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SX-636

switched turnover bass end treble
controls for moe precise tonal
compensation for room acoustics and
other p-ogram source ciiaracteristics.

In their respective price ranges,
these are unques_ionably the finest
values in stereo receivers the world
has eve- known. Audition their
uniqueness at your Pioneer dealer.
SX-1 X110 - $693.95; SX-939 - $599.95,
SX-838 - $499 95. Prices include
walnut cabinets.

Also new and more
modeately priced.
Pioneer s most complete and finest
line of receiver ever, presents
equa ly cutstardi ig valt.es starting at
$239.55. Shown hire are the SX-535
- $299 95, SX-636 - $349.95, SX-737
- $399 95. All with walnut cabinets.

LE,. Pioneer Electronics Corp.,
75 Oxtord Drive, Moonachie,
New .Jersey 07074
West. 15300 S. Estrella, Los Angeles
90246."1idwest: 1500 Greenleaf,
Elk Grove Village. Ill. 60007/Canada:
S.H. Parker Co.

w:ienyou war- something better
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3,025 possible tonal compensations with ulique twin stepped tone controls
(SX-1010, SX-939)

Selector that permits FM recording
while listening to records and vice
versa. Up to three pairs of speakers
may be connected to each model.

.NPUTS SX-1010 SX-939 SX-833

Tape moni_or/4-ch.
adaptor

3 2 2

Phono 2 2 2

Microphone 2 2 1

Auxiliary 1 1

Noise reduction 1 1

OUTPUTS
Speakers 3 3 3

Tape Rec.14-ch.
adaptor

3 2 2

Headsets 2 2

Noise reduction 1 1 1

4 -channel MPX 1 1

SX-535
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Master control system capability
Pioneer's engineers have surpassed
themselves with a combination of
control features never before found
in a single receiver. All three units
include: pushbutton function selection
with illuminated readou-s on the
ultra wide tuning dial, FM and audio
muting, loudness contour, hi/low
filters, dual tuning meters and a
dial dimmer.

Never before used cn a receiver
are the twin stepped bass and treble
tone cont-ols found on the SX-1010
and SX-939. They offer over 3,000
tonal variations. A tone defeat
switch provides flat response
instantly throughout the audio
spectrum. The SX-838 features
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Actual,
unretouchep
photo of an
oscillograph
test.

The oscillograph you
see is an actual photo
of a high -quality audio
system "playing" a
fingerprint.
You're hearing finger-
prints now through
your speaker system.
Instead of the sound
your precious discs
are capable of. And
no vacuum record
cleaner, brush -arm
or treated cloth will
remove them. None.

The sound
of your

fingerprint
But Discwasherr.-with new
du fluid-removes fingerprints
completely. Along with dust. And
manufacturing lubricants (added
to make pressing faster) that can
act like grove -blocking finger-
prints. All this cleaning without
pulling polymer stabilizers from
your vinyl discs.
Discwasherru. The only safe,
effective way to silence the
printed finger. At Audio
specialists world wide.

wa....,,a

Dlscwasher, Inc.
909 University,
Columbia, Mo. 65201
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BELT DRIVE ISN'T NEW.
MULTIPLE PLAY ISN'T NEW.

A TURNTABLE THAT COMBINES BOTH IS NEW.
READ ALL ABOUT IT.

Copyright 1974 B.IC is a trademark of British Industries Co. Westbury, New Yak 11590. A division of Avnet Inc.

Check No. 16 on Reader Service Card

Back in monophonic times, turntable motors drove
platters through a series of wheels called "idlers".

Many automatics and changers still use this system.
In those days, records and playback systems were still

relatively unsophisticated, so the distortions an idler drive
system created didn't matter much.

Today, however, distortion is a critical problem. With
recordings of increased dynamic range, wow, flutter and
rumble must be reduced to inconsequential levels.

A belt -drive system is light years ahead of idler drive
in that department.

And here the belt is driven by a unique motor found
only in BIC turntables. It is a 300 RPM, 24 -pole motor
and it is inherently freer from noise and vibration than the
1800 RPM units with from 2 to 16 poles, which are stand-
ard in even the best of the conventional automatics.

The advantage of Programmed Multiple Play
The 980 and 960 are not record changers.
They are belt -drive Programmed Turntables which

are engineered to play as many as 6 records at a time.
They have a 2 -point record support system which is

far less complicated and far more reliable than any um-
brella spindle we've ever seen.

But an even more important advantage is this.
An automatic record handling system like the one on a

BIC turntable can handle a single record, or 6 at a time,
perfectly. No false drops. No bouncing and skating a dia-
mond stylus across the grooves. It eliminates human error,
and human error is what damages the sidewalls of your
record grooves forever.

The simplicity factor
The 980 and 960 have the visibly lower profile of

single -play manual instruments. They've been engineered
to be simple machines, so they have fewer parts and fewer
potential problems.

They abound in innovations. In the tone arm, the
cartridge shell, the program panel, the entire system.

We can send you more detailed information if you
write to Dept.11 A, British Industries Co., Westbury, L.I.
11590; or better yet, see them at your local audio specialist.

This is the 980 with
solid state speed control and strobe.

About $200. The 960 is identical
except for these two features. About $150.



Audioclinic

Playing Mono Records
Q. Should mono LP reissues purchased

since the advent of stereo be played for
best results with a mono or stereo stylus?
If the monos are cut on a "stereo"
cutter, will playing them with a mono
stylus cause any damage? If a stereo
stylus is the proper one, what kind
should be used (i. e., elliptical or
conical)?-Louis I. Goldfarb, New
York, New York

A. Most discs will play well when
used with the newer stylus designs.
There are a few monophonic discs
which may be a bit noisy, however.
These are discs cut with a groove
having a different bottom shape than
our present V grooves. The bottom of
these grooves is wider than the present
quarter -mil radius. This means that
elliptical styli will work nicely regardless
of whether the discs were reissues or
were originals. However, some very
small conical tips might not fit these
older discs, allowing the tip to ride
at the bottom of the groove, thereby
adding noise.

While it is true that you can play
your mono discs very well with today's
styli, you still might want to set your
receiver's mode switch to "mono."
This will cancel out any vertical stylus
motion, and thereby reduce noise to
some extent. If your entire record
collection is mono, you might want to
strap your cartridge for mono in
accordance with the manufacturer's
instructions.

There is no such item as a "stereo
stylus" or a "mono stylus." The stylus
does not "know the difference." All that
has happened over the years is that the
art of making stylus tips has improved.
We are now able to hear more from our
discs than was possible years ago. The
result is that many of our older discs
sound better now than we had ever
heard them. Not only have styli
improved, but the cartridges them-
selves are better.

Joseph Giovanelli

Generally speaking, therefore, play
all discs with the most modern equip-
ment. They will sound their best.

Whether or not a disc is cut with a
stereo or a mono cutter makes no
difference. Most mono discs are cut
these days with stereo cutters, but the
final result is that the grooves do not
"know the difference." The motion of
the cutting stylus will be the same as
though the disc was cut with a mono-
phonic cutting system. Therefore, again,
there is no problem with the kind of
stylus you will use.

Because of the nature of the stereo
to be less

stiff, especially as regards vertical
motion. Again we have a "plus." The
decrease in stiffness-or increase in
compliance-of the stylus means that
we can track at lighter and lighter
forces. This enables stylus manu-
facturers to make the dimensions of
the stylus tip smaller and still produce
less record wear than was the case with
older cartridge and stylus designs.
This decreased record wear takes place
in the face of the peculiarities of the
stereo disc grooves.

Good stylus design was made
necessary by the demands of stereo
disc recording, but these benefits are
all passed along to those who listen only
to monophonic disc recordings.

Noise From a Phonograph
Q. My problem is that I hear a noise

(something like a scratch) when a record
is playing or whenever the cartridge is
held above the surface of a moving record.
This noise is heard only from the turn-
table. The receiver works without any
problems.-Juan A. Marquez, Gurabo,
Puerto Rico

A. It may be that the "noise" you
hear when your tone arm is suspended
above the moving disc is a result of

static charges on the disc caused by
friction with the surrounding air. It
also may be that the grounding in the
arm is not good. The ground may be
alternately connected and disconnected
as the arm moves into some positions.
This can cause a kind of "scratching"
sound to be heard from the speakers.

Bass Response from a Dolby
Decoder

Q. Please tell he how to get good bass
response when using a Dolby noise re-
duction unit. -Juan A. Marquez, Gurabo,
Puerto Rico

A. Bass response has nothing to do
with the use of the Dolby noise re-
duction system. The use or non-use of
one of these Dolby "boxes" will have
no effect on bass response. If you have
noticed a loss of bass when using your
Dolby system, something is wrong with
your equipment.

Perhaps the output of the device is
feeding into some equipment whose
impedance is lower than the unit was
designed to "see." Perhaps the input
impedance of the device is too low to
handle the device being fed into it.
Check all this.

If all of this checks "negative," you
must then make a frequency response
run with the Dolby system. Use a "flat"
oscillator or at least have a means of
maintaining flat oscillator output. The
oscillator must feed in signal at the
level you would normally use when
operating the Dolby unit. Turn the
Dolby decoding portion of the unit off,
and make the run. A voltmeter, of
course, must be connected to the output
of the unit, and should produce a flat
frequency response. If it does not, you
will either have to make a stage by stage
check of the device or return it for
servicing.

