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For months we've been telling you what a great performer 
the 387 AM-FM stereo receiver is. Now a respected inde­
pendent test laboratory report* shows how conservative our 
performance claims really are: 

Our Data 
Characteristic Sheet Oaims H-H Lab Report 

Continuous power 55 watts into 8 ohms 67 watts into 8 ohms 
(RMS) both 85 watts into 4 ohms 100 watts into 4 ohms 
channels driven 

Hannonic 0.5% at rated output Below 0.1%, 1-60 watts 
distortion Below 0.25%, 0.1-65 watts 

IM distortion 0.5% at rated output Well below 0.5%, 0.1-65 
watts; under 0.5% from 
25-20,000 Hz at 55 watts, 
and under 0.2% over most 
of that range. 

The report says the 387 has "one of the most powerful ampli­
fiers ever offered in an integrated receiver". Add to this all 
the other innovative features such as Scott's exclusive 
"Perfectune" indicator, permanently aligned FE'r front end, 
full complementary output stage, solderless "tem;ion wrap" 
connections, and you've got a receiver which is unsurpassed 
in the $399 price class. Ask your Scott dealer for a demonstra­
tion of the 387 receiver today. 

*Hirsch-Houck Lab report appearing in Electronics World, May, 1971 

II d where innovation is a tradition 
H.H. Scott, Inc.,lll Powdennill Road Maynard, Massachusetts 01754 
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Good 16-track masters don't just happen. 

Unless the Dolby System is used, the final stereo 
master may be only marginally quieter tt)an an 

stereo cartridge. 

New sixteen-track recorders are essentially limited in per­
formance by tape noise. No matter what tape is used, noise 
increases by about 9 dB when the sixteen-track original is 
mixed down to a two-channel stereo master. This is equiv­
alent to cutting track width down to that of an S-track cart­
ridge and reducing tape speed to 7t ips. What a waste of 
time, money, and effort. 

The Dolby System eliminates all this. The noise level of a 
Dolby recording, even when it is reduced to stereo from 
sixteen tracks, can easily be better than that of a two-track 
original recqrding on the same kind of tape without the 
Dolby System . At the same time, print-through and cross­
talk are also reduced by 10 dB, keeping stereo placement 
exact and silent passages velvet quiet. Sessions move 
faster because setting up pre-equalization is unnecessary. 
Instead, equalization can be worked out during mixdown 
without affecting the sixteen-track original and without 
watching the second hand of the clock as session time ticks 
away. Nor is there need to ride gain on dead channels 
during mixdown to keep out noise; the Dolby System takes 
care of that. · 

The Dolby System makes recording and reduction easier 
and faster, with t ime for more attention to creative values, 
less to technical problems. It makes good eng ineering 
10 dB better . 

A mixdown at John Mosely's Command Studios, London . 
Command, like every other London 16-track studio, is Dolby 
equipped on every track . 

Prices, delivery information and complete specifications 
are available from 

[][] DOLBY LABORATORIES INC 

UK and International 
333 Avenue of the Americas New York NY 10014 
(212) 243-2525 cables : Dolbylabs New York 

346 Clapham Road London SW9 
(01) 720-1111 telex: 919109 cables: Dolbylabs London 



the pros 
depend on 
SHARPE 
headphones 
for the 1 t comp e e 
sound-

why 
don't you? 
SHARPE Stereo phones M KIT with 
the smoothest frequency response 
from 15-30,000 Hz (30-15,000 ±3.5 
dB) are the choice of the professiona ls. 
After all. the pros know . That's why 
thev're too rated. 
Audiometric laboratories have 
proven SHARPE Headphones to be 
superior in sound reproduction, utterly 
free of distortion (Jess 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 S1 00.00 .. . 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 Creeks1de Dr1ve, Amherst Industrial Park 
Tonawanda. N.Y. 14150 
Export Agents. 
Elpa Marketing lndustnes Inc 
New Hyde Park, N . Y 11044 

ALSO AVAILABLE IN CANADA 
Check No. 2 on Reader Service Card 
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ZER0100 is the newest, 
most advanced automatic turntable. The name 
stands for Zero Tracking Error-:-up to 160 times 
less ·than with any conventional tone arm-new 
freedom from distortion-new life for your 
records. This revolutionary unit, priced 
at $189.50, was introduced with a special 
presep.tation booklet, bound into the June issue 
of this magazine. are 12 explanatory pages, 
with clear illustrations and diagrams, valuable 
to anyone interested in fine record playing 
equipment. If you missed the insert last month, 
or would .like a better copy, we'll be glad to send 
you one. The coupon is for your convenience. 

CUT OUT AND MAIL r----------., 
I I 
I I 
I I 
I 
I 
I 

British Industries Company 
Dept. AG171 . 
Westbury, N. Y. 11590 

Gent le men: Please send me the Garrard 
Zero 1 00 booklet. 

Name 

Add ress 

City 

State Zip 

Brit ish Industries Company, a division of Avnet, Inc. L----------.1 
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Coming 
In 

August 
*Special Tape Cassette Num­
ber-Review of the top 
cassette units. 

*Tape Recorder Maintenance, 
Part 8 of H. W. Hellyer's series. 

Equipment reviews include: 
Pioneer 9000X receiver 
TEAC 7030 SL tape recorder 

LATE FLASH 
Teldec Video Discs 

Reports from Germany indicate 
that Teldec will be demonstrating 
a color version of the high-speed 
video discs at the Berlin Radio Fair 
in August. Playing time is five 
minutes but an automatic magazine 
which holds 24 will go a long way 
towards solving that problem. The 
discs are loaded in the magazine 
in their sleeves to avoid hand contact. 
No details of bandwidth, etc. are 
available but it is claimed that 
definition is comparable with broad­
cast programs. 

TheCuefof 

CONDENSER 
miCROPHONES 

TheEASTffiA 
STUDIO 

WORKSHOP 

About the cover: (mi'kra-fon) n. _an 
instrument whereby sound waves are 
caused to generate or modulate an 
electric current. ... The photograph 
shows 14-count 'em-ranging in 
price from $9.95 to about $400.00. 

Audioclinic 
6 db High-Pass Filter 

Q. I am using a stereo amplifier (Scott 
LK72) for a "booster amp," (fed by two 
Shure M68's). I would like to insert a 
filter, preferably in the tape monitor 
circuit, so that it could be easily switched 
out. I would like to have it roll off at 
about 300 Hz, at the rate of 6 dB per 
octave.-Henry F. Fuss, Springfield, 
Mass. 

A. The filters you wish to insert in the 
tape monitor position of your amplifier 
can be made by using a capacitor of the 
appropriate value, connected betw_een 
the "tape out" and "tape in" jacks. The 
value would probably fall in the range of 
0.001 [lf. I suggest a frequency run so 
that you can be sure that it starts rolling 
off at the desired point. You will 
probably find that you are down a db at 
1 · KHz. Significant rolloff, however, 
does not take place till 300 Hz and be­
low, once you have chosen the correct 
capacitor. Of course, one capacitor will 
be required for each channel. • 

Disc Processing 
Q. I have a question about disc press­

ing. I read an article where it was stated 
that the process of making the finished 
pressing isfrom tape to lacquer to master, 
to mother, to stamper to final disc. Why 
are not the pressings made from tape, to 
master, to final disc? Would not there be 
more quality this way than in the first 
type of production?-Louis Hone, Mont­
real, Canada. 

A. I think that a part of the confusion 
here is in the use of terms. I shall de­
scribe briefly record processing using 
the terms as I use them in my work. 

The master tape is first cut onto a 
lacquer disc, which is usually called the 
master. This disc is then plated. The 
metal is then stripped from the lacquer. 
The result metal part is a negative of the 
original lacquer grooves. This metal 
is known as a "strikeoff." We then plate 
this strikeoff, and strip the new metal 
part from the negative. This results in a 
positive once again, just like the lacquer, 
but this time in metal. This part actually 
can be played, but with special pre­
cautions which will not be discussed 
here. (If you ever obtain such a part, 
do not play it; your stylus may be 
damaged.) This positive is known as the 
"mother." We take this inother and ob­
tain another negative, called a "stamper" 
because it goes into the press and 
actually stamps out the finished disc. 
If this stamper wears out, as it will after 
a few hundred discs have been produced, 

JOSEPH GIOVANELLI 

it is replaced by ·another stamper, made 
from the same mother. Many stampers 
can be made from the same mother. 
If anything did happen to the mother, 
then another mother could be made from 
the strikeoff. The strikeoff can be used 
to make quite a number of mothers, 
though this is seldom necessary. 

The strikeoff could be used to stamp 
out records. This is done often when 
only a small number of discs is required. 
This latter arrangement, then, does not 
obviously lend itself to quantity record 
production. 

I believe that what I have just de­
scribed is what you proposed in your 
question. You may ask at this point why 
you can't simply make a new strikeoff 
from the lacquer. Sometimes this is 
possible, but there is a good chance that 
this new strikeoff will be noisy or even 
be scratched. Removing it from the 
lacquer is a very delicate process be­
cause of the extremely soft material of 
which the lacquer is made. 

The article you read was correct. 
However, where the article refers to a 
lacquer, I use the term "master" or 
"master disc." Where the article re­
ferred to a master, I generally call this 
part a "strikeoff." 

Blend Control 
Q. Can you suggest a "blend" system 

to be used with a Mac MXllO tuner­
amplifier?-Henry F. Fuss, Springfield, 
Mass. · 

A. I suggest that you use a 2 megohm 
potentiometer connected as a rheostat, 
wired across the two output terminals 
of your preamplifier. Decreasing the 
resistance of this pot will blend the 
channels. 

Probably the action of this control 
will take place at its low resistance end. 
If this proves to be the case, use a pot 
having a lower resistance. 

Once you have arrived at a pot setting 
which produces the blend you wish, you 
can substitute a fixed resistor of proper 
value. I think, however, that you should 
consider using the pot at all times be­
cause the amount of blend required 
varies from one program source to 
another. 

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. 

AUDIO ·JULY 1971 



AKG CANADA • DIV ISION Of DOUBLE DIAMOND ELECTRONICS • SCARBOROUGH , ONTARIO 

Check No. 6 on Reader Service Card 

Tape Guide HERMAN 
BURSTEIN 

Head Wear, Equalization, and 
Large-Reel Adapters 

Mr. Donald Mahler, of the Dept. of 
Education, Humboldt State College, 
Arcata, Calif. , comments on items which 
appeared in TAPE GUIDE in February 
and March of this year: 

Head Wear, Feb., I do a fair amount of 
commercial recording, as well as con­
siderable private work, using a number 
of recorders of various makes. In my sad 
experience, as little as five or six hours 
of bad tape can ruin a set of heads, with 
or without pressure pads, and on machines 
costing $1500 as easily as those costing 
$50. For some time I used to check new 
tape a short ways from the outside end, 
using an inexpensive magnifYing glass 
under a table lamp, but after getting 
poorer and poorer tape from domestic 
makers-I've simply standardized on 
Sony and BASF because of their non­
abrasiveness (especially Sony ) and most 
of all consistency . 

Equalization, March, The simplest 
way to obtain magnetic phono equaliza­
tion for a tape recorder input (if it -does 
not have such a circuit or it is already 
hooked up to another item) is to use the 
inexpensive Sony passive (non-powered) 
adapters. These work very well on virtually 
all recorders through the microphone 
inputs, are very small, and I believe still 
cost only about $6.00 per pair. 

