of AUDIO 
Magazine will include reg- 
ular features and depart- 
ments. 

ABOUT THE COVER: This shows the polar 
diagram of a line source speaker system, 
to be precise-the Bozak CM -200-10. Polar 
charts are made in a similar manner to 
normal speaker response curves but the 
loudspeaker ismounted on a synchronized 
turntable and rotated in front of the micro- 
phone. It could be accomplished the other 
way round but it would be a lot more 
complicated ... 

AuocIìnìc JOSEPH GIOVANELLI 

An Interesting Hiss Problem 

Q. While evaluating receivers, I came 
across one which I liked very well except 
for a "hiss" which is heard while listen- 
ing to recorded tapes, records, and radio. 
It is still heard when both the high-pass 
and the low-pass filters are switched in. 
Could you tell me the reason for this?- 
SP/5 Michael J. Bass, APO S.F. 

A. All electronic circuits generate some 
noise. We hope that this noise is well 
below the signal level, so much so that 
it is not noticeable. Most of the noise 
produced by today's equipment is pro- 
duced by the phonograph preamplifier 
circuitry, but not all of it. When the 
phonograph circuitry is the dominating 
noise source, the noise will be affected by 
volume controls, tone controls, and filters. 
This is because this source of signal must 
pass through these portions of the equip- 
ment on its way to the loudspeaker. There 
is a considerable number of additional 
circuit elements between the filters and 
the loudspeakers, all of which will gener- 
ate some noise. Because this noise, or 
"hiss" is produced at points located in the 
chain after the volume control, this con- 
trol will not be effective in reducing it. 
Similarly, if the noise is generated after 
the filters, you can see that they can't 
have any effect either. 

I will have to digress just a moment so 
that you can gain the rest of the picture. 

Loudspeaker systems vary in efficiency. 
One type of speaker system might pro- 
duce room -filling volume with one or two 
watts fed into it. Another speaker might 
require 30 watts to produce the same 
amount of sound. These are the extremes, 
but what I am now coming to is that if 
the amplifier is producing noise in stages 
which are located after the filters and vol- 
ume control, this noise will be heard 
more when listening to some speakers 
than with others. If you heard the re- 
ceiver under discussion through relatively 
high -efficiency speakers, it is quite likely 
that if you use low -efficiency speakers the 
noise would not be apparent. If the noise 
was heard when listening to relatively 
low -efficiency speakers, there is probably 
something wrong with the particular re- 
ceiver. This would be especially obvious 
if you heard the hiss from only one 
channel. 

Listen to a second sample of the prod- 
uct. If the noise is absent, you will know 
that there definitely was something wrong 

with the first sample. Of course, you must 
listen to the receiver with the same 
speaker. If the speaker is of low effi- 
ciency and the noise is still apparent, 
then we can only conclude that there is 
a design fault in the receiver, and you 
should pass it by, even though it is good 
in other particulars. 

Reproducing Pathe Records 

Q. I am a Pathe Record Collector. 
How can I play these records on my high 
fidelity music system?-Robert Moenning, 
San Pablo, California. 

A. Some of the earlier Pathe records, 
black with no center paper label, start 
from the inside and are vertically cut. 
Their nominal speed is 90 rpm, but 
they do vary in speed. Therefore, you 
will need a way to determine when the 
record is being reproduced properly. 
One guide could be the key in which 
the piece was written. You would have to 
hope that it was not transposed by the 
performer. The speed of later records 
was reduced to 80 rpm. 

From their initial recordings up to 
at least 1917, the stylus tip radius used 
for playing back these records was 8 
mils spherical. I was not able to learn 
just how long after 1917 this tip size 
was used. I would assume, however, 
that, for as long as the disks were ver- 
tically cut, the standard of groove size 
did not change. 

You need considerable force in order 
to prevent the stylus from skating out of 
the record grooves. Because the average 
stereo pickup does not track at heavy 
forces, you will need to obtain an extra 
stiff stylus assembly for this application. 
You must also have this stylus tipped 
with an 8 -mil diamond or sapphire. 

The cartridge must be wired for mono- 
phonic operation, but with one channel 
reversed, so that only vertical motion 
will be reproduced. Failure to reverse 
this channel will result in the almost 
complete cancellation of the desired pro- 
gram. 

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. 

4 AUDIO AUGUST 1970 



"High quality pressings 
begin with quiet lacquer masters"- 

John Eargte, Chief Engineer of Mercury Records. 

"We should never forget the impact that a low -distortion, low -noise 
master tape can have on the sound of a well made pressing. 

Recent studies* have shown that pressings benefit from the use 

of the Dolby System even under the ideal conditions of cutting 
master lacquers from original low -noise tapes. Under more usual 

conditions the cutting is done from tapes once and even twice 
removed from the original, and in these cases the benefits of 

noise reduction are all the more apparent." 

'John M. Ecrgle, "Perforrraice Characteristics of the Commercial Stereo Disc, J. Audio Eng Soc 17, 416 (1969) 

Write for full technical details and advice on how the Dolby 
System can be of value in your own professional audio recording 

or transmission application. 

DO DOLBY LABORATORIES INC 
333 Avenue of the Americas New York N Y 10014 
telephone (212) 243-2525 cables Dolbylabs New York 

for international inquiries: 

346 Clapham Road London S W 9 England 
telephone 01-720 1 11 1 cables Dolbylabs London 

Contact us for the name 
and address of your 
nearest professional 
Dolby System dealer. 



LSB-2 Linear Stereo Booster. A symmetri- 
cal push-pull preamplifier that can be 
used with your stereo pre -amp to improve 
the volume characteristic of your system 
without introducing any noise or distortion 
of your frequency response. It is designed 
primarily to be used in conjunction with a 
component that does not put out enough 
power. This can be either a low level 
device like a microphone or tape deck, or 
one that does not match your ore -amp 
properly. In either case, the LSB-2 can up 
to quadruple the volume of your system. 
Separate volume controls will allow great 
flexibility if you wish to mix two un- 
matched different level devices such as a 
microphone and phonograph. 

LSB-1 Performs exactly as the LSB-2 ex- 
cept it has a fixed gain of 4 and no volume 
controls. 

(Also available at your retail music or hi-fi store) 

STEREO TONE EXPANDER Designed for 
the stereo buff who wants that extra 
dimension of tone control on his system. 
If you find that your stereo doesn't give 
you enough highs even when the treble 
control is turned to maximum, or enough 
lows when the bass control is turned to 
maximum, then the stereo tone expander 
should be used in conjunction with your 
preamp. This unit is housed similarly to 
the LSB-2 except with two tone controls. 
Utilization of these controls will have the 
effect of extending your ore -amp controls 
virtually one extra rotation. 

All mail order sales are on a two week 
money back guarantee. Buy it and try 
it. If you don't think it's the greatest 
return it for a full refund. Enclose 
a check and Electro-Harmonix will pay 
shipping. Or, if more convenient. 
order C.O.D. for cost plus shipping. 

electro-harmonix 
15 West 26th St., New York, N. Y. 10010 

Please ship: 

LSB-1 

LSB-2 

STEREO TONE EXPANDER 

$15.95 
22.95 
24.95 

Enclosed is check for S_ 
Please ship C.O.D. 

Name 

Address 

City State Zip. 

What's New In AuÖio 

Fisher 4 -channel receiver 
This is model 701 mentioned in our July 
issue. Features include 5 -way 4 -channel 
mode selector, Auto -Scan electronic tun- 
ing, sliding front and rear channel volume 

.: . v. = 
s x -e s m ...: 
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controls, illuminated mode selector lights 
and 3 FETS in the tuner section. Rated 
output is 40 watts (RMS) per channel. 
Price, $700. 

Check No. 81 on Reader Service Card 

Pioneer automatic turntable 
This unit, model PL -A25, uses a 4 -pole 
motor which is a hysteresis synchronous 
type with outer rotor. A separate motor 
is employed for the automatic devices 
and provision is made for manual play. 

The tone arm is equipped with a lateral 
balancer and an oil -damped lifting de- 
vice. The PL -A25 comes complete with 
an induced -magnet type stereo cartridge 
Price $129.95 complete with cartridge, 
base, and cover. 

Check No. 82 on Reader Service Card 

Weltron 8 -track player 
Weltron model WTR-800 is an 8 -track 
recorder -player with automatic level con- 
trol, cartridge ejection and a special sig- 
nal indicator warns the user of unsatisfac- 

tory input level. It is specially designed 
for use with high quality stereo receivers 
or amplifiers. Price $139.95. 

Check No. 83 on Reader Service Card 

Norelco model 1570 cassette player 
This machine includes a built-in AM -FM 
radio permitting direct off -the -air record- 
ings. It features a dual -motor tape trans- 
port system, automatic level control and 

dynamic microphone. Power is supplied 
by four "C" cells and a detachable line 
cord is included. Price $90. 

Check No. 84 on Reader Service Card 

New Fisher speaker system 
Model WS -70 is an omnidirectional sys- 
tem using a 6 -inch bass speaker with 
a 3 -inch cone treble unit. Dimensions are 

15's' wide by 9"z" deep and 16r high. It 
is finished in walnut and the weight is 16 
pounds. Price, $79.95. 

Check No. 85 on Reader Service Card 

Check No. 6 on Reader Service Card 
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JVC introduces 
the New Super Naturals 

Fabulous new features plus Advanced SEA* 
add up to the ultimate listening experience - Super 

Natural Sound! Yours to enjoy in four exciting new models from 
JVC. Check them out at your dealer today. Or write us direct 
for color brochures and the name of your nearest dealer. 

JVC Model 5010. Moderately priced AM/FM 
multiplex stereo. Has Advanced SEA with knobs 
that click up or down in 2db steps within a range of 
± 12db, just like the more expensive models. 40 
watts total dynamic power. Five IF stages. New FET 
reachs out for distant FM stations. 1% IM distortion. 
Accommodates 2 speaker systems simultaneously. 
Wood cabinet. 

JVC Model 5020. Superb AM/FM stereo with 
Advanced SEA. Automatic FM. 75 watts dynamic 

power. FM linear scale dial. FET ultra -reliable 
circuitry. Separate pre -and main amplifier sections. 

1% IM distortion at rated power. 30-30,000 Hz 
bandwidth for crisp, clean sound. Wooden cabinet 

at no extra cost. 

JVC Model 5030. Sophisticated beauty. AM/FM 
multiplex stereo with automatic FM and Advanced SEA. 
Brilliant 140 watts output. FM linear scale dial 
pinpoints stations on crowded FM band. IC modules plus 
new ultra -sensitive FET frontend. 15 to 30,000 Hz 
bandwidth. Infinitesimal 0.8% distortion. Built in 
pre -and main amplifiers. Wood cabinet. 

JVC Model 5040. 200 watts concert hall quality 
AM/FM stereo. Advanced SEA. 0.8% distortion at 

full output. Handles 3 stereo speaker systems. 
Automatic FM. IC modules for near 

perfect reliability. Separate pre -and main amps. 
Computer designed FET. 10 to 30,000 Hz bandwidth. 

Hand rubbed wood cabinet. 

JVC Catching On Fast 
JVC America. Inc.. 50-35, 56th Road, Maspeth, New York, N.Y. 11378 

*Stereo Review acclaims JVC's exclusive 
Sound Effect Amplifier (SEA) as "the most 
effective tone control system ever devised." 
Advanced SEA divides up the sound spec- 
trum into 5 channels, gives you control of 
each for out of this world sound. 

Check No. 7 on Reader Service Card 



The greatest record and tape offer in our history... FOR EVERYONE - EVEN THOSE 

?'zee1iN13$TEREOLP'S or 
WITH ABSOLUTELY NO OBLIGATION 

31787 MAMAS & 
PAPAS -16 Great Hits 
Dunh LP, 8TR. CASS 

42693 KING CRIMSON 
Atlan LP, 8TR 

1799 THREE DOG 
NIGHT-It Ain't Easy 
Dunh LP 8TR CAS 

6759 TCHAIKOVSKY 
-1812 Overture 
Mercu LP 

33083 COUNTRY JOE 
& FISH-CJ Fish 
Vangu LP. 8TR, CASS 

42665 CROSBY, 
STILLS & NASH 
Allan LP, 8TR, CASS, 

33032 IAN & SYLVIA 
-Nashville 
Vangu LP. 8TR. CASS 

15116 HANDEL 
epl-tha 

Vangu LP r3 records 

67503 SMITH- 
Minus-Plus 
Dunhi LP. 8TR. CASS 

33077 JOAN BAEZ- 
One Day At A Time 
Vangu LP, 8TR, CASS 

CASALS 

17317 CASALS- 
Plays Beethoven 
Phil LP 

17263 GREGORIAN 
CHANT 
Phili LP 

34506 ZORBA THE 
GREEK-Soundtrack 
TwCen LP, 8TR, CASS 

42673 LED ZEPPELIN 
II 

Atlan LP, 8TR 

34525 HELLO DOLLY 
TwenCen LP, 8TR, 
CASS 

44365 JACQUES BREL 
-If You Go Away 
Phili LP 

33065 JOAN BAEZ - 

David's Album 
Vangu LP, 8TR, CASS 

49706 B.B. KING- 
Completely Well 
Blues LP, 8TR, CASS 

44368 PAUL MAURIAT 
-Midnight Cowboy 
Phil LP. 8TR. CASS 

42638 HERBIE MANN 33495 BLIND FAITH 
Memphis Underground Ateo LP, 8TR, CASS 
Atlan LP, 8TR, CASS 

33486 CREAM-Best 
of Cream 
Atco LP. 8TR 

;e. 
1i1,: 

30606 TEMPTATIONS 
Psychedelic Shack 
Gordy LP. 8TR. CASS 

66546 RARE EARTH-- 44369 MYSTIC MOODS 7238 BERLIOZ- 31795 RICHARD 
Get Ready ORCH.Stormy Weekend Te Deum-London Sym. HARRIS-Love Album 
RarEa LP. 8TR. CASS Mere LP, 8TR, CASS Phili LP Dunhi LP. 8TR, CASS 

42703-ARETHA 17049 SIBELIUS 
FRANKLIN-This Girl's -Sym #2 Concert - 
In Love With You gebouw/Szell 
Atlan LP. 8TR, CASS Phili LP, 8TR, CASS 

17064 MOZART: Sym 
Nos. 25, 29, 32- 
Lon. Sym, Davis 
Phil LP 

33029 BUFFY 
SAINTEMARIE 
-Gonna Be A 
Country Girl Again 
VanI LP, 8TR, CASS 

33443 IRON 
BUTTERFLY-In A 
Gadda4a-Vida 
Ateo LP, 8TR, CASS 

42704 CROSBY, 
STILLS, NASH & 
YOUNG-Deja Vu 
Atlan LP, 8TR, CASS 

31781 THREE DOG 
NIGHT-Suitable 
for Framing 
Dunhi LP. 8TR. CASS 

44195 FOUR 
SEASONS- Gold Vaul 
of Hits 
Phili LP, 8TR, CASS 

15113 MAHLER 
Sym _3 Utah Sym 
Vangu LP (2 records 

30602 JACKSON FIVE 
-I Want You Back 
Motow LP. 8TP.. CASS 

33252 WES 
MONTGOMERY- Best 
River LP. 8TR, CASS 

42577 RASCALS -Great 44373 HARR: French 
Hits Time Peace Original Cast 
Atlan LP. 8TR CASs Phil LP 

33078 WEAVERS- 
On Tour 
Vangu LP, 8TR, CASS 

.t 

48782 APPLAUSE 
-Original Cast 
ABC LP, 8TR, CASS 

43793 SPANKY AND 
OUR GANG-Greatest 
Hits 
Mercu LP, 8TR, CASS 

31973 JOHN COLTRANE 30601 DIANA ROSS 
--Selflessness & SUPREMES - 
Impul LP Greatest Hits 3 

Motow LP, 8TR, CASS 

17042 BEETHOVEN: 
Piano Sonatas 
Richter Phil I P 

33487 BEST OF BEE 
GEES 
Atco LP, 8TR, CASS 

30609 SUIPREMES- 
Right On 
Motow LP, 8TR. CASS 

67500 STEPPENWOLF 
-"Live" +2 records 
Dunhi LP, liTR, CASS 



PEOPLE WHO SWORE THEY WOULD NEVER JOIN ANOTHER RECORD OR TAPE CLUB! 

ANY 1 CAPE 'cal::: SHOWN HERE 

Worth 

4 

TO BUY ANYTHING EVER! 
Yes, take your pick of these great hits right now. Choose any 3 Stereo LP's (worth up to $20.94) or any 1 stereo tape (worth 
up to $6.98) FREE ... as your welcome gift from Record Club Of America when you join at the low lifetime membership fee 
of $5.00. We make this amazing offer to introduce you to the only record and tape club offering guaranteed discounts of 
331/3% to 79% on all labels -with no obligation or commitment to buy anything ever. As a member of this one -of -a -kind club 
you will be able to order any record or tape commercially available, at savings up to 79% -guaranteed never less than 
331/3%. Na automatic shipments, no cards to return. We ship only what you order. Money back guarantee if not satisfied. 

Compare 

Clubs 
and See 

See for yourself why over 3/4 million record and tape collectors 
Record Club of America when other record or tape clubs would 

Columbia 

Columbia Ca tel 
The RCA Stereo Tape 

Pi Cassette Cartridge RCA Stereo I 
Record Club Record Club glue Service Tape Club 

(as advertised Ms advertised Las advertised m (as advertised (as advertised 
n Playboy In Playboy sports Illustrated In TV Guide in Playboy 

February. 1970) April 1970) May 4. 1970' April 25. 19701 AprIl 1970) 

paid $5 to join 
have accepted them free. 

RECORD CLUB OF AMERICA 

CAN YOU 
CHOOSE FROM 
ALL LABELS? 
LP's OR TAPES. 
INCLUDING 
CARTRIDGE, 
CASSETTE AND 
REELTO.REEL 
TAPES? 

NO NO NO NO NO 

Choose any LP or tape 
on any label! No e.cep 
lions! Hundreds of differ. 

YES! ent manufacturers 
including Columbia. 
RCA. Capitol. Angel, 
London, etc. 

MUST YOU Buy 
A"MINIMUM" 
NUMBER OF 
RECORDS OR 
TAPES' 
HOW MANY? 

10 12 6 12 6 

No obligations! No 

NONE! Yearly quota! Take as 
many, as few, or none 
Al all if you so decide' 

HOW MUCH 
MUST YOU 
FULFIL To 

LEGALFULFILL 

YOUR 

OBLIGATION' OBLIGATION, 

$49.80 
TO 

$59.80 

$59.76 
to 

$71.76 

$35.70 
to 

$41.70 

$83.76 
to 

$95.40 

$41.70 
TO 

$47.70 

You don't have to spend 
a penny because you're ZERO not "legally obligated" 

DOLLARS! to boy even a vngle Co. 
ord or tape' 

CAN YOU BUY 
ANY RECORD 
OR TAPE You 
WANT Al A 

DISCOUNT+ 

NO NO NO NO NO 

You get discounts up to 
79 % oil. Guara 

ALWAYS! never less m an 33 
teed 
I'lea 

011. No erceptlons. 

DO YOU EVER 
RECEIVE 

U ADEPED RDS OR 
TAPES? 

YES YES 

- 

YES YES YES 

There are no cards which 
you must return. Only 

NEVER! ÿó, wámrdáreaiéntVI'd 
only when you ask us to 
Send them. 