If you do obtain a "flat" response,
switch in the Dolby processing unit.
Feed in enough signal to cause the

4 AUDIO  NOVEMBER 1974



calibration meter to read at "zero"
level at 400 Hz. Make another run. If
you now see a loss of bass, you must
check the unit again, stage by stage.

Note that there are often two sep-
arate input/output circuits on Dolby
"boxes." One is used to supply signal
to the tape machine, and the other is
used when playing back from the
machine, supplying signal into the play-
back system. Check each one for good
response. Ignore the high frequency
response. This will not be flat WHEN
THE DOLBY SYSTEM IS SWITCHED
IN, unless you have set your levels
high enough to overcome the action
of the system.

Insufficient Phonograph Volume
Q. I recently purchased a turntable

and cartridge. I own a reasonably small
amplifier/tuner. The phonograph will
not play through the amplifier with suf-
ficient volume for my pleasure, but my
8 -track tape deck works fine.

What can I do about getting more
volume?-William A. Pasel, Lexington,
Kentucky

A. Because you obtained sufficient
volume from your 8 -track player, it is
obvious that your amplifier can supply
enough power to meet your needs. Your
problem, therefore, involves your

There can be more than one reason
for your amplifier not delivering suffi-
cient volume when playing phono-
graph records. Some amplifiers are not
designed to work with magnetic car-
tridges. These amplifiers must be used
with ceramic cartridges. If you attempt
to use a magnetic cartridge with such an
amplifier, there will be insufficient
volume. Sound quality will be raspy and
lacking in bass.

If the amplifier is designed to ac-
cept a magnetic cartridge, it is likely
that the output from your present car-
tridge is not as high as is required by
your equipment. The instruction book
for your amplifier should state the
minimum amount from a cartridge
which will drive the amplifier to full
output.

If the cartridge does not produce
enough output, either obtain a car-
tridge which can produce sufficient
output or obtain a preamplifier which
contains the necessary gain and equali-
zation for magnetic cartridges. The
preamplifier must be connected to one
of the high level inputs of your ampli-
fier, and not into the magnetic phono-
graph inputs of your unit.

Such a preamplifier need not be
equipped with the tone controls, selector
switches, etc., which are found on com-

(Continued on page 84)

Meet
the

family

Beyer
M500

Beyer
M260

Lamb mixer

Beyer
D-302

Revox A700

Berea A720

The illustration is shown with optional extra.

Our companies have been in the
microphone and tape recorder busi-
ness now for over forty years.

In that time we have built up quite
a family ... professional mixers, tape
recorders, microphones, headphones
-the lot.

All of these products are made to
the same high acoustic and mechani-
cal quality that has set standards
throughout the world. For example,
if your finances do not quite run to a
new Revox tape recorder, try to find
a secondhand one-in stock condition
it will outperform other makes of new
equipment at the same price!

dap
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`ease Name

Q
Address _

All of our family is described in
great detail i t a series of technical
data sheets and application charts. If
you are at all interested in better
equipment, we will send you this in-
formation. Just mail the attached cou-
pon to: Revox Corporation, 155 Mi-
chael Dr., Syosset, New York 11791.
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'As and when available from our dealers.
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The 800+.

It's six of the
best receivers
you can buy.

STEREO.

MONO 

r

SQ MATRIX
1 2

MODE

ENHANCED
'STEREO

CD -4

DISCRETE



If you'd stop reading this and and go
listen, we'd both be ahead of the game.
If words could do it you'd be into poetry,
not music.

The harman/kardon 800+ gives you
both kinds of four channel now. Built-in
CD4 now. Built-in SQ now No waiting.
(Anyone who tells you to wait for four
channel has a hole in his receiver.) The
800+ will play any four channel record
you can buy now With four separate
amplifiers delivering a glorious 22 watts
continuous power. Each.

Mono and stereo, of course. Pure ste-
reo. Some four channel systems play
stereo like they only half mean it. (They
turn off two of their four channels and
call it "stereo") If you're playing stereo on
the 800+ you get the whole sound. A
simple switch blends the power of four
channels into two-more than doubling
their quad output. 50 watts continuous
power per channel!

Then, two kinds of stereo you've never
seen before:

Stereo/Stereo. Listen to your tape
deck in the living room. Listen to FM in
the bedroom. At the same time.

Enhanced Stereo. An incredible bit of
electronic magic that makes your entire
stereo library think it's quad. (We know
an unnerving number of music buffs who
say that enhanced stereo is better than
quad. You listen. You decide.)

Six receivers: mono, stereo, stereo/
stereo, enhanced stereo, CD4 and SQ.

Words, words, too many words. Go
hear the 800+. Listen to it do what it does.

One last word: $500. The six receivers
are yours for $500. Which figures out to
$83.33 a receiver.

That's music.

The harman/kardon 800,

Power output: 4 x 22 watts
continuous per channel all
channels driven into 8 ohms
from 20Hz to 20.000 Hz.
(SMS)tereo mode 2 x 50 watts

Harmonic Distortion: Less
than 0.5% THD

Frequency Response (AMP):
4Hz to 70.000Hz-~1.0 dB
Hum & Noise: Better than 85
dB (unweighted)
FM Sensitivity: 2.0 micro-
volts (IHF)
FM Selectivity: 40 dB
FM Capture Ratio: 2.5 dB
Ultimate S/N Ratio: 70 dB
(1000µV)

harman/kardon
High fidelity component systems from $200 to $1300.

55 Ames Court, Plainview, New York 11803 A subsidiary of Harman International.
Check No. 24 on Reader Service Card



Tape Guide

Pinning the Needles
Q. I own a Sony professional stereo

tape deck, Model TC-355. The only
thing which I regret is that I do not
have a limiter built into the recorder.
I make a great number of piano re-
cordings, and since most of the time I
am the pianist, it is hard to be an en-
gineer and run the recorder at the same
time. I find it difficult to set the re-
cording volume level, because the soft
passages turn out fine during playback,
but when I play crescendo, the sound
pins the needles of the VU meters. Al-
though the level does exceed the dis-
tortion range on the meters, there is no
audible distortion during playback due
to the quality of the recorder. But I
am sure you understand that it does ab-
solutely no good to the meter to have
the needle pinned at the peak levels.
Therefore I am seeking a solution to
the problem, namely how to install a
limiter into the tape machine's circuitry,
so that the limiter can be turned on or
off as needed for certain recordings.-
Zoltan Zeisky, Trenton, New Jersey

A. If you want to associate a limiter
with your tape recorder, I suggest that
you address your question to the manu-
facturers of such equipment. It seems
that a simpler solution might be to re -
calibrate your VU meters. The fact that
you do not get noticeable distortion
when the VU meter hits hard all the
way right suggests possible miscalibra-
tion. Also, let me point out that VU
meters (genuine ones, not cheap me-
ters with VU scales) are constructed to
take a good deal of overload, so that
you really may be doing no harm at all
to the meters by pinning them. In a
well designed tape machine, signal
amplitude is restricted to a range which
will not harm a genuine VU meter.
Finally, keep in mind that use of a lim-
iter in recording may deleteriously alter
the quality of the recorded sound.

With or Without Dolby
Q. I am planning to purchase a tape

deck. Will the use of a Dolby unit, such
as the Advent Model 101, produce

Herman Burstein

tapes at 3-3/4 ips that are audibly better
than tapes made without the Advent
unit?-Dennis M. De Santis, Philadel-
phia, Pennsylvania

A. All other things being equal, a
system that includes the Dolby will
produce a better signal-to-noise ratio
than the same system without the
Dolby. If the tape recorder is of very
high quality, the improvement added
by the Dolby may tend to be unnotice-
able. If the tape recorder is of rather
low grade, the Dolby will probably pro-
duce considerable improvement. How-
ever, an inferior tape recorder with the
Dolby will not necessarily come out
with as good S/N as a superior ma-
chine without the Dolby. In other
words, you can't make a silk purse
out of a sow's ear.

Dolby Operation
Q Can you answer the following

questions for me? (1) Is there a dis-
cernible background noise, or hiss, in a
good non -Dolby tape player? Does this
noise exceed that of a record player?
If so, does the Dolby system reduce this
noise noticeably? (2) What is the prin-
ciple of operation of the Dolby system?
Does it require special tape? Added
tracks? (3) How would you compare
cassettes, cartridges, and open -reel tape
for home music systems?-George
Jeromson, Sherman Oaks, California

A. A top-quality home tape recorder,
without Dolby, can record and play back
with virtually no discernible noise at
71/2 ips. A few can do so at 33/4 ips as well.
On the other hand, if volume is turned
up to near -thunderous levels, or if one
recorded at much too low a volume,
noise does become discernible. I believe
that Dolby would perceptibly reduce
such noise. On the whole, noise of a
really fine tape system compares well
with that of a good disc system.

Dolby does not require special tape or
added tracks. It requires the input signal
to the tape machine to be fed through a
"black box" and the output signal from
the tape machine to be fed through a
complementary "black box." These
boxes, containing electronic circuitry,

serve to boost the signal in the noise
area (treble range) in the case of input;
and to correspondingly decrease the sig-
nal in the noise area, and thereby the
noise as well, in the case of output. The
boxes only act on signals of low magni-
tude, which is when noise is more dis-
cernible; and by confining their action
to signals of low magnitude, the boxes
avoid overloading the tape system.

I think that in the present state of the
art, open -reel tape machines still have
some superiority over cassette and car-
tridge machines. However, the cassette
machines have been improving fast and
narrowing the margin of performance
between them and open -reel units.
Cartridge machines do not appear to be
improving as fast.