Large reel adapter, March, The 
normal quarter inch tape recorder using 
reels up to 8lf4 inches is actually using 
8mm movie film reels-asfar as original 
design, width, and center hub are con­
cerned. The 400 foot 8mm movie reel 
became the seven inch tape reel (and in 
fact I sometimes use regular 8mm reels 
and plastic cans in place of so-called 
tape supplies). If Mr. Siegal, who asked 
the question, will search in large camera 
stores, especially those with lots of old 
stock, he should have no trouble finding 
800 or 1200 foot 8mm movie reels which 
will work nicely on his Revox. He should, 
however, avoid the painted steel ones be­
cause of the magnetism and static elec­
tricity they tend to collect. 

Drop Out 

Q. I have a problem that I really don't 
quite understand. I suppose the term for 
it is "drop out." I thought at first that 
my tape deck was at fault, but upon further 
investigation and some reading I have 
discovered that this is a characteristic 
of magnetic tape. Realizing this, I de­
cided to do all recording at 70 ips, allow-
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ing the tape imperfections to pass over 
the heads more quickly. This, however, 
does not alleviate the problem. I go 
through all the rigors of a real tape en­
thusiast (which I am) by cleaning the 
heads thoroughly, setting correct levels, 
etc., but nothing seems to help. I am a 
great fan of classical music, and I can't 
stand to have it distorted. I also enjoy 
listening with earphones, but they just 
make the problem more pronounced. Is 
there a tape that will give me good results? 
-Richard Wieand, APO, San Francisco, 
Calif. 

A I am afraid that your description of 
the problem of drop out is too sketchy 
for me to comment on extensively. True, 
all tapes exhibit drop out. The high 
quality tapes tend to do so less than 
those of lower quality. In today's state 
of the art, drop out tends to be un­
noticeable when using high quality 
tapes with high quality tape machines 
at speeds of 7h ips, although drop out 
may be detectable by meter or oscillo­
scope or on listening to a single, steady 
tone. Use of wider tracks (e.g. half­
track rather than quarter-track) reduces 
the problem, because tape imperfections 
tend to average out better over a wider 
track. 

Possibly your machine has a fault re­
sulting in symptoms akin to drop out. 
The policy of AUDIO magazine pro­
hibits me from recommending specific 
items of audio equipment, including 
tapes. 

Visible Magnetic Images 
Q. Some time ago Aumo mentioned 

developing the magnetic image in a tape 
recording to produce a visible image. 
Could you tell me what the material is 
which accomplishes the developing and 
where I could obtain it? I have u problem 
with crosstalk in my tape recorder and 
feel that this might be useful in checking 
the cause.-Irving Menchik, Brooklyn, 
N.Y. 

A You are probably referring to 
Magna-See made by Reeves Soundcraft 
Corp., 302 E. 44th St., New York City. 

If you have a problem or question on 
tape recording, write to Mr. Herman 
Burstein at AUDIO, 134 North Thir­
teenth Street, Philadelphia, Pa. 19107. 
All letters are answered. Please en­
close a stamped, self-addressed 
envelope. 
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Out of the Research that Produced the 901 

BOSE brings you ·the Second 
. ® 

DIRECT/ REFLECTING Speaker System 

The BOSE 901* 
. ® 

DIRECT /REFLECTING Speaker System 

THE 12 YEARS OF RESEARCH 
Twelve years of research into physical acoustics 
and psychoacoustics produced this unconven­
tional speaker that has met with unprecedented 
success. Copies of the Audio Engineering So­
ciety paper, by Dr. A. G. Bose, ·describing this 
research, are available from BOSE Corp. for 
fifty cents. 

THE RAVE REVIEWS 
The 901 is the most highly reviewed speaker on 
the market, regardless of size or price. Circle 
number 2s on your reader service card for re­
prints of the reviews. 

THE SOUND OF THE 901 
Ask your franchised BOSE dealer for an A-B 
comparison with the best conventional speakers 
he carries, regardless of their size or price. You 
will only appreciate why we make this request 
after you have made the experiment. 

The BOSE 501* 
® 

DIRECT /REFLECTING Speaker System 

THE DESIGN GOAL 
Our objective was to produce a speaker in the 
$125 price range that would audibly outperform 
all speakers costing less than the 901. 

THE DESIGN APPROACH 
We preserved as many of the features of the 901 
as possible to produce a speaker that sells for 
$124.80. 

Circle No. 21 for information on the design of 
the BOSE 501 . 

THE PERFORMANCE 
You are the j udge. If we have succeeded in our 
design goals, the result will be obvious to you 
when you A-B the 501. with any speaker selling 
fo r less than the 901. 

"You can hear the difference now." 

Natick, Massachusetts 01760 

Circle # 26 for information on the BOSE 901 
Circle II 21 for information on the BOSE 501 

•covered by patent rights 

issued or appl ied for 



Quality sound reproduction calls for 
clean records. Protect your 
ment in records the same way 
broadcasters and professional 
cians do-with Watts' Record Care 
Equipment. Extend the life of your 
records by keeping new records 

_new and revitalizing old records. 

HI·FI PARASTAT MANUAL PARASTAT 
For new records, or For old records. Removes 
those in like-new con- accumulations of dust, 
dition. Routs last bit of dirt, grit, anti-static 
dust and dirt from sprays. A heavy duty 
grooves. Vital when cleaner for deep down 
using low tracking cart- groove penetration. Com· 
ridge or elliptical styli. plete kit, $15.00 
Complete 5 piece kit, 
$15.00 

,. 
DUST BUG 
Keeps clean records 
clean- as they play. In· 
hibits static build-up. 
Attach to any transcrip­
tion turntable, or auto· 
matic used in single 
play. $6.50 

HUMID MOP 

.. 

PREENER 
Most popular Watts 
c.leanlng tool. Humidi· 
fies, applies anti-static 
control, gathers dirt on 
new records. $4.00 

One-way street for dust STYLUS CLEANER 
and dirt. Prevents rein· Removes accumulated 
traduction of dirt after pollution from stylus. 
removal by Parastats and Perfectly safe, extends 
Preener. $3.50 stylus life. $1.25 

Two classic books on record care by Cecil E. Watts. 

• 

"HOW TO CLEAN. MAINTAIN AND 
PROTECT RECORDS" 25¢ 

"PROFESSIONAL METHODS FOR 
RECORD CARE & USE" 50¢ 

Watts Record Care equipment is avail­
able at leading high fidelity dealers. 

ELPA MARKETING INDUSTRIES, INC. 
Dept. A-7 NEW HYDE PARK. NEW YORK 11040 

WhatS New in Audio 
Heath Stereo-4 decoder 

.... ,"'" 
"'":"" 

This is the kit version of the Electro­
Voice Stereo-4 decoding system, which 
adds and subtracts the original two 
channels electronically to provide four­
channel reproduction. Savings over 
wired price are about 50 percent. 
Price: $29.95. 

Check No. 4 on Reader Service Card 

Sinclair IC amp-preamp · 

Audionics, Inc. offers the Sinclair 
Radio nics IC-1 0, an integrated circuit 
amplifier-preamplifier on one mono­
lithic silicon chip. Output is rated at 
5 watts rms at 8 ohms at 28 V d.c., 
while a response of 5 Hz to lOOk Hz ± 
1 dB is claimed. Rated noise is -70 dB. 
Single unit price: $12.00. 

Check N.o. 10 on Reader Service Card 

Shure preamplifiers 

The Models M64 and M64-2E stereo 
preamplifiers provide . voltage gain, 
equalization, and choice of impedances 
necessary to operate magnetic phone 
cartridges and tape playback heads. 
Both models have a single slide switch 

·for selecting equalization for phone, 
tape, or flat. Price: $34.00 

Check No. 12 on Reader Service Card 
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Wright electrostatic speakers 

Dayton Wright Assoc. offer the XG-8 
series of full-range electrostatic speakers. 
Eight &rivers are used without crossovers 
to operate from 32 Hz to 19 kHz. The 
purchaser has the choice of using either 
the ST -300 matching stereo transformer 
unit, which will handle 350 watts/ 
channel, or the 27014A stereo power 
amplifier/ graphic equalizer, with an 
output of 60 watts rms/channel. Basic 
unit size is 40 in. W. x 48 in. H. x 6% in. 
D. Prices begin at $1175 for the basic 
XG-8, the ST -300 transformer system is 
priced at $525. 

Check No. 14 on Reader Service Card 

TEAC component line 

Previously emphasizing recorders, 
TEAC has now introduced a six item 
component line including a basic am­
plifier, an integrated amplifier, speaker 
system, AM/FM tuner, three-way cross­
over, and a performance indicator. The 
tuner (shown) incorporates a five-gang 
tuning capacitor and three FETs. Price: 
$349.50. . 

Check No. 18 on Reader Service Card 

Eicq environmental lighting 

Color organs, strobe lights, "pop-op" 
lights, and sound-light translators are 
available in kit and finished forms from 
Eico Electronic. High reliability solid 
state design includes isolated trans­
formers, parallel lamp configuration, 
and external color controls. Color organ 
prices begin at $29.95. 

Check No . 20 on Reader Service Card 
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e 

e1t er-or 
stereo from JVC 

Model 4344 is the latest pacesetter from JVC. 
With more features, more versatility than any 
other compact in its field. You can enjoy either 
its superb FM stereo/ AM receiver. Or your fa­
vorite albums on its 4-speed changer. Or 4-track 
cassettes on its built-in player. Or you can re­
cord your own stereo cassettes direct from the 
radio, or use its microphones (included) to re­
cord from any outside source. And you get all 
these great components in a beautiful wooden 
cabinet that can sit on a book-shelf. 

But don't let its size fool you - JVC's 4344 is 
a real heavyweight. With 45 watts music power, 
2-way speaker switching and matching air sus­
pension speakers, illuminated function 
tors, handsome blackout dial, separate bass and 
treble controls, FM-AFC switch. Even two VU 
meters to simplify recording, and more. 

See the Model 4344 at your nearest JVC deal­
er today. Or write us direct for his address and 
color brochure. 

JVCcatching On Fast 
JVC America, Inc., 50·35, 56th Road, Maspeth, New York, N.V. 11378 

Check No. 9 on Reader Service Card 
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OUR-CHANNEL sound has been 
on the audio scene for several 
years now, and although much 

confusion still exists about many aspects 
of this controversial subject, some guide­
lines have been established. For ex­
ample, up to this time, true discrete 
four-channel stereo can be heard only 
from the tape format. It is also well 
established that in the true classical 
sense, the purpose of four-channel 
stereo is to capture concert hall ambience 
and enhance the acoustic perspective. 
Although strictly an artificial phenom­
enon with no counterpart in live music, 
pop four-channel sound of the equal 
amplitude "surround" variety is an 
accepted fact. Even though the pop 
four-channel sound is a contrived 
product, the result of mix-downs from 
8- or 16-track recordings, it nonetheless 
appears in the form of a discrete "in­
line" tape recording. While there is 
admittedly a dearth of both pop and 
classical four-channel recordings, what 
is available has been demonstrated at 
many hi-fi shows and in a large number 
of audio There is little question 
that these demonstrations have had 
tremendous impact on those who have 
heard them, and have established four­
channel stereo as a major step forward 
in audio and a very desirable product. 