HOW LONG 
MUST You 
WAIT FOR 

SELECTIoa 
TO ARRIVE' 

5 to 6 

weeks 
5 to 6 

weeks 
5 to 6 

weeks 
5 to 6 

weeks 
5 tD 6 

weeks 
NO LONG Your order processed 

same day received. No 
WAITS! shipping on cycle. 

AT LAST A RECORD AND TAPE CLUB WITH NO "OBLIGATIONS" -ONLY BENEFITS! 
This is the way you want it -the only record and shown here (worth up to $20.94) and mail coupon 
tape club with no strings attached! Ordinary record with check or money order for $5.00 membership 
or tape clubs make you choose from just a few fee (a small handling and mailing charge for your 
labels -usually their own! They make you buy up free records or tapes will be sent later). This 
to 12 records or tapes a year -usually at list price entitles you to LIFETIME MEMBERSHIP -and you 
-to fulfill your obligation. And if you forget to never pay another club fee. You are never obligated 
return their monthly card -they send you a record to buy another record or tape ever. Your savings 
or tape you don't want and a bill for $4.98, $5.98, have already MORE THAN MADE UP FOR THE 
$6.98 or $7.98! In effect, you may be charged NOMINAL MEMBERSHIP FEE. 
almost double for your records and tapes. 

But Record Club of America Ends All That! 
We're the largest all -label record and tape club 
in the world. Choose any LP or tape (cartridges 
and cassettes) ... on any label ... including new 
releases. No exceptions! Take as many, or as few, 
or no selections at all if you so decide. Discounts 
are GUARANTEED AS HIGH AS 79% OFF! You always 
save at least 331/3%. You never pay full -price! You 
get bestsellers for as low as 99e, plus a small 
handling and mailing charge. 

No Automatic Shipments 
With Record Club of America there are no cards 
which you must return to prevent shipment of 
unwanted LP's or tapes (which you would have 
to return at your own expense if you have failed 
to send written notice not to ship). We send only 
what you order. 

How Can We Break All Record and 
Tape Club Rules? 

We are the only major record and tape club NOT 
OWNED ... NOT CONTROLLED ... NOT SUBSIDIZED 
by any record or tape manufacturer anywhere. 
Therefore, we are never obliged by company policy 
to push any one label, or honor the list price of 
any manufacturer. Nor are we prevented by distri- 
bution commitments, as are other major record or 
tape clubs, from offering the very newest records 
and tapes. 
Join Record Club of America now and take advan- 
tage of this special INTRODUCTORY MEMBERSHIP 
OFFER. Choose any three LP's or any one tape 

Look What You Get 

FREE Lifetime Membership Card -guarantees you 
brand new LP's and tapes at discounts up to 
79% ... Never less than 1/3 off. 
FREE Giant Master LP Catalog -lists readily avail- 
able LP's of all labels! Thousands of listings; 
hundreds of labels. 
FREE Giant Master Tape Catalog -sent on request. 
Lists readily available tapes (cartridges and cas- 
settes) on all labels. 
FREE Disc & Tape Guide -The Club's own Maga- 
zine, and special Club sale announcements which 
regularly bring you news of just -issued new re- 
leases and "extra discount" specials. 
FREE Any 3 Stereo LP's or any 1 Tape shown here 
(worth up to $20.94) with absolutely no obligation 
to buy anything ever! 

Guaranteed Instant Service 
All records and tapes ordered from Disc & Tape 
Guide and special sale announcements are shipped 
the same day received (orders from the Master 
Catalogs may take a few days longer). ALL RECORDS 
AND TAPES GUARANTEED -factory new and com- 
pletely satisfactory or replacements will be made 
without question. 

Money Back Guarantee 
If you aren't absolutely delighted with our dis- 
counts (up to 79%) -return items within 10 days 
and membership fee will be refunded AT ONCE! 
Join over one million budget -wise record and tape 
collectors now. Mail coupon to: Record Club of 
America Club Headquarters, York, Pa. 17405 

TYPICAL "EXTRA DISCOUNT" SALE 
Savings of 50 And More From Recent 

Club Sales ... Savings up to $3.49 per LP 

List Half 
Label Price Price 

Simon & Garfunkel -Bridge 
Over Troubled Water Col 5.98 2.99 

Joe Cocker A&M 4.98 2.49 
Peter, Paul & Mary- Album 1700 War 4.98 2.49 
Herb Alpert -Greatest Hits A&M 4.98 2.49 
Creedence Clearwater Revival - 

Willy & Poorboys Fant 4.98 2.49 
The Beatles -Let It Be Apple 6.98 3.49 
Hair -Original B'way Cast RCA 5.98 2.99 
Tom Jones -Tom Parrot 5.98 2.99 
Paul McCartney -McCartney Apple 5.98 2.99 
Jose Feliciano -Fireworks RCA 4.98 2.49 
Glen Campbell -Oh Happy Day Cap 5.98 2.99 
Barbra Streisand -Greatest Hits Col 5.98 2.99 
Miles Davis -Bitches Brew Col 6.98 3.49 
Leontyne Price -Verdi Heroines RCA 6.98 3.49 

Your $5.00 membership fee entitles you to buy 
or offer gift memberships to friends, relatives, 
neighbors for only $2.50 each, with full privi- 
leges. You can split the total between you - 
the more gift members you get -the more you 
save! Special Note: gift members do not re- 
ceive any FREE records or tapes. 

40-R4 © 1970 RECORD CLUB OF AMERICA, INC. 

1 o RECORD CLUB OF AMERICA 
CLUB HEADQUARTERS 
YORK, PENNSYLVANIA 17405 X799 

Yes -Rush me a lifetime Membership Card, Free Giant 
Master LP Catalog (check box below if you also wish 
a Master Tape Catalog) and Disc & Tape Guide at this 
limited Special Introductory Membership offer. Also 
send me the 3 FREE LP's or 1 FREE tape which I have 
indicated below (with a bill for a small mailing and 
handling charge). I enclose my $5.00 membership 
fee. (Never another club fee for the rest of my life.) 
This entitles me to buy any LP's or Tapes at dis- 
counts up to 79%, plus a small mailing and han- 
dling charge. I am not obligated to buy any records 
or tapes -no yearly quota. If not completely delighted 
I may return items above within 10 days for imme- 
diate refund of membership fee. 

Also send Master Tape Catalog 
3 FREE LP'S 

or 1 FREE TAPE 

8 track 
cassette 

Also add Gift Memberships at $2.50 each 
to my request. (Attach separate sheet with names 
and addresses. Indicate Master Catalog request.) 

I enclose $ covering my $5.00 lifetime 
membership and any gift memberships at $2.50 each. 

D CASH D CHECK MONEY ORDER 
Make a check or money order payable to 

Record Club of America. 

M r. 
Mrs. 
Miss 

Address 

City State Zip 

Check No. 9 on Reader Service Card 



Line Radiators For Public Address 

BMC P-1 

Fig. 1-Showing one 
method of power 

'tapering.' 

JBL Colinear 

making for better intelligibility, and the 
sound pattern allows a greater latitude 
in microphone placement to avoid feed- 
back. Usual lengths are 4 to 7 feet which 
to some extent determines the low -fre- 
quency response in accordance with the' 
following formula 

1= 
720 

ft 
fi sin e 

Where fi lowest working frequency 
B angle a which intensity is -6 dB 

at fi 

In order to maintain a uniform high -fre- 
quency response, i.e. to prevent undue 
beaming effects, it is customary to tailor 
the response of the units or use series 
inductors for the top and bottom units. 
To arrive at the required wave shape 
with a minimum of side -lobes, input 
should be distributed with full power 
applied to the middle units and tapered 
off at each end. This is usually accomp- 
lished by using taps on the input trans- 
former as shown in Fig. 1. In outdoor 
systems where reflections from walls do 
not reinforce the sound, it is worth re- 
membering that doubling the distance 
from speaker to listener reduces the 
sound pressure by 6 dB. To make this up, 
amplifier power would have to be in- 
creased by a factor of four. 

The BMC model P-1 column at the far left has an array of six 
4M -inch speakers fitted with dispersion domes. Response is said 
to extend down to 40 Hz and the dimensions are 333i by 833 by 
5 inches wide. Model P-2 is a smaller version measuring 29% 

inches high with a reduced bass response. JBL's 4380 is called 
a `Colinear' array and it uses four 8 -inch speakers with two 5 - 

inch high -frequency units. Horizontal radiation is 120 deg. and 
20 deg. vertical. The University CSO-6G 'Uniline' is completely 
weatherproof and constructed to withstand severe environmental 
conditions. It uses six 8 -inch speakers and the two middle units 
have `whizzer' cones to increase h.f. response. Dimensions are 
6032 by 11 by 7% deep and the frequency response is given as 
65 Hz to 14 kHz. The small system is a Geloso model 10T/98 
which employs three 5 -inch speakers. The ball -type swivel per- 
mits a wide range of adjustment and among the other features 
is a variable thumb -type impedance selector. This `mini -column' 
is ideal for low-level background music or paging systems. Di- 
mensions are 1933 by 4 by 3 inches deep. The large curved 
system is an Electro -Voice LR7 which has no less than nine 5 - 
by 7 -inch speakers plus two compression tweeters. Frequency 
range is 50 Hz to 17 kHz and dimensions are 60% by 11 by 14 
inches deep. 
Line -source, or sound -column systems 
consist of several speakers mounted verti- 
cally and spaced as close as possible in an 
enclosure. Such systems project the sound 
forward in a horizontal beam with min- 
imum side and rear radiation. Reflections 
from walls and ceilings are reduced 

University CSO-6G 

Geloso 
10/98 

Electro -Voice LR7 
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Second to one... 

Ila 100 600 1.000 1000 5000 

0 REOUENCY R: 

10.000 M,000 30000 

TRACKABILITY CHART FOR M91E 
Measured At One Gram 

01 

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. 

SHIVFiE 
M91E HI -TRACK PHONO CARTRIDGE 

© 1969, Shure Brothers Inc., 222 Hartrey Ave., Evanston, Illinois 60204 
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Line Radiators (cont'd) 

Jensen TXC-56 

Bozak CM -200-10 

Fig. 3-Method of slot -loading. 

A 

70 

100. 

110. 

120' 

150' I60' 170' 180' 170' 160' 150' 

Fig. 2-Horizontal dispersion of Bozak 
system. 

Electro -Voice 
LR4SA 

At the upper left of the page is the Jensen TXC-56 system 
which uses six 5% -inch speakers. Frequency response is quoted 
as 100 Hz to 10 kHz, and the dimensions are 40% by 9% by 5% 

inches deep. Model TXC-84 is similar in styling, but is fitted with 
four 8 -inch units, and the frequency response is extended down 
to 50 Hz and up to 15 kHz. Dimensions are 52% by 13% by 7% 

inches deep. At the right is the Electro -Voice LR4SA, which is de- 
scribed as an all-weather line radiator. It comprises six 5- by 
7 -inch speakers, and the frequency response is given as 200 Hz 
to 10 kHz. Dispersion is 120 deg. horizontal and 30 deg. vertical. 
The enclosure-which is made from extruded aluminum-is 48% 

by 6% by 4 inches deep. At the left is a Bozak CM -200-10 
mounted on a pole. This system is intended for areas with severe 
reverberation problems and the bass response rolls off below 
200 Hz. It comprises two 6 -inch speakers with eight 2 -inch 
treble units. The polar diagram shown in Fig. 2 is the horizontal 
dispersion pattern at 500 Hz and 5 kHz. Model CM -109-18 is a 

larger system with a low -frequency response going down below 
100 Hz, and it uses six 8 -inch speakers plus twelve 2 -inch treble 
units. It is somewhat larger, measuring 57 by 15% by 10 inches 
deep. 

The diagram of Fig. 3 is that of a slot -loaded enclosure as 

used by Bozak. These are very popular in Europe and are used 

extensively for airport installations. Care has to be used in design 
to avoid cavity effects. The majority of enclosures are sealed, 

but reflex loading with narrow ports is sometimes used in the 
larger systems. 

70° 

110 

120' 

130' 

140' 
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WhY most hìtì 
speaker manufacturers 

demonstrate with 
the Crown 

It's no secret to hi-fi show goers 
that Crown DC300's are at work in 
almost every independent speaker 
manufacturer's exhibit. And, if you 
could visit their factory design labs 
and test chambers, you would see 
DC300's in nearly every plant too. 
We don't have to tell you why. 
Speaker manufacturers are inter- 
ested in hearing their speakers, not 
the amplifier. And the Crown DC300 
is the only amp in the world which 
can deliver a signal so pure that 
distortion is practically unmeas- 
urable, at any listening level. Plus 
adequate power to reproduce all of 
the critical transient signals with- 
out overload. Does that tell you 
something about how your system 
could sound with a DC300? 

300 watts/channel RMS into 49 
IM distortion under 0.05%, 1/10 

watt to 300 watts 
S/N 100db below 150 watts RMS 

into 81 
3 -year warranty on parts and labor 
damping factor greater than 200 
Send for lab test reports from Audio, 

Stereophile and Hi -Fidelity. 

BOX 1000, DEPT. A-8 , ELKHART, INDIANA 46514 

Check No. 13 on Reader Service Card 



Number 81 in a series of discussions 
by Electro -Voice engineers 

PUTTING 

ON THE 

HEAT 
LARRY SALZWEDEL 
Loudspeaker 
Project Engineer 

Because two basic characteristics-material fa- 
tigue and heat dissipation-limit the ability of 
a transducer to withstand high acoustic power 
levels, the design of a new class of high -relia- 
bility, high -power drivers was centered on 
these two areas. 

While the voice coil of the new drivers is of 
conventional copper, it is protected by a new 
polyester insulation that is unaffected by tem- 
peratures in the neighborhood of 300°F, typical 
of continuous high-level operation. The coil is 
mounted on a coil form of Kapton polyimide 
plastic (described in an earlier article [#72] 
in this series) and then cemented to a heavy- 
duty phenolic diaphragm. Centering of the en- 
tire assembly with unusually high accuracy is 
the result of precision fixturing, plus a system 
of automatic thermal compensation. 

Of special interest is the magnet structure, 
which employs a cast, one-piece ductile iron 
pot structure. This permits better heat transfer 
than conventional bolted or glued assemblies. 
A series of radiating fins are cast into the struc- 
ture to increase the surface area, and serve to 
reduce the gap temperatures as much as 40°F. 
The elimination of multiple parts also improves 
production uniformity by decreasing cumulative 
"stack ups" of tolerances. 

The driver design eliminates the usual decora- 
tive outer cover, since this was a source of 
trapped air that held heat inside the structure. 
The pot structure is also painted black to 
further increase prompt radiation of heat gen- 
erated inside. 

While some of these measures may seem ex- 
treme, rigorous testing has provided proof of 
the validity of this approach. A standard Model 
1823 high -power driver easily withstands 300 
hours of continuous operation in siren service 
with an input of 75 watts square wave. This 
compares with a typical life of 16 hours for all 
other similar drivers tested to date. For sine 
wave input, maximum power is 90 watts. 

In addition to the availability of the new E -V 
Model 1823 driver for use on conventional re- 
entrant, multicell, and sectoral horns, two 
special horns (Model AR400 and Model 
AR500) have been developed. These horns 
are expressly suited to siren applications for 
vehicular service (either exterior or concealed) 
and can be used on emergency vehicles, in 
audio warning systems, for marine fog horns, 
etc. Full information on horns and drivers for 
inclusion in high -power systems is available 
on request. 

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

ELECTRO -VOICE, INC., Dept. 803A 
602 Cecil St., Buchanan, Michigan 49107 

g.r-ete okr. 
A SUBSIDIARY OF GULTON INDUSTRIES. INC. 

MOOGS ót MOONDOG 
E. T. CANBY 

It's always fascinating to me that in 

both our arts and our engineering-music 
and hi-fi, for instance-we thrive so well 

on adversity, even in this age of abun- 
dance. We're always forging ahead against 
limitations that by rights should have us 
crying "uncle" every other minute. In- 
stead, we just get obstinate and push on 

even harder. It's a way of life and it goes 
'way beyond any differences between art- 
ists and engineers. 

Whether it's in music or in engineering, 
we do our best in the face of limitations- 
we call them challenges-and very seldom 
when things are shoved at us on a platter. 
We get our kicks, and our successes, by 
setting up millions of little Mt. Everests 
and climbing them; because there they 
are, staring us in the face. We work out 
compromises, so that somehow or other 2 

plus two adds to 5. Are we proud! They 
said it couldn't be done. Perhaps it's only 
a couple of dB of signal-to-noise that 
we've picked up against all reason. Or a 
successful pop tune when they said all the 
good tunes had already been written (and 
copyrighted). Sometimes we do big things, 
but it's the little ones that really add up. 

Parsimony is best. We never start from 
scratch-that's just rhetoric. We start with 
whatever we have, what's in front of us- 
tools, materials-and we build on what 
has already been built, solving a few more 
problems that couldn't be solved. Music 
is that way. So is engineering. Improved 
tape recorders grow out of earlier im- 
proved tape recorders. New music comes 
out of the old, even if it's all -electronic. 
A "totally new" tape recorder? A "totally 
new" musical language? Hogwash. We 
each add our parsimonious bit. And all 
because we insist on denying the common- 
sense verdict that enough is enough and 
there isn't any more to be done. Not on 
your life! Hope of financial reward, by the 
way, is merely an excellent excuse. 

How, then, do young composers come 
to write their music? The same way young 
engineers come to designing a tape re- 
corder. Don't think that you can walk up 
to a burgeoning musician with a couple 
of Moogs and say, look! Compose any- 

thing you want! It doesn't work out that 
way. Instead, the good young composers 
go around listening, learning, observing; 
and then they try their hand at whatever 
music happens to be around-whether it's 
for a Moog or a mouth organ. Might be 
either. Limitations? Of course. The mouth 
organ plays only two chords. The Moog 
has great tangles of patch cords, to con- 
fuse the budding muse. (Mr. Moog is 

probably doing something about that. ) 

Some synthesizers, remember, synthesize 
only one note at a time, after vast set- 
tings of dials and feeds and sliders and 
switches. ( Whereas any old harpsichord 
can play you dozens of complex wave 
forms in seconds.) 

Music comes out, you see, the way it 
goes in. You start from where you are 
and with what you have. Tape recorders 
are the same. And tone arms. You set out 
to improve the unimprovable-otherwise 
why bother? 

To get down to cases ( and this is how 
I got started here ... ), I'm interested in 
a new recording of piano music by a youth 
of 25, who wrote the stuff a few years 
back, when he was 20. Funny-it sounds 
straight out of the pre-war days, say, 
1925-1935. He wasn't even born then. 
Andrew Zatman. Then there's music by a 

Prince Consort, composed at the same age 
though some 130 years ago. Prince Albert. 
Good musician. And there's Moondog, a 
statuesque creature with a vast white 
beard and hair, dressed in a Viking -style 
costume. He writes European -type classi- 
cal, though he comes from Hurley, Mo. 
and also Kansas, Wyoming, and points 
West. It's what he heard. What he likes, 
where he started. 

Then, too, there's Paul McCartney of 
the Beatles, who might have been Schu- 
bert if he'd been around at the right place 
and time. He wasn't. So, perforce, he's 
Paul, an absolute master of melody. What 
melody? The kind he heard in Liverpool, 
out of America. He, too, manages to im- 
prove on earlier models. And with no 
more than those same seven familiar notes 
of the ordinary scale plus a few extras on 
the side. Economical, yes? 