Bias Frequency
Q. Would you please explain the

term "bias frequency."-Rick Bacon,
Gainesville, Florida

A. Bias frequency is a high frequency
signal, usually in the range of 70 kHz
to 100 kHz (occasionally to as high as
150 kHz) in high quality tape recorders,
that is applied to the tape simultane-
ously with the audio signal. The mag-
nitude of the bias current is something
like 10 times that of the audio current.
Usually the bias signal and the audio
signal are both fed to the record head.
Sometimes, in the crossfield method,
the bias is fed to a separate head lo-
cated exactly opposite the record head,
so that bias is applied through the back
of the tape. The purpose of bias is two-
fold: (1) to reduce recorded distortion
on the tape; (2) to maximize the
amount of audio signal recorded on the
tape, thereby resulting in increased
signal-to-noise ratio.

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

8 AUDIO  NOVEMBER 1974



TDK EDP BEST
FREQUENCY RESPONSE.
FOR AN EXTRA BUCK.
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TDK ED tape was shown to have the best
frequency response of four leading cassette tapes tested
recently by an independent laboratory. The other three
were large -selling popular competitors, retailing for about
a dollar less than TDK ED. As you can see, their output
tended to fall off noticeably in the high frequencies.

Even a slight loss of high -frequency reproduction
can make a difference in clarity and detail to a
discriminating ear. That quality of life that music should
have just won't be there- the sheen on the violin note,
the glitter on the cymbal finale.

Conclusion? If you're serious about the sound of
music, try aTDK ED tape next time. It offers you that quality
of lifelike brilliance you TIDKmight otherwise have to buy a i"I
ticket to hear. And we think
that's worth an extra buck.

Wait till you hear
what you've been missing.

20000

Check No. 50 on Reader Service Card



Dear Editor:
J

Kudos to Heyser

Dear sir,
Kudos to Richard C. Heyser for his

outstanding contributions to the art
and science of speaker evaluation,
and to Audio for your part in pub-
lishing Mr. Heyser's fine, intelligent
work. Mr. Heyser has proven what
many readers of the audio press have
long felt: that many supposedly
"subtle" differences in speaker per-
formance can be meaningfully de-
scribed, if only the reviewer is elo-
quent enough (and honest enough)
to write a candid evaluation.

I also appreciate the technical
side of Mr. Heyser's reviews for their
consistency and completeness, even
in the face of the sometimes less -
than -spectacular performance fig-
ures derived. Finally we have a re-
viewer who trusts enough in his
readers' competence to tell them
the whole story, as he sees it, consist-
ently, unflinchingly.

Please keep those marvelous
speaker reviews rolling in!

Dean W. Hoofnagle
Honolulu, Hawaii

Dear sir,
I would like to add my vote of ap-

proval for Richard Heyser's loud-
speaker reviews in your recent issues.
I have followed his writings both in
your publication and in the AES jour-
nal-I find his evaluation methods
useful, technically competent and
interesting. His reports represent a
step beyond the "golden ear" and
"consumer reports" schools of speaker
reviewing dispensed by most of the
American audio publications.

I am disappointed, however, with
the speakers which have been se-
lected for Heyser's tests to date. I

realize that some speaker reviews
sell more magazines than others,
but it seems that several of the units
recently reviewed are likely neither
"hot" commercial items nor state-of-
the-art designs. I can at least com-
mend Heyser for not waxing enthu-
siastically over these products in his
reports. To do so would compromise
his credibility.

I imagine that your office has had
an ample flood of readers' requests
for speaker evaluations of the cur-
rently popular products from such
firms as JBL, AR, EPI, and so forth.

Personally, I would enjoy seeing re-
views of some of the sophisticated
transmission -line speakers manu-
factured by several British firms: IMF,
Bowers & Wilkins, Radford-Audionics.
My own ears (critical, if not golden)
find these products more convincing
than the vast majority of domestic
brands.

From what appears in the British
audio journals, one gets the impres-
sion that engineers in the above -
mentioned concerns have been
directing special attention to some of
the same issues singled out as im-
portant in Heyser's research: phase
constancy, pulse response, stereo
imaging and internal reflections. It
would be interesting to see if the
end -products of these British re-
searches "graph" well in Heyser's
tests.

Julian Vrieslander
Newfield, N.Y.

Japanese Modifications
Dear sir,

In response to Ed Canby's fine re-
action to Japanese "modifications"
of our Anglo-Saxon linguistic garb, I

must say "Well Done!"
Although I am the chief Engineer

here at WTON, I do have a college
degree in foreign languages. "Audio
ETC" from the September edition of
Audio actually thrilled me-actually,
I guess, because of the frequent slurs
one hears these days of Japanese and
other Far East use of our language as
well as, though decreasingly, their
product engineering. I, for one,
deeply appreciate their efforts in
mastering our extremely difficult
tongue, not to mention their great
strides in engineering of all types.

Great, really great!!
Paul Swartzendruber,
Chief Engineer
WTON
Staunton, Va.

Education in Audio
Dear sir,

Paul Moverman's article, Education
in Audio, in the July issue of Audio
is well done and highly useful to the
industry. And there must be a very ac-
tive interest among the readership of
Audio, judging from the number of

letters I have received following the
publication of his article. Thank you
for the very generous recommenda-
tion -of my classes. They are being ex-
tremely well received and are a very
rewarding activity for me.

The listing of schools at the end of
the article lists Synergetic Audio
Concepts under "acoustics and/or
noise control" whereas it more prop-
erly should be listed as a school offering
courses in audio engineering. The
course is called "Sound Engineering
Seminar."

Thank you again.
Don Davis
Synergetic Audio Concepts
P.O. Box 1134
Tustin, CA 92680

Broad View of the Industry
Dear sir,

Thank you for your letter in ref-
erence to product information. I am
now receiving an ample supply from
the manufacturer. I do appreciate your
interest in helping me out and would
like to thank you for it.

I have been reading Audio for about
two years now and the only com-
plaint is that I didn't run across an
issue earlier. I subscribe to several
audio -oriented magazines and I fully
enjoy all of them, but Audio is the only
one of them all that seems to have the
variety of all of them put together.

I really can't think of any way to
improve such a perfect magazine. I

suppose you could run a few more of
"this" type article or "that" type but
I think it would upset the overall
balance of the presentation in your
magazine. I've found that if I want
special information in a particular
aspect of audio, there are numerous
other publications which do special-
ize in specifics and they fit the bill
nicely. I always come back to Audio
though because it offers the broad
view of the audio industry and serves
as a good starting point to launch any
audio -associated endeavor. Great for
beginners yet good enough to hold
"Old Timers' " interests.

Please, keep up the good work!
Mario A. Davila, Jr.
APO California

Comments on Education
Dear sir,

There is certainly no question that
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COMPARE THE NEW ER -139
the smooth electrostatic highs,the extended bass (32 Hz),

the 360 radiation pattern
Many speakers excel in one of

these acoustic features; the ER -139
excels in all three, yet costs only
$139.90!

Utilizing a new patent by Arthur A.
Janszen, one of the world's most
respected authorities in high fidelity,
the ER -139 employs eight "Constant
O" electrostatic tweeters in a circular
array for 360 radiation of high fre-
quencies, plus a highly -refined, down-
ward directed, rear -radiating woofer
for like distribution of lows. With a
crossover of 2000 Hz, the combina-
tion is almost unbelievable ... a
distortion free, omnidirectional
system with a remarkable uniform
and smooth frequency and power
response across the entire range of
human hearing, from 32 Hz to
20,000 Hz,

Listen and you'll hear totally clean.
completely uncolored sound. Bril-
liant, effortless highs ... rich, full
mid -ranges ... dry, resonant bass .. .

incredible clarity and transparency
.. exactly what the program material

supplies. And this system is designed
to operate at power input from as low
as 15 watts (RMS, both channels
combined) all the way up to 100, at
eight ohms.

A -B the ER -139 against any speaker
on the shelf before you buy or recom-
mend any o_her speaker. We ask for
no more consideration than that. The
rest is up to you, your hearing, and
your assure -ice that you know what
you like.

a listening comparison note
Exceptional flat response, ext-eme

absence of distortion, and omni-
directional c istribution of power work
together to produce the totally un-
colored sound of the ER -139 Speaker
System. However, in you test, colora-
tion can be caused by other factors.
To hear the =R-139's at their best,
care must be taken not to introduce
coloration by improper speaker place-
ment, inadeluate associated equip-
ment, or pre -colored program
material.

Use a moderately priced ampli-
fier, and a good magnetic cartridge of
equally flat response. Find the best
room placenent for the speaker cabi-
nets (possiby in corner positions) by
experimenti ig. Start about eight
inches from the walls and reposition
the ER -139's. When the right place-
ment for the room is achieved you'll

know it' The ER -1Z9 is designed for
home use, typically a reflective envi-
ronment; damped (non -reflective)
environments will -educe the multi-
ple reflections of lghs and modify the
incredible blend that is designed into
this system.