The trQuble is of course that desirable 
though four-channel stereo may be, it 
is, in the present tape format , a bit rich 
for most pocketbooks. As avid a tape 
man as I am, I have to agree with those 
who state that four-channel stereo will 
never "get off the ground," unless it 
appears on disc and can be broadcast 
on FM. While this is unquestionably 
sound merchandising policy, there is a 
big technological "if' in this attitude. 
To wit: How are we going to record 
four-channel stereo on a disc? 

As most readers of this column are 
aware, there are quite a few companies 
working on the problem, among them 
Columbia, Nippon Columbia, JVC, 
Electro-Voice, Sansui. No, I have not 
forgotten Peter Scheiber and more about 
this pioneer in the field a little later. · 
As you might expect, there has been a 
great deal of"jockeying for position" ... 
claims and counterclaims . . . "ours is 
the best," etc. The New York "rumor 
mill" has been particularly active on 
the four-channel disc, and it has been 
hectic "running the rumors to ground," 
and sifting fact from fancy. Out of this 
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welter of confusion, a trend seems to be 
developing. However, before drawing 
any conclusions, I think it would be 
interesting to review the various ap­
proaches to the four-channel disc that 
have been undertaken up to now. 

Ideally, of course, we would like a 
discrete four-channel stereo disc, with 
complete independence between the 
channels. Some wild things have been 
proposed to accomplish this. For 
example, one idea was a throwback to 
the Cook binaural disc of early two­
channel days, wherein two channels 
were cut some distance apart on the disc 
and then reproduced by tandem parallel 
cartridges. In the four-channel version 
two standard 45 I 45 stereo grooves were 
to be utilized, reproduced with a double 
stylus pickup cartridge! Among many 
drawbacks of this system, the most 
objectionable was the reduction of 
playing time. The JVC four-channel 
stereo disc can be said to be of the 
discrete type. In this system a four­
channel source is fed into a matrix 
circuit converting the sound into sum 
and difference signals. The sum signal 
is cut as a direct signal and the difference 
signal is converted to a frequency and 
phase modulated signal of up to 45kHz 
and recorded over the direct signal. In 
reproduction, a "decoder" box con­
taining an RIAA equalizer, high and low 
pass filters, detector and matrix, 
furnishes the correct four-channel stereo 
output signals. Crosstalk is 20-25 dB, 
roughly the same as in conventional 
two-channel . stereo. Thus in practical 
terms ... the JVC disc produces discrete 
four-channel sound. All in all, a pretty 
impressive accomplishment. However, 
critics of the JVC system point out the 
following problems: 1) A special phono 
cartridge with response beyond 45 kHz 
is required to play the disc. JVC has a 
unit of their own and claims this is not 
amajor point. Most U.S. pickup manu­
facturers seem to agree that producing 
a cartridge with such a response is well 

·within present technology. 2) A special 
cutting stylus would be necessary to cut 
such high on a vinyl disc, 
modifications would have to be made in 
the cutter head and amplifier. The 
criticism is that signal-to-noise ratio 
would suffer and be no better than 50 
dB. And indeed, JVC Claims the S/N 
as "over 50 dB." On the other hand, 
JVC seems to have anticipated the 
cutting proble!Il by running the cutting 
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What is the most expensive 
component in your stereo system? 

Wrong. 
Assuming that you picked one of the component 

types pictured here. 
Although these th ree components form the typical 

stereo system, no system is actually complete without 
number four: records. 

And no matter what you may hove paid for your 
receiver, speakers, or turntable, chances are you've 
spent even more for your records. Or will before long. 

Your records ore not only your biggest investment, 
but the most vulnerable as well . They con remain as 
good as new for years or begin to weorthefirsttime 
they're played. In which case they become even 
more expensive. 

How to protect your investment. 
Which brings us to the turntable, the one component 
actually contacts your records and tracks their 

impressionable grooves with the unyielding hardness 
of a diamond. 

What happens then is up to the tonearm. It must 
apply just the right amount of pressure to the stylus, 
keep this pressure equol on both walls of the groove, 
and follow the stylus without resistance as the groove 
spirals inward. 

Then the stylus will be able to respond freely to all 
the twists and turns in the record groove, without 
d igging in or chopping away. 

Bow the Dual does it. 
Dual tonearms are designed with great ingenuity 

and engineered to perfection. For example, the tonearm 
of the 1219 pivots exactly I ike a gyroscope: up and 
down within one ring, left and right within another. All 
four pivot points are identical, and nothing moves with 
the tonearm except the inner ring . If you can imagine 
0.015 gram, that's the maximum resistance this tonearm 
offers to the stylus. This suspension system is called a 
gimbal, and no other automatic arm has it. 

2 

3 

Another unique feature of the 1219 tonearm is the 
Mode Selector, which shifts the entire arm to set the 
correct stylus angle in either single or multiple ploy. 

Also, the longer the tonearm, the lower the tracking 
error. Thus, the 1219's arm, 8%" from pivot to stylus, 
is the longest of all automatic arms. 

Other things to consider. 
In addition to preserving records, a turntable must 

also bring out the best in them. 
The record must rotate at precisely the right speed, 

or pitch will be off. The motor must be free of vibration, 
or rumble will be added to the music. The platter must 
weigh enough to provide effective flywheel action to 
smooth out speed fluctuations. And, of course, the stylus 
must get to and from the groove as gently as possible. · 

The professionals'choice. 
All this is something to think about the next time you 

buy a record or play your favorite one. It's why Dual 
turntables have been the choice of professionals for so 
many years. 

Not only for the way Duals get the most out of 
records (without to king anything away) but for their 
ruggedness, reliability and simplicity of operation. 

If you'd like to know what independent labs soy 
about Dual, we'll send you complete reprints of their 
reports. Plus an article on what to look for in record 
playing equipment, reprinted from a leading music 
magazine. 

But if you're already convinced and can't wa-it, just 
visit your authorized United Audio dealer and ask for 

· a demonstration. 
You'll find Dual turntables priced from $99.50. It's 

not the least you can spend. But when you consider your 
investment in records, you may agree that it's the least 
you should spend. 

United Audio Products; Inc., 120 So. Columbus 
Ave., Mt.Vernon, N.Y.10553.11J 

Check No. 11 on Reader Service Card 



lathe at reduced speed so that they are 
not running the modulated signal higher 
than 16.6 kHz. 3) Even with modem 
pickup arms operating at one gram, 
record wear would soon erase the· ultra­
sonic groove modulations, destroying 
separation. NC claims the disc can be 
played 1000 hours without erasing the 
high frequencies. At this point there is 
no statistical evidence to support this 
claim. It is worth noting that some time 
ago scanning ·electron microscope 
studies of stereo record grooves showed 
significant deterioration of high fre­
quencies after relatively few plays. In 
any case, trouble could certainly be 
anticipated in the playback of the disc 
with the relatively heavy and crude 
pickup arms on record players in use by 
the . general public. There have been 
other criticisms, but the foregoing are 
those most often mentioned. I have 
heat:d the JVC disc, and it seemed to 
work as advertised. But it was a very 
superficial exposure and the program 
material was limited. To do justice to 
the system and to reach a meaningful 
evaluation, one would have to live with 
it for a while. In sum, the JVC four­
channel stereo disc has tantalizing 
potential, but it would appear that there 
are problems to be resolved if there is 
to be any possibility of industry accept­
ance. 

All of the other four-channel discs 
proposed by the companies mentioned, 
are variations on the matrix theme. All 
of them use the encoding concept of a 
complex mixing (matrixing) of the 
four-channel discrete stereo source to 
two channels, and then decoding back 
up to four channels. The trouble is that 
no matter how clever the matrixing, the 
decoded channels are not truly discrete. 
Does this matter? Let's put it this way . . . 
for the dyed-in-the-wool, "golden­
eared" audiophile, he would probably 
reject the system out of hand. For the 
less technically sophisticated it will be 

acceptable. While for "Joe 
boakes," the man in the street, it is 
doubtful that even if he was given an 
A :B <;omparison, he would be able to 
differentiate between tQ.e discrete 
tape source and the nondiscrete disc. 
As always, big company inertia can raise 
hob with new developments, and of the 
companies with plans for a four­
channel disc, it would appear that 
Electro-Voice is a few jumps ahead of 
the competition. Their closest rival until 
recently was Peter Scheiber. As noted, 
many of the matrix systems have 
similarities. Such was the case with 
the Electro,-Voice system and that of 
Mr. Scheiber, and most likely to avoid 
patent difficulties Electro-Voice has 
acquired the rights to Mr. Scheiber's 
system. Mr. Scheiber and Advent (with 
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whom he had an association at the time) 
gave one of the most honest demonstra­
tions of four-channel sound I have ever 
heard. There was no "fudging" or 
"gimmicking" whatever . ; . as we were 
offered direct A-B comparisons 
discrete four-channel stereo tape and 
the same program on a Scheiber encoded 
four-channel disc. Relatively few of us 
were able to judge between tape and 
disc. The clue that you were hearing the 
disc was that after the fullness of the 
tape, the sound of the disc seemed to 
"collapse" toward the middle and front 
of the room and sounded almost like 
an out-of-phase condition. Without 
the A-B tests, the sound of the disc 
was impressive. The very sophistica­
tion of the Scheiber system, in a ·way 
worked against the inventor. Mr. 
Scheiber incorporated in his system a 
diagonal (left front/right rear and right 
front/left rear) automatic gain control 
function to enhance the separation be­
tween the four channels. A neat idea 
but it made the cost of his decoder unit 
fairly expensive. A criticism of the 
Scheiber system was of its mono play­
back on FM, with a purported loss of 
nearly 8 dB in level. In all fairness, 
this was reported on his earliest ver­
sions of his system, and I believe that 
some corrections were made in subse­
quent versions. 

The Feldman four-channel stereo disc 
system which was bought by ·Electro­
Voice, has many advantages .and almost 
none of the drawbacks of other matrix 
systems. Directional effects are good, 
with adequate channel separation and 
low crosstalk. There is less loss in mono­
phonic FM reception than in any other 
system. Not the least of the advantages 
is that Electro-Voice has managed to get 
the decoding circuitry reduced to a 
monolithic IC. Mounted in a neat box 
about half the size of a cigar box, with 
appropriate input and output receptacles 
and switching facilities, they have the 
cost of a decoder down· to $59.95. 
Furthermore, it is available at many 
hi-fi dealers around the country. With 
this accomplished, Electro-Voice is 
pressing hard to get their system accepted 
as the industry standard. They have 
made good progress. At present, E-V 
has signed up 5 or 6 small record com­
panies .. The ubiquitous Enoch Light and 
his Project Three company are in the 
act. No less than 28 FM stations around 
the country have E-V encoders and are 
presenting four-channel broadcasts. 
Eight recording studios have encoders 
for four-channel disc production. I 
should have mentioned that the E-V 
system is considered completely com­
patible with present two-channel disc 
playing equipment and with FM broad­
casting. Hence FCC approval and hence 

the 28 stations broadcasting in this 
mode. It is interesting to note .that 
as more E-V encoded four-channel discs 
become available, FM stations will not 
have to use encoders at all. They wiil 
simply playback the record, broadcast 
it as usual and if the home listener has 
a decoder, he will hear the four-channel 
sound. 