(Continued on page 32) 
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"... quite probably the best 

buy in high fidelity today." 
-the Dynaco A-25 speaker ($79.95 assembled only) 

from THE STEREOPHILE, Box 49, Elwyn, Pa. 19063 

"...(sonically) we cannot see how any 
preamp, present or future, could 

surpass the PAT -4." 
($89.95 kit, $129.95 assembled) 

"...makes most loud- 
speakers sound better." 

These opinions from The Stereophile are 
even more meaningful since it is the most re- 
spected journal in the audio field, whose sole 
source of revenue is from its subscriptions. 

Over the years Dynaco has proved faithful 
to its philosophy of providing outstanding per - 

The Dynaco Stereo 120 power amplifier 
($159.95 kit, $199.95 assembled) 

formance at a most moderate cost. Proper ini- 
tial design eliminates the need for model 
changes. The savings achieved are passed on 
to you. What is "state-of-the-art" when you 
acquire it will still meet contemporary perform- 
ance standards years later. 

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

dynraco /NC_ 3060 JEFFERSON ST., PHILA., PA. 19121 
IN EUROPE WRITE: DYNACO A/S, HUMLUM, STRUER, DENMARK 



BASF 

22» 
BASF 

the 
"more" 

tape 
Every time you choose BASF, you get 
more for ydur money ... more than you 
get with any other quality tape. 

First, you get superlative recording qual- 
ity. BASF is made with a special formu- 
lation that creates superb sound repro- 
duction with extra -low tape noise. 

and there's more ... 
BASF tape is ageless. Your recordings 
will last a lifetime, unaffected by tem- 
perature, humidity or time. 

and there's more ... 
BASF tape reels are packaged in the ex- 
clesive plastic "Perma-Store" box . . . 

the one that makes your tape library look 
as good as it sounds. 

and there's more ... 
BASF tape reels come with color -coded 
leads and switching foils at both ends. 

and there's more ... 
Ncw BASF cassettes, with the same su- 
perior tape quality, come in handsome 
mini versions of the Perma-Store Box, 
for looks, convenience and protection. 

and there's more ... 
BASF tape reels and cassettes cost no 
more than other quality recording tapes. 
Ask to see BASF tape at your favorite 
dealer's today. 

BASF SYSTEMS INC 
Crosby Drive 
Bedford, Masachusetts 01730 

Tape Guide HERMAN BURSTEIN 

Splicing 

Q.'I have read that a reel of tape 
that has been spliced is not considered 
a permanent link due to eventual dry- 
ing -out. It was suggested that the 
spliced reel be duplicated on a fresh, 
continuous reel for permanent storage 
and use. Is this true? Many of my re- 
cordings are spliced because of edit- 
ing, etc.-John Eshia, New Britain, 
Conn. 

A. Of course it is preferable that a 
reel of recorded tape have no splices 
in it. On the other hand, using high - 
quality splicing tape, the splice is 

apt to last many years if correctly 
made. The question really boils down 
to how fussy one is. Occasionally one 
of my splices made years ago (per- 
haps when I was less expert at mak- 
ing a splice or when splicing tape was 
not as good as today) does come 
apart. But I have not found the in- 
convenience so great or frequent as to 
warrant re-recording all the reels con- 
taining a splice. Moreover, you have 
to balance the inconvenience of a 
splice coming apart against the de- 
terioration in signal-to-noise ratio- 
about 3 dB-when making a copy of 
the reel in question. 

More Volume 

Q. My tape recorder cannot make 
recordings with sufficient volume. 
Prerecorded tapes play back with all 
the volume I need. But I cannot get 
satisfactory results on home record- 
ings. Recording either from a phono- 
graph record or from FM, I cannot 
get the needles on the VU meters to 
deflect sufficiently, no matter how far 
up the volume controls of the tuner 
and the tape recorder are turned. 
Could this be a problem in impedance 
matching. My tuner is part of a Gen- 
eral Electric phonograph Model * 

-Ernest J. Oresik, Madison, Indiana. 
A. I doubt that yours is an impe- 

dance matching problem. It appears 
to be one of insufficient signal fed 
into the tape recorder, or else some- 
thing faulty in the record amplifier 
of your tape machine. Can you bor- 
row a tuner from a friend and see if 
you then drive your tape recorder 

adequately? If your friend's tuner 
drives your tape machine to full re- 
cording level, as shown by the VU 
meter, it is unlikely that the trouble 
is in your tape machine. 

If the fault is in your GE unit, per- 
haps you can get more signal by pick- 
ing it up at a later stage of amplifi- 
cation. If this isn't feasible, you can 
buy an inexpensive preamplifier in 
most audio stores, and this may solve 
your problem. Such preamps are cus- 
tomarily sold for accepting the signal 
from a tape playback head or from 
magnetic phono cartridges; and they 
provide the necessary extra amplifica- 
tion and the required equalization. 
Some of these preamps also have a 
flat position (no equalization), and 
this is the type you want. Presumably 
the signal you are feeding out of your 
GE unit is already equalized and 
therefore the flat position of the pre - 
amp should be used. 

Frequency Response 
Measurements 

Q. I am rather mystified by a statement 
in an AUDIO PROFILE. It stated that a tape 
recorder's overall performance (record - 
playback) was ±2.5 dB from 20 to 
20,000 Hz. The playback response of this 
machine was measured by the reviewer 
as being ±2.5 dB from 50 to 15,000 Hz. 
Assuming that these figures are correct, 
why would the playback response be in- 
ferior to the overall record -playback 
response? (Robert Pearson, Chicago, Illi- 
nois ) 

A. The reason for rating playback re- 
sponse only between 50 and 15,000 Hz 
is that this is the compass of the test 
tapes in accepted use. Further, it is pos- 
sible for a machine to have better record - 
playback response than playback response 
alone if the machine contains equalization 
in the record amplifier to make up for 
deficiencies in the playback process (de- 
ficiencies in the head, playback amplifier, 
and so on.) 

If you have a problem or question on 
tape recording, write to Mr. Herman 
Burnstein at AUDIO, 134 North Thir- 
teenth Street, Philadelphia, Pa. 19107. 
All letters are answered. Please enclose 
a stamped, self-addressed envelope. 

AUDIO AUGUST 1970 
Check No. 16 on Reader Service Card 

16 



The new Sony savings plan: $134.95 

A Really Spectacular Buy. The new sol id - 
state stereophonic Sony model 252-D 
is loaded with exciting quality features 
including sound -with -sound! Hand- 
somely mounted in a low profile walnut 
wood cabinet. Here is the most tape 
deck recorder for the money. And it's a 

Sony! 

Scrape Flutter Filter. Special 
precision idler mechanism 
located between erase and 
record/playback heads elim- 
inates tape modulation dis- 
tortion. This feature formerly 
found only on professional 
studio equipment. 

Sound -with -Sound. A versatile 
feature that enables you to re- 
cord on one channel while lis- 
tening to the other. Ideal for 
learning or teaching foreign 
languages as well as perfecting 
diction, singing and instru- 
mental music. 

Vibration -Free Motor. An important new 
Sony development utilizing "floating" 
shock absorber action to isolate com- 
pletely any motor vibration from the tape 
mechanism. 

Four -Track Stereophonic and Mono- 
phonic Recording and Playback. Seven- 
inch reel capacity provides hours and 
hours of stereo enjoyment. Stereo 
headphone jack for private listening. 
Automatic sentinel shut-off, Two VU 
meters. Pause control. Three -digit tape 
counter. Record interlock. Separate 
record selector buttons. Vertical or 
horizontal operation. 

Non -Magnetizing Record 
Head. Head magnetization 
build-up-the most com- 
mon cause of tape hiss- 
has been eliminated by an 
exclusive Sony circuit 
which prevents any tran- 
sient surge of bias current 
to the record head. 

Instant Tape Threading. Ex- 
clusive Sony Retractomatic 
pinch roller permits simple 
one -hand tape threading. 
An automatic tape lifter 
protects heads from wear 
during fast forward and 
rewind. 

Sony Model 252-D. Just $134.95! For your 
free copy of our latest tape recorder cata- 
log, please write to Mr. Phillips, Sony/ 
Superscope, Inc., 8144 Vineland Avenue, 
Sun Valley, California 91352. 

SONY, SUPER COPE -^ s^ 
You never heard it so good. 

©1970, SUPERSCOPE, INC. 



Editor's RevÍeW 

Much of the space in this issue is devoted to 
Commercial Sound and the article by 
Don Davis on the uses of a computer - 

calculator in system planning is of particular inter- 
est. Computers are going to be employed more and 
more in this field and I note that Bell Telephone 
Laboratories have been using one to measure room 
characteristics. The computer traces the paths of 
300 rays which radiate from an omni-directional 
sound source in a simulated room. Each ray is 
tracked by the computer as it bounces off the ceil- 
ing, floor, and walls. Each time a ray hits an absorb- 
ing material its energy is reduced and the computer 
keeps an account of the energy remaining in each 
of the rays. So far, the studies have shown discrep- 
ancies with reverberation time calculations taker 
by conventional methods-and quite large ones at 
that. Readers who are interested can find further 
details in the February issue ( Part 1) of the JASA 
( The Journal of the Acoustical Society of America ) 

One day we may be able to use computers for 
the accurate evaluation of loudspeakers: with the 
present state-of-the-art there is no way to evolve 
a set of specifications which will guarantee that 
the sound produced by system A will sound iden- 
tical to system B. In other words, it is possible to 
have two loudspeakers which will give identical 
results from conventional tests in terms of fre- 
quency, distortion, transient response with tone - 
bursts, dispersion, and so on-but will still sound 
different. One reason is phase differences and 
another is the presence of small resonances that 
do not show up on the normal frequency runs. 
Yet another possibility is Doppler distortion-easy 
enough to measure with a spectrum analyzer but 
much more difficult to evaluate in terms of relative 
distortion. 

o 

What will the Hi-Fi setup of the future be like? 
This idle speculation was prompted by a demon- 
stration of new prototype radio and TV models by 
Panasonic recently. Among the fascinating prod- 
ucts was a tiny portable 11/2 -inch screen TV with 
built-in AM/ FM radio, a battery operated portable 
Color TV set, a direct -drive phono turntable using 
an `electronic commutator' motor and an AM -FM 
radio with digital clock. This is a clock with a dif- 

ference-you don't even have to look at it. Just 
press a switch and a voice announces the time... . 

In the mornings it can be programmed to give the 
time for two minutes, then switching on the radio. 
It can be set to play radio programs with time 
announcements every hour if so desired. How is 
it done? Not by tape as I had supposed-but with 
two magnetic discs, one for the hours and the other 
for minutes. When the call switch is pressed 
down, a motor drives the magnetic head to the 
correct position. Very ingenious... . 

And then there is the neural hearing concept. 
Two doctors in New York have evolved a system 
whereby sound is transmitted direct to the nervous 
system, bypassing the ears entirely. Small disks 
called `transdermal devices' are placed each side 
of the head and these are fed with a modulated 
r.f. signal. The head becomes in effect the dialec- 
tric element between two plates of a capacitor and 
the signal is detected by a complex process involv- 
ing the coclea and the nerves themselves. The 
coclea normally converts a mechanical signal into 
an electrical one, but here its function is reversed. 
The r.f. carrier is usually in the 30- to 100 -kHz range 
and the actual power is quite low. I heard the sys- 
tem some months ago and although frequency 
range went above 20 kHz and down to 30 Hz, the 
quality of reproduction was not up to Hi-Fi stan- 
dards. However, work is still going on and who 
knows what impact such ideas may have in the 
future? 

0 0 o 

Two High Fidelity Shows have been announced 
by the IHF, the first to take place at the Westbury 
Island Inn from September 15 to 22 and the second 
at the Newton Marriott Motor Inn ( near Boston) , 
from October 29 to November 1. The German 
High Fidelity Institute also announced a Hi-Fi 
Show and I must confess I found their description 
more picturesque. Says the information leaflet 
"Chaotic bedlam is completely erased by the use 
of sound -proof listening studios ... it is a rich and 
pure part of Hi-Fi '70 and not as it so often happens 
regrettably, a pseudo -cultural Show." 

No danger of pseudo -culture here, not even in 
Boston-but we certainly have a lot of bedlam to 
erase! G.W.T. 
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THE 
CARTRIDGE KILLER. 

This man doesn't have time to baby 
the tools of his trade. Not with a 
commercial, a traffic report and time 
check breathing down his neck. He's 
got to keep those records spinning 
fast and furious. And, if he kills a 
cartridge or two along the way, well- 
that's how it goes 

Until now. 
Meet the Stanton 500AL-the 

cartridge that's tougher than disc 
jockeys. Here is the workhorse of the 
broadcast industry. We designed the 
entire stylus assembly to withstand 
the rugged demands of back cueing 
and the kind of handling that would 
quickly ruin ordinary pick-ups. Yet its 
high restoring force and tracking 
reliability is accomplished without 
sacrifice of professional standards for 
frequency response, output, channel 
separation, etc. 

The Stanton Model 500AL is just 
one of many cartridges engineered by 
Stanton for the varied and critical 
applications in the fields of broad- 
casting and recording. For nothing 
less than Stanton performance and 
reliability would meet the needs of 
the engineers who have made Stanton 
-The Professional Standard. 

For free literature write to Stanton 
Magnetics, Inc., Terminal Drive, 
Plainview, L.I., New York 11803 

srarrron 

Scott Muni 
WNEW-FM, New York 

Check No. 19 on Reader Service Card 



The kupu1en 
in Sound System 

Ik3ia 
DON DAVIS* 

As we enter the decade of 
the Seventies more and more professional sound contractors are becoming 
capable of truly engineering a sound reinforcement system. They think of rooms 

in terms of shape, average absorption coefficients, critical distance; and of loud- 
speakers in terms of efficiency, directivity, and uniformity of dispersion. It is refreshing 
to hear engineering discussions rather than salesman's platitudes regarding equipment 
performance. This article stresses universal performance parameters that must be met. 

AN ACCURATE KNOWLEDGE Of a 
room's size and shape, its rever- 
beration characteristics, and its 

ambient noise level allows the modern 
sound contractor to evaluate quickly the 
advantages and disadvantages of using 
one of the three basic approaches to sound 
system design, namely: 

1. High-level single -source system. 
2. High-level overhead distributed sys- 

tem. 
3. Combinational system. 

The sound contractor first measures or 
calculates the following parameters: 

1. Reverberation decay time. 
2. Average absorption coefficient. 
3. Ambient noise level. 
4. Room constant. 
5. Critical distance. 
6. Distance between the performer 

and the most remotely located lis- 
tener. 

7. Equivalent acoustic distance. 
8. Needed acoustic gain 
9. Potential acoustic gain. 

10. Electrical power required. 
11. Time delay. 
12. Distribution requirements. 

He is then fully equipped to predict 
accurately and precisely what can be 
done with the sound system ( and even 
more important, what should not be done ) 
and is capable of delivering what he pre- 
dicts. 

How Sound Behaves Outdoors 

In outdoor conditions sound essentially 
follows the inverse -square -law attenuation 
rate: 

*Director of Commercial Sound Products, Altec 
Lansing Division of LTV Ling Altec. 

20 logioD" _ -dB loss 
t 

(1) 

Where D=the starting point 
Df-the distant point 

By arranging the distances so as to 
produce a fractional number of less than 
1, the negative sign is automatically in- 
serted when used in a computer. Figure 1 

illustrates the inverse -square -law attenua- 
tion rate of sound with increasing dis- 
tances. 

How Sound Behaves in a Room 

As a listener moves away from a loud- 
speaker in a room he becomes aware of 
several phenomena: First, the sound ini- 
tially drops in loudness with increasing 
distance and then reaches a relatively 
steady loudness. When near the . loud- 
speaker it is easy to localize it, but at a 
distance, location of the loudspeaker can 
be difficult if the listener closes his eyes. 
Finally, at a distance from the loud- 
speaker, high frequencies drop off rather 
rapidly. For any given listener position, 
then, this means that we require a rea- 
sonably accurate calculation of: 

1. The attenuation of sound between 
the loudspeaker and the listener. 

2. The ratio of direct sound to reflected 
( reverberant sound) at the listener's 
ears. 

3. The expected change in signal bal- 
ance due to humidity, air absorp- 
tion, etc., at the listener's position 
compared to some closer reference 
distance. 

When the loudspeaker or other sound 
source is moved indoors, several other 
parameters must be taken into consider- 

ation simultaneously. The directivity of 
the loudspeaker will, in a large part, de- 
termine how much sound is concentrated 
on the audience and how much strikes 
other surface areas first. How much each 
of the surface areas reflects becomes of 
importance as well as the distances in- 
volved in the reflections. So in addition 
to our knowledge of inverse -square -law 
attenuation we need to add: 

1. The loudspeaker's directivity factor 
known as Q. 

2. The room's acoustical characteristics 
known as the Room Constant (R) . 

Loudspeaker Directivity 

Lotidspeaker directivity is defined either 
as the directivity index (D,) or the direc- 
tivity factor (Q) . To visualize the basic 
meaning of these parameters let's examine 
three basic directivity situations: 

1. A point source with a perfect spheri- 
cal radiation pattern. 

2. A point source with a perfect hemi- 
spherical radiation pattern. 

3. A point source with a radiation pat- 
tern that is 90° in the vertical axis 
and 90° in the horizontal axis. 

We will, in all three cases, assume that 
the point source is 100 per cent efficient 
(e.g., 1 electrical watt produces 1 acous- 
tic watt) and that all SPL measurements 
are to be taken at 4 feet from the source). 

In the first instance, we can visualize a 
perfect sphere and as we intrude a small 
measuring microphone into its four -foot 
radius from any angle we would expect 
to read:' 

i Michael Rettinger: Practical Electro -Acoustics, 
Chemical Publishing Co. Inc., New York, 1955. 
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NI20 log,. 142.24 r' (1 -cos 26 ) 10-' 

1 watt 

0.0002 dynes/cm' / (2) 

=dB SPL for 100% efficient source at 4 ft. 

where 142.24 = a constant derived from 
a density of air times 
the velocity of sound in 
air times 2 'rr (English 
units )-assuming T = 
20°C, atmos. pressure 
= 760 mm of Hg) 

r = distance from sound 
source 

e = angle subtended by the 
spherical surface area. 

Therefore: 

20 log,. 

1 watt 
360 

142.24 x 16 x (1 -cos - 2) 10-' 

0.0002 dynes/cm` 

107.40 dB SPL (3) 

If we apply the same formula to the 
hemispherical sound source we find that 
at 4 feet anywhere on the surface of the 
hemisphere, we can measure: 

20 log,. (142.24 X 16 X (1 -cos! 

V 0.0002 dynes/cm` 

110.41 dB SPL (4) 

1 watt 

We are now in a position to define the 
directivity index (D,). A quick inspection 
reveals that simply by confining the radi- 
ated power (1 acoustic watt) to a smaller 
radiated angle (from a spherical radiation 
pattern to a hemispherical radiation pat- 
tern) we benefit by a 3.01 -dB increase in 
our SPL. This increase is the Dr. There- 
fore, a sound.source with a perfect spher- 
ical radiation pattern would exhibit a D, 
of 0 dB, and a sound source with a perfect 
hemispherical radiation pattern would 
exhibit a D, of 3.01 dB. 

Once again, let's use the formula to 
examine the 90 -deg. subtended angle 

20 log,.(.\1 142.24 x 16 X (1 -cos-) 10'' 

1 watt 

0.0002 dynes/cm' 

115.74 dB SPL (5) 

115.74 - 107.40 - 8.34 dB - D, 

The directivity factor (Q) is found by 
the formula 

(;)Q 
can be seen, Q is simply the power 

ratio of the directivity index. 