Electrostatic
Research
Company

Box 51, Dept. A.. 38 Cabot Street
Beverly, MA 01915

Rush me complete irformation on the new
ER -139 and a list of oealers in my area

NAME

ADDRESS

CITY

STATE ZIP

WITH ANY SPEAKER ON THE SHELF

Check No. 20 on Reader Service Card



there is a strong and well justified de-
mand for education in the audio pro-
fession today! Since the late '60s, a
week has never gone by without some-
one calling or writing me asking "the
big question." And I am delighted to
see that Mr. Moverman (Education in
Audio, AUDIO, July) has emphasized
the various job opportunities that are
available. Most of the interested in-
dividuals have no idea as to what they
really want to get into.

There is much that the AES can do
to help develop the educational pro-
grams privately as well as institu-
tionally. And as of this date, we do
have even more AES local chapters
than Mr. Moverman indicated. For
example, Indianapolis. Yet, I have
found that the AES journal is far too
esoteric for the beginning student in
audio education. My students are ex-
posed to all of the available maga-
zines (including Aunto) and the AES
journal always winds up at the bottom
of the pile. Perhaps something could
be done about this problem by simply
giving some consideration to the needs
and interests of the beginning audio
engineer. And the AES would be the
ideal organization to publish a series
of educational pamphlets specifically
designed to help the beginning engi-
neer.

As far as institutions of "higher
learning" are concerned, I have serious
doubts that the proper kind of curric-
ulum can ever be established unless
foresighted educators are willing to
take a big step and go out and find
professional studios (like mine) who
are willing to jointly establish practical
"work/study" training programs. Due
to the nature of our business I am
convinced that responsible studios and
universities will have to develop joint
programs, affording the budding engi-
neer the essential on-the-job experi-
ence which a classroom cannot pos-
sibly provide.

Many individuals in the industry
have argued that each studio likes to
train according to their technical facil-
ity and style of engineering. In fact,
this will always be the case! Yet,
speaking as a studio owner, I would
love to be spending this on-the-job
training time with someone who at
least had experienced the pressures of
a real life situation and survived. Dr.
Ray Dolby has definitely brought up a
valid point in the "division of respon-
sibility" in today's studio. And when
1 hire a new engineer I want to have
some indication that he can handle
that responsibility!

Again speaking as a studio owner,
my comments on the "How to Get a
Job" problem are as follows:

1. If you want a job, get out and
start selling yourself. If you don't
know how, you better find out real
fast!
2. The formal resumé sent through
the mail is most ineffective! I have
a file folder full of these around
somewhere. Some evidence of past
production efforts, on disc or tape,
can be far more impressive, when
presented in person.
3. In any event, you must have
something to sell. You must present
yourself to the studio as a person
that can be of value, someone that
studio cannot do without!
4. When I finally do hire someone
it is because of:
A. his potential value to me as pre-
sented by his "sales kit";
B. his expertise from past experi-
ences and credentials;
C. his personal character which I

can unfortunately gain only from
having gotten to know him over a
period of time.
With a waiting line outside my stu-

dio door it's quite easy for me to be
this "fussy." Yet, I do have to be ex-
tremely careful before I let a new per-
son in the studio to work with the
Ampex and Studer recorders, Neu-
mann mics, etc. Indeed, all studios
are quite vulnerable and great caution
has to be taken.

Finally, all of us who are concerned
about audio education have a full re-
sponsibility to discourage all "those"
who don't stand a chance to really
compete in the marketplace. One of
the main purposes of my Recording
Studio Seminar is to try to separate
"the men from the boys" and we do
our best to tell it like it is! This is
where colleges often fail, perhaps be-
cause they are in education as a pro-
fession ($$$). But it's no bite to my
salary to tell someone that he's tone
deaf, etc. Yet, since our profession
does have limited job opportunities we
can all work together to encourage
talent and discourage the hangers.

Jack W. Gilfoy
President
Gilfoy Sound Studios, Inc.
1130 W. 17th St.
Bloomington, IN 47401

More Ragtime LPs

Dear sir,
The article on ragtime recordings in

the June issue of AUDIO was written
over a year ago and since that time there
have been various additions as well as
some people whom I did not credit in
the recent article.

Starting with Max Morath, Vanguard

has released a solo LP on SRV 310 of
rags by Joplin, Scott, Marshall and
Morath. Harmony KH 32421 contains
material previously recorded by Colum-
bia with a few items issued on Epic LPs,
now out of print and some unissued
material. Both of these recordings are
on budget labels.

The reverse side of the Harmony
issue features Wally Rose playing a
doctored piano (thumb tacks in the
hammer). This material comes from
some Columbia prime movers of rag-
time in the 1940s. He recorded for the
Good Time Jazz label on GTJ 10034,
recently for Blackbird C12007 and air -
shots from 1946 on Fairmont 102. The
GTJ issue is a fine studio recording, the
Blackbird needed better editing, and the
Fairmont is very enjoyable even with
the additional instrumentation.

The Genesis label of Robert Com-
marge has been one of the leading labels
in the area of "Romantic Revival"
material and with two entries by pianist
John Jensen, they enter ragtime with
Piano Rags of James Scott (GS 1044)
and Piano Rags of Joe Lamb (GS 1045).
The Scott LP is on a par with the
Knocky Parker Audiophile album and
the Joe Lamb set competes well with a
Golden Crest disc, CRS 4127 by Milton
Kaye which features an extra disc with
a symposium between Rudi Blesh and
Milton Kaye.

Joe Lamb was recorded in 1959 by
Sam Charters on Folkways FG 3562. It
is interesting to hear as a recorded
documentary of a great ragtime com-
poser. However, his pianism at an ad-
vanced age was not up to the demands
of his music. Either of the recordings
already mentioned will suffice as a good
introduction to Joe Lamb.

Brian Dykstra, an associate professor
of music at the College of Wooster,
Wooster, Ohio, issued his own LP of
ragtime called American Beauty. He
plays every piece with assurance and
brings out the best in every piece. This
is one of my personal favorites and I
recommend it highly.

Trebor Tichenor, the King of Folk
Ragtime, has a recent release on Dirty
Shame 2001, available from Dirty
Shame Records, Box 5217, Hannegan
Station, St. Louis, MO 63139. He sur-
veys the area of lesser known rags of
high quality and assures himself an
important place in the annals of out-
standing ragtime pianists for his knowl-
edge and talent.

The Red Seal of Victor is an unusual
place to find ragtime but an excellent
disc of solo and duo ragtime is played by
Paul Hersh and David Montgomery on
ARL 1-0364. This tradition can be
traced back to another duo team of the
early Victor years, Victor Arden and
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Why you should select your turntable
more carefully than any other component.

Every component is important to the total
performance of an audio system, but the turntable
is critical. It is the only component that physically
handles your biggest investment in musical
enjoyment: your record collection.

In time, your changing tastes can outgrow your
present amplifier and speakers. But regardless
of how these components affect the reproduction of
music, they cannot do anything to harm your records.

Not so the turntable. A tonearm that does not
allow the stylus to track the grooves lightly,
accurately and with perfect
balance can turr the stylus into a
destructive instrument easily
capable of lopping off the sharp
contours which carry the high
frequencies. When that
happens, the clean high rotes
become fuzzy memories.
Permanently. There's just no
way to restore a damaged
record. Even the
best equipment
can't replace
notes once
they're gone.

After
considering
what your
records
require for
longevity,

you should consider what you require of operating
convenience and Flexibility. For example, if you don't
relish risking your stylus and records by handling the
tonearm each time you playa record, you will want
an automatic turntable. And if you desire to play
two or more records in sequence, you will want a
turntable with record changing ability.

All Dual turntables eas ly fulfill every
requirement for record playback and preservation
-and every requirement for user convenience.

Which is why the readers of the leadirg
audio and music magazines own more
Dua`s than any other turntable. It's
else. why so many audio professionals

are quite satisfied with even the
lowest -priced Dual.

Please write for our
very informative brochures
and complete reprirts of

independent test reports.
The more carefully you

read them, the more
likely you are to
select a Dual.

Any Dual.

Dual

United Audio Products
2) SD. Columbus Ave.,

Mi. V mon N.Y. 10553
Exc u_iw D atribution Agency for Dual

From f-onit»rear: Dual 1229.., $259.95; Dual 1228, $189.95; Dual 1226, $159.95c Dual 1225,$-2º.95.

Check No. 51 on Reader Ser.ioe Card



Phil Ohman. They succeed on all num-
bers but the two by Jelly Roll Morton
and it would take a duo of Bob Greene
and Butch Thompson to bring off Jelly
Roll's music for four hands of duo -
piano.

Another harpsichord disc of ragtime
is by E. Power Biggs on Columbia M
32495. This is devoted exclusively to
Scott Joplin played on the pedal harp-
sichord at moderate to fast tempi and is
a very entertaining and humorous LP
of ragtime.

The Jazz Piano Heritage series of
George H. Buck's label has included

some ragtime on their LPs or are de-
voted exclusively to ragtime, e.g. Donald
Ashwander, JCE-71, Bill Bolcom, JCE-
72 and Dick Wellstood, JCE-73. The
future of this series whets a ragophile's
appetite. There is the promise of an LP
devoted to William Albright and Eubie
Blake. Albright is one of the new com-
posers in the ragtime style like Ash -
wander and Bolcom. The Blake material
will come from recordings made in 1951
by Rudi Blesh, which have never been
released.

Herwin Records, P.O. Box 306, Glen
Cove, NY 11542, in association with

Again and Again
and Again

Given the time, the patience,
and the money, one can connect*

fifty 303 amplifiers nose to
tail so that the programme goes

through one after the other
gradually deteriorating along

the way.
Deteriorating? The fact is

that apart from a very slight
backround hiss - akin to a
good tape recording - the

programme will sound exactly
the same at the end as when it

started.
*Of course one must fit an

attenuator to reduce the signal
back to its original level
between each amplifier.