I have one of the E-V decoders and 
some test pressings of some Enoch 
Light four-channel stereo, encoded by 
Mr. Light and John Eargle of Mercury 
Records at the latter's studio. Mr. 
Eargle points out that the mixing/ encod­
ing for the discs differs from Mr. Light's 
previous mix of the same material foT 
four-channel stereo tape, in that the 
type of mix, the pan-potting, etc. is 
specifically tailored to the characteristics 
of the E-V encoder. Mr. Eargle also 
noted that a big help in making a high 
quality encoded recording is that the 
mixing console enabled him to moriitor 
the recording through the E-V decoder, 
as if he were listening to the finished 
product. Sort of a musical feedback 
loop! Unfortunately, because of the 
differences in the tape and disc mix, 
I was unable to conduct any A-B tests 
at home. The sound from the disc is 
excellent in the normal parameters of 
frequency and transient response. As 
far as the four-channel sound is con­
cerned, with the "surround" type . of 
pop material I was listening to, the 
directional effects ' were pronounced, 
and let's face it, that is the name of 
game with this kind of music. I have 
played the E-V discs for some . friends 
who are totally non-technical types 
-just people who enjoy music-and they 
were completely enthralled with the 
sound. I then played some of Mr. 
Light's four channel stereo tapes for 
them and got two reactions. One 
that they seemed to think the tapes 
had "more , brighter, sharper" sound 
(I think they really were referring to 
the greater fullness and distribution of 
the sound) and the other was that th.ey 
preferred the disc because there was 
less hiss! And they were right about 
that, since the discs were quieter, arid 
hearing hiss in back of you as well as 
from the front is most disconcerting. 

Thus from "Mr. Average 
viewpoint the E-V discs are a success. 

. As an old die-hard I still prefer discrete 
four-channel stereo, btit if the encoded 
discs catch on and create a viable new 
four-channel market, it has to do some 
good for we crusty old types as well. 

Perhaps there will be sonie dramatic 
breakthrough on four-channel stereo 
discs, but in the light of available 
evidence and the present blitzkrieg 
campaign, it looks like Electro-Voice 
may have caught the brass ring. .cE. 
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THE SAN SUI fiS-1 
IJUADPHONIC SYNTHESIZER® 

SANSUI QS-1 

4·CHANNEL SOUND FROM ANY 2·CHANNEL SOURCE 
Senses and recovers the ambient information 

hidden in your stereo discs, tapes and broadcasts 

After having discovered that the ambient components of the original total sound 
field are already contained in hidden form, in conventional stereo records, tapes 
and broadcasts, Sansui engineers developed a method for sensing and 
recovering them. These subtle shifts and modulations, if re·introduced, 
breathtakingly recreate the total of the original sound as it existed in the 
recording or broadcast studio. 

The heart of the Sansui Quadphonic is a combination of a unique 
reproducing matrix and a phase modulator. The matrix analyzes the 2-channel 
information to obtain separate direct and indirect components, then redistributes Phase-modulated signals 

these signals into a sound field consisting of four distinct sources. 
This type of phase modulation of the indirect components, applied to the additional 

speakers, adds another important element. It sets up a complex phase interference fringe in the 
listening room that duplicates the multiple indirect·wave effects of the original field. The result is 
parallel to what would be obtaind by using an infinite number of microphones in the studio (Ml through 
Mn in the accompanying illustration) and reproducing them through a corresponding number 
of channels and speakers. 

The startling, multidimensional effect goes beyond the four discrete sources used in conventional 
4·channel stereo, actually enhancing the sense of spatial distribution and dramatically expanding the 

dynamic range. Also, the effect is evident anywhere in the listening room, not just in a limited area 
at the center. And that is exactly the effect obta ined with live music! This phenomenon is one 

of the true tests of the Quad phonic system. 

The Sansui Quad phonic Synthesizer QS-1 has been the talk of the recent high-fidelity shows at which 
it has been demonstrated throughout the country. You have to hear it yourself to believe it. And you 

can do that now at your Sansui dealer. Discover that you can hear four channels plus, today, 
with your present records and present stereo broadcasts. $199.95. 

*Patents Pending 

SANSUI ELECTRONICS CORP. 
Woodside, New York • Gardena, California 
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Dear Editor, 
More on Doppler 
Dear Sir: 

Recently your magazine has published 
several communications about fre­
quency intermodulation distortion 
(FIM) in loudspeakers (Ref. 1-4). I 
have been interested in the subject for 
several years and have noted that dis­
cussions on the subjective effects of 
FIM generate more "sound and fury" 

. than any other topic. I would like to 
present my thoughts on this subject 
and comment .on some of these com­
munications (Ref. 1-4) with the hope 
that this rather lengthy note will be 
interesting to other readers of your 
magazine. 

As is well known, these distortion 
components are considered to arise 
from the classical Doppler effect (Ref. 
5, 10) which has wide application in 

One such example is astro­
physics, where it has been used to 
interpret certain red shifts in light ob­
served from deep space. In loudspeakers, 
Doppler distortion is recognized to be 
present even for ideal reproducers 
(Ref. 4). It is said to arise when a 
loudspeaker cone attempts to reproduce 
sound at two frequencies, f2 and f1, 
where f2 is much larger than fl. The 
higher frequency is then modulated by 
the motion of the driver at the lower 
frequency fl. The nature of the dis­
tortion products arising from this effect 
is described by Terman (Ref. 6), Beers 
and Belar (Ref. 7) as well as others 
(Ref. 8a, b). It is shown :that the fre­
quencies of the FIM distortion com­
ponents are the same as for normal 
amplitude intermodulation (AIM) 
products. The latter may arise when the 
motion of the speaker is not linearly 
related to the driving force, i.e. the 
voltage output of the amplifier. It is 
therefore perplexing to this reader why 
FIM is claimed to be less objectionable 
than AIM components with comparable 
magnitudes. From an analysis of the 
FIM frequency spectrum, Klipsch (Ref. 
8a, b) shows that the principal FIM 
components have the frequencies f2 ± 
fl and that the remaining FIM com­
ponents may be neglected to a good 
approximation. Klipsch also shows that 
the percentage of FIM distortion arising 
from these components is given by the 
equation of Beers and Belar (Ref. 7), 
namely 

d = 0.033 AI f2 (1) 

where d denotes the percent of FIM dis­
tortion, AI the amplitude of the driver 
excursion at the modulating frequency 
fl, and f2 the modulated frequency. 
The question as to how significant FIM 
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is, must therefore be related to, and dis­
cussed in terms of, realistic concert 
hall sound pressure levels, SPL, and 
driver amplitudes, AI, needed to realize 
these levels in the "average" home. In 
addition it is also important to note how 
the magnitude of FIM co:rupares with 
the magnitude of other forms of distor­
tion at these output levels. 

Experimental studies of Klipsch 
with direct radiator drivers suggest 
that FIM components account for 
approximately 10 percent of the total 
distortion products (Ref. 8b), but this 
fraction may be higher in those speaker 
systems where forms of distortion 
are minimized. Klipsch notes however 
that FIM may only be approximately 
distinguished from AIM experimentally, 
and hence it is not clear what the 
measured data presented by Dr. Griener 
(Ref. 1) represent. If we take these 
values (Ref. 1) to represent total 
distortion and only consider the more 
realistic 0.1 acoustic watt output for 
a home environment, then we also 
expect that HD and AIM products will 
also decrease as the modulating fre­
quency f1 is increased. Dr. Griener's 
data in table II of Ref. 1 may reflect 
this result. With regard to the data in 
table II of Ref. 1, several questions 
come to mind: I. Are the sound ampli­
tudes of fl and f2 the same? 2. Is the 
output at frequency f1 equal to 0.1 watt 
and the output at frequency f2 some 
small value? 3. Do the figures in table 
II represent total distortion of the driver 
from all sources? 4. Do the results with 
the 200 Hz crossover in table III repre­
sent distortion products of both drivers 
or only the driver reproducing the fre­
quency f2? Clearly this information is 
relevant if any conclusions may be 
drawn from these measured results. 
What is perplexing to this reader about 
the measured values (Ref. 1) is the 
following: If we compare the calculated 
FIM distortion for a 10 in. driver with 
0.1 acoustic watt output as given by 
Mr. Allison (Ref. 2) with the corre­
sponding results measured by Dr. 
Griener, it is seen that all the calculated 
results are larger than those measured. 
This observation is inconsistent with 
FIM theory which indicates that Dop­
pler distortion should represent a lower 
limit for a speaker operating at a speci­
fied output level. 

I would welcome it if both Dr. Griener 
and Mr. Allison would clarify these 
inconsistencies. It is possible that Dr. 
Griener's measurement setup for dis­
tortion discriminates against the FIM 
components f2 ± fi which may be 

sufficiently close to the fundamental 
frequency f2 to be only partially re­
solved? 

Mr. Allison dismisses the possible 
significance of FIM by comparing its 
subjective effect with that of mechani­
cally induced flutter (Ref. 2) All may 
not be well with the analogy because the 
subjective effect depends upon music 
program material (e.g. try listening to 
a flute recording on even some good 
quality cassette decks) and niay also 
depend upon the frequency of the flutter 
(Ref. 9). Klipsch (Ref. 9) describes a 
scheme for generating FIM distortion 
using a carefully prepared eccentric 
tape recorder capstan. He demonstrates 
that for sounds similar to those produced 
by an oboe, 0.35 percent rms flutter 
at 40Hz is subjectively more unpleasant 
than at 20 Hz, which in turn is more 
objectionable than at 10 Hz. Although 
a trend is suggested, it would be 
dangerous to generalize these results 
to higher flutter frequencies, e.g. 
flutter at 100 Hz. However it is also 
open to question whether normal 
music program material would not mask 
the effects which are audible with the 
simple tones used in Ref. 9. This reader 
notes that findings using orchestral 
music are conspicuously absent from 
Ref. 9, even though the technique 
used by Klipsch, a proponent of FIM, 
could also be used with more complex 
music material. 

Thus, discussions pro or con FIM 
noted by this reader in popular as 
well as in engineering publications 
have been less than convincing. Pre­
sumably with the sophisticated equip­
ment available to AR, Inc., a definitive 
study of this topic could be made by 
Mr. Allison and for that matter by most 
manufacturers of loudspeakers. None 
appears forthcoming however and this 
suggests that FIM in small speaker 
systems may not be as insignificant as 
these gentlemen would like the con­
sumer to believe. 