(6) 

We can now list these parameters in a 
table, plus other angles of interest. See 
Fig. 2. It is of interest to sound system 
engineers that the devices he deals with 
have the following range of D, and Q. See 
Fig. 3. 

The Room Constant 

When the internal volume (V) of an 
enclosed space, the total surface area of 
the boundary surfaces (S), and the re- 
verberation decay time for 60 -dB RT is 
known, it is a simple calculation to obtain 
the average absorption coefficient (a) of 
the total room: 

j -F-.049 V/S(RT) = al+l 

Sound Systems Design, Section B, Manual of 
Sound Systems, Western Electric Co., 1949. 

43 

33 

IS 

a can also be calculated, as it must be 
in the case of the building still on the 
drawing board, by considering each indi- 
vidual surface area (s) that consists of a 
different surface material. By means of 
well established list of absorption coeffi- 
cients (a), each surface area may be mul- 
tiplied by its absorption coefficient. The 
individual surface areas times their indi- 
vidual absorption coefficients can then be 
summed. With the addition of other ob- 
jects in the space in terms of sa, the com- 
plete total can be divided by the total 
boundry surface area to obtain a. One 
such table is shown in Fig. 4. 

slag + s=at + s,a, ... +snan =a (8) 

S 

At this stage, if it is a building on the 
drawing board, the sound contractor cal - 

ü 

_ 2 e °22,028 
EE 

Fig. 1 -Inverse -square -law attenuation from 1 to 1000 ft. 

Angle dB-SPL DI Q 

360° 107.40 0 dB 1.00 
180° 110.41 3.01 dB 2.00 
160° 111.24 3.84 dB 2.42 
120° 113.42 6.02 dB 4.00 
106° 114.41 7.01 dB 5.00 
90° 115.74 8.34 dB 6.82 
60° 119.14 11.74 dB 14.92 
45° 121.59 14.19 dB 26.26 
30° 125.08 17.68 dB 58.66 
15° 131.09 23.69 dB 233.65 
10° 134.60 27.20 dB 525.30 
5° 140.62 33.22 dB 2100.21 
1° 154.60 47.20 dB 52,497.21 

Fig 2-SPL in dB at 4 feet from a speaker of 100% efficiency at 1 -watt level, radia ing 
into various angles. 
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culates the RT for each of the frequencies 
for which he has an accurate a by using: 

.049V 

-S loge (1-a) 
= RT (9) 

He also calculates the room constant: 

Sa - 
R (10) (1-a) 

It can be seen that R is a handy one - 
number value indicating the "liveness" 
or "deadness" of an acoustic environment. 

Attenuation of Sound with Increasing 
Distance in an Enclosed Space 

Using the information developed 
above, the formula for the attenuation of 
sound with increasing distance in an en- 
closed space is not difficult to compre- 
hend or utilize. 

[(i) 
(11) 

10 logo +(i)] = dB loss 

where Q = the directivity factor 
r = the distance from the source 

R = the room constant 
For the purpose of illustration, let's ex- 
amine an auditorium where the 

V = 500,000 ft' 
S = 100,000 ft° 
a=0.12 

And the loudspeaker's directivity factor 
Q = 5. 

RT - .049V 
-100,000 X log, (1-0.12) 

= 1.92 sec. 
100,000 (0.12) 

(12) 

R = - 13636.36 

(13) 

We can therefore plot for each increase 
in r of one foot, the difference between 
the readings as shown in Fig. 5. 

10 log,o [( 

1-0.12 

4r, x 1) + (136 6.36)] 
- -4.0 dB 

(14) 

10 log 
[(4r4) + (13636.36)] 

- -10.01 dB difference 6.01 dB 

10 log. 
L1 41r9) + (13636.36)] 

- -13.52 dB 3.51 dB 

10 
log" LI 4. 16) + (13636.36)] 

-\ -15.99 dB 2.47 dB 

Type of Sound Source DI Q 

Person talking (no sound system) 3 dB 2 

Coaxial loudspeaker in infinite baffle 7 dB 5 

Cone woofers 7 dB 5 

Multicellular horns 7-12 dB 5-15 
Sectoral horns 7-9 dB 5-9.5 

Fig. 3-D1 and Q rating for typical sound sources. 

SOUND ABSORPTION COEFFICIENTS OF GENERAL BUILDING 
MATERIALS AND FURNISHINGS 

Complete tables of coefficients of the various materials that normally constitute the interior finish 
of rooms may be found in the various books on architectural acoustics. The following short list will 
be useful in making simple calculations of the reverberation in rooms. 

Materials 

125 

Hz 

250 
Hz 

Coefficients 

500 1000 
Hz Hz 

2000 4000 
Hz Hz 

Brick, unglazed .03 .03 .03 .04 .05 .07 
Brick, unglazed, painted .01 .01 .02 .02 .02 .03 
Carpet, heavy, on concrete .02 .06 .14 .37 .60 .65 

Same, on 40 oz. hairfelt or foam rubber .08 .24 .57 .69 .71 .73 
Same, with impermeable latex backing on 
40 oz. hairfelt or foam rubber .08 .27 .39 .34 .48 .63 

Concrete block, coarse .36 .44 .31 .29 .39 .25 
Concrete block, painted .10 .05 .06 .07 .09 .08 
Fabrics 

Light velour, 10 oz. per sq. yd., hung straight 
in contact with wall 03 .04 .11 .17 .24 .35 
Medium velpur, l0oz. persq. yd., 
draped to half area .07 .31 .49 .75 .70 .60 
Heavy velour, 18 oz. per sq. yd., 
draped to half area .14 .35 .55 .72 .70 .65 

Floors 
Concrete or terrazzo .01 .01 .015 .02 .02 .02 
Linoleum, asphalt, rubber or cork tile 
on concrete .02 .03 .03 .03 .03 .02 
Wood .15 .11 .10 .07 .06 .07 
Wood parquet in asphalt on concrete .04 .04 .07 .06 .06 .07 

Glass 
Large panes of heavy plate glass .18 .06 .04 .03 .02 .02 
Ordinary window glass .35 .25 .18 .12 .07 .04 

Gypsum board, 1/2" nailed to 2 x 4's 16" o.c .29 .10 .05 .04 .07 .09 
Marble or glazed tile .01 .01 .01 .01 .02 .02 
Openings 

Stage, depending on furnishings .25 - .75 
Deep balcony, upholstered seats .50 -1.00 
Grills, ventilating .15 - .50 

Plaster, gypsum or lime, smooth finish 
on tile or brick .013 .015 .02 .03 .04 .05 

ABSORPTION OF SEATS AND AUDIENCE 
Values given are in sabins per person or unit of seating 

Audience, seated, depending 
on spacing and upholstery of 
seats 

Seats, heavily upholstered 
with fabric 

Seats, heavily upholstered 
with leather, plastic, etc. 

Seats, lightly upholstered 
with leather, plastic, etc. 

Seats, wood veneer, no 

upholstery 
Wood pews, no cushions, 
per 18" length 

Wood pews, cushioned, 
per 18" length 

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

2.5-4.0 3.5-5.0 4.0-5.5 4.5-6.5 5.0-7.0 4.5-7.0 

1.5-3.5 3.5-4.5 4.0-5.0 4.0-5.5 3.5-5.5 3.5-4.5 

2.5-3.5 3.0-4.5 3.0-4.0 2.0-4.0 1.5-3.5 1.0-3.0 

1.5-2.0 

.15 .20 .25 .30 .50 .50 

.40 

1.8-2.3 
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Finding the Ratio of Direct to 
Reverberant Sound 

It can be seen clearly that initially 
every time the distance is doubled, the 
difference is approximately 6 dB until the 
distance begins to approach 34 feet. Be- 
yond 34 feet, even if we go to 340 feet 
we will not encounter any more signifi- 
cant attenuation. 

Why does sound behave in this man- 
ner? What happens at 34 feet? What 
happens is that the reflected sound at 34 
feet is equal in energy to the direct 
sound. In acoustical terms the distance 
from the loudspeaker to 34 feet is called 
the "free field" and the distance beyond 
34 feet is called the "reverberant field." 
See Fig. 6. 

The distance at which this occurs and 
at which the direct sound energy from 
the loudspeaker is equal to the reflected 
sound energy is called the "critical dis- 
tance" (D.). 

Fortunately, there is a much easier way 
to get D, than by incrementing the for- 
mula above: 

0.14 3/QSa = Wa) (15) 

where Q = 

S 

a = 

the familiar directivity fac- 
tor. 
the total boundary surface 
area. 
the average absorption co- 
efficient. 

If D. by definition is the distance at 
which the direct sound energy equals the 
reflected sound energy, and if the direct 
sound energy (by definition, not under- 
going reflection) continues to follow the 
inverse -square law while the reverberant 
sound energy tends to remain at a con- 
stant level relative to the direct sound 
level at DT, then we can state that at 
2 D, the ratio of direct -to -reverberant 
sound is -6 dB and at 4 D, the ratio of 
direct -to -reverberant sound is -12 dB. 

While the human ears coupled to that 
marvelous real-time analyzer, the human 
brain, can and does differentiate between 
the direct and reverberant sound long 
after the ratio becomes less than 1 to 1, 
even they can not accurately do so after 
the ratio exceeds -12 dB. In literally 
hundreds of high -quality sound reinforce- 
ment installations it has been proven that 
4D, is the maximum distance any loud- 
speaker should attempt to project sound 
if the listener is expected to understand 
it. 

It is also interesting to consider that if 
the sound system microphone and the 
sound system loudspeaker are separated 
by D., then the microphone can be car - 

(Continued on page 61) 

Hewlett Packard, Acoustics Handbook, Appli- 
cation Note 100, Nov. 1968. 
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HEARD THE LATEST? 

4 -track, 2 -channel stereo 
All -silicon transistor pre -amps 
Pause control 
Digital counter 
Dual VU meter 
Fast winding 
Automatic stop at end of tape 
0.2% wow and flutter (RMS) 
Frequency response: 40 to 12,000 HZ A. A-24 S/N ratio: 45 dB or more 
Crosstalk: 40 dB between adjacent 
tracks at 100 Hz 
Microphone optional 

This is what happens when a big name thinks small. I the TEAC A-24, and it's making cassette 
history. This deck is powered by a unique hysteresis s rycl-_ronous outer rotor motor for compact 
convenience, powerhouse performance.. And it comes complete with all the craftsmanship 
it takes to make a TEAC. 

More exclusive features: a special end -of -tape sensing circuit which not only stops the cassette, 
but completely disengages the mechanism - releasing pushbuttons, pinch roller and idlers - 
to avoid "flats" and deformation of critical drive components. Two specially -designed heads for 
outstanding frequency response. Just about the lowest wow and flutter that ever came out of a cassette. 

Of course, no sound system is really complete without cassette 
capability. So if it's time to round out your equipment, it's time 
to sound out our A-24. 

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

Check No. 24 on Reader Service Card 



BACK TALK 
When it comes to building sound equipment from the inside out, you could call us the 
component company. You see, we're one of the few tape deck manufacturers who make all 
our own critical components - from heads to motors and most of the electronics. 
After all, who knows better than we do what it takes to make a TEAC? 

For instance, our heads are hyperbolic, not conventionally rounded. This means more 
intimate tape contact, less tape tension, better sound reproduction. Hyperbolic heads are the 
shape of things to come - and the only kind we'd think of using. 

Meanwhile, we still buy outside parts for certain purposes. The ones we buy, 
we buy because they're the best. The ones we make, we make because they're the best. 

And most of the time, we've got it made. 

T EAC 
TEAC Corporation of America 2000 Colorado Avenue Santa Monica, California 90404 

Check No. 25 on Reader Service Card 



DOPPLER DISTORTION 
IN LOUDSPEAKERS 

CHRISTIAN DOPPLER, an Austrian 
physicist and mathematician, in 
his paper, Über das farbige licht 

der Doppelsterne, published in 1842, 
described the apparent change of fre- 
quency of a wave -type phenomenon due 
to the relative motion between the emit- 
ter and the detector. The wave -type 
phenomenon includes sound waves, and 
in this article has to do specifically with 
apparent change in frequency due to the 
relative motion between the loudspeaker 
cone and the listener's ear. 

The classic example of the train whistle 
which decreases in pitch as the train 
passes is probably well known to most 
readers. Similarly, a loudspeaker oper- 
ating simultaneously at two frequencies 
will, under certain conditions, exhibit 
the effect because the low -frequency 
movement of the voice coil, which can 
be of large amplitude, will "carry" the 
high -frequency source to and from the 
listener's ear. 

Originally this author felt that the 
amount of distortion due to the Doppler 
effect was negligible compared to other 
problems encountered in audio reproduc- 
tion; however, when an experiment 
which is quite easy to perform suggested 
itself, the following equipment was set 
up. Utilizing a 6M -in. high -compliance 
speaker, a wooden stand, an amplifier, 
a simple resistive mixer, two audio gen- 
erators, and a certain amount 'of patience, 
the experiment is well within the capa- 
bilities of many audiophiles. The wooden 
stand shown in Fig. 1 is merely a plat- 
form for stability with two upright arms 
set into the edges. Spacing must acçom- 
modate the speaker used. A depth gauge 
(Fig. 2) was made from a thick sheet 
of aluminum for a bracket through which 
a hole was drilled and tapped for a 0-80 
screw. The screw itself had a thin alum- 
inum disk divided into eight equal seg- 
ments affixed to the underside of its head 
with a nut and would indicate depth in 
increments of 1/640 in Interpolation to 
1/1280 in. ( .00078 in.) was quite easy. 
A small compression spring was used be- 
tween the bracket and the disk to take 
up play in the threads. 

Lack of a baffle allowed considerable 

ROY V. CHILDS 

low -frequency excursion without appre- 
ciable power radiation. Only the low - 
frequency movements of the effect upon 
the high frequency could be detected, 
which was exactly as desired. Figure 3 
shows a block diagram of the set-up. 

According to Doppler, the apparent 
change in the high frequency depends 
upon the velocity of the relative motion 
between the emitter and detector. The 
maximum velocity is the peak -to -peak 
amplitude multiplied by times the 
frequency. For example, a speaker oper- 
ating at 40 Hz with a total excursion of 

Fig. 1-Loudspeaker set-up used by the 
author for measuring the Doppler effect. 

TWO 

G INI 

SPRING 

00000000000000000 
000110000000000 0000oaa0000oo00aa0on0000co0000000o0000a:1C 

00 0 00 000 00 000 000 00 

NUT 

BRACKET 
DISC 

SCREW 

Fig. 2-Detail of "micrometer" bracket 
shown in Fig 1. 

'á in. will reach a maximum velocity in 
each direction of approximately 31.4 
inches per second or about 1.784 mph. 
This author felt it was somewhat ridicul- 
ous to expect an effect from such a low 
velocity, but continued with the experi- 
ment. 

A series of high frequencies was used 
with 40 Hz as the modulating frequency. 
Each high frequency was selected and 
its amplitude adjusted for ease of hear- 
ing. The low -frequency amplitude was 
increased from zero to the point where 
the high frequency was observed to 
change and then the high frequency was 
turned off so the amplitude of low - 
frequency cone movement could be meas- 
ured with the gauge and noted. Each 
frequency combination was used, and 
then the low frequency was changed 
to 15 Hz so the new combinations could 
be recorded. The assistant changed 
places with the listener and the entire 
test was run and recorded again. The 
table (with the dimensions rounded off to 
two significant figures) and the graph 
show the results. 

The most noticeable feature of the 
results is that the detectable level of am- 
plitude varies widely for both people. 
One person's ability seems fairly consis- 
tent with a modulating frequency of 40 
Hz, but there seems to be no pattern to 
the other runs. Probably background 
noise level plays an important part. Furn- 
ace, traffic, and people noises vied with 
the test tones, making it necessary to try 
again in some cases; however, the results 
may be more typical of home reproduc- 
tion as a consequence. Homes don't nor- 
mally feature anechoic chambers. 

Maximum velocity is reached at two 
points during the low -frequency cycle 
where the cone speeds (1) through the 
rest positions on its way to or from the 
listener's ears. Since it is supposed to be 
reproducing a sine wave it should trans- 
late a circular cyclical motion to a recip- 
rocating cyclical motion. Therefore its 
maximum velocity is the same as the 
speed of a point revolving at a constant 
radius around a center at a given fre- 
quency. 
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Thus: 

V =C/unit of time 

where V=maximum velocity 
C = circum. =irD 
D=diam.=peak to peak 

amplitude of cone 

By substitution: V=Ap-p?rf 

At the peaks the velocity reaches zero. 
At other points in the cycle the velocity 
changes the high frequency accordingly. 
The effect is an apparent sweeping below 
and above the high frequency. A type of 
warble tone results which, under some 
circumstances, is quite distinctive. The 
upper and lower sideband limits of the 
resultant channel caused by the modula- 
tion (note the similarity to a FM carrier 
in radiotelephony) can be determined by 
the formula: 

1129 
S.B.= f 

where fi= high, modulated frequency 
f, = low, modulating frequency 
V=Ap_p17fs 
4,, =peak to peak amplitude at f, 
in feet. 

We can consider f, being multiplied by 
a "modulation factor" which leads to the 
conclusion that the actual frequency of fi 
is immaterial because the modulation 
cases a ratio change which our hearing 
mechanism detects. If the modulation 
factor were ±2, the warble tone would 
span a channel two octaves wide, and if 
the M.F. were ±1.0595 the warble tone 
would span a channel one whole tone 
wide. One would expect to hear this much 
difference. The highest amplitude for de- 
tection was 0.18 in. with frequencies of 
15 kHz and 15Hz. This represents worst - 
case conditions and would not, with the 
typical speaker systems, be significant. 
It would take a single -voice -coil type of 
speaker in an enclosure where the speaker 
load decreases drastically at the very low 
frequencies so as to allow easy cone 
movement at 15 Hz-for instance, a phase 
inversion enclosure of the large -port type. 
In addition, the input would have to con- 
tain frequencies in the 15 -Hz region. 
Much more realistic are the results of the 
frequency combination of 40 Hz and 400 
Hz. One person detected the modulation 
caused by an amplitude of .094 in. The 
400 -Hz signal was modulated by a factor 
of less than 1.00091 It becomes obvious 
that the amplitude of a low frequency 
can be very low and still cause detectable 
change in the high frequency. 

It must be remembered that a listener 

AUNJO GENERATORS 
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L. F. 
POWER 

AMPLIFIER 

Fig. 3-Simple mixer arrangement for feeding low- and high -frequency signals 
to the test loudspeaker. 

An -n of 
40 Hz .15" 

.10" 

.05" 

0 

Ap-p of 
15 Hz .15" 

.10" 

.05" 

0 

120 Hz 41111 Ik 1k 10 15k 

TABULATED RESULTS 

n 

f, I. =40 Hz 

Ap-p (in.) at 
detection 

fn, =120 Hz 400 Hz 1 kHz 4 kHz 10 kHz 15 kHz 

1st person .05 .053 .068 .08 .066 .13 
2nd person 

fio=15 Hz 

.069 .094 .16 .031 .087 .1 

Ap-p (in.) at 
detection 
1st person .091 .027 .022 .031 .053 .066 
2nd person .069 .0031 .16 .028 .072 .18 

reproduced at super realistic SPL's will 
be operating speakers so that peak - 
to -peak amplitudes in the bass region 
will be of the order of 31 in. or more for 
even 15 in. speakers. The point is that 
amplitude of even 0.18 in. as shown in 
the table are entirely within the realm of 
normal operation, unless we talk about 
flute or violin or other instrument without 

who enjoys large-scale musical works appreciable output in the bass range. 