Send postcard for illustrated
leaflet to Dept.(A U)

Acoustical Manufacturing
Co. Ltd., Huntingdon PE18 7DB.

Telephone (0480) 52561.

QUAD
Products of

the Acoustical Manufacturing Co. Ltd.
for the closest aooroach to the original sound.

QUAD is a Registered Trade Mark

David Jasen, has started a reissue pro-
gram of ragtime piano from 78 rpm
recordings. The first is 15 different
versions of the Maple Leaf Rag on
Herwin 401 played by Jelly Roll Mor-
ton, Earl Hines, Willie Eckstein and
others. This record shows that this piece
can take any kind of interpretation
bestowed upon it. The latest issue is
Piano Ragtime of the Teens, Twenties
and Thirties on Her -402. It is a lot of
fun to hear ragtime played by its prac-
titioners. This is to be followed by LPs
devoted to ragtime in the 1940s and one
to the 1950s.

Another excellent anthology anno-
tated by David Jasen is RBF 22 called
Ragtime Entertainment. I enjoy El
Cotas Black and White Rag on the
xylophone, James Lent's The Ragtime
Drummer and Arthur Pryor's Frozen
Bill.

Orchestrated ragtime is also in evi-
dence on the New England Conserva-
tory Ragtime Ensemble's latest LP on
Golden Crest CRS 31031. The Sting
on MCA -390 from the award -winning
movie, and the The Southland Stingers
on Angel S-36047.

In closing, I would like to mention
another favorite of mine, Charlie Rasch.
He has a recently released solo LP on
CK, AR 3204. featuring a few rags and
some jazz -oriented pop tunes from the
twenties and thirties. This is available
from CK Records, 100 S. 7th St., Ann
Arbor, MI 48103.

Charles B. Davis, Jr.
444 Rocky Run Road
Midway Park, NC 28544

Speaker Tests for Non -technical
Consumer
Dear sir,

Richard C. Heyser's exhaustive re-
views of speaker systems in the pages
of AUDIO show clearly 'how judicious
use of modern testing methods and
equipment can be of value to the non-
technical consumer as well as the audio
engineer. Some of his data is beyond
the average ken, but his presentation
has universal appeal in that he consis-
tently relates his subjective commentary
to his laboratory findings, and he is
prone toward a professional under-
statement strikingly absent elsewhere.
I consider his reviews to be not only
precise and informative, but educational
-the catalyst I need to get my head into
those technical areas which were for-
merly so intimidating to me. (Necessity
breeding invention, I feel one should
dig out every available scrap of infor-
mation before giving irreversible flight
to hundreds of dollars.)

Ralph L. Price, Jr.
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This New Stanton Advertisement was prepared especially for the Journal of College Radio.

Shown above during a daytime session at WCWP are: William J.
Mozer . Nancy loran . . William Epperhart . Joel A. Feltman

. Alan Boritz . - . Phil Lebowitz ... Michael A. Phillips,

A PrimE Training Ground For
Broadcast Engineers of the Future
Finds a Stanton Cartridge in Every HEad

Not many college radio stations are as fortunate
as WCWP of the School of the Arts at the C. W.
Post Center, Brookville, L.I., in possessing such a
magnificent building and studios. But, college radio
stations all over the nation, in common with WCWP,
prefer Stanton cartridges for all their turntables.

WCWP has become a well known source for
radio stations in search of Broadcast Engineers,
for here the young trainees learn what they must
know in order to qualify for that position in a reg-
ular commercial station.

William J. Mozer, Director of WCWP, and an En-
gineer at WABC (shown directly above standing in
the studio) says:

"We have never used anything but Stanton Car-
tridges on all of our turntables. Currently, we are

outfitted with the 681 EE which meets our needs
both in terms of reliability and excellent sound
quality in on -the -air playback as well as in our pro-
duction of transfers. We are looking forward to a
future step-up to the new Stanton 681 Triple -E".

Stanton is the choice of a great number of col-
lege radio stations, just as it is for the great major-
ity of commercial broadcasters. That is because
Stanton cartridges are the Professional Standard
and possess outstanding ability to withstand rug-
ged handling without sacrifice of audio quality.
Their excellence and reliability assure the highest
quality sound with minimum maintenance.

Whether your usage involves Broadcasting or
Home entertainment, enjoy professional audio
quality with Stanton products.

Write today for further information to Stanton Magnetics, Inc., Terminal Drive, Plainview, N.Y. 11803.

Check No. 35 on Reader Service Card



Audio ETC
J

My first thought, on opening up
the package, was to name
him Yves Z. Dropper, a good

German out of Sennheiser, but I soon
settled on Ispadore J. Cusp, Ispy for
short. I just can't work with a dummy
head that doesn't have a proper name.

Ispy came to me with a superbly
fine set of plastic ears, but he lacked
the other sensory appurtenances-
not even a mouth or a single eye. A
zombie. So I had to add a semblance
of these, plus moustache, sideburns,
eyebrows, and a bit of a beard. Try as
I would, though, I could not make him
look sinister. He seems merely to be
musing gently on the extraordinary
sounds his microphone ears are hear-
ing. I took a picture of him peering
benignly out of a bush to one side of
an active lawn party. Some eaves-
dropper! Worst of all, Ispy was very
bald, which to my mind seriously re-
duced his auditory accuracy, but I

had fixed that via a soft cap, bill out
front, to simulate the variable sound -
diffusers found on normal heads. That
ought to do it, I figured.

The things Ispy can hear are indeed
extraordinary. Full binaural sound,
super hi-fi, taken down via tiny
featherweight MKE-2002 Sennheiser
microphones, Druckempfánger type
with battery power supply, mounted
stethoscope style on the ends of a
featherweight dangling bracket. The
mikes fit into the lower ear -lobe
cavities via little pegs-Ispy's ear
lobes, or, to choice, your own. The
playback of choice is via Sennheiser's
extraordinary HD -424 "open aire"
head phones, also featherweight and
very flat, as are the mikes, from
maybe 40 Hz to 20 kHz. Compared to
my own long-time binaural equip-
ment, this was Rolls Royce, Daimler

Edward Tatnall Canby

and Mercedes rolled into one. Bi-
naurally speaking, I am a Model A
man or, lately, VW beatle.

Ispy is all head. He doesn't need a
body. Instead, he is equipped with
a sort of threaded esophagus with

adapter to fit various supports. You
can screw him onto a camera tripod
or a microphone stand or even onto
his own big black shipping box, bust -
style. He is all ears and very poor

complexion-made out of mouse -gray
plastic. But such ears he has! They, and
he, are all part of Sennheiser's new
all-out binaural recording system-
everything but the tape recorder.
Two channels of sound, picked up by
the closest practical simulation of
human ears (and head) in the act of
listening, the recorded sound repro-
duced, each channel going exclusively
to its own ear, via head phones. No
loudspeakers. That's binaural record-
ing and reproduction, and as has often
been noted in this column by this
oldtime binaural enthusiast, it is

wholly unlike any other kind of audio,
whether mono, stereo or quadra-
phonic.

The Sennheiser system, painstak-
ingly developed to advance this spe-
cial recording art towards high-level
consumer reproduction, marks the
very first time to my knowledge that
such a thing has been offered in our
industry. (There have been a few
even fancier experiments with
microphones actually embedded in-
side artificial ears, but this was hardly
production equipment. Also a few
binaural discs and the like. But no
over-all rational system such as
Sennheiser's.)

As old timers will remember, and
not a few young listeners, I got into
binaural recording long before Senn-
heiser, as far back as 1952 when one
Albert Whyte ("Bert") furnished me
with a duplicate of the unique two -
channel "binaural" Magnecorder
PT -6 which he was then using in his
own experiments. It was the very
first two -channel recorder, with stag-
gered heads. I went on from there
through Uher and Concertone (Japan)
and I don't know what -all and I have

(Continued on page 22)
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How do Heathkit Receivers stack up
with the others? You be the judge.

HEATHKIT ELECTRONICS CENTERS
Units of Schlumberger Products Corooretion

Retail prices slightly higher.
ARIZ.: Phoenix; CALIF.: Anaheim, El Cerrito. :_cs Angeles.
Pomona, Redwood City, San Diego (La Mesa), Woodland
Hills; COLO.: Denver; CONN.: Hartford Avon); FLA.:
Miami (Hialeah), Tampa; GA.: Atlanta: ILL.: Chicago,
Downers Grove; IND.: Indianapolis; KANSAS: Kansas
City (Mission); KY.: _ouisville; LA.: New Orleans (Ken-
ner); MD.: Baltimore, Rockville; MASS.: Boston (Welles-
ley); MICH.: Detroit; MINN.: Minneapolis (Hopkins); MO.:
St. Louis (Bridgeton,; NEB.: Omaha; N.J.= -air Lawn;
N.Y.: Buffalo (Amherst), New York City, Jericho (L.I.),
Rochester, White Pla ns; OHIO: Cinciniatf (Woodlawn),
Cleveland. Columbus; PA.: Philadelphia, PiRsburgh; R.I.:
Providence (Warwick); TEXAS: Dallas, Houston; WASH.:
Seattle; WIS.: Milwaukee.

Compare Heathkit Receiver prices and specifications against the
rest of the audio world and we think you'll agree...it's

nq contest. When you build a Heathkit Receiver,
you get more quality, features and

performance for your money.