In conclusion, I would like to com­
ment on the article by Mr. H. A. van 
Hessen (Ref. 4). Surely, sir, you cannot 
be serious. The model which you suggest 
can be decomposed into two parts. In 
the first, the higher frequency f2 is 
"encoded" by the motion of the micro­
phone diaphragm at the frequency 
fl as the frequency f2'. 

f2' = [ 1 + V mic. + C]f2 (2) 
where Vmic. denotes the velocity of the 
microphone diaphragm at the 
ing frequency fl, and C the speed of 
sound. This corresponds to a case in 
classical Doppler theory where the 
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sound source is stationary and the ob­
server is in motion. In the second part, a 
stationary observer listens to a moving 
sound source (the speaker cone) re­
producing the encoded frequency f2. The 
stationary observer then hears a sound 
at the frequency f2' which depends 
upon the velocity of the speaker cone 
V speaker and is given by the equation 
(Ref. 10) 

f2" = f2' + [ 1 + V speaker+ C] (3) 

Upon substituting eq. 2 for f2' in eg. 3 
gives 
f2"= [1 + Vmic. + C] +[1 + Vspeaker+C](4) · 
Equation 4 shows that even for the 
highly idealized conditions which you 
describe, the frequency f2" observed 
is only equal to the frequency of the 
source f2 when Vmic. = Vspeaker. Ex­
pressed in another way, f2" = f2 requires 
equal amplitudes of speaker cone and 
microphone diaphragm motion. Thus 
your proposition that "the loudspeaker 
merely de-Dopplerizes the pre­
Dopplerized signal" indicates that for 
you realistic levels in the home satisfy 
this requirement. I will leave it to the 
reader to decide if your proposition 
corresponds with his sense of reality. 
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And More on Doppler 

Dear Sir: 
Well, your April issue has done it. 

I can't leave it alone; I will just have 
to add my two cents' worth to the grow­
ing "Doppler controversy." 

Although I agree in general with Mr. 
van Hessen's conclusions, it seems to 
me that he is guilty of certain important 
oversimplifications. 

His reduction of the situation to the 
church with a cellophane partition would 
be valid if the area of the speaker 

(Continued on page 16 ) 
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Dear Editor ... 
(Continued from page 15 ) 

diaphragm (and possibly the micro­
phone) were equal to the area of his 
theoretical partition. Such a sheet, if 
it were transmitting one acoustic watt 
at 50 Hz, would have a total excursion 
of only about 0.001 inch if it had an 
area of 314 square feet. (I do not wish 

. to argue whether one acoustic watt is 
a realistic figure or not; it is an easy 
one for calculation and the proportions 
will remain the same.) Reducing the 
size of the partition to the size of some 
"real" speakers we get the following 
approximations: 
Speaker Diameter Excursion 
30" 0.1" 
15" 0.4" 
8" 1.4" 

Figure 1 shows what I feel is a closer 
analogy to the actual situation. A re­
verse horn on the "input" side of the 
partition increases the velocity of the 
energy to be transmitted by the "real" 
small "partition." Figure 2 shows Mr. 
Klipsch's speaker system superimposed 
onto the same schematic scheme. On 

ACTUAL 
..-MOVING 

DIAPHRAM 

Fig. 1-Reverse horn on "input" side. 

Fig. 2-Fig. 1 with Klipsch speaker 
system superimposed. 

the face of it, it would appear that the 
horn system is a quite valid method of 
restoring the original sound, given a 
small radiator. Of course, the original 
large partition could be simulated by 
an array of speakers or by a large area 
radiator such as an electrostatic. 

Mr. van Hessen further states that in 
an ideal system the "loudspeaker dia­
phragm is moving exactly in step with 
the microphone diaphragm." As the 
figures show, the motions required to 
produce a given sound level vary 
greatly with the size of the diaphragm. If 
this ideal were realized, there would 
be a great discrepancy in frequency 
response between radiators of differ­
ing sizes. This is obviously not the case. 
The actual ideal situation would be 
more accurately expressed as the re­
creation of a sound field that is as nearly 
as possible a replica of that field inter­
cepted by the microphone. 

The amount of excursion required to 
radiate a given power at a stated fre-

16 

quency depends upon the acoustic 
impedance match, and particularly at 
low frequencies, this is related to the 
area of the radiator, by and large. Thus, 
for a horn or other large area radiator, 
which offers a quite constant impedance 
match over a wide range, we would see 
a quite smooth curve of driver excur­
sion vs. frequency at the same acoustic 
level. This would be the case illustrated 
by Fig. 2. In Fig. 1, however, the curve 
of frequency vs. excursion would not 
be nearly so "natural," because the 
acoustic loading on the diaphragm 
varies considerably and somewhat 
erratically, so with a "flat" acoustic 
output we would expect larger low fre­
quency excursions relative to high fre­
quency excursions than would be the 
case with the horn-loaded system. This 
will make an objective difference in 
Doppler components certainly. How­
ever, the question remains: How signifi­
cant are they? 

In reality, Doppler distortion (which 
is sort of an "FM" distortion) seems to 
be far from an obvious effect to detect. 
Even in the case of the Bose 901, where 
full-range radiators are used, no undue 
high frequency distortion seems evident, 
although a preliminary calculation re­
veals that when radiating one watt at 
50 Hz, the Doppler distortion at 10 kHz 
would be on the order of 47%! 

Perhaps part of the answer is psycho­
acoustic, in that a case could be made 
for the presence of Doppler effects in 
"natural" sound. For example, there 
might be an objectively measurable 
difference in the sound of a 3 kHz organ 
pipe played alone as compared to the 
same pipe accompanied by a very low 
frequency pipe. In the last case, the 
3 kHz. tone might be very slightly fre ­
quency modulated because it would be 
propagated in air that has a real, 
though small, velocity component due 
to the low frequency radiation. We 
don't hear it, because it is a "natural" 
sound. 

Perhaps, then, the question is not 
so much one of eliminating Doppler 
effects, but one of maintaining the 
proportions of such Doppler effects to 
levels below our psychoacoustic toler­
ance. 

Inspection of the figures shows that 
the setup of Fig. 2 does much to main­
tain these proportions, but an additional 
consideration may explain why Fig. 1 
is not as bad as it seems it should be. 
(Remember that "inaudible" 47% 
figure!) When we reduce the theoretical 
diaphragm from 314 square feet to a 
realistic size, we vastly increase the 
velocity (excursion) of the low fre­
quencies. What is not often considered 
is that at the same time we also increase 

(Continued on page 61 ) 
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It's all there . .. all the care and skill that make Concert 
Grand and Symphony household words wherever the 
ultimate in music re-creation is desired and appreciated. 

Now we proudly present the newest Bozak- the aston­
ishing Tempo 1 Bookshelf Speaker System. This is a gen­
uine 3-way system - with a special high compliance · 
driver for true bass without a 41/2" mid-range 
driver with exceptional transient capabilities and the fam­
ous B-200 treble for sparkling crystal highs- plus much 
more. 

Tempo 1 is yet another example of Bozak's long-standing 
tradition of quf:llity. See it at your nearest dealer, ask for 
it, listen to it. You'll find that there's suddenly a new 
standard in bookshelf speakers. 

It's called Tempo 1. 

By Bozak, of course. 

Tempo 1 literature available on request. 

P.O. Box 1166 • Darien, Connecticut 06820 

Overseas Export: Elpa Marketing Industries, Inc. 
New Hyde Park, New York 11040 U.S.A. 
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Editor's Review 
T HE WORD microphone was first used as far 

back as 1827 but it then described a kind of 
vibrational stethoscope invented by Wheatstone. It 
was given its present meaning some years later by 
Hughes because it seemed a more appropriate 
description of a telephone transmitter. Credit for 
the first microphone per se is usually given to 
Boursel who described his idea in 1851. But since 
he did not actually build one, honors must go to. Bell 
for the magnetic type and Edison for the carbon 
principle, which of course is still used in present­
day telephones. Other types patented in the mid­
eighteen hundreds were rather more exotic and 
they included several employing liquid jets, at least 
two hot-wire thermal contraptions and one by Reis 
using a variable contact with a diaphragm made of-

· of all things-the skin of a German sausage! A far 
cry from the modern condenser unit with its gold­
coated mylar diaphragm and controllable response 
patterns .... 

Some 93 microphones are classified in the direc­
tory on pages 36 to 43, which of course is not by any 
means a complete list. Of these, 64 are dynamics, 
25 condenser types, plus three ribbons and one 
crystal. Crystal microphones are now mainly used 
with inexpensive tape recorders and while they 
offer good value for money, they are generally 
inferior to other kinds. No less than 14 condenser 
models use electrets for polarizing voltage and 
the emergence of these fascinating devices. has 
resulted in a serious challenge to the dynamic 
principle. This trend is discussed by Richard 
Fowl in his article on inexpensive condenser micro­
phones on page 26. 

Quadraphonic Confusion 
Received on the same day: A booklet describing 

the Lafayette-Dynaco adaptor, a list of broadcasting 
stations and record companies using the Electro­
Voice system, news from Fisher announcing their 
endorsement of the RCA Q-8 ( 4/8 track) tape sys­
tem, from Los Angeles reports of a system called 
"Dual-Triphonic," and from Motorola a state­
ment saying "the report that Motorola is abandon­
ing the discrete 4/8 track system in favor of a matrix 
system is erroneous. We are completely convinced 
of the superiority of the discrete four-channel sys­
tems as contrasted with quasi systems which use 

; synthesizers or matrix techniques. Our commitment 
· to and confidence in the discrete concept is total." 

So there you it. Rumors that Motorola is going 
to make phonograph records are untrue. . . . 

Adding to the chaos are conflicting stories about 
the multitude of other synthesizers and reports 

18 

about a compatible matrix system from a major 
record company! Yet another source of confusion 
is the claim that this or that phono cartridge is 
"ideal for four-channel sound." The truth is of 
course that any cartridge that gives good results 
with two-channel stereo will work well with Electro­
Voice, Dynaco, or similar systems. The only excep­
tions are wide-band multiplex arrangements like 
the NC which require a response up to 45 kHz. 

Amplifier Power Output 
Or What's Watts 

The Federal Trade Commission confirms that 
they are considering the views of AuDIO regarding 
the proposed regulation relating to power output of 
amplifiers. In brief, AUDIO supports the Institute 
of High Fidelity recommendations as opposed to 
the Electronic Industries Association's suggestions, 
but put forward an alternative proposal if a simple 
measurement is required. This involves a two-fre­
quency (60 and 10,000 Hz) IM test which will then 
indicate distortion throughout most of the audio 
range as well as a meaningful power bandwidth 
figure. The EIA suggestion, offered in all ·serious­
ness,· is to make power bandwidth disClosure 
optional and harmonic distortion figures are to be 
taken at 1000 Hz only. Furthermore, if the distor­
tion is less than 5 percent, the actual figures need 
not be mentioned! The difficulty arises from the 
fact that members of the EIA are concerned with 
shall we say, less ambitious record players? as well 
as high fidelity equipment. Whether the Federal 
Trade Commission in its wisdom will come up with 
a regulation that will satisfy all parties remains 
doubtful to say the least. 

Last month, I mentioned that Harold Weinstein, 
of Lafayette, was present at the Hearings. A rose 
by any other name etc., but I must apologize to 
Harold Weinberg. 

Home Constructors 
Take heart-a number of interesting projects 

are "on the stocks." They include a stereo preamp, 
two amplifiers, two equalizers, and an audio gener- · 
a tor. 

* * * 
Here is an item of news which may have great 

Social Significance-although I am not certain what 
it really means. Here it is, as it came from the Penn 
Tool News Bureau, untouched by editorial scissors: 
"More than 40 percent of the hammers, screw­
drivers, and handsaws sold for use in the home are 
being bought by women." Thillk about it. G. W. T. 
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Deep inside a building at New York's Lincoln 
Center for the Performing Arts, recorded history is 
being recorded again . At the Rodgers and 
Hammerstein Archives of Recorded Sound, 
technician Sam Sanders is busy continually 
transcribing all sorts of old recordings, transcrip­
tions and acetates. Not only will there then be 
a more permanent record of this valuable material, 
but access to it is made easy through a sophisticated 
catalogue system, by which interested persons can 
hear material that was otherwise unavailable. 