One thing helps the listener: Little in 
the way of steady-state tones such as were 
used in this experiment are found in 
music. The closest to a steady-state tone 
is probably an organ pedal note. Perhaps 
the normal variability helps mask the 
Doppler -effect distortion. 

(Continued on page 28) 
(with Editorial comment) 
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The author wishes to encourage the 
carrying out of this and similar experi- 
ments by others and would appreciate 
questions, comments, suggestions, cor- 
rections, and speculations on this article. 

/E 

Arguments about Doppler distortion in 
loudspeakers have been going on for 
some years now. Many early writers did 
admit its existence but remained scepti- 
cal about the actual effects. In Loud- 
speakers' published in 1958, Gilbert 
Briggs said "Some writers still claim that 
the dividing network avoids Doppler 
effect but they never furnish proof of 
having heard the effect or seen evidence 
of it in a loudspeaker. It seems, on exam- 
ination to be quite innocuous. If a train 
passes close to you at 60 m.p.h. with its 
whistle blowing at about 550 Hz, the 
pitch will change from about 600 Hz 
down to 500 Hz to your ear. An air- 
plane travelling at 600 m.p.h. will pro- 
duce a much greater change of pitch. 
But the maximum velocity attained by 
a voice coil moving l inch at 50 Hz 
( which it rarely ever does) is equal to 
only 4.45 m.p.h., and any resultant 
change of pitch could not be detected 
by the human ear. There is actually very 
little tendency for the Doppler effect to 
be produced in a moving -coil speaker 
for the fundamental reason that the ve- 
locity of the voice coil goes down with 
frequency. Thus a movement of ß inch at 
25 Hz-where it would be more likely to 
occur-results in half the velocity pro- 
duced by the same movement at 50 Hz." 
Writing in the same book, Raymond 

Dear Edítor..... 
Dear Sir: 

I noted with interest your comments 
in the May issue equipment report on the 
AR receiver. I would like to point out 
that although the MPX measurements 
were "better than your test equipment" 
your measurements can be interpreted in 
a more meaningful way. The AR MPX 
design is characterized by the fact that 
residual cross talk is almost entirely resid- 
ual distortion. ( Most good MPX detec- 
tors share this characteristic). Since you 
measured 0.5% distortion this implies that 
at that frequency separation should be 
- 46 dB. We have actually seen units 
with 0.1% distortion and a separation of 
- 60 dB, and have even approached this 
through the complete FM signal chain. 
Since amplifier performance is generally 

Cooke (now of KEF) has this to say 
.. the Doppler effect with the engine 

whistle depends on its rapid approach 
towards and departure from the observer. 
The listener to a speaker would there- 
fore have to be directly on axis to re- 
ceive any pitch variation, which would 
diminish to zero at the sides, i.e., 90 de- 
grees off axis. Merely standing up or sit- 
ting down would destroy much of the 
effect if it had any audible existence - 
which seems to be more than ever phan- 
tasmagorial." Lovely word that. However, 
in 1967, following a lecture by James 
Moir to the British Sound Recording 
Association', Geoffrey Horn wrote' "... 
Mr. Moir's apparently scientific investiga- 
tions lead us along nicely, until he comes 
to subjective assessment when he is on 
less sure ground. The first part of his 
article is beyond dispute; certainly there 
is a Doppler effect, we are all familiar 
with it; certainly it must apply to 
loudspeaker cones and obviously it can 
be measured; but when and under what 
circumstances can we call it distortion? 
Mr. Moir sets up his two-tone tests and 
finds a threshold beyond which he de- 
tects unpleasantness but his results are 
almost unbelievable-in terms of fre- 
quency change alone -0.001% error in a 
watch for example is less than a second 
a day! ... I have spent some interesting 
hours in a softly -furnished room of about 
2000 cubic feet with a selection of pairs 
of loudspeakers of different sizes and 
some suitable Doppler -provoking disks. 
Organ proved to be the most illuminating 
as might be expected; other music pro- 
vided only occasional examples of the 

effect, except for a short extract ( which 
goes a long way) by a `group' where 
the mightily powerful bass -guitar beat 
produced a decidedly 'new' sound. In 
general, the effect of the distortion was 
not as `dirty' as had been expected but 
it was an obviously added noise. From 
these ever -so -loose and ever -so -subjec- 
tive tests, I should say that most full - 
range units of 8 inches and below can 
be expected to produce some signs of 
this distortion unless they are horn or 
column loaded in such a way that the 
diaphragm movement is lessened at low 
frequencies. I conclude, then that Mr. 
Moir is correct in saying that quantities 
of this type of distortion are present 
in the output of our loudspeakers, but 
they remain undetected as such because 
of a number of mitigating or disguising 
circumstances. Therefore, Briggs was 
right to dismiss its effect on listening 
to music and his judgment remains true 
today. Experiments I carried out myself 
at Wharfedale in 1965 and at Fisher in 
1966 confirmed this point of view. How- 
ever, if we let Geoffrey Horn have the 
last word "... the problem is not so far 
below the surface as we might previously 
have been inclined to believe, particu- 
larly with the development of small 
'long throw' loudspeaker units." 

G. W. T. 

1. Loudspeakers, by Gilbert Briggs, 1958 Edi- 
tion. (Cahners Publishing Co., 221 Columbus 
Ave., Boston, Mass. 02116) 
2. Hi-Fi News, January, 1967 
3. Hi-Fi News, May, 1967 
See also: 
"Modulation distortion in loudspeakers" by 
Paul Klipsch, AES Journal, February, 1970 
"Loudspeaker performance," Wireless World 
February, 1970 

better than 0.25% harmonic distortion, a 
comparable standard of MX stereo qual- 
ity is obviously needed for overall system 
performance. Our experience proves with 
care it can be obtained with added sep- 
aration as an additional side benefit. 

ROBERT GRODINSKY 
Consulting Engineer 
Acoustic Research, Inc. 

In my experience, most MPX distortion 
is due to non -linearity of some kind but 
in a well -designed detector, crosstalk 
would then become a significant factor. A 
distortion of 0.1% is incredibly low and 
up to now, figures of this order have only 
been achieved by special `counter' cir- 
cuits. I would certainly agree that stereo 
receiver distortion ought to be compa- 
rable with that attained by the amplifier. 
In fact, I would go further and say that 
broadcast transmission quality should be 
comparable too. Unfortunately, with few 
exceptions it is not.-Ed. 

a /_;',ee 
//Him, 

- 

' If left -front is out of phase with right - 
ear, switch leads on one speaker. If right - 

rear and left -rear are out of phase with 
left -front...." 
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Learn why Altec Acousta-Voicing 
towers over other equalization methods 

Why go through expensive experimentation? 
Altec has more than 100 fully equipped and trained 

Acousta-Voicing contractors 
with over two and a half years of experience 

and a thousand successful installations. 
No one else can make this statement. 

Ask for a demonstration in your studio and learn 
about real time analysis where it counts- 

your studio! 

A QUAI l' /)E LTV LING ALTEC 

To: Altec Lansing, 1515 South Manchester Ave., Anaheim, 
California 92803. 
I'd like to have a free demonstration of Altec Acousta- 

Voicing in my studio-including a frequency response 
curve that will show me all the ups and downs. Please 
have an Altec Sound Contractor contact me to set up a 
demonstration date. 

Please send me your free Acousta-Voicing literature. 

NAME 

POSITION STUDIO 

ADDRESS PHONE 

CITY STATE ZIP 
Check No. 29 on Reader Service Card 
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Sometimes, they're the most enjoyable. Like the 
Sony 6040 FM stereo, FM -AM receiver. 

The amplifier delivers a simple 30 watts- that's 
30 watts continuous power measured the hard way; 
with both channels operating. More than enough to 
drive even relatively inefficient 'book shelf" size 
speakers to room -filling volume without distortion. 
That should simplify your speaker shopping. 

The tuner is sensitive enough to bring in the weak 
stations. But it's insensitive to strong signals that 
might overload weak ones (even with stations sand- 
wiched together on the dial). 

REO RECEIVER STR-6040 SOLID STATE 

MONITOR 

-PHONO 

And though the 6040 is stripped of unessential. 
it does have several essential extras that we felt you 
simply shouldn't be without: a filter for noisy pro- 
grams and recordings a tuning meter, a headphone 
jack, and a monitor and output for one tape recorder. 
plus auxiliary inputs for two or more (one of them on 
the front panel, for convenience). 

The Sony name. Sony quality and an un -Sony -lit -e. 
under $200 price tag. The Sony 6040. Just another 
of those simple things that help make life enjoyabe 
Sony Corporation of America, 47-47 Van Dam Street 
Long Island City, New York 11101. 

Frill -free fidelity 
by SONY® 

TUNING 



Moogs and Moondog 

(Continued from page 14) 

Finally, I'm interested in the new KLH 
Model Forty -One tape recorder ( their 
hyphen), the one with the built-in Dolby 
"B" circuit. If ever a "totally new" ma- 
chine proved my point, this one does. 
Namely, that if you start where everybody 
else is you can always squeeze some more 
out of a configuration already squeezed a 
million times. KLH does, with Dolby's 
cooperation. Yep, they do the "impos- 
sible." 

Andrew Zatman's 24 Preludes for piano, 
composed at age 20, are very much influ- 
enced by Shostakovich, Stravinsky, and 
Poulenc, as the composer himself admits. 
I'd add a few more, to his credit, includ- 
ing Prokofiev, Bartok, Hindemith. OK! So 

that's what he's been hearing, back in 
Washington, D.C. If it had been Gersh- 
win, I suppose he'd now be composing a 

new -model Rhapsody in Blue. If so, it 
would be good, for this boy has marvelous 
talent. His little Preludes ( and a Sonata ) 
are on an Orion disk (Contemporary Music 
for Piano, ORS 6909 stereo) and they are 
astonishingly well written and entertain- 
ing. He even plays them in the typically 
dry, brittle piano style of the 1930s- 
before he was born. Why not? As I say, 
one starts where one starts, with good 
models. Frankly, I prefer Zatman to 
Shostakovich, who gets long-winded at 
the drop of a note. 

Prince Albert, Queen Victoria's husband 
and a mainlander German, was a brain 
and-who knew it?-a first-rate trained 
musician if technically an amateur, since 
his business was helping run the Queen's 
empire. He wrote mostly songs. Again, 
the kind of songs he heard around him 
circa 1840. They are often Schubert -like, 
or Mendelssohnian (M. was a musical lion 
in England at the time), more expressive 
than Mendelssohn, yet not as personal in 
tone as Schumann, who was having his 
"song year" at about this same date. The 
Prince's songs are altogether pleasing and 
beautifully written, to German text most- 
ly, in the German Lied tradition. A "find" 
for those of us who thought Prince Albert 
was a kind of tobacco or a cutaway tail- 
coat, or that the Prince did nothing but 
beget royal children ( including Edward 
VII) and open the Great Exhibition of 
1851. His music is gracefully recorded by 
five different voices, out of the Purcell 
Consort, to the fluent piano of Jennifer 
Partridge. Argo ZRF 597 stereo. 

As for Moondog, he is an anomaly, a 
self-taught blind musician who goes for 
the classical sound to the tune of plenty - 
big symphony orchestras. He has a plenty - 
big one on his current Columbia LP 

(Moondog. Columbia MS 7335 stereo). 
Fifty -odd performers-wow! Somebody 
must pay. His scores are curiously folk - 
like, as though he might belong with such 
as Blind Lemon Jefferson and the sort, 
but they come out a sort of untutored 
Brahms or maybe Rheinberger or Wein- 
berger or Castelnuovo-Tedesco-who 
knows? He, too, has been listening. His 
orchestra is weird, a handful of strings 
and a battery of brass and' wind, from 
fliigelhorn to flutes, bass trumpet to bari- 
tone sax. I didn't find much cohesion in 
the Moondog sound in spite of fugues and 
canons and themes galore but the sonic 
experience is, to say the least, unique. 

By the way-isn't there a personage 
remarkably like Moondog who stands 
motionless, year after year, on a busy New 
York corner just outside Columbia Rec- 
ords, dressed in a Viking outfit that could 
come straight from the Met costume 
department? That might have a bit to do 
with this recording. 

McCartney? Go listen to any Beatle rec- 
ord including the new ones, pirated or 
legit. Only trouble is, you can't always tell 
McCartney from Lennon. They're like 
Fletcher and Munson, or Glaser -Steers, or 
KLH. Or Bach-Stokowsky. 

Oh yes-that Model Forty -One from 
KLH. It's wholly new in the KLH line, 
which means of course that it isn't new 
but in basic respects takes off properly 
from earlier machines of its sort. What 
distinguishes this model is its unique built- 
in Dolby "B" circuitry, for noise reduc- 
tion. 

Dolby "A" is the now -familiar profes- 
sional noise reducing system widely used 
for the tape masters from which our 
current LP disks are derived. The "B" 
circuitry is a much simplified version de- 
signed for consumer uses including tape 
recorders. It's supposed to do the very 
same job-reduce the accretion of back- 

KLH MODEL FORTY-ONE 

ground noise in the record/playback proc- 
ess-without affecting the signal itself. A 

big order. 
Best news I have is that it works. Noise 

does go down, as compared with a non - 
Dolby recording and playback. Signal, as 

far as I can hear, is wholly unaltered. No 
swishings, pulsings, volume changes, just 
music and a super -quiet background. I 

wouldn't have believed it possible. But 
Ray Dolby is a very clever engineering 
mind working in a familiar area, compres- 
sion -expansion, where others have fallen 
flat on their faces. All it takes is the right 
circuit parameters. Dolby has 'em. Colum- 
bus and the egg. 

The KLH Forty -One was long in gesta- 
tion and seems to have offered some prob- 
lems en route; all I can say is my current 
model works just fine and my only objec- 
tion is to the somewhat clumsy controls, 
stiff and angularly sharp, and to the diffi- 

culty in editing-you must go through 
"play" to get to the manual -tape -rocking 
"pause" position, and hence you lose your 
cue point. The Dolby circuit boost tends 
to overload some hissy sibilants and piano - 
type percussives at the slow 3% ips speed, 
but at 7% they are entirely clean. (Could 
have been the tape I used, I should add.) 
Dolby "B" will soon be appearing in other 
areas. Advent has separate "B" units for 
existing tape recorders; there could be 
Dolby-ized LP disks some day, for noise - 
reduced playback through the "B" cir- 
cuitry. 

What you should do, I expect, is to go 

right out and get all of this music I've 
described, apply it to the KLH Forty -One, 
and as you play back the tapes ( without a 

trace of added noise), think hard about 
improving the unimprovable and the desir- 
ability of starting off with what you have, 
the better to climb Mt. Everest. Whether 
you're a musician or an engineer, that's 
the proper procedure. 
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We made the 
world's fastest 
bookshelf speaker 
a little faster. 

Until recently, the world's fastest book- 
shelf speaker was the Rectilinear X. 
Now it's the Rectilinear Xa, which is 

our new model number for the identical 
system with some minor modifications. 
This model change isn't an exercise in 

planned obsolescence, just as our ec- 
centric use of the word fast isn't an ad- 
vertising gimmick. They both express 
our deep concern about time delay dis- 
tortion, a phenomenon blithely ignored 
by most speaker designers and taken 
seriously only by a few egghead engi- 
neers. 
Time delay distortion occurs when a 

speaker doesn't "speak" the instant a 

signal is fed into it but remains silent for 
a tiny fraction of a second. This tends 
to blur the reproduced signal, espe- 
cially in a speaker system with several 
drivers, each of which has its own dif- 
ferent time delay. Typically, the woofer 
is slower to speak than the midrange, 
which in turn is slower than the tweeter. 
Crossover networks further complicate 
the problem. The overall result is an 
audible loss of clarity. 
Our solution in a three-way system 

such as the Rectilinear Xa is to use a 5 - 
inch midrange speaker with exception- 
ally low time delay (one that speaks ex- 
ceptionally fast in response to an input 
signal) and let it carry nearly all of the 
music. The woofer contributes only to 
the extreme bass (below 100 Hz) and 
the tweeter only to the extreme treble 
(above 8000 Hz). Thus the time delay 

differences are kept out of the range 
where most of the audible information 
is. The greatest benefit is that the criti- 
cally important upper bass and lower 
midrange are reproduced by a fast 
midrange driver rather than a slower 
woofer, as in other bookshelf speakers. 
That's what makes our design the 
world's fastest. 
Now, the main difference between the 

Rectilinear X and the new Xa is that the 
relatively unimportant time delay in the 
woofer (below 100 Hz) was further re- 
duced by certain changes in the cross- 
over network. This makes the speaker 
faster still, and some very small irregu- 
larities in the frequency response were 
also flattened out in the process. It's a 

small improvement, but we feel that 

anyone who pays $199 for a bookshelf 
speaker is entitled to our latest thinking. 
How does the new Rectilinear Xa 

sound? We're hopelessly prejudiced, 
so we'll quote Hirsch -Houck Labora- 
tories instead (Equipment Test Reports, 
Stereo Review, June 1970): 
"... We preferred the Rectilinear Xa 

in the areas of clarity and definition. In 

fact, we have heard few systems capa- 
ble of comparable sonic detail, and 
most of them lack the bass of the Rec- 
tilinear Xa." 

In other words, one of the leading au- 
thorities in the business is telling you 
that if you want supreme transparency 
plus bass, you're just about reduced to 
the Rectilinear Xa. 

Arguing with that is like fighting city 
hall. 

(For more information, including de- 
tailed literature, see your audio dealer 
or write to Rectilinear Research Corp., 
107 Bruckner Blvd., Bronx, N. Y. 10454. 
Canada: H. Roy Gray Co. Ltd., Mark- 
ham, Ont. Overseas: Royal Sound Co., 
409 N. Main St., Freeport, N. Y. 11520.) 

Rectilinear Xa 
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The Marantz Speakers. 
Now everybody can afford them. 

Not long ago, if you owned Marantz 
components and wanted a speaker system 

equal to the caliber of your Marantz 
equipment, you had to pay through the 

nose to satisfy your ears. 
No more. 

Today, Marantz builds their own line of 
speaker systems -Marantz Imperial 
Speaker Systems-and at prices that 

begin well within the reach of even the 
most modest budget. And these speaker 
systems not only match the traditional 
quality of Marantz stereophonic equip- 

ment, they also enhance the sound of any 
other brand of quality equipment in 

your system. 
The reason: Marantz Imperial Speaker 
Systems deliver honest sound-natural, 

true-to-life, believable sound. Unmarred by 
beefed-up tones and artificial coloration. 

And because Marantz Imperial 
perfornlance is so clean and crisp, you 

can enjoy music for hours on end 

without experiencing "listener fatigue." 

Marantz bookshelf -size speaker systems, 
the Imperial III, IV, and V are engi- 
neered for maximum power handling 
capabilities. For example, the Imperial 
III can handle over 100 watts of 
continuous RMS power, has a 12" 
acoustic -suspension woofer, separate 
midrange, and high frequency dome -type 
speakers. 

All Marantz Imperial Speaker Systems 
not only provide superb stereophonic 
performance, they are also distinguished 
by elegant cabinetry, handsomely 
finished in fine hard -woods. As beautiful 
to the eye as they are to the ear. 

And here's the best part : Marantz 
Imperial Speaker System prices start 
as low as $69.00! 

Visit your nearby franchised Marantz 
dealer for a demonstration. He's listed in 
the yellow pages. Then let your ears 
make up your mind. 
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Electronics for Public Address 
NORMAN H. CROWHURST 

UBLIC ADDRESS SYSTEMS are the story 
of overcoming acoustic problems. 
From the earliest days, this con- 

sisted of using one or more microphones 
with one or more loudspeakers to make 
the program sound-someone speaking or 
a musical performance-more audible to 
the audience. 