Heathkit AR -14 FM Stereo Receiver,
9 watts per channel' (x2), 1% or less total
harmonic distortion, 5 µV
FM sensitivity. less

case 1199b'
Heathkit AR -1214 AM/FM Stereo Receiver,
15 watts per channel* (x2), 0.5% or less total
harmonic distortion, 2 µV FM
sensitivity, 60 dB selectivity.

with
case 1Ó995

Heathkit AR -2020 AM/FM 4 -Channel Receiver,
15 watts per channel* (x4), less than 0.5% total
harmonic distortion, 2 µV FM
sensitivity, 60 dB selectivity.

with
case 2599s'

Heathkit AR -1302 AM/FM Stereo Receiver,
20 watts per channel* (x2), 0.25% total harmonic
distortion, 1.9 µV FM
sensitivity, 60 dB selectivity.

less
case

26995t
Heathkit AR -29 AM/FM Stereo Receiver,
35 watts per Channel` (x2), 0.25% total harmonic
distortion, 1.8 µV FM
sensitivity, 70 dB selectivity.

less
case 3299s

Heathkit AR -1500A AM/FM Stereo Receiver,
60 watts per channel*, less than 0.25% total
harmonic distortion, 1.8 µV FM
sensitivity, 90 dB selectivity. 3999less

case

'Power ratings are at 8 ohms, all channels driven.
Total harmonic distortion is measured at rated
power from 20-20,000 Hz.

51

See the complete more -for -your -money lineup
of HEATHKIT AUDIO COMPONENTS at your nearest

Heathkit Electronic Center- or send for your
FREE Heathkit catalog, below.

HEATH COMPANY, Dept. 41-11
Benton Harbor, Michigan 49022
 Please rush my FREE Heathkit Catalog:

Name

Address

City State Zip

Pricer; & specifications subject to change without notice.
tPrices shown are mail order, F.O.B. factory. HF-287

L
Check No. 25 on Reader Service Card
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Truer than chrome.
Truer than iron oxide.
Compatible with all
cassette recorders.

Its secret is a tape double -
layered with oxide. Through
advanced 3M technology,
ferri-chrome literally combines
the best characteristics of
two coating formulations into
one. Its chromium dioxide
coating delivers high output and
brilliant high frequencies;
its gamma ferric iron oxide
provides superb mid -range and
rich low frequencies and low
noise levels. Together they
give you full -range performance
you've never heard before
in any cassette.

This ferri-chrome
combination gives "Scotch"
brand Classic cassettes

fidelity that often deceives the
sharpest ear. Included in a
variety of test procedures was the
use of a Brüel and Kjaer Model
3347 spectrum analyzer. We
began with the original play
(record) of a broad-spectrum
piece Of music, first measuring
output levels versus frequency
from the record, then the
Classic cassette recording of
the record, and finally, the record
recorded on our low noise/
high density cassette and on our
chrome cassette. Our graph
shows the results:

20 Hz Frequency 20,000 Hz

- Ferri -chronic cassette
Low Noise/High Density cassette
Chrome ssette

- Original source

Compatibility is another
ferri-chrome bonus. It means
Classic cassettes will deliver
optimum performance on any
quality machine. (On machines
with a chrome switch position
use the HIGH or NORMAL
switch position.)

Along with Classic
cassettes, we've also developed
an outstanding Classic 8 -Track
cartridge and Classic open -
reel tape. Both with their own
special oxide formulation
which offers sound brilliance
beyond previously unsurpassed
"Scotch" brand standards. Super
quiet. Utterly responsive.

The Classics - cassette,
cartridge, and open -reel tape -
are quite simply and clearly
the best we've ever made.

Scotch brand.
The MasterTape.

Check No. 28 on Reader Service Car
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Can you
live without
a 400 watt
amplifier?
Maybe. If you don't mind the
loss of quality caused by
clipping during the more
dramatic passages in your
favorite records. Julian Hirsch
put it this way: "Anyone
using a low -efficiency
speaker ... with an amplifier
in the 30 to 50 watt class
cannot
approach
realistic
listening
levels
without severe clipping." If
you want to listen at a real -life
level without distortion, you
need at least 400 watts of
amplifier power. At $499, why
live with anything less than
the Phase Linear 400?

Wta4e
wnetait

00
THE POWERFUL DIFFERENCE

PHASE LINEAR CORPORATION
P.O. BOX 1335, LYNNWOOD,
WASHINGTON 98036

Check No. 34 on Reader Service Card

(Continued from page 16)
duly reported on my fascinations from
time to time here; but it wasn't until
very recently that I found others who
were ready to take binaural sound
reproduction seriously as an active
new medium. In 1972, NCAE ran its
Madison seminar on binaural for two -
channel public broadcasting, and I was
there with many of my own tapes for
demo. Now-Sennheiser. And at last,
you can go out and buy tops in inte-
grated binaural equipment. Though

I must hastily point out that a great
proportion of the binaural impact may
be achieved with much simpler
means.

Now get the picture. As in most of
my private putterings, sometimes
made public in this column, I worked
and still work with the simplest pos-
sible equipment, mainly to see how
much can be done with how little. I

am after basic principles. I like quality
the way I like dessert. Gratifying, but
not necessarily the first considera-
tion. I very soon established, many
years back, that the peculiar binaural
listening effect, from two recorded
channels, taken down from two ear -
spaced microphones, each channel fed
exclusively to its own ear via phones,
is instantly perceived by anybody
even with the most rudimentary
equipment-in its essentials, if not
to perfection. Perfection, of course,
takes a lot more. Like hi-fi. We can
hear the news and commercials via
transistor pocket radio and get the
essential messages all too easily. We
can hear the same with much, much
better quality via hi-fi equipment,
grade for grade, and the same with
the phenomenon of stereo. You can
hear stereo nicely via well spaced 3 -in.
speakers. You often do, if you get
around to your neighbors' places and
maybe to Aunt Jemima's (if she has
got that far-more likely she is still
enjoying her mono). You can enjoy
any music, the gist of music, minus
fi. The meaning, the basic sense, does
get through. But hi-fi is better. Hence
the entire hi-fi industry!

So Sennheiser's binaural system,
with your own choice of tape recorder.
First of all it is a superior hi-fi system,
the very best, the most ingeniously
best, the devilishly superb best way
to get every last ounce there is to get
out of this recording principle.

But there remains a most interest-
ing little catch to all this, over and
beyond the fi. There is more, a lot
more-and here we stand at the very
threshold of knowledge, where your
guess, your calculation, your experi-
ment, is as likely to be as good or as
bad as mine, or Sennheiser's.
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Having said it before, I'll try merely
to recapitulate the binaural experi-
ence. It is one of those things that just
won't go into words. Ten seconds of
listening will tell you all. Because of
the unique and total separation of
channels achieved by ear -spaced
mikes and ear -spaced reproducing
phones-not loudspeakers-the bin-
aural playback very closely repro-
duces the actual sound of two -eared
on -the -spot listening. And most
notably, the natural heard ambience,
the acoustic effect. It is the same with
two -channel photography, (unfortu-
nately called stereo, for an endless
confusion), which is another and ex-
actly parallel hobby of mine. You
are there! Two ears. Two eyes. Dual
reproductions, exclusively for each
eye, or for each ear.

Normal recording, however many
channels, is a marvelous thing al-
together and who could deny it? But
this is different, this sound. Start-
lingly real. Exactly as heard. A voice
speaks to your right-you hear it right
there, in space, off to your right, a
sonic ghost! Makes you jump. So real,
that the binaural microphone tech-
nique is totally unlike that for normal
recording. Your dual mikes are placed
wherever you hear well. You can
listen in the middle of a cocktail

in noisy
understand every word that is under-
standable on the spot; you can follow
individual conversations, tuning out
others, just as you do in the real -life
listening. You can record voices at
any distance, and you are never "off -
microphone."

There is, some of you will remem-
ber, only one minor problem. Nature
didn't really intend us to listen in
this peculiarly literal fashion, to a

sound that is disembodied, out of its
environment, minus the proper ac-
companying signals from your other
senses, all of them at once. So things,
being literal, go a bit haywire. (Stan-
dard recording is so far from literal
that, paradoxically, we can play with
it for all sorts of useful effects.) Spec-
ifically, the binaural reproduction is
skittish in its directionality. Sounds
off to the sides are superbly accurate,
and unbelievably real. Sounds in
front, and in back, however, are
curiously false. Especially in front. It
is virtually impossible in many cases
-most cases- to "project" a front
sound out front where it ought to be,
and in fact was at the recording.

Front sounds and back sounds tend
to be confused with each other. Front
sounds more often than not are heard
behind you, or somehow centered in
the crown of your head. They simply
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will not move out in front where they
belong.

So what? Here we enter aesthetics
and the experience of listening, as
we do in normal stereo/quadraphonic
recording. Does it matter-if you were
not on hand when the recording was
made and do not even know which
sounds belong where? Does it matter
even if you do know-for a recording
is always its own best experience, in
its own terms? If it sounds good, why
worry? Binaural recordings do sound
good, they are absorbing, they grasp
your attention unbelievably. So the
cocktail -party people are walking
around behind you and to one side,
when they ought to be in front and to
the side. Who cares? There's the
philosophical slant.