The Rodgers and Archives of 
Recorded Sound are part of the New York Public 
Library, Research Library of the Performing Arts, 
and encompass virtually the entire history of 
recorded sound. But to get these early (and often 
irreplaceable) discs onto tape wasn't easy. Because 

until the recording industry estab­
lished its own standards, playing 
speeds, groove widths and 
depths were widely varied. 

Stanton engineers worked 
closely with Archive Head David 
Hall and engineer Sam Sanders 

David Hall and Sam Sanders discuss a fine point. 

when the Archive Preservation Laboratory was being 
set up. Standard Stanton 681 cartridge bodies were 
chosen for their superior reproduction characteris­
tics. However, some 30 different stylus types had to 
be prepared to give the tape transfer operation the 
variety needed to match the various old groove 

. specifications. Each was hand-made by Stanton 
engineers to fit a particular disc's requirements. 
So when Sam Sanders begins the careful disc-to­
tape transfer, he must first match the stylus to 
the record. Both microscope and trial-and-error 
techniques must be often used together. But one of 
the special styli will enable every last bit of . 
material to be extracted from these recorded rarities. 

It goes without saying that a company willing to 
take such care in helping to preserve recorded 
history must also be interested in superior reproduc­
tion of today's high fidelity pressings. Which is 
one reason why Stanton cartridges remain the choice 
of professionals the world over. 

For an informative brochure about 
our professional-quality cartridges, 
write to Stanton Magnetics, Inc., 

· Terminal Drive,Plainview,N.Y.11803. STaNTOn 
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Highlights of the 
·Eastman Recording Workshop Paul Dean 

Microphones used at the Eastman Recording Workshop included a Neumann 

U-67 for the tuba in the brass quintet, a pair of AKG C-12As in a cross-cardioid 

setup for overall pickup of the quintet, and a AKG 451-E for the piano of the 

Arranger's Studio Combo . Dr. Donald Hunsberger, conductor of the Eastman 

Wind Ensemble, is shown at top and above, center, talking with a student and 

Phil Ramone (right), producer of Bert Bacharach's records. 
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Another article on this workshop, "The Recording Studio," by Dr. Donald Hunsberger, 

appeared in the June, 1970 issue of AUDIO. Further information can be obtained ­

by writing the Eastman School of Music, Rochester, N.Y. 14604. 

T HE EASTMAN SCHOOL of Music drew 55 students for the 
1970 Summer Session Recording Workshop. Engineers, 
producers, audiophiles, technicians, musicians, and 

amateur recordists, aged 18 to 65, were brought together to 
learn the most recent recording techniques -and to meet the pros 
in the industry. 

The Workshop opened with a welcome from David Greene, 
recording engineer and director of quality control for A & R 
Recording, Inc., who introduced his faculty colleagues: -Phil 
Ramone, executive vice-president of A & R and producer of 
Bert Bacharach's record albums; Neil Muncy, engineer, console 
designer, and president of Suburban Sound, Inc., and Ros 
Ritchie, audio engineer and director of Recording Services 
Department at Eastman. 

The Recording Workshop ran concurrently with the Ar-

rangers' Workshop, which provided live recording sessions 
every day of the course. Therefore, by rotation of assigned 
activities, each student had an active part in all functions of 
actual recording sessions. 

Preparations 
The first "date" was with the Arrangers' studio combo, 

and the morning class prepared by discussing choice of tracks 
for the combo and selection of microphones. The console had a 
capacity of 16 positions. Under the direction of Phil Ramone 
and Dave Greene, the class plotted the positions on the black­
board and arrived at the following hypothetical setup: 

1 Trumpet 9 Farfisa Organ 
2 Trumpet 10 Piano 
3 Trombone 11 Electric Guitar 
4 Trombone 12 Regular Bass 
5 Trombone 13 Fender Bass 
6 Saxophone 14 Overhead (Drum) 
7 Saxophone 15 Sock Cymbal 
8 Saxophone 16 Bass Drum 

On the Eastman Theater stage Phil Ramone supervised the 
microphone setup with selection from the available micro­
phones: two Neumann U-67's, two Neumann U-87's, two AKG 
C-12's, two AKG 451-E's and 15 Shure SM-53's. Judicious 
miking was the objective, as the students placed booms and 
stands, giving special attention to the best position for pick­
up of the particular instrument. For example, an AKG 451-E 
was pointed into the second hole of the piano. · 

"Edsel Murphy's Law," as defined by Dave Greene, was 

AUDIO • JULY 1971 

definitely in action. The law states, "If anything can go wrong, 
it will!" And it did when more saxophones arrived than antici­
pated, resulting in the rearrangement of some positions. 

While the mike setup was being made on stage, other 
students were preparing for the recording in the studio, which 
was located in the third floor of the building across the street 
from the Eastman Theater. Contact between the two points 
was maintained by phone and closed circuit TV. One student 
was in charge of the "take sheet," another acted as timekeeper, 
a third started the tape machines on cue, while still others 
hovered over the console as Dave Greene, engineer in charge, 
checked all positions for the "take." Two large speakers blasted 
the first notes as the band tuned up. Shortly, "take one" was 
ordered, and the recording session had begun. 

The musicians were sight-reading the musical scores before 
them and required several "takes" for the entire arrangement. 
Soon the score took form and developed. Two Altec Voice-of­
the-Theater speakers were provided on stage for playback. 

The Arranger-Conductor 
In the evening class after this first recording date, the stu­

dents had the privilege to meet Manny Albam, the conductor­
arranger who has been a guiding force in the Arrangers' Work­
shop. He emphasized the importance of pl,aybacks: 

"We 'shake down' the first tune; the next thing I want to hear 
as quickly as possible is a good so-qnding playback. ... If that 
initial playback isn't a good, live-sounding thing and doesn't 
satisfy the musician, then the date starts to go downhill. Be­
cause if the musician isn't pleased, the date begins to sound like 
it's not fun, or it's not interesting, or the dynamics aren't right. 
Something is wrong, and you get an ordinary recording-not one 
that glows and glistens, has sparkle and whatev:er you want. 

"I like to hear everything on the date, and there are few of 
us left who do it that way. I think that Burt Bacharach is an­
other guy who brings in everybody .... You don't lay down a 

. rhythm, and then go home and think about what the brass is 
going to do. Then bring the brass in, and bring the strings in, 
and rebuild the bass part; or redo one of the guitar parts, be­
cause it doesn't match what you had in mind for the brass. I 
want to hear it all at once, with or without the vocal. ... We 
work hard, stay up nights, sometimes 72 hours in a row, to get 
a date done." 

Microphones 
Dave Greene, in presenting an enlightening discourse on 

microphones, described their history along with some of the 
problems encountered with the earlier models and how those 
problems are solved: 

"Generally speaking, microphones are only as good as their 
environment. Acoustically speaking, you can't describe a 
microphone without talking about where it is and what's 
around it, for these factors will influence its operation . ... Some 
of you were mainly interested in specific microphones and their 
uses. I guess the most commonly used microphone today-at 
least for studio operation-is the U-87 Neumann." 

There followed a volley of student's questions, which Greene 
fielded with aplomb: 

"Sock cymbal? I use a dynamic. Bass drum? You can use 
anything. I used an old ribbon mike on one date-they are 
fairly sensitive but also very rugged. It was an RCA 44-BX­
an old, old, old thing but it worked very well. Ribbons are ex­
cellent for a bass drum. The trick about bass drums is that we 
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mute them by opening them up and filling them with shredded 
paper about half way; another way is an old quilt. 

"There is one rule of thumb concerning microphones that is 
very important to remember from an audio standpoint: Never 
use two mikes to do the job of one, if at all possible . ... Gen­
erally speaking, with regard to drums, the place to record them 
is overhead-and give that drum sound enough time to develop; 
keep it high, not very close. The basic microphone should be 
the overhead, and the others you should fill in to get presence 
and direction, especially if you are doing stereo ... . 

"Orchestra bells? Dynamics are excellent. Xylophones? You 
might like a condenser. Harp? There are two ways of miking 
a harp; condenser is very nice-you set it two feet away on the 
other side of the harpist. There's another way of doing it, which 
we found one day when we had a harp and a pretty heavy rock 
session, with brass, lots of loud brass. Coming up the back of 
the harp there are slots, and we taped an omnidirectional mike 
there. It worked great! 

"Flutes? If you can spare the mikes, one for each player. 
Flutes, especially bass flutes-if they are played softly- have 
a great sound. For something like a flute or oboe a condenser 
is good .... Saxes? One dynamic mike for every two ·or three 
musicians. Again it depends on the number of mikes you can 
spare. They should be mounted low- on banquet stands or baby 
booms- and two or three feet from the instrument. 

"Strings? Violins generate a sound that requires a live 
acoustic environment surrounding them. A small string section 
usually consists of four violins, one viola, and one cello. Large 
string sections can consist of 16 violins, four violas, and four 
celli. Setup depends on how the score is written- normally, two 
rows of mikes, three in a row, or could be 2-2-2. For small string 
sections, the first mike is placed about a foot from the first chair 
and two feet above the instrument, pointing at the second row. 
Condenser microphones are preferable, though dynamics do 
work .... Celli? They sit in a line and use one mike for two 
musicians-the mike placed at banquet stand height between 
both musicians. 

"Vocal work? Condensers are most commonly used, but 
dynamics will do a surprisingly respectable job. If the vocalist 
sings off to the side of the mike, . rather than directly into it, 
the 'popping' effect is reduced. The direction is across the 
front. ... " 

Recorder Alignment 
Neil Muncy gave the class a wealth of information on vari­

ances which may occur in tape recorders. He demonstrated 
aligning the heads of a professional machine, using a signal 
generator and scope. A question was posed in reference to 
equalization and what occurs when the speed is doubled- e.g. 
from 71/2 ips to 15 ips. Muncy explained: 

"NAB playback equalization is the same for 7'h ips and 15 ips. 
. However, losses in recording go down considerably at 15 ips, 

making a separate record equalization circuit for 7.5 and 15 ips 
essential." 

On the subject of double speed tape copies, the point was 
made that most recorders don't have the frequency response 

to pass a 30kHz (15kHz at 7.5 ips X 2) signal. The 
bias frequency is also not high enough to permit good reproduc­
tion on the copy. For voice work, where response and distortion 
are not of prime consideration, double speed copies may be 
made with acceptable results. Proper double speed copies must 
be made on equipment which is designed for this purpose-the 
high speed tape duplicator. 

In covering the fundamentals of aligning tape machines, 
Muncy disclosed: "The NAB tape curve of 700 cycles is called 
the 'tum-over frequency.' All machines in this country use this 
reference of 700 cycles as a constant to establish 
A special alignment tape- Ampex makes one-is played back at 
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'0' level. All machines are aligned according to this established 
signal, and therefore playback in the same way." 

For illustration, the alignment tape was played back at dif­
ferent frequencies-the high end beginning at 15 kHz. The 
students could hear the signal, see the pattern on the scope, and 
visually compare the '0' relationship on the VU meter of the 
tape machine. As the test frequencies dropped to 12 kHz, 10 
kHz, etc., the variances in the '0' reading indicated whether 
equalization and head alignment were correct. Muncy pointed 
out: 

"Plus or minus 1 dB is probably the best you're going to do on 
a long term basis." 