If acoustics are not very bad, a rela- 
tively simple arrangement of microphone, 
amplifier, and loudspeakers does the trick. 
But then, when the acoustics are not bad, 
possibly the auditorium does not really 
need reinforcement in the first place, ex- 
cept maybe for the speaker or vocalist 
who has always used one and cannot be 
heard without. Apart from this, sound 
reinforcement is more generally needed 
where the audience cannot hear without 
it, which means the acoustics are not 
good, one way or another. 

So various tricks were used fairly early 
in the game to help the system do a 
better job than the simple microphone, 
amplifier, and loudspeaker combination 
could do, with no trimmings. The recur- 
rent problem has always been acoustic 
feedback, from the loudspeakers to the 
microphone, before adequate `gain' could 
be obtained to make the program more 
audible to the audience. 

Transducers 

Before we turn to the purely electronic 
devices, it will be well to emphasize 
something that time and again has been 
found to be very important concerning 
the electroacoustic devices-microphones 
and loudspeakers: they must be as flat as 
possible in their frequency response- 
free from peaks and dips. 

Acoustic feedback always occurs first 
at some specific frequency: that is where 
the trouble begins. In a good system, 
feedback should be almost ready to start 
at many frequencies at the same time, 
over a fairly wide frequency band. The 
presence of marked peaks in either the 
microphone or the type of speakers used, 
will result in a tendency to start a feed- 
back howl at one of these peak frequen- 
cies while the general reproduction of 
adjacent, non -peak frequencies is still 
quite inadequate. 

Auditoriums also exhibit frequencies at 
which feedback more readily starts, often 
due to natural resonances associated with 
the dimensions of the building. But in 
few instances are these peaks nearly as 
difficult to manage as are those peaks that 
occur in microphone or loudspeaker re- 
sponse. When an acoustic howl starts, it 
sets up a standing wave pattern in the 
room, and this pattern is usually related 
in some way to the dimensions of the 
room. 

If the system, from acoustic input to 
the microphone to acoustic output from 
the loudspeakers, is close to flat, the cor- 
rection needed to minimize the effect due 
to building acoustics is usually not seri- 
ous, but it can be very helpful. 

Acousta-Voice 

This is the approach used by Altec 
Lansing's "Acousta-Voice" method. 
Acousta-Voice is not so much a system 
as an approach to doing the job. The 
Acousta-Voice engineer, trained by 
Altec's people, visits the auditorium and 
conducts a real-time analysis of the build- 
ing's acoustics, to find where its peaks 
and valleys are. 

These are carefully and precisely ana- 
lyzed and then a permanent filter is ad- 
justed to offset the acoustic deviations 
from flat response. When the Acousta- 
Voice filter is inserted into the system, 
the overall response of the system, in 
that auditorium, is flat. 

This enables the system to be operated 
at notably more gain than is possible 
without the correction, and the perform- 
ance is more free from noticeable colora- 
tion at the level where it is operated. 

Perhaps Acousta-Voicing can be re- 
garded as a refinement of the older meth- 
ods that employed tone controls and 
notch filters. The main difference is that 
the old method used controls that were 
available on a specific system, or some 
components thrown together by a man 
with a good "ear" for such things, and 
thus matched the performance, as well as 
possible, to the needs of the moment. To 
a considerable extent, this method de- 
pended on, and was limited by, the skill 

of the operator. Acousta-Voicing is more 
precise, scientific, not subject to trial and 
error, or hit and miss. 

Frequency Shifting 

Another approach that seems to have 
fascinated many because of its sophisti- 
cation, is the frequency -shifting principle. 
Every input frequency is shifted a few 
hertz up or down, so the frequency con- 
tent in the output from the loudspeakers 
differs from that going into the micro- 
phone, although the intelligible content 
of the program is virtually unchanged. 

This method has proved successful, if 
expensive, on speech, but for obvious 
reasons, it is not good for music. Shift- 
ing frequency, say 5 Hz, in the upper 
register may Make little enough differ- 
ence that only"' highly skilled musician 
would notice it. But down in the bass 
register, the same 5 Hz could be a change 
in pitch of a semitone or two, which 
would be disastrous to the musical effect, 
even as discerned by a musically un- 
trained ear. 

Possibly frequency shifting would have 
proved far more popular for situations 
where speech -only is a reliable expecta- 
tion, if it were not for the fact that, 
being highly sophisticated, it is also 
costly. 

Acoustic Nulling 

Another approach to the acoustic feed- 
back problem is worth noting, and putting 
in perspective relative to other efforts, so 
confusion between different methods is 
avoided. This has been the subject of 
some experiments conducted by Electro - 
Voice in collaboration with Brigham 
Young University. 

While it involves additional electronics 
to do the job, it relies on acoustic null- 
ing of the feedback signal. If two loud- 
speakers are connected anti -phase and a 
microphone is placed precisely equidistant 
from them, as in Fig. 1, and their levels 
are adjusted so the intensity received 
from each is equal at the microphone, the 
acoustic field at the microphone is a 
null, and much more gain can be used. 
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Acoustic Research designed "Big Horn" 
to show the size of a horn -type speaker system 
that could match the bass response of the AR -3a. 

a 

a Big Horn; b AR -3a; c Acoustics by Beranek; all drawn to the 
same scale. 

When the AR -3a is placed against a wall, its frequency response is 
flat to below 40 Hz, and continues even at lower frequencies with 
very low distortion. To design Big Horn, we turned to page 268 of 
the standard text, Acoustics by Leo Beranek*, to find the equation 
used to calculate the size of a horn with a cutoff frequency of 40 Hz. 

As shown in the scale drawing above, Big Horn is 7 feet high and 
9 feet wide; its depth would have to be greater than either of these 
dimensions. A pair for stereo would take up sightly more space in a 
living room than two VW buses. Yet, played at the same loudness, 
the only audible difference between them and a pair of AR -3a 
systems would be the slightly rougher response of the Big Horns 
due to reflections inside them. Other than that, the Big Horns should 
sound excellent; they would simply be not quite as good, and much 
more costly than AR-3as. 

Complete technical data for the AR -3a is available free on request. 

'McGraw-Hill, $14.50. 

1 

b 

Acoustic Research, Inc. 
24 Thorndike Street, Cambridge, Massachusetts 02141 
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One's first reaction to this will prob- 
ably spring from observations in earlier 
systems when speakers were accidentally 
connected out of phase: the auditorium 
coverage is poor, because of dead spots 
where signal cancels and listeners at these 
points receive only reverberated signal, 
highly confused. But the Electro -Voice 
approach goes two steps beyond this to 
overcome the defect. 

Instead of using just one microphone 
on one acoustic null point, a multiple 
system is used, such that each micro- 
phone is at a null point for the speakers 
fed by that microphone's amplifier system 
as in Fig. 3. Now every individual sys- 
tem can be operated at a higher gain than 
any system can be operated in that audi- 
torium without using this trick, and no 
listener is going to be located at a null 
point for more than one of the multiple 
systems used. 

An important part of the successful ap- 
plication of this method is that the micro- 
phone on each system must be equidis- 
tant from the two loudspeakers on the 
same amplifier that are connected anti - 
phase, by direct path. Feedback of the 
conventional type occurs due to standing 
wave patterns building up. The usual 
practice of avoiding direct -path feed 
from loudspeakers to microphone means 
the first howl frequency occurs using a 
complicated path, rather than the simple 
direct one. (Fig. 2) . 

So placement of speakers needs to be 
quite different to utilize this approach. 
There must be a deliberate direct feed- 
back path from each, or the cancellation 
will not occur uniformly over the fre- 
quency range. But the completeness of 
cancellation means that gain can still be 
elevated, in comparison with the more 
usual arrangement. And the multiple sys- 
tem use means that each system carries 
only part of the total sound conveyed to 
the average listener, and thus each can 
be operated at a level lower than the 
normal, single -channel system. 

The system has another bonus. In most 
conventional systems, the performer or 
speaker hears his own performance or, 

voice come back to him only by reverbera- 
tion. With this method, he hears the sys- 
tem direct, just as the audience does. 

Another difference should be noted. 
In conventional systems, microphone 
placement is not usually highly critical. 
In the Electro -Voice system, the micro- 
phone must be located very accurately 
in relation to the two loudspeakers con- 
nected to the output of its amplifier. Any 
movement of the microphone, not along 
the line of cancellation, will invalidate 
the cancellation very quickly and cause 
trouble. 

The Electro -Voice people use omni- 
directional or cardioid mikes with this 
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Fig. 1. The basic arrangement developed 
by Electro -Voice. 
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Fig. 2. For comparison, a more conven- 
tional system tries tó avoid direct -path 
feedback from loudspeakers to micro- 
phone, so that acoustic feedback at a 

frequency starting a howl may take the 
paths shown here by the dashed lines. 

SPE FER SPEAKER 
2A 

SPEAKER 
3A 

Fig. 3. A complete system, using this 
method, uses three or more channels 
to cover the field, and provides full 
coverage of the stage area. 

SPEAKERS 
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CTIDNAL MIKE 

SPEAKER 
I 

Fig. 4. A bidirectional mike could also 
use this system, although Electro -Voice 

does not recommend it. 

system, never bidirectional types. It 
would be theoretically possible to use 
bidirectional mikes, except that now the 
mike must not only be kept in the same 
place, it must not be rotated at all. The 
system must be kept completely sym- 
metrical (Fig. 4). 

Another possibility, similar to the 
Electro -Voice in principle, has been used 
with bidirectional mikes, long before the 

SPEAKER 
2B 

Jr - 

SPEAKER 
3B 

AMPLIFIER I 

AMPLIFIER ; 

AVPLIEIER 

STAGE 

BIDIRECTIONAL E 

(T7 SPEAKERS 
IN PPASE 

Fig. 5. An alternative way of using a 

bidirectional mike with similar effect, 
with the loudspeakers in phase and the 
microphone pickup from them antiphase. 
This was actually used long before this 

new development. 

loudspeaker antiphase method was used. 
This uses the bidirectional mike so its 
position and orientation neutralizes feed- 
back by antiphase at the mike, rather 
than the loudspeakers, thus avoiding the 
need for a multichannel system (Fig 5). 

(Continued on page 42) 



Small news from Sony. 

The World's Most Versatile Tape Recorder! The 
Model 124 -CS portable stereo Cassette -Corder® 
lets you record your favorite music and play it 
back in glorious stereo. When there's work to be 
done, you can use it as a functional tape recorder. 
Compact, lightweight, the 124 -CS weighs just five 
pounds with batteries and measures just 61%6" x 

21ñ6" x 93/4". 

Full -Range Extension Stereo Speakers. 
Ideal for desired stereo separation. In 

addition, recorder also features its own 
built-in speaker, which cuts off when 
extension speakers are used. 

AC or Battery. Cassette -Corder® plays 
off house current, car or boat battery, 
four flashlight batteries, or optional re- 
chargeable battery pack, providing use - 
anywhere versatility. 

Constant -Speed Motor for True -Fidelity 
Sound. Regulated -speed DC motor 
ensures constant tape speed for pitch 
accuracy. Signal-to-noise ratio: 45 db 
or better. Frequency response: 50 to 
10,000 Hz. 

Recording -Level, Battery -Level Indica- 
tor. Extremely accurate meter for 
monitoring proper input level. Meter 
also continuously indicates battery 
condition during playback mode. Sony- 
matic level control automatically con- 
trols recording level. 

Push -Button Tape -Transport Controls. 
Just push a button for forward, record, 
rewind, fast -forward, or stop. Safety 
interlock prevents accidental erasure 
of recorded tape. Separate controls 
permit continuously -variable stereo 
balance, tone, and volume. Stereo or 
mono mode switch. 

Lid & Cassette Pop-up Button. Push the 
button, the lid flips up, the cassette 
pops out. Snap a new cassette into 
place in seconds. Use Sony C-90 cas- 
settes and get 1% hours' playing time. 

s1970. SUPENKOPE. INC. 

Son) Model 124 -CS Portable Stereo Cassette - 

Corder . 
() -1; gar - 

ing case for recorder, speakers, and accessories. 
Also available: Sony Model 110, Easy-matic 
Cassette-Corderr pricedat only $109.95. For your 
free copy of our latest catalog, please write Mr. 
Phillips, Sony/ Superscope, 8144 Vineland Ave., 
Sun Valley, California 91352. 

SONY 
You never heard it so good .° 



Murray Allen owns one of 
the world's keenest ears. 
He played sax and clarinet 
with big name bands 
like Skitch Henderson's 
and Bobby Sherwood's 
before becoming an 
engineer. And has done 
sessions for Bobby Melton, 
The Hi-Lo's, Julie London 
and many other famous 
names. Murray was one of 
the first to experiment in 
multi -track recording and 
recently pioneered in the 
use of 16 -track. He is now 
with Universal Recording 
Studios where he 
engineers records and 
commercials, including 
the Schlitz and United 
Air Lines television 
campaigns which are 
currently on the air. 
He was also Audio 
Consultant to Science 
Research Associates. 

An audio 
the new 

"The VM professionals are really worthy of the name. 
I've never seen so much professional control in home -type 
equipment." 

"The VM 1521 receiver, for example, does a lot of things 
even more expensive units I've played with can't." 

"The bass and treble controls really give you a lot of room. And it's 
got a high and low filter you can switch in and out. The separation is 
terrific, too." 

"I mean you can take something like a bass and clarinet duo and 
completely isolate the bass on one channel, then completely isolate the 
clarinet on the other." 

"Another thing, I live in an area where FM is very RFy. The VM 1521 
has a new filter that handles it better than anything I've heard." 

"The speakers are something else, too. VM calls them the Spiral Reflex 
System. Built on the twin wave theory. That's very efficient. And clean. 
Really clean. Especially the percussions. Even the transients don't get 
distorted. It even gets those low guitar sounds." 

"And I really like the VM 1555 automatic turntable. The cueing. The belt -driven 
platter. The extra length on the tone arm. The photo -electric tripping mechanism. 
All of them are terrific." 

"And the spindle gently lowers records all the way down 
to the stopped platter. Really takes good care of them." 

Check No. 41 on Reader Service Card 

The VM 
PROFESSIONAL 1521 
Semiconductor 
complement: 49 
transistors, 30 diodes, 
3 ICs, 2 MOSFETs FM 

circuit: four ganged 
front end with 
2 dual gate 
MOSFETs for 
lower cross 
modulation, 
greater 
sensitivity and 
overload; 5 pole 
phase linear 
torodial filters 
and 2 ICs for 
selectivity, 
sensitivity and 
limiting that 
surpasses all 
previous standards 
in this price range 
AMPLIFIER: Power 

output/bandwidth: 
40 watts RMS/ 
channel power at less 
than 0.5% distortion; 

bandwidth 9-30 KHz 
IM distortion: less than 

0.5% Frequency 
response: + 1 db 20 Hz - 
20 KHz TUNER: 
Sensitivity: 1.9 uy for 30 
db quieting Signal to 
noise ratio: -75 db 

Capture ratio: 1.8 db 
Selectivity: -75 db 
SM 100% MOD 

distortion: less than 0.5% 
Stereo separation: 40 

db at 1 Hz Image 
rejection: -90 db IF 
rejection: -100 db 

Spurious response 
rejection: -100 db 

Comes complete with 
cabinet of oiled walnut 
veneer hardwood at no 
extra cost. (Model 1520, 
same as above except 25 
watts RMS/channel 
power.) 



engineer talks about 
VM professionals. 

THE VM PROFESSIONAL 
"SPIRAL REFLEX 
SYSTEM" 84 
The speakers' back waves 
are channeled through a 
spiral configuration 
acoustical tunnel so that 
the back and frcnt waves 
blend in phase and the 
high frequencies of the 
back wave are completely 
eliminated; the result is 
exceptionally clean 
frequency response with 
extended bass and high 
efficiency Speakers: 
high compliance, air - 
suspension type 8" 
woofer, 31/2" cor e type 
tweeter Response: 35- 
20,000 Hz Power Rating: 
80 watts peak, 422 watts 
RMS Cabinet is Pecan 
solids and veneers with 
inlays of Carpattian 
Elm Burl. 

"You know how hard it is to reproduce a clean 
piano or harp. Well, the : 555 does a beautiful job. 

Absolutely no wow." 
"I listened to an album I engineered on a VM 

professional rig, and I can honestly say it was 
closer to the master tape than I'd ever heard. 

I could even hear tape noise which is really rare." 
"I've decided to take my VM professional outfit 

to my office. Every day I dea: with people 
who really know a good 
sound when they hear it." 

"And it always pays to 
make a good 
impression." 

For engineering specs on 
the complete VM Professional Series write 

THE VM 
PROFESSIONAL 1555 
Two synchronous motors 
-24 -pole for turntable, one 
for changer mechanism 

Belt driven, completely 
isolated, low mass, 
dynamically balanced 
turntable Gentle 
lowering spindle 

Automatic record size 
sensor system Photo cell 
cycle -change sensor 
eliminates side pressure 
and trip noise Piston - 
damped 2 -way cue control 

91/2" tone arm (from 
pivot to stylus); the 
longest on any automatic 
turntable Piano -key 
control center isolated 
from turntable and pick-up 
arm Built-in anti -skate 
system Detachable head 

Tracking error: 11/2 
degrees maximum over 
entire record Rumble: 
-52 db (CBS weighting) 

Comes complete with 
Shure magnetic cartridge 
and attractive walnut 
base with dust cover. 

4111111111110111111111111 

VM CORPORATION 
Dept. 74, P.O. Box 1247, Benton Harbor, Michigan 49022 
or call direct, Area Code 616-925-8841. (Ask for Dept 74.) 



Electronics for Public Address 
(Continued from page 38) 

This arrangement is particularly good 
for interview or dialog, with one person 
on each side of the mike from the audi- 
ence's viewpoint, so the mike does not 
obtrude between the participants and the 
audience. 

The Electro -Voice multichannel system 
is intended for wide -field (full -stage) 
coverage, rather than just single -person 
pickup. And for this purpose it simpli- 
fies the system. To use a conventional 
system for this purpose requires a num- 
ber of mikes and, for best results, mixing 
and gain riding is necessary. With the 
system just described, the system is set 
up, correctly nulled acoustically for each 
amplifier, and the amplifiers need no gain 
riding during a program. 

The important thing to realize, in com- 
paring systems, is that a completely dif- 
ferent approach is used. A conventional 
system cannot be changed to the Electro - 
Voice system just by altering a few con- 
nections. A completely different speaker 
placement must be used. Low-level 
speakers throughout the auditorium, as 
used by some other systems, will not 
work where this method is used. 

For the conventional approach, the P.A. 
system serves a function that can be con- 
sidered as modified "relay." True, the 
loudspeakers may be in the same room 
with the microphone, but they work be- 
cause they are removed as far as possible 
-trying to be in a different `part' of the 
room, to which sound is thus `relayed'. 

For the Electro -Voice approach, the 
P.A. system is essentially a reinforcement 
system, as was never the case with con- 
ventional systems. It reinforces the sound 
level, right where it starts, on stage, or 
wherever the program originates. This is 

the important difference. 

AUDIO 

Fig. 6. A typical protection circuit to pro- 
vide maximum current protection for out- 

put transistors. 

Amplifiers 

Now for a few differences in public 
address amplifiers. Tubes are almost, if 
not quite, passe. Solid state provides 
complete freedom from microphonics, as 
well as greater compactness and effici- 
ency. The one weak point about transis- 
tors is their susceptibility to blowing if 
they are accidentally overloaded, which 
is easier to do with them than with 
tubes. 