But some of us perfectionists won't
let the matter drop. Scientific curios-
ity at its best, if frustrating! Why?
Why can't we hear out in front when
the sound was in front? Untold mega -
hours of research have gone into this
problem and much learned theory is
the result. But still, we don't hear
sounds in front where they ought to
be. In particular, Sennheiser has

subscribed to the respectable and
reasonable set of theories which
says that though separation of micro-
phones, by the binaural (ear) distance,

most
effect of hearing, the details of front
direction that we all hear naturally
with our own ears depend on tiny,
highly specific details of ear and head
configuration, on the ear's highly re-
fined acoustic surround-those lovely
convoluted channels and cavities-on
the leakage pathways whereby the
channels do in fact get around the
head itself, notably around in back by
the short route, to modify the per-
ceived compound sonic image, both
ears' signal combined by the brain
computers into one perception.

Thus, we have had much experi-
mentation with artificial heads, and
natural heads with mikes in the
ears. Thus, the numerous simplified
between -the -microphones baffles,
long used for binaural recordings,
which to my way of thinking are
virtually meaningless-they block off
some of the right sound from the left,
but they are a very poor substitute for
the marvelously refined shape of ears
and head, you will have to admit. I

never could find that they produced
any useful improvement at all over no
head whatsoever. They could, by a bit.
But a real head can do better. Or 'spy.

You can understand Sennheiser's
characteristically German thorough-
ness in seeking the real, optimum

(Continued on page 26)

The undistorted truth
behind the Avid

dividing network.

At Avid, we know there's
a lot more to building a
really accurate
speaker than just
a super flat fre-
quency response.

So, after we've
done all we can to
build the flattest,
most linear response
into our speakers,
we spend a lot of time
fussing over a whole bunch
of equally important things.

Like dividing networks, for
example.

The role of the dividing net-
work is to send input frequencies
to the right driver without intro-
ducing any distortion or degrading
the transient characteristics of the
speaker.

It sounds simple.
Unless you happen to be the

engineer designing it. In which
case it can become the most critical
can of worms in the whole speaker
design.

Pick the right crossover fre-
quencies, interface the drivers just
right, and you've got the frequency

response
problem

just about
knocked.
But you
can't stop
there.

You
see, if the
drivers
aren't

damped
just right,

the dividing
network can
degrade the
transient

response of
the speaker, even if you've

achieved a super flat frequency
response. The result is a ringing
response. Transient distortion.
Poor imagery.

There's still more.
Because even the best designed

dividing network in the world can
be a real washout when it comes to
intermodulation and harmonic dis-
tortion, if the components you use
aren't up to snuff.

For instance, in a lot of speak-

¡ ers you'll find dividingl I networks using non-
linear components like
iron core coils. Great

for the manufacturer
because they're cheaper. Not

so great for you because of
the distortion they can create.

Especially at higher power levels.
Avid uses only ideal, linear

components such as air core coils
in its dividing networks. More
expensive, of course, but they're
distortion free.

The point is,
we're a company
that is totally
and unequivo-
cally committed
to just one
thing. The design
and construction
of the clearest, best
sounding speaker sys-
tems in their price range.

And that's not just so much
advertisingese. It's for real. But,
it's for you to decide. So here's
what we'd like you to do.

Go to your Avid dealer. A -B an
Avid with any other similarly
priced speaker. Then pass judge-
ment. We think we know what the
verdict is going to be.

CORPORATION
10 Tripps Lane, East Providence. R.I.02914
Distributed in Canada by:
Ka iron Electronics. Montreal, Quebec
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Pioneer Turntable
A belt -driven turntable/tonearm
combination, the PL -10 employs a
4 -pole synchronous motor for accu-
rate speed rotation. Its 12 -inch alu-
minum platter rotates at precisely
33-1/3 or 45 rpm regardless of line
fluctuation. Rumble level is said to be
better than 47 dB, while wow and
flutter is less than 0.1 percent. Addi-
tional features include a statically
balanced S-shaped tonearm, anti -
skate control, plug-in shell and oil -
damped cueing. Low capacitance
shielded cables accept any CD -4
cartridge. Price: $99.95, including
base and dust cover.

B & K Scope
Model 1403 is a 100% solid state
general purpose unit featuring com-
pactness, light weight and durability.
The 'scope has a bandwidth of d.c.

n

Christmas
Buying Guide

to 2.0 MHz and direct -deflection
terminals for viewing waveforms to
150 MHz. Also featured are d.c.
amps on both horizontal and vertical
axes and a new wide-angle CRT
which contributes to reduction of
case depth. Specifications: vertical
sens., 20 mV/cm; max. input, 600V,
peak to peak; input impedance, 1
megohm shunted by 30 pF; cont.
var. gain control range, greater than
22 dB; power requirements, 117/234
VAC, 50-60 Hz. Price: $179.95.

JVC Turntable
The JLB-44 is a high performance, d.c.
direct -drive unit designed to com-
plement both stereo and CD 4 sys-
tems. Features include a special
vibration -free direct -drive motor,
an adjustable speed control and a
built-in neon strobe indicator. The
turntable assembly and low mass,

low friction arm for CD -4 are encased
in a resonance -free beechwood base
with dust cover. Price: $349.95.

Altec Speaker
Model 891A, Stonehenge I, is a floor -
standing, medium efficiency unit
designed for use with amps capable of
delivering 25 W continuous/channel.
Utilizing a columnar bass reflex en-
closure, the 891A features a 12 -inch,
high compliance low frequency
speaker with a 9 -pound magnet struc-
ture. A front -mounted dividing net-
work offers a continuously variable
high frequency attenuation control for
adjustment to listening room acous-
tics. High frequency material is

reproduced by a newly designed
direct radiator tweeter. Finished on
all four sides in teak veneer with a
snap -on grille, the system sells for
$329.00
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Gately Mixer
The Prokit II mixing system, available
wired or in kit form, features slide
attenuators and pan pots on all six
inputs. Each input is switchable from
mic to line. The mic preamp gain is
switch selectable and each mic input
has a switchable 20 -dB pad. Profes-
sional VU meters are backed up by LED
overload indicators. Optional features
include transformer output and +48 V
mic powering. $598.00, kit; $889.00
wired.

BGW Preamp
The Quadraphonic System Control
Center from BGW is designed for true
discrete systems from one to four
channels, and features 4x4 matrix
mode control, which allows any input
channel to be assigned to any output
channel, three slider -type EQ controls
in each channel, four 15 -watt head -
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phone amps with separate gain con-
trol, and optional CD -4 demodulator or
matrix decoder. The two four -channel
tape recorder facilities include EQ,
and there is provision for two phono
inputs, as well as one for tuner. High-
level frequency response is 20 Hz to 20
kHz ±0.1 dB, while phono response
is ±0.25 dB from RIAA. Rated THD
is 0.02 percent, and IM is 0.006 per-
cent. Price: $849.00; demodulator/de-
coder extra.

Scott Receiver
Model R365 produces 30 W/channel
from 20 Hz to 20 kHz at less than
0.5 percent distortion. This stereo
receiver includes among other fea-
tures, channel selector, ganged bass,
treble and volume controls, channel
balance control, mono/stereo, tape
monitor facilities, and switching for
two sets of stereo speakers. Separate

signal strength and center channel
tuning meters are used. FM perform-
ance includes IHF sensitivity of 1.9µV,
capture ratio of 2.5 and mid -band
stereo separation of 35 dB minimum.
Price: $329.95.

Philips HF Generator
PM5324 features pushbutton selec-
tion for nine frequency ranges from
100 kHz to 110 MHz and for modu-
lation functions and calibration fre-
quencies. Electronic stabilization
provides output amplitudes in five
ranges from 5 µV rms full scale to
50 mV rms full scale. Output im-
pedance is 75 ohms. In addition to
internal AM and FM modulation
capabilities and internal wobbula-
tion, the unit offers facilities for ex-
ternal modulation inputs, including
stereo MPX test signals. Price: $490.
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This IC 150 . . . is the finest and
most versatile control unit l have
ever used. For the first time l can
hook all my equipment together at
once. / find many semi -pro oper-
ations possible with it that l have
never before been able to pull off,
including a first-class equalization
of old tapes via the smooth and
distortionless tone controls. l have
rescued some of my earliest broad-
cast tapes by this means, recopying
them to sound better than they ever
did before.

-- Ed Canby, AUDIO

Among the things you can do with an
IC150:
Produce your own taped programs! Re-
cord from any of seven inputs: 2 phono,
2 tape, 1 tuner, 2 auxiliary (tape player,
cassette deck, guitar, microphone, etc.)

Clean up record scratch, tape hiss and
turntable rumble with filters which
scarcely alter program material.
Improve frequency response with bass
and treble controls for each channel.
Enhance stereo image with the IC150's
exclusive panorama control.

Record two copies of a program at once,
and monitor source and tape for each.
Correct ping-pong effect for more en-
joyable headphone listening.

The IC150 performs all these func-
tions and more with lower distortion
and noise than any other preamplifier.

This combination of clean sound
and versatility cannot be bought any-
where else for less than $600. But you
can buy it for only $349 at your Crown
dealer. See him today to make your
own comparison. (For independent lab test re-
ports on the IC150, write CROWN, Box 1000,
Elkhart, Indiana, 46514.)

O crown
Made Only in America

Check No. 18 on Reader Service Card

(Continued from page 23)
residue of improvement that may be
possible via a close simulation of
actural hearing via ears and head, no
more than a bit of improved accuracy
in the spatial location of your binau-
rally reproduced sounds. The genuine
hi-fi attitude! If it can be done, we
have to do it.