The students were impressed with the importance of tape 
recorder alignment-which is standard procedure in all pro­
fessional studios and shares top billing on the list of daily 
maintenance with cleaning and demagnetization. When a new 
machine is purchased, it should be immediately checked for 
proper alignment. After 12 hours of use, the tape wear over 
the head establishes a microscopic groove; and if the head is 
slightly off, the groove will also be off for the life of the head 
and cannot be corrected. 

The ReMix Room 
On the fourth floor, above the studio, the faculty had set 

up an 8-track tape machine and a console with 8 channels in 
and two out. An Ampex 350 provided the delay from record to 
play, using a set of reverb springs, which gave an excellent 
reverb device to mix through the console. 

The students practiced mixing live tapes of Bert Bacharach 
and other recent recordings, using sample tapes which were 
later checked by Dave Greene. The remix room was in constant 
use until the wee hours of each morning and a daily schedule 
was posted, so that each eager participant had a turn to practice 
mixing. 

Signal Processing 
Highlight of the Workshop was a lecture by John . Eargle, 

chief engineer of Mercury Recording Productions, Inc. , ·whose 
topics were equalizers, reverberation devices, and limiters. He 
began with a provocative question: 

"Why put something on eight or 16 tracks if you aren't 
really going to make use of them later? If you are exercising 
this prerogative merely as an excuse to put off making a musical 
decision during a recording, this represents a 'reprieve.' If there 
is a justification for multi-channel recording, it is what it en­
ables us to do after the fact. 

"In the old days, when recording first got started, equalization 
meant to boost the high end when we recorded it, so we could 
crank it down on playback because of the noise characteristics 
of the medium. Since that time, the word has, by extension, 
come to mean: Taking what is basically a very pure sound out 
of a microphone or channel and manipulating the spectrum 
of the signal." 

At this point, the lecturer circulated among the students some 
recording pages dating back to the early 1930s (one page was 
the "take sheet" of a recording ofTchaikovsky's Sixth Symphony 
under the direction of Dr. Serge Koussevitsky) . The pages 
illustrated what the recording engineer of that day had to work 
with- the few variables limiting his final production. It was a 
sobering insight indeed, compared with the vast possibilities 
available to today's engineer. 

Still delving into the past, Eargle traced the evolution of 
reverb from the early days-when they purposely avoided it-to 
the late 1930s and the great bands of that era, when some echo 
was first used on vocal parts. The war years, featuring vocal and 
choruses without instrumentalists, brought the doctoring of 
sound with reverb chambers and later in a more sophisticated 

(Continued on page 24 ) 
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To call amplifier'' 
-w-ould be liKe . 

calling a Porsche 
transportation: 

There is unusual satisfaction that comes from 
fulfilling a prosaic task in a far from prosaic 
manner. 

Hence this amplifying system: the Sony TA-
2000 professional preamplifier and the Sony TA-
3200F power amplifier. Together, they perform 
all an amplifier's standard tasks in a satisfyingly 
impeccable manner; but their 67 levers, switches, 
meters, knobs and jacks allow you to perform 
some interesting functions that are anything but 
standard . 

Dual-purpose meters. 
The two VU meters on the preamplifier front 

panel, for example, are no more necessary than 
a tachometer on an automobile. But they do 
serve the dual purpose of simplifying record­
level control when the TA-2000 is used as a. 
dubbing center, and of allowing you to test your 
system's frequency response and channel separ· 
ation (as well as those of your phono cartridge) 
and to adjust the azimuth of your tape heads. 

A broadcast/recording monitor console in 
miniature. 

The TA-2000 resembles professional sound 
consoles in more than its VU meters. In addition 
to the 20 jacks and seven input level controls 
provided on its rear panel for permanent con­
nections to the rest of your hi-fi system, the TA-
2000 boasts a professional patch board in minia­
ture on its front. 

Thus, you can feed the inputs from micro­
phones, electric guitars, portable recorders or 
other signal sources into your system without · 
moving the preamplifier or disturbing your nor­
mal system connections in the least. And a front­
panel Line Out jack feeds signals for dubbing or 
other purposes into an external amp or tape 
recorder, with full control of tone and level from 
the front-panel controls and VU meters. 

The tone correction and filtering facilities are 
also reminiscent of professional practice, allow­
ing a total of 488 precisely repeatable response 
settings, including one in which all tone controls 
and filters are removed completely from the 
circuit. 

The amplifier-no mere "black box" 
A power amplifier can be considered simply as 

a "black box" with input and output connections, 
a power cord , and an on/off switch; and such an 
amplifier can perform as well (or poorly) as the 
next one. But in designing the TA-3200F Sony 
took pains to match the amplifier's facilities to 
the preamplifier's . 

Thus to complement theTA-
2000's two pairs of stereo 
outputs, the TA-3200F has two 
stereo pairs of inputs , selected 
by a switch on the front panel. 
Other front panel controls in­
clude independent input level con­
trols for both channels, a speaker 
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selector switch, and a power limiter (in case your 
present speaker should lack the power handling 
capacity of the next one you intend to buy). 

Circuitry unusual, performance more so 
The single-ended , push-pull output circuitry of 

the TA-3200F amplifier is supplied with both 
positive and negative voltages (not just positive 
and "ground") from dual balanced power 
supplies. This system allows the amplifier to be 
coupled directly to the speakers with no inter­
vening coupling capacitors to cause phase 
shift or low-end roll-off (A switch on the rear 
panel does let you limit the bass below 
30Hz if you should want to , otherwise, 1t extends 
all the way down to 1OHz.) 

The individual stages with.in the amplifier are 
also directly coupled with a transformerless 
complementary-symmetry driver. stage, and 
Darlington type capaoitorless coupling between 
the voltage amplifier stages. 

As a result, in part, of this unique approach, 
the T A-3200F produces 200 watts of continuous 
(RMS) power at 8 ohms, across the entire fre­
quency range from 20 to 20,000 Hz; IHF Dy­
namic Power is rated at 320 watts into 8 ohms 
(and fully 500 watts into a 4-ohm load) . 

But more important by far is the quality of the 
sound; intermodulation and harmonic distortion 
levels are held to a mere 0.1% at full rated output, 
and 0.03% at the more likely listening level of 
one-half watt. The signal-to-noise ratio is an in­
credible 110dB. And the full damping factor of 
170 is maintained down to the lowest, most 
critical frequencies (another advantage of the 
capacitorless output circuit) . 

The companion TA-2000 preamplifier also 
boasts vanishingly low distortion and a wide 
signal-to-noise ratio, but this is less unusual in a 
preamplifier of theTA-2000's quality (and price). 
What is unusual is the performance of the phono 
and tape head preamplifier circuits; for though 
they have sufficient sensitivity (0.06mV) for the 
lowest-output cartridges (even without accessory 
transformers) , these preamplifier circuits are vir­
tually immune to overload- even with input sig­
nals 80 times greater than normal. · 

Their sole vice: they are hardly inexpensive 
Of caurse, at a price of $329.50 for the TA-2000 

preamplifier, and $349.50 for the TA-3200F power 
amp, this sytem cannot be considered other than 
a luxury, but then, it was intended to be. For there 
are those to whom fulfillment of prosaic tasks is 

unfilling. And among them 
are not only many of our 

customers, but also many 
of our engineers. Sony 

Corporation of America, 
47-47 Van Dam St. 

Long Island City, 
NewYork11101 . 

SONY® 
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way with springs and EMT reverb plates. In recent years there 
have been some interesting developments regarding echo. A 
slight time delay, just before the return of reverberation, gives 
a more natural sound. 

Eargle explained, "What you are doing now is slightly akin 
to what happens in a big room. There are three sound fields 
that occur in a large room when a sound is emitted: one is the 
direct field, that reaches you directly and doesn't go through 
any bouncing; the second is called the early field, which con­
sists of the first handful of initial reflections, which the ear 
can analyze (the ear can actually hear these early reflections); 
the third is the grand mix or reverberant field that is coming 
from all directions equally .... " 

On quadraphonic sound and the role of time delay, Eargle 
said, "Creating artificial ambience is going to be a very big 
thing. Instead of having four monophonic happenings-one in 
each corner-we are going to have four acoustical happenings 
that we can control and manufacture. Part of this is going to be 
a very high quality time delay, and I don't mean taking some 
spare 4-track machine and running it 90 cycles a second, using 
a 30 ips capstan. I mean something that really lets you get down 
into very small bits of time delay, for example, 12 milli­
seconds .... The acoustical image that you get with time delay 
and reverberation is one of placing that voice in any acoustical 
environment you want to manufacture. 

"To a very great extent, tape does its own kind of limiting 
of high frequencies. It is one of the most gently overloading 
media, and it has a cushion-type action. The opposite is true 
of disc cutting, and when an optical (film) recording overloads 
at the limits of the galvanometer action, it's catastrophic! 

"Most limiters and compressors in current use have very fast 
attack times (the time it takes to go to a certain percentage of 
gain reduction action) . Many of the FET style limiters can grab 
a wave of 15kHz waveform and go into compression in a matter 
of 18 to 20 microseconds. For disc cutting, such a device as this 
is very important to prevent overloading and distortion . ... 
One limiter, developed by Creatronics, in California, has an 
attack time of 18 microseconds and recovery time can be any­
where from 15 milliseconds up to 1 V2 seconds. Among its many 
uses are controlled distortion effects and elimination of leakage 
from other tracks in multi-track recording." 

Eargle also described some of the exotic tools, such as Moog's 
voltage control low pass filter, and the resulting equalization 
effects. 

Mobile Recording Studio 
One of the most outstanding "live dates" of the Workshop 

was an evening involving the use of a commercial remote truck 
from Fedco Audio Labs, Providence, R.I. When the innocent­
looking panel truck arrived, the studio-on-wheels revealed a 
fascinating recording potential to the students who inspected 
the interior and heard the engineer-designer describe the 
studio's capabilities. 

Inside the truck were two 8-track tape recorders, custom­
built by John Stevens of Burbank, Calif.; a custom console with 
24 positions; four JBL 4310 monitor speakers, and a closed 
circuit TV. Interior basic equipment included a power condi­
tioning system, to stabilize power supplies at any location, to 
alleviate rectifier noise, and operate without power change 
should line voltage fluctuate between 130 V and 105 V. Three 
cables ran from the truck into the building, one for power, one 
with 33 mike lines in it, and one for speaker Lines, headphone · 
lines, TV, etc. 

The console was 16 mikes in, with 16 mike pre-amps, each 
with equalization and compression, and pan-pots for each 
of the 16 positions; 8 tracks out (with stereo mix made up as 
linear combination of either 8 outputs of the board, or four and 

24 

two); equalization mix for the 16 inputs, plqs the eight tracks, 
four tracks of echo, and solo. Echo was provided by four F air­
child spring sets, which were used very rarely and then only 
when making a two-track safety. Any input could feed any 
submaster; conversely any submaster could feed any input. 
With patching, this allowed six additional inputs. 

Excellent communications were maintained by a talk-back 
system between the console and the engineer on stage with 
headphones and boom mikes. If hum developed, it could be 
located and corrected quickly. This compact, versatile vehicle 
was purposely designed to carry more equipment than could 
possibly be used for one date, thereby giving great flexibility 
in adjusting to any recording circumstance on location. 