Mismatching the output, for example, 
can result in transistors trying to deliver 
many times their normal rated output 
audio current, which will not take long 
to blow them if it is allowed to happen. 
The first step toward protection was the 
insertion of current -limiting circuits that 
cut back the input when output current 
reached a predetermined maximum, of 
which Fig. 6 is a sample. 

Transistors Ql, Q2 are the output, 
driven by complementary pair Q3, Q4. 
Resistors Rl, R2 produce a voltage drop 
due to output current from their respec- 
tive output transistors. When this exceeds 
the contact potential of either protection 
transistor Q5 or Q6, the latter starts to 
conduct, bypassing the base current to 
Q3 or Q4, and holding output current to 
that required to produce the contact 
potential for Q5 or Q6. Q7 provides the 
voltage swing. Dl and D2 prevent Q5 
or Q6 from conducting in reverse on the 
half -wave of signal for which they are 
not intended to be operative. D3 and D4 
provide the contact potential to maintain 
a quiescent output current. 

This kind of circuit prevented output 
transistors from being blown by excess 
audio output current. But then another 
possibility showed up: excessive dissipa- 
tion. If output current reaches its maxi- 
mum into a load whose impedance value 

NFL 

is only slightly lower than nominal, the 
voltage drop across the output transistors 
at this maximum current will be small 
and safe. 

But suppose the impedance connected 
to the amplifier output is much nearer to 
a short-circuit than that: now the voltage 
across the load when maximum current is 

reached will be almost zero, which means 
all the supply voltage is being dropped 
across the transistors, which are working 
at maximum current already. This situa- 
tion will certainly exceed the transistors' 
permitted dissipation. 

There just is no way to hold both 
these quantities in bounds at the same 
time. Voltage drop across the transistors 
could be reduced by allowing output cur- 
rent to rise, but the transistor is going to 
be overrated whatever you do, until a 
correct load is connected to the output, 
by which time it may be too late to save 
the output transistors. 

So the protection circuit devised 
against this possibility cuts off the input 
when a dangerous condition of this kind 
presents itself (Fig. 7) . Zener diodes, D7, 
D8 sense when the voltage drop across 
an output transistor is too great, at the 
time current limiting comes into action, 
causing Q5 or Q6 to conduct. 

When the protection triggers, Q10 
charges C3, which causes the clamp cir- 
cuit to ground the signal output from 
input transistor Q15. Resistors R5 and 
R6, in conjunction with capacitors Cl 
and C2 allow greater overloads of very 
short duration, but act if the overload 
lasts long enough to cause damage at a 
lower dissipation level. Q8 is a feedback 
transistor, sampling the output through 
R3, R4; Q9 combines feedback with in- 
put at this point. 

(Continued on page 61) 

Fig. 7. One version of a more complete circuit that adds dissipation protection. Parts 
serving the same function are numbered the same as in Fig. 6. 
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THE NEW SANSUI 2000A 

AND STILL AT THE SAME PRICE 
$299.95 can still go a long way in purchasing top notch high fidelity equipment. The exciting new 
2000A has a wide dial FM linear scale plus a sensitivity of 1.8µV(IHF)for pin -point station selectivity 
with a clean crisp signal from even distant stations. Its powerful 120 watts (IHF) will easily handle 2 
pairs of stereo speaker systems. The Sansui 2000A has inputs for 2 phonographs, tape recording 
and monitoring, headphones and auxiliary; and for the audiophile, pre- and main amplifiers may be 
used separately. Hear the new Sansui 2000A at your franchised Sansui dealer. 
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Heathkit Model AR -29 

AM -FM Stereo Receiver 

92 ._14 960111 i t i ,s t ia i &1 
i S: , 't¡gOIo t 

MANUFACTURER'S SPECIFICATIONS: 

FM TUNER SECTION: IHF Sensitivity: 1.8 

µV (1.5 µV typical). S/N: >60 dB; Cap- 

ture Radio: 1.5 dB; THD (Mono) 0.5% or 

less; Selectivity (Alternate Channel): >70 
dB; Image Rejection: 90 dB; I.f. Rejec- 

tion: 90 dB; Spurious Response: >90 dB; 

Stereo Separation: 45 dB typical at 1000 

Hz. 

AM TUNER SECTION: Sensitivity: 30 µV 

at 600 kHz, 20 µV at 1400 kHz, with 
external antenna; Antenna: Built-in rod 

type, adjustable; THD: 2%; Hum and 

Noise: -35 db. 

AMPLIFIER SECTION: Power Output: 100 

watts total IHF music power, 8 -ohm load; 
RMS Power Output/Channel: 35 watts, 

8 -ohm load; THD: 0.25% at rated output; 
Power Bandwidth: 5 Hz to 30 kHz. Hum 
and Noise (IHF): High Level Input: -75 
dB; Phono: -65 dB; IM Distortion:0.2%; 
Input Sensitivity: Phono: 2.2 mV; Tape 

Monitor and Aux: 180 mV; Frequency 
Response: Aux: (1 -watt level) 7 Hz to 
60 kHz ±1 dB; Damping Factor: 50. 

GENERAL: Power Requirements: 110-125 
or 210-250 V, 50/60 Hz, 55 watts idling, 
240 watts at full output; Dimensions: 
163/4" wide, 51/8" high, 141/2" deep; Cab- 
inet: AE -19 pecan finished, or custom 
mounted. Weight: 26'/2 lbs. Price: 
$285.00; AE -19 Cabinet: $19.95. 

The Heathkit AR -29 is a worthy com- 

panion to the famous AR-15-somewhat 
easier to build, somewhat lower in power, 
somewhat less expensive-but neverthe- 
less a superb receiver in its own right. 
After a thorough study of the instructions, 
we built it, got it to working perfectly, 
and then enjoyed its performance for 

some time before making the usual meas- 
urements required to complete a report 
on the unit. 

In external appearance, the AR -29 
seems simpler than the AR -15, inasmuch 
as it has only one "knob," and that is 

the tuning control. Volume, bass and 
treble tone, and balance are all handled 
by slide controls which move horizontally 
just under the back -lighted front panel. 
Function and source selection are con- 
trolled by fourteen push buttons, and the 
only other component on the front panel 
is the stereo headphone jack. On the rear 
are the barrier -type output connector 
strip, the center -speaker switch, two con- 
venience outlets-one switched and the 
other unswitched-and the line fuse. 
Openings in the bottom plate provide for 
adjusting the signal levels from all sources 
so that outputs from whatever input are 
of equal level. The input phono jacks are 
all mounted on the flat surface of the 
chassis top, with a portion of the rear 
cover shielding them from the internal 

circuitry. These jacks, incidentally, are 
permanently mounted to the input pre- 
amplifier circuit board, which also accom- 
modates the level -adjusting pots, all the 
electronic components, and at its front 
end the pushbutton assembly, which is 

the source selector. 
The construction of the receiver is of 

a new design which employs eight 
printed -circuit boards, resulting in rela- 
tively few components being mounted on 
the chassis itself. These circuit boards 
are fitted with receptacles which mate 
with six -pin Molex plug assemblies which 
are mounted in several places on the 
chassis in their nylon snap -in bodies. After 
they are installed, the wiring is made to 
the plugs with cable harnesses, resulting 
in a simplified wiring procedure. 

The individual circuit boards are com- 
pleted separately so the builder has a 
number of small projects to finish, rather 
than one large and cumbersome assem- 
bly. Thus he has the feeling that some- 
thing has been accomplished with the 
completion of each of the boards. Actu- 
ally, there is a lot of work in putting 
these boards together, and the overall 
construction time for the receiver is 

likely to be around 35 hours-very sim- 
ilar to that for the AR -15, although much 
simpler for the constructor. After all the 
circuit boards are completed, they are 
installed one at a time in the chassis and 
tested in accordance with the instruc- 
tions. No external test equipment is re- 
quired, since there is a test panel with a 
pair of switches mounted inside the 
chassis, and the signal meter is used as 
a voltmeter to test supply voltages at var- 
ious points through the chassis, and also 
as an ohmmeter for other measurements 
that ensure correct wiring. On the whole, 
the construction and final testing is a short 
course in electronics, well done as is usual 
with Heath instructions, and effective 
enough that it is not necessary to give a 
final alignment with instruments to get 
the receiver operating in accordance with 
its specifications. 

Circuit Description 

The circuit, which employs 65 tran- 
sistors, 42 diodes, and four integrated 
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circuits, differs considerably from the AR - 

15. The output amplifiers employ positive 
and negative supply voltages, eliminating 
the need for output coupling capacitors 
and thus improving the response in the 
very -low -frequency region. Starting with 
the r.f. section, the FM front end is em- 
bodied in a tuning unit which has two 
r.f. amplifier stages, a mixer, and an 
oscillator. The input accommodates either 
75- or 300 -ohm antenna lead-ins, and 
feeds the primary of a transformer whose 
secondary is tuned by the main tuning 
capacitor, and which feeds the gate of an 
FET. Its output is coupled to the second 
r.f. stage-a bipolar transistor-which is in 

turn coupled to the base of the mixer 
transistor, which is also coupled to the 
oscillator. The a.f.c. voltage is fed from 
the detector to a voltage -variable -capaci- 
tance diode which alters the oscillator 
frequency to hold the stations in tune. 

The AM tuner employs two FETs as 
r.f. amplifier and mixer, and a third as 

oscillator. The AM antenna is a ferrite 
rod, which is encased in a plastic housing 
and is adjustable in position over a 
wide range. The i.f. stages follow the 
mixer, then the diode detector, and 
another FET that serves as the AM meter 
amplifier. A 10 -kHz filter eliminates 
interchannel squeal, and an emitter fol- 
lower feeds the remaining circuitry. 

The FM i.f. amplifier employs an inte- 
grated circuit, followed by a nine -pole 
passive filter-which must be fairly com- 
plicated since its replacement cost is 
listed at $18.00-followed by two more 
ICs, the last one feeding the ratio -detector 
transformer, followed by the two -stage 
direct -coupled audio amplifier, and by 
the FET which provides the a.f.c. voltage 
back to the oscillator. There is also an 
a.g.c. amplifier, a signal -meter amplifier, 
a signal -differential amplifier, and a mut- 
ing -voltage amplifier. The output of the 
FM/AM i.f. amplifier chassis is then fed 
to the multiplex circuit board where it is 
fed to an elaborate IC which performs 
practically all of the demodulating func- 
tions for the stereo -signals. Its two stereo 
outputs are fed to separate two -stage am- 
plifiers, filtered, and thence to the con- 
trol preamplifier circuit board. Two 
switches are provided on the MX board 
for alignment of the 19- and 38 -kHz 
circuits separately. 

The input preamplifier circuit board 
provides the necessary gain and equaliza- 
tion for the phono inputs, with low -noise 
transistors being used in the first stage. 
Supply voltages are sufficiently high that, 
along with the circuit design, the over- 
load at the phono input is a comfortable 
155 mV, which should take care of any 
cartridge likely to be used with this re- 
ceiver. 

Fig. 1-Rear view. 

Note input jacks and AM antenna. 

In, 

Fig. 2-Top view of chassis. 

Fig. 3-Multiplex circuit board. 

The control preamplifier is the section 
which provides the tone controls, balance 
control, and the volume control. A single - 
unit, two -transistor Darlington device is 

used in each channel to provide sufficient 
gain for the tone controls, and when the 
TONE button is depressed, the tone -control 
circuitry is bypassed, providing flat re- 
sponse throughout the entire range. 

The output amplifiers are constructed 
on printed -circuit boards which are inte- 
gral with the heat sinks when completed, 

The input is fed to a pair of transistors 
operating as a PNP differential amplifier. 
The input is fed to one base, while the 
feedback is applied to the other one. A 

pre -driver stage furnishes amplification to 
the PNP driver on one side of the circuit, 
with the NPN driver supplies the signal 
to the other side. A complementary pair 
of transistors is used as a dissipation 
limiter, with a total of seven diodes main- 
tain control against overdrive of the two 
2N3055 output transistors. 
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The power -supply section provides reg- 
ulated voltages of 12 and 50 to the cir- 
cuits requiring regulation, and a separate 
bridge rectifier furnishes the positive and 
negative 35 -volt supplies to the output 
stages. Dual primaries on the power trans- 
former permit connection for operation 
on either 117 or 220 volts (nominal) 
when required. 

Performance 

Figure 4 depicts the FM character- 
istics of the AR -29, which show the ex- 

cellent sensitivity, as well as the fine 

quieting of the receiver. Channel sepa- 
ration is shown in Fig. 5. All of these 
curves put the AR -29 in the category 
of most of the high -quality receivers 
on the market-that is to say there are few 
which can outperform it. Figure 6 shows 
the effect of the tone controls at full and 
half positions. Boost at 20 Hz is shown 
to be about 15 dB, and cut about 22 dB. 
On the high -frequency end, the boost and 
cut are more moderate, +10 and -20 
showing as the response at 20 kHz. The 
dashed line on the same figure shows the 
effect of the loudness button when de- 
pressed, raising the response at 20 Hz by 
10 dB, and at 20 kHz by 8 dB. Distortion 
figures are plotted in Fig. 7, with a mea- 
sured distortion of 0.15 per cent as typical 
over most of the audio range, even though 
the specifications rate the receiver at a 

distortion of 0.25 per cent. 
As a check on the effectiveness of the 

signal meter, we measured the signal re- 
quired to move the pointer to the five 
points on the meter scale. A signal of 36 
µV would cause a deflection to the first 
division, 60 µV to the second, 85 µV to 
the third, and 125 µV to the fourth divi- 
sion. An input of 160 µV would deflect 
the signal meter fully to the fifth position 
on the scale. With the MUTE button de- 
pressed, a signal of 6 µV would silence 
the set, but even then, the S/N was some 
56 dB. Once silenced, a signal of 21 µV 
was required to disable the mute circuit. 
We noted a power output of 36 watts per 
channel at a distortion of 0.15 per cent, 
with both channels driven, and at the 
rated distortion of 0.25 per cent, we mea- 
sured an output of 42 watts per channel. 
Power bandwidth also exceeded specifica- 
tions, extending from 7 Hz to 43 kHz at 
the half -power point. Frequency response 
at the 1 -watt level was from 7 Hz to 62 
kHz, ±1 dB, and from 4 Hz to 110 kHz 
±3 dB, also exceeding specifications. Full 
limiting occurred at an input signal of 
1.4 µV, while IHF sensitivity measured 
1.8 µV. 
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DOW TO LISTEN TO SUPERIOR MUSIC.. 
...listen on a TDKassette 
Fiially - and fortunately for all music lovers - there is now a tape cassette available 
that will make your cassette music sound virtually as good as your finest records. Pop, 
jazz, rock or classical - a TDK SDIM cassette will make your recorder sound instantly 
better. 
The TDK SD cassette gives you clear, crisp, life -like fidelity with an 'ncredible fre- 
quency response of 30 to 20,000 Hz, a SN ratio of better than 55dB, an extremely wide 
dynamic range and practically no hiss. 

TDKassettes work smoothly and efficiently, no jamming, tearing or other little tragedies. 
Just ask for TDK - "the cassette that is in a class by itself". 

TDK SD tape is available in 30, 60 and 90 minute cassettes. At fine audio, music, depart- 
ment and camera stores everywhere. 

)TD4 K World's leader in tape technology since 1932. 
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Listening Test 

After such an impressive set of mea- 
surements, we could only hope that listen- 
ing tests would bear out what we had 
measured, as indeed they did. We first 
found that we could pull in 26 stations 
with only our finger on one of the FM 
antenna terminals, which was impressive 
in itself. After we connected the antenna, 
we brought in 43 stations, with 32 of them 
in stereo. These figures should not Ix. - 

compared with others reported, since our 
location does not provide the enormous 
number of stations available to the New 
York area, but to date we have never 
pulled in over 41 stations heretofore with 
any receiver, and not all of them were 
listenable. One effect we noticed as a 
result of the a.f.c. circuitry-as we tuned 
up to a station and it snapped in, it would 
then remain in tune for a short distance 
of the dial pointer, shutting out a station 
adjacent to the strong one. However, if 
we approached the desired weak station 
from the other side, it could be tuned in 
successfully. 

Even the AM reception was excellent- 
after we corrected an error in connecting 
the a.g.c. diode which was originally in 
reverse. This created a funny effect, since 
the weak stations were very weak, while 
the strong ones were awfully strong. But 
the ease of removing the i.f. circuit board 

made changing the diode a very simple 
operation, and then performance was ex- 
cellent, even with the built-in rod an- 
tenna. We did not connect an external 
AM antenna, since we had no intention of 
trying for a long-distance reception record 
-the built-in antenna furnished all the 
stations we wanted in the AM band. 

With reasonably efficient loudspeakers, 
the AR -29 should suffice for even the 
most hardened and critical listener. Its 35 
watts per channel is more than adequate 

BASS I R506 R522 

DARLINGTON 
AMPLIFIER 

for most loudspeaker systems, and far 
more than could be used in an apartment 
of the usual construction. 

The ease of construction and the com- 
pleteness of the instructions make the 
assembly a pleasant procedure, and the 
completed receiver is a handsome piece 
of equipment. Its performance should 
satisfy the most serious audiophiles 
thoroughly. 

TONE 

Fig. 8-Showing Darlington tone control circuit. 
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Dynaco SCA-80 
Integrated Stereo Amplifier 

MANUFACTURER'S SPECIFICATIONS: 
Frequency Response: (at 1 -watt output) 
High-level inputs, ±0.5 dB from 15 to 
50,000 Hz. Power Output: 40 watts per 
channel into 8 ohms with less than 0.5% 
THD from 20 to 20,000 Hz. Power Band- 
width: 8 Hz to 50 kHz at less than 0.5% 
distortion. IM Distortion: Less than 0.1% 
at any power level up to 40 watts per 
channel with any combination of test 
frequencies. S/N: High-level inputs, 80 
dB below rated output; Phono, 60 dB be- 
low rated output. Inputs: RIAA magnetic 
phono, 47k ohms, 3. mV; Special low- 
level (2nd phono), 47k ohms, 3 mV; 
High-level (tuner, tape amp, spare) 100k 
ohms, 0.13 V. Outputs: Main and remote 
speakers, 4 to 16 ohms; tape, 600 ohms, 
same level as high-level input; Head- 
phone (front -panel jack), 8 ohms or 
higher. Semiconductors: 20 transistors, 10 
diodes. Damping Factor: greater than 40. 
Dimensions: 131/2" wide, 41/4" high, 10" 
deep. Weight: 16 lbs. Price: $169.95 in 
kit form; $249.95 wired. 

The name DYNACo has long meant a 
quality product in the kit field, and the 
current project is one of a long line of 
products that have given their builders a 
practical device on which they could ex- 
pend their desires to "build something" 
and which when completed could well 
take its place among the best in hi-fi 
equipment. The SCA-80 is a combination 
of the PAT -4 preamplifier (reported in 

these pages in December, 1967) and the 
Stereo 80 ( which was reported in Febru- 
ary, 1970). It utilizes a relatively simple 
circuit, and still simpler construction, 
since there is no "chassis" in the accepted 
sense, and since there are no transistor - 
equipped circuit boards to assemble- 
they are all completely assembled at the 
factory, so all the builder has to do is 
install them in the proper places in the 
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unit and make the necessary connections. 
The actual assembly requires only the 
putting together the few components on 
the power supply circuit board, assembly 
of the front and rear panel components, 
and the building of the two output -stage 
sections on their heat sinks-a comfort- 
able twelve or thirteen hours of pleasant 
construction. None of the work is diffi- 
cult, nor does it require any special tal- 
ents in soldering, wiring, or even in the 
assembly. 