Well, by God, I've been using Ispy's
head and my own head, with those
stethoscope -like mikes dangling, for
a number of wonderful and fasci-
nating experiments these last weeks,
and it has been enormously instruc-
tive. Put aside the matter of audio fi,
which is, as I say, sheer Rolls Royce/
Daimler/Mercedes, straight through
the Sennheiser system. Beyond all

that, I am happy to report that Senn-
heiser has in fact cracked one half
of the ultimate nut, and has
broached the other half. In twenty -
plus years of binaural experiment, I

have never heard it before. Now you
can hear, absolutely clearly, directly,
in behind. Amazing. "Testing, test-
ing", says the moving voice. "Now I
am off to the right" (and so it is).

"Now I am moving around in be-
hind"-and the voice does just that.
The speaking person clearly walks
right behind you. "Now I am passing
right behind, and on to the left." Lo-
he does! Absolutely, hair-raisingly
realistic.

With plain microphones, omnis,
minus head or baffle (and with baffle,
too) the binaural front and back are
virtually indistinguishable. The voice
moves, somehow, from one side
right over the crown of your head and
off to the other side. No great problem!
It sounds perfectly OK and not at all
unnatural. Just not out front and not
in back. Or maybe, all of the sound
vaguely in back. You can even walk
yourself straight between your two
binaural mikes, right through the mid-
dle of the listening "head," and the
playback sounds merely as though the
person (speaking, of course, as he
moves) has approached close -to, then
moved away again. No problem in
perception or enjoyment. Just a non -
correspondence between original and
reproduced motions.

So Sennheiser wins hands down on
the rear perception, and it clearly is
thanks to those microphones, which
sit right inside the ear surround
(yours or Ispy's) and therefore can
make a very clear distinction, as you
do in the actual "live" listening, be-
tween sounds from the rear that are
shaded by the ear flaps and those
from the front which are cupped into
focus. It cost a lot of money to accom-
plish this; you will have to line up a
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lot of money to try it yourself (along
with the hi-fi quality), but now you
can hear to the sides, and the back,
absolutely as in nature. Amazing ..

The front? Alas, that mystery is not
yet untangled. Yes, for the first time
in my life I have managed fleetingly
to hear binaural reproduced sounds
out in front of me. It took enormous
concentration, and it took even more,
a playback in the exact same spot as
the recording itself-the same acous-
tics. I recorded via Ispy, walking out in
front and around. I then put my head
where Ispy's had been, and played
back the recording. Yep-with eyes
closed tight, violently concentrating,
imagining with all my might, I did
hear that sound move out in front of
me. I visualized it out there. Aha!
There is the clue. And there, I think, for
all its pains, Sennheiser has not quite
got the ultimate message.

Though I managed, other less ex-
perienced listeners, one after the
other in my trials, were unable to
hear any sound out in front, even at
the precise recording location only
moments after the recording had
been made via Ispy. "Now I am
straight out in front," the test voice
would say, and instead it would ap-
pear above, somewhere over the
eyes. Crazy. Here, Ispy and Senn-
heiser and the marvelous mikes
failed. Not that it matters, again! Just
that nagging urge to know why. Why,
with all my experience in this kind of
listening I could barely make the
grade for a moment or two, why
could not myself barely hear in Senn-
heiser's own 45 rpm demo recordings
what Sennheiser says is there-sound
all the way around.

I think the German engineers have
simply trained themselves to hear
the sound where it must be, out in
front-to grasp the inadequate and/
or contradictory clues from the various
senses and the mind and make them
behave as they should. It can be done.

With Sennheiser binaural sound
now a commercial hi-fi reality at
the very top and a wide range of lesser
equipment around to cope with bin-
aural, too, all the way down to the
bottom, the real gist of the binaural
listening experience is ready for any
pair of ears, and it is fun. Try it. If you
have a two -channel recorder, any
grade, two microphones, any old
sort, and a pair of head phones, any
type, you're in business. Forget the
head! At least to begin with. Just set
up your mikes eight or ten inches
apart, anywhere, and record. Then
play via the phones. You can always
move up to Sennheiser when the urge
urges you.
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Audio engineers agree that the ultimate Preamp must have all
the CONTROL flexibility of a patch panel...Our New PE2217

has pushbutton -patching, plus 22 more MUST features...

For a SUPER -SYSTEM, match the 2217 with any of thes

"FANTASTIC! / CAN HARDLY BELIEVE MYEARS.. .
VERY VERSATILE& CLEAN -SOUNDING AND
I REALLY LIKE THE SWITCHABLE PATCHING."
...the most controls... the most flexibility.., the most functions...
the most useability... a $1,000 worth of control for $499.50!

SPECIFICATIONS and SPECIAL FEATURES
 ALL PUSHBUTTONS INTERLOCKED to prevent inadvertent program destruction  DISCRETE -OCTAVE EQUALIZATION CON-
TROL of ten octaves on each channel, : 12db each octave  FULL -SPECTRUM LEVEL CONTROL for each channel  AUTOMATIC
CONTINUOUS MONITORING by light -emitting diodes for visual warning of overload in output circuits  VISUAL ZERO -GAIN
EQUALIZATION BALANCING on music, white noise or pink noise  SELECTION OF TEST LITES on or off.  TAPE DUBBING BE-
TWEEN TWO MACHINES, with optional simultaneous equalizing and monitoring  DOUBLE -DUBBING into two recorders simul-
taneously  SEPARATE SYSTEM -SELECTION enables full use of all other functions during the tape dubbing operation  LINE OR
TAPE equalization selector  AUTOMATIC EQUALIZER -DEFEAT when line or tape equalizer is not in use  FRONT PANEL TAPE
input-output jacks for easy 2nd and 3rd tape recorder hookup access  TAPE MONITORING of either tape at any time  TWO
stereo headphone jacks  MONO SELECTOR for left, right or both channels to both outputs  REVERSE -STEREO mode  TWO
Icw-level phono inputs  FOUR independent phono preamps  SIX A/C outlets, 4 switched, 2 unswitched  ELECTRO -PLATED
FERROUS CHASSIS - (eight sections) - provides optimum shielding to minimize magnetic field -coupling  SINGLE -POINT
system ground connector minimizes ground -loops  TWO REGULATED power supplies.

SPECIFICATIONS
FREQUENCY RESPONSE - Hi -level inputs: ' )/. dB. 5 Hz to 100 KHz
FREQUENCY RESPONSE - Phono inputs: -L 1/4013, 20 Hz to 20 KHz (Type - 1/4 dB)

HARMONIC DISTORTION: less than .05% at 1 volt, (Typ..01 % at 1 volt)
IA DISTORTION: less than .05% at 1 volt. (Typ..01 % at I volt)
SIGNAL-TO-NOISE - Hi -level inputs: 100 dB below tun output
SIGNAL-TO-NOISE - Phono inputs: 84dB below a lOmv input
SIGNAL-TO-NOISE - Equalizer section: 90dB below a I volt input
GAIN - Phono: 57d8
GAIN - Hi -Level: 15dB
INPUT IMPEDANCE - Phono: 47,000 ohms
INPUT IMPEDANCE - Hi -level: 50,000 ohms
OUTPUT IMPEDANCE: 600 ohms
NiAXNIUM OUTPUT: 5 volts into hi Impedance, 2.5 volts into 600 ohms

EQUALIZER LEVEL: Zero -gain controls forlen and right channels, continuously
variable. for unity -gain compensation from 1243 to + 6d8.
EQUALIZER RANGE: 12dB boost and 12dB cut, each octave centered at
30, 60, 120, 240, 480, 960, 1920, 3840, 7680 and 15,360 Hz.
MAXIMUM OUTPUT SIGNAL: Variable master volume control allows adjustment
of optimum output to match amplifier capability up to 5 volts.
CIRCUIT BOARDS: Military grade G-10 glass epoxy
RESISTORS: Low -noise selected carbon -film
POWER SUPPLY: Separate supply for phono and equalizer
DIMENSIONS: Walnut -grained case 71/4" high x 20" wide x 111/2" deep.

Genuine oiled -walnut cabinet available, $49.00 extra.
Front panel size 5 % " o 18"

$499.50 INCLUDES WALNUT GRAINCASE
MANUFACTURED IN SANTA ANA. CA

Warranty cards on file at Soundcraftsmen
X R.eN I1.5 any .uaa..tsd Improy.m.rrh, cMnge., or other comments:C
1 fA.LTI#f;TIC I I CAN ulARoLY er.t.lavc nyMRS.., VreqV VfRSR7 ILA Cra sew OlarN
5C I R/MIY Li KM Tw sr,Raasal.a PAr,altafGPl.u. hat any .wa..--o - ' I n a r ,..t,%tre'a.a.

Purchased from -S'..<< r L \ A.1., bC '1,
nn2 City / RxU)L-kr V state hk_ lr\ aPSWa

a n....0« any sogge.t.d improvements. change,. or other comments:
0 raCl \A \Tll\ ,Purchased tro.ú7EPCC'iyv C ty "1 " statla.xzv+

mnarovernents. changes, or other comments:n {nTrn414/f
Purchased from_

hiVir

FREE!
The "Why's and How's of Equalization",

an easy to understand explanation of the rela-
tionship of acoustics to your environment. This
8 page booklet also contains many unique ideas on
"How the RP2212 Equalizer