The Assemblage . 
To accomplish this second and unique live recording date, 

precise prearrangments were in effect. The mobile studio 
arrived first and very early, for the benefit of the students' 
inspection and enlightenment. Later, the Paul Winter Consort's 
panel truck, carrying the larger musical instruments, arrived 
from California, where one week earlier at UCLA, the Paul 
Winter Consort had been recorded by Phil Ramone, who had 
brought his recording to the Workshop and played it for the 
students at that morning's class. 

The Paul Winter Consort arrived by plane from Arizona, 
where they had completed a date the night before using their 
small instruments. While unloading at the Rochester airport, 
their amplifier for electric acoustic guitar was dropped and 
broken, requiring hasty repairs. Nevertheless, the evening 
concert went smoothly and was enjoyed by a capacity audience. 

The mobile studio was located on Gibbs St. in front of Kil­
bourn Hall. Inside at the console was Dave Greene, engineer 
in charge, running both tape recorders and monitoring with 
closed circuit TV. Up in the Eastman studio at the controls 
was a Workshop student, observed by an experienced TV sound 
engineer and other students. 

The Paul Winter Consort 
On the stage at Kilbourn Hall was the Paul Winter Consort­

"A celebration in sound" (their publicity stated). "An ensemble 
of young musicians who are developing an original idiom of 
instrumental music and a new kind of theater-concert ex­

The six musicians rendered familiar classics, ethnic rhythms, 
and their own original compositions and improvisations, 
featuring oboe, sax, cello, English horn, acoustic and electric 
bass, portative organ, classical and 12 string guitars, lute, sitar 
(which took longest to tune), and a variety of folk percussion 
instruments. 

During the performance, The Paul Winter Consort's engineer 
was located down front below the stage, operating their own 
sound system (four speakers: two for P.A. , two aimed at the 
band). After the concert, a reception was held in the student 
lounge, where the Workshop students met and questioned the 
musicians. 

Conclusion 
Manny Albain gave this forecast to the Recording Work­

shop students : 
"We say as much as we possibly can in class, with the idea that 

you will hear about one third of it or less .... But there is one 
thing that's going to happen . . .. At some time about three or 
four months from now, you'll be recording something and you'll 
say, 'Ah, that's what he meant!' And so take it all in now, as 
much as you possibly · can, and it will begin to pop in a few 
months .... Without fail , I can almost guarantee that solutions 
to a lot of your problems are suddenly going to jump under 
your fingers, and you will go for the right switch at the right 
time!" A:. 
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Woody Herman chose AR-2ax speaker 
systems for his listening at home.The sound of 
live music, be it rock or big band, is reproduced 
accurately on AR equipment. 

The accuracy with which AR speaker systems reproduce 
music serves as a valuable tool for many notable musicians. 
Among the most notable is Woody Herman, whose big 
bands have long enjoyed great success. His secret seems 
to be an ability to stay in tune with the evolution of musical 
styles , as is documented by the Herd's latest recordings 

on the Fantasy label. In spite of a schedule of more than 
200 concerts every year, Mr. Herman can sometimes relax 
in the seclusion of his Hollywood home. Here, he listens 
to a high fidelity system consisting of an AR receiver, AR 
turntable with Shure V-15 type II cartridge, and a pair 
of AR-2ax speaker systems. 

r----------------------------------1 
ACOUSTIC RESEARCH, INC. 
24 Thorndike Street, Cambridge, Mass. 02141, Dept. 

AU-7 
Please send me a free copy of your illustrated catalog, as 
well as technical specifications and measured performance 
data for the AR-2ax speaker systems. 

Name ______________________________________________________ __ 

Address __________________________________________________ __ 

Check No. 25 on Reader Service Card 



The Case 
for the Condenser 

Fowle* 

'' Incorporation of the electret capsule and 
the resultant increase in battery life, makes the use 
of superior condenser microphones as convenient 
as the use of dynamic microphones. '' · . 

A CCURACY is the key factor in 
the design and performance of 
any audio component. There 

are many ways of measuring the devia­
tion from absolute accuracy. Total har­
monic distortion, intermodulation dis­
tortion, frequency response, signal-to­
noise ratio, phase response, impulse 
response, and many more are terms 
describing the relative accuracy of a 
component. The aim of all these 
measurements is to show how closely the 
output of a device approximates the 
input to that device. 

In studying the important charac­
teristics of condenser and dynamic 
microphones, it quickly becomes ap­
parent that a properly designed 
condenser microphone is inherently 
more accurate and thus better than a 
properly designed dynamic microphone. 

A microphone is a device which con­
verts acoustic energy into electrical 
energy. In other words, when sound of 
a given frequency and amplitude strikes 
the diaphragm of a microphone, alter­
nating electrical current of equivalent 
frequency and amplitude is produced 
by the microphone. This transformation 
takes place in several well ordered steps, 
regardless of the type of microphone. 
l. Acoustic energy (an alternating air 

pressure) strikes the diaphragm of the 
microphone. 

2. The acoustic energy becomes mechan­
ical energy as the diaphragm vibrates 
in accordance with the difference in 
pressure between front and rear sides 
of the diaphragm. 

3. The mechanical energy (vibration) of 
the diaphragm is converted to elec­
trical energy (alternating current) 

•sony Product Manager, Superscope, Inc. 
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in accordance with the intensity and 
frequency of the sound pressure. 
From the above, it is apparent that 

the distortion may first occur in step 
2, where a diaphragm is required to 
react with extreme accuracy to a 
constantly varying sound pressure. 

The diaphragm of a condenser micro-

Fig. 1-A- Cross-section of a condenser 
microphone. 

I' r 
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. Fig. 2-A-Impulse response of a Sony 
condenser microphone. 

phone is a circular piece of extremely 
thin (typically 0.00025 in. thick) plastic 
or metal which is supported at its edge. 
(See Fig. 1-A). The diaphragm of a 
dynamic microphone is also a thin 
plastic or metal sheet supported at its 
edge. The diaphragm of the dynamic 
microphone is connected at its center to 

DIAPHRAGM/ 
COIL ASSEMBLY 

PERMANENT 
MAGNET 

Fig. 1-B-Cross-section of a dynamic 
microphone . 

r 
11 \ h ( II A J\ ..... , 11\J v 

v 

Fig. 2-B-Impulse response of a pro­
fessional dynamic microphone. 
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a coil of wire which moves in a magnetic 
field whenever sound pressure strikes 
the diaphragm. (See Fig. 1-B). 

The coil attached to the diaphragm of 
the dynamic microphone is . required to 
convert the mechanical vibration of 
the diaphragm into electrical current, 
whereas the condenser microphone does 
not require a coil. By adding enormously 
to the mass of the vibrating system, this 
coil prevents the dynamic microphone 
from responding accurately to variations 
in sound energy. [1] 

A simple experiment can be per­
formed to illustrate and verify this 
effect. Two microphones are placed 
side by side, a $50 Sony condenser and · 
a well-known $150 dynamic. A spark 
gap (as in an automobile spark plug) 
is used to produce a sound impulse. The 
output of both microphones is displayed 
on an oscilloscope. (See Figs. 2-A and 
2-B.) 

Once set in motion by the impulse, 
the high mass of the dynamic micro­
phone diaphragm causes it to continue 
in motion (and thus produce output) 
despite the complete absence of sound. 
The low-mass diaphragm of the Sony 

[1] As ari analogy, take a baseball player and two 
bats. One bat weightl; 38 ozs ., the other weighs only 
28 ozs. The player steps to the plate with the 
heavier bat. The first pitch looks good so the player 
starts to swing the bat In the middle of his swing, 
he realizes that the pitch is not a strike, so he 
attempts to stop his swing, but the inertia of the 
heavy bat causes it to continue forward. and a 
strike is called .. The player then switches to the 
lighter bat and the same situation reoccurs. This 
time , as soon as the player · attempts to stop his 
swing, the bat stops. In this example, it can be 
seen that the higher the mass of a moving object , 
the more th.e object resists a change in motion . 
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condenser microphone ceases to move 
as soon as the sound stops. From this 
experiment it can be deduced that when­
ever there is a change in sound pressure, 
either in amplitude or frequency, the 
condenser microphone will respond 
quickly and accurately to the change 
while the dynamic microphone will 
adjust to the change more slowly. 

The higher mass of the dynamic 
microphone's moving system also 
creates other problems, the most im­
portant of which is resonance. Any 
object possesses one or more resonances, 
as determined by the object's mass and 
other factors . Generally speaking, the 
larger the mass, the lower the resonance. 
[2] 

In a microphone, the output will in­
crease sharply at the resonant frequency 
of the diaphragm. Ideally, the resonance 
of a microphone diaphragm should be 
well above the audio frequency range 
in order to avoid an audibly peaked 
output. Only the very finest (and most 
costly) dynamic microphones have 
resonances restricted to the frequency 
range above 15 kHz because of the 
inherent high mass of their diaphragms. 
In contrast, the resonance of the low­
mass diaphragm of a condenser micro­
phone will be at an extremely high 
frequency, resulting in smooth, peak­
free response throughout the audio 
range. [3] 

The characteristics of condenser micro­
phones will give the sound a natural 

(2] As an example, take an empty 16 oz. glass and 
an empty 4 oz. glass. Strike both with a spoon. 
The larger, more massive glass will resonate at 
a low.er frequency than the small glass. 
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quality which is unattainable with any 
but the most expensive dynamic micro­
phones. Furthermore, in public address 
applications where feedback is a prob­
lem, a dynamic microphone will often 
cause feedback at its resonant frequency, 
thus reducing the maximum volume 
capability of the system. The smooth 
response of a condenser microphone 
will generally permit substantially 
higher volume levels before feedback 
occurs. 

The low-mass diaphragm of a con­
denser microphone provides many ad­
vantages relative to the dynamic system. 
The sensitiye condenser diaphragm will 
produce less harmonic and intermodula­
tion distortion at a wider range of fre­
quencies than the dynamic diaphragm. 
The condenser diaphragm is · less 
sensitive to low frequency mechanical 
vibration transmitted through the stand 
and microphone case to the diaphragm. 
Finally, condenser microphones, with 

. built-in pre-amps, generally have a 
higher output level than dynamic 
microphones. Therefore, the condenser 
microphone will produce an acceptable 
signal-to-noise ratio, even when used 
with less than ideal microphone pre­
amplifiers. (See F igs. 3-A and 3-B.) 

(3] Although the problem of diaphragm resonance 
differs in cardioid microphones and omni-direc­
tional microphones, it is generally true that the 
frequency response curves of dynamic microphones 
show more peaks and dips as well as narrower 
bandwidth than those of condenser microphones 
because of the low frequency resonance of the 
dynamic microphone's diaphragm and its associated 
acoustic c ircuit. A detailed explanation of the 
factors involved is too complex to present here. 
Please see references 1 to 4 for information on this 
s_ubject. 

Fig. 3-A- Signal-to-noise ratio of a condenser microphone with 
an output level of -45 dB when used with a microphone pre­
amplifier having a high noise level. 

Fig. 3-B-Signal-to-noise ratio of a dynamic microphone with 
an output level of -55 dB when used with a microphone pre­
amplifier having a high noise level. 
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