Fig. 1-Inside view 

Circuit Description Fig. 2-Rear panel 

The preamplifier section is prefabri- 
cated on one circuit board for each chan- 
nel, and consists of the feedback pair 
used for the phono preamp, followed by 
an additional feedback pair to provide 
the necessary gain for the tone -control 
circuits. These two sections are inter- 
connected by the selector switch. The 
phono preamp pair consists of two Tele- 
funken BC109B NPN transistors, with 
the first selected for low -noise character- 
istics. The tone -control pair uses two 
more BC109B transistors, and both sec- 
tions have combined d.c. and a.c. feed- 
back. A unusual feature of the input 
selector switch is the provision of a 
"special" position which the user may 
customize to accommodate a second 
phono input or , a tape -head input for 
those installations where those functions 
are desired. The selector switch provides 
all the usual positions in addition to the 
special position mentioned-PHONO, 
TUNER, TAPE, and SPARE. Directly under 
the selector switch is the MONITOR rocker 
switch which permits listening either to 
the source signal or to the output of the 
tape recorder. 

The next knob controls volume, and 
under it is the LOUDNESS rocker switch, 
which introduces an RC combination 
across the lower portion of the volume 
control to increase bass response at low 
levels. The BALANCE control is next on 
the panel, and under it is the FILTER 
switch, which has three positions-OFF, 
RUMBLE, and NARROW. The rumble posi- 
tion rolls off the low -frequency response 
starting at about 100 Hz, and reaching 
a 20 -dB droop at 20 Hz. In the narrow 
position, the rumble filter is in, and an 
additional section rolls off the high end 
starting at about 6000 Hz, and reaching 
18 dB at 20 kHz. 

The BASS tone control knob is next, and 
under it is the MODE switch, also with 
three positions-MONO, BLEND, and 
STEREO. In the former, both channels are 
paralleled, and in the latter both operate 
separately. The blend position places a 
resistor between the two channels to re- 
duce separation to 6 dB, a condition used 
when the Dynaco three -speaker system is 
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employed for a center fill, or for remote 
mono speakers. The TREBLE tone control 
knob is next, and under it the speaker 
switch which has three positions-OFF, 
REMOTE, and MAIN. The tone -control cir- 
cuitry is of the patented Dynaco arrange- 
ment which takes them out of the circuit 
when they are in the center position. This 
eliminates the possibility of unwanted 
phase shift or effect upon the perfor- 
mance, and with the specially designed 
controls, they are actually out of the cir- 
cuit when centered. This is one of the 
features that the perfectionist looks for 
in his amplifier, since he wants to make 
sure that there is no effect on frequency 
response when the controls are "flat." In 
most amplifiers, this condition is met only 
by using switches for the tone controls. 

The power switch is next in line with 
the knobs. It is of the push -push type, 
and is illuminated when the amplifier is 

on. The headphone jack is directly below 
the power switch, and accommodates the 
usual 8 -ohm stereo headphones, fed from 
the outputs through 120 -ohm resistors. 

The power amplifier section consists of 
a pair of factory assembled printed -circuit 
boards, each of which accommodates four 
transistors and three diodes. The first 
transistor is a 40233, which drives a 
2N5320, with both d.c. and a.c. feedback 
applied. The second transistor feeds the 

driver pair -2N5320 and 2N5322-in the 
usual complementary -pair configuration, 
and they feed the output transistors, a 

pair of 2N3055's mounted on the heat 
sink. An interesting construction of the 
complete output amplifier involves a pair 
of slots in the heat sinks, and the printed - 
circuit boards slip into these slots when 
the heat sinks are mounted. Feed to the 
output terminals is through 5000-µF com- 
puter -grade electrolytics and the r.f. choke 
which is wound around the capacitors to 
provide the 3-mH of inductance to roll 
off the response in the r.f. region so as to 
reduce interference and to afford stability. 

The power supply uses a transformer 
with two primaries, both tapped, so as to 
accommodate line voltages of 100, 120, 
220, and 240. The secondary-approxi- 
mately 54 volts-is fed to a bridge rectifier 
consisting of four separate diodes, filtered 
by another 8000-µF capacitor, then fur- 
ther filtered and fed to the preamplifier 
section. The junction between the output 
transistors is fed stabilizing voltages from 
the power supply. 

Performance 

While we have heretofore reported on 
the PAT -4 and the Stereo 80 indepen- 
dently, we also measured the SCA-80 for 
its performance figures. Power bandwidth 
measured from 7 Hz to 47 kHz at a dis- 
tortion of 0.5 per cent. 

Frequency response of the RIAA- 
equalized phono preamp was within 1.5 
dB from 20 to 20,000 Hz, and the 
tone -control curves are of the usual con- 
figuration, as shown in Fig. 5. Loudness 
equalization is a mild 7 dB at the -30 - 
dB setting of the volume control, and is 
shown in Fig. 4, along with the effect of 
the filter switch in the RUMBLE and NAR - 

Row positions. Distortion measured less 
than 0.15 per cent at a 1 -watt output, 
and at rated distortion of 0.5 per cent, 
the output was 42 watts per channel, both 
channels operating. Separation was 37 dB 
at 40 Hz, 35 at 1000 Hz, and dropped to 
31 dB at 20 kHz, all of which are good 
figures. 

Signal-to-noise ratio measured 83 dB 
on the high-level inputs, and an average 
61 dB on the phono inputs. 

For those audiophiles who build just 
for enjoyment or those who want to econ- 
omize in their systems, the SCA-80 will 
give them the desired pleasure in the 
construction part of the project, and the 
performance of the finished amplifier will 
satisfy them completely. The name Dy - 
naco has been synonomous with quality 
products having a minimum of "gim- 
micks" which add up in cost to satisfy 
the presumed requirements of the ulti- 
mate user. 

C.G.McP. 

Sony Model TC -366 Three -Head 
Stereo Tape Deck 

MANUFACTURER'S SPECIFICATIONS: 

Speeds: 71/2,33/4, and 17/a ips. Maximum 
reel size: 7 in. Motor: One, vibration - 
f ree induction. Heads: Three-erase, rec- 
ord, play; quarter -track. Semiconductors: 
27 transistors, 4 diodes, 1 Zener. S/N: 
55 dB (with SLH tapes), 52 dB (with 
standard tapes). Frequency Response: 20- 
25,000 Hz at 71/2 ips; 30-17,000 Hz at 
33/4 ips; 30-9,000 Hz at 17/a ips. Wow 
and Flutter: .09% at 71/2, 0.12% at 33/4, 
0.17% at 17/8. Inputs: Microphone, low 
impedance, 0.19 mV; Auxiliary, 100k 
ohms, .06V. Outputs: Line, 0.775 V, 100k 
ohms impedance; headphone, 8 ohms, 
30 mV. Dimensions: 167/s" wide, 86/46" 
high, 1413/46" deep. Weight: 221/2" lbs. 
Price: 229.95. 

The new model TC -366 replaces the 
well-known 355, which has long been a 
popular deck. The new features of the 
366 should ensure even greater accep- 
tance than its predecessor. Among these 
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TD -150 MARK II INTEGRATED TRANSCRIPTION TURNTABLE 

features are its ability to accommodate 
both microphone and line inputs simul- 
taneously with mixing between them, 
an automatic total -mechanism shut-off, 
tape -equalization selector switch, faster 
forward and rewind spooling, and the 
absence of pressure pads-always a 
decided advantage. Another of its plus 
features is the unique cabinet which pro- 
vides for either vertical or horizontal 
mounting of the chassis to the user's 
choice. 

Fig. 1-The 366 remounted in its cabinet 
for horizontal operation 

Physically the TC -366 is in a slant - 
front case which can be used in the verti- 
cal position, or if the user wants to place 
in the horizontal position he removes it 
from the case and turns the deck around 
and remounts it, with a slanting front 
panel in a position which makes it easily 
accessible in addition to being attractive 
in appearance. The upper section of the 
molded plastic panel is fitted with the 
two reel hubs flush with the satin -finished 
aluminum surface. The panel is stiffened 
on all four sides by extruded aluminum 
trim strips. An aluminum strip across the 
center of the front serves as a divider, 
and accommodates the four -digit counter 
at the left. Centered on this strip is the 
removable head cover, finished in dark 
gray trimmed with aluminum. The base 
of the head assembly is finished in 
polished chrome. To the left of the head 
cover are the pause lever ( which can be 
operated momentarily, or locked in the 
stationary position ), and to its right the 
speed -control knob. On the other side of 
the head cover is the operating control 
with its REWIND, STOP, FORWARD, and 
FAST FORWARD positions. 

Below this section to the far left is the 
noise reduction switch, followed by two 
RECORD levers in a bright red, the left 
channel record -level controls-one for 
microphone and one for the auxiliary 
input. Next comes the two VU meters, 
with a red indicator light showing when 
recording, or when setting levels before 
starting the tape motion. To their right 
are the two record -level controls for the 
right channel. Next comes the tape selec- 
tor switch and then the two monitor 

You pay 
for what Thorens 

leaves out. 
And you'll never miss them. 

Like rumble. Or wow and flutter. 
Irregular turntable speed. Damaged 
records, chipped stylus. 

The Thorens TD -150 Mark II 
is for people who take their music 
seriously. People who refuse to ac- 
cept the many imperfections of or- 
dinary sound reproduction. This is 
how Thorens has championed their 
cause. 

Record wear reduced... 
Stylus life extended 

Several Thorens features pro- 
vide this. Positioned at the front is 
the Cueing Synchronizer. It lowers 
the tonearm gently and precisely in- 
to the groove. The Anti -Skate Con- 
trol then makes certain the stylus is 
positioned exactly on both walls of 
the groove. And when you change 
turntable speeds (331/2 and 45 rpm) 
the Speed Glide Adjustment does it 
rapidly and smoothly without jolt- 
ing the stylus. 

Rumble, wow and flutter 
are eliminated 

The flywheel action of the 12 - 
inch, precision balanced, non-mag- 
netic platter absorbs the slightest 
variations in speed and eliminates 
wow and flutter. The long and re- 
silient drive belt system of the syn- 
chronous motor in combination with 
a unified suspension system for the 

tonearm mount and turntable as- 
sembly routs rumble effectively. 

Constant Turntable Speed 
Dance of the Hours never 

sounds like Danse Macabre. The 
double 16 -pole synchronous motor 
always maintains its speed regular- 
ity, providing constant, smooth, in - 
phase precise speed. 

Plays records the way 
they were recorded 

Records are cut at a 15° track- 
ing angle. The best performance is 
achieved when they're played back 
at this angle. The low -mass plug-in 
shell permits you to adjust the 
tracking angle of a cartridge accord- 
ingly. You're always assured perfect 
tracking force since the tonearm 
can he adjusted to track as low as 
t gram, and is always in perfect 
balance. 

So you see, when you pay for 
what Thorens leaves out, you re- 
ceive superb performance and relia- 
bility. But then you expect unex- 
celled quality from Thorens. And 
you get it. 

TD -1 50 Mark II, complete with 
tonearm and walnut base ... Only 
$130.00. For more details, see your 
Thorens dealer, or write to: 

ELPA MARKETING INDUSTRIES, INC. 

New Hyde Park, New York 11040 
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switches, one for each channel, which 

permit monitoring on either channel from 

the source or the tape. To the far right is 

a power indicator light just above the 
white rocker -type power switch. At the 
far left corner is the stereo headphone 
jack. 

The auxiliary input and line output 
phono jacks are accessible through an 
opening on the left side of the wood case, 
and the power cord comes out a similar 
opening on the right side. The micro- 
phone(s) are plugged into miniature 
phone jacks located just below the two 
record levers. When the tape is stationary, 
the deck can be put in the record mode 
in either or both channels to permit set- 
ting levels before starting the recording. 
This operation requires that the monitor 
switches be in the source position. After 
starting the recording, both monitoring 
and VU meter indication can be furnished 
by source or tape, at the operator's dis- 
cretion. Headphone monitoring is fed 
from an emitter follower through a step - 
clown transformer which matches the 
transistor to 8 -ohm phones-the ones most 
likely to be readily available to the user 
of the machine. 

The transport mechanism is of the 
proven type used in many of the Sony 
models. The resiliently mounted induc- 
tion motor drives the capstan by an idler 
between the three -step motor shaft and 
a two-step flywheel. The highest speed 
uses the largest diameter of motor pulley 
and the smaller diameter on the flywheel. 
For the two slower speeds, the idler con- 
tacts the larger diameter of the flywheel, 
thus ensuring a larger motor -shaft diam- 
eter. The take-up spindle is driven from 
the flywheel by a rubber belt, and for fast 
forward and rewind, the spindles are 
driven by idlers, one of which gets its 
power from a pulley on the motor shaft. 
The motor is resiliently mounted to elim- 
inate vibration, and the effectiveness of 
this mounting is shown by the low flutter - 
and -wow figure. There is a brake on the 
feed spindle which is released by tape 
tension across au arm in the tape path. 

The tape passes under the brake re- 
lease arm and under a tape guide fitted 
with a tapered entryway which directs 
the tape into the guide accurately, then 
past the automatic shutoff lever which 
actuates a switch for the motor as well as 
a trigger which releases the operating 
knob unless the tape is threaded through 
the machine. The tape then passes over 
the erase head and the scrape -flutter fil- 
ter-which is a precision idler roller that 
eliminates modulation distortion. It then 
passes the non -magnetizing record head, 
the tape lifter bar, then the well -shielded 
play head and finally the capstan. Before 
being wound onto the takeup reel, it 

Fig. 2-Drive Mechanism. Lever at left controls drag on feed reel, applies brake on 
runout or tape breakage. Note two -stepped flywheel. 

Fig. 3-Close-up of head assembly. 

passes another guide, ensuring clean 
wincl. 

Circuit Description 
The electronics of the 366 are relatively 

simple. The record amplifier uses five 
transistors per channel-two as a feedback 
pair for the microphone preamplifier, fol- 
lowed by the :sic level control. The Aux 
input level control and the mrc level con- 
trol feed an emitter follower through 
isolating resistors, and the output of the 
follower is fed to the source/tape monitor 
switch, and to the equalized two -stage 
record amplifier. Bias and erase current 
are supplied by a self -balancing push-pull 
oscillator. Supply voltage to the osoillator 
is feci by the channel record switch to the 
selected record and erase heads, and 
through two additional switches actuated 
by the operating lever for safety. Oscilla- 
tor output builds up slowly due to a delay 
network in the supply circuit, and bias is 
adjusted by a variable capacitor and an 

equalizer switch which reduces the bias 
in two steps for the lower speeds. 

The playback amplifier utilizes six 
transistors-the first three as a feedback - 
equalized preamp ending up with an emit- 
ter follower which feeds a level -adjusting 
pot that balances source and tape levels. 

Following the source/tape selector 
switch is a two -stage amplifier which ac- 
commodates the noise suppressor circuit 
-simply a roll -off, with the effect shown 
in Fig. 3-and a compensating adjustment 
for the type of tape used, normal or low - 
noise -high-level. Additional compensa- 
tion is provided in the record amplifier to 
ensure flat response on either type of tape. 
If you record on low -noise tape with the 
normal setting, you will have a response 
which rises in the upper mid -range fre- 
quencies. The equalized two -stage ampli- 
fier is followed by another emitter follower 
which drives the headphone transformer 
and the record -level meter. 
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The power supply provides a 2 -volt 
winding for the indicator lights, as well 
as a center -tapped 52 -volt winding feed- 
ing a full -wave diode pair, followed by a 

three -transistor regulating circuit to sup- 
ply 25 V to the amplifiers and the bias 
oscillator. 

Performance 
Figure 4 shows the response to 

standard tapes for the three speeds, 
and Fig. 5 shows the record/replay 
response, using the sample of Sony 
Low -Noise -High -Output tape that is 

furnished with the machine. We measured 
wow -and -flutter at .07 per cent at 73i ips, 
with most of the contribution in the 6- to 
250 -Hz region. At 3% ips, wow -and -flutter 
measured 0.1 per cent, and at 1%, it was 
0.14 per cent, all being below specifica- 
tions. Bias frequency was noted as being 
160 kHz, common to most recent Sony 
models, and an excellent assurance of 
complete absence of any interference with 
pilot or switching frequencies when re- 
cording from FM stereo. Distortion mea- 
sured 1.0 per cent at indicated 0 VU at 
1000 Hz, 0.4 per cent at 10,000, 5000, 
and 100 Hz, with an increase to 0.8 per 
cent at 50 Hz. The 3 per cent distortion 
point was reached at an indicated record- 
ing level of +4.5 dB, resulting in a signal- 
to-noise ratio of 54 dB with standard 
tape and 57 with the low -noise product. 
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An input signal of 0.1 mV at the micro- 
phone jack was sufficient to give a 0 -dB 
recording level, as was an auxiliary input 
of 0.32 V at the maximum settings of the 
record -level controls. Line output for a 

0 -dB recording level was 0.78 V, and 
the level difference between source and 
tape was less than half a dB. Rewind time 
was a very fast 110 seconds for 1800 feet 
of tape, and fast forward was clocked at 
115 seconds, both extremely fast for a 
consumer -type machine. Channel separa- 
tion was almost identical with the signal- 
to-noise figure -54 dB with standard tapes, 
and 56 with low -noise tape. 

There is no question that the TC -366 
is a worthy successor to the long accepted 
355, and after several hours of various 
types of recording, we found no tape 
spillage and no broken tapes, no matter 
how hard we tried. The enforced delay 
between fast wind and ordinary record- 
ing or playing with the capstan drive 
prevents any of these undesirable hap- 
penings. The "retractomatic" pinch roller, 
which rises and moves toward the capstan 
as the machine is started makes it excep- 
tionally easy to thread the tape, since the 
roller is well out of the way during this 
operation. We could sum up by saying 
that the 366 is simple and uncluttered, 
but that it has all the functions necessary 
to the average recordist. 

C. G. McP. 

ADC: 
WORLD'S MOST 
PERSNICKETY 
SPEAKER MAKER. 

We make 303AX speakers for fussy 
audiophiles. Each one is crafted by 
hand and contains a two-way acoustic 
suspension system that's accurate 
enough to please even the most 
discriminating listener. The ADC 303AX 
lacks the distortion and coloration often 
found in speakers in its price range. 
Which makes ita superb value in a full- 
sized bookshelf speaker. 

Of course, there's only one way to 
find out how really accurate our speaker 
system is. Go to your nearest ADC dealer 
and compare it to other models. After 
all, hearing is believing! 

SPECIFICATIONS 

Type ... Bookshelf. 
Cabinet ... Oiled Walnut. 
Dimensions ... 233/4" H x 13" W 

x 113/4" D. 

Weight ... 37 lbs. each. 

Frequency Response ... 33Hz-20kHz 
± 3 db (measured in average 
listening room). 

Speakers (2) ... High accuracy, wide 
dispersion tweeter with Hi Flux Magnet 
and 10" high compliance woofer. 
Nominal Impedance ... 8 ohms. 
Power Required ... 10 watts min. 
Price ... $100 suggested resale. 

Write for details about other 
ADC speaker systems. From $55-$350. 

Y-, 
AUDIO 
DYNAMICS 
CORPORATION 

PICKETT DISTRICT ROAD, 
NEW MILFORD, CONNECTICUT 06776 

AUDIO FOR 
AUDIOPHILES 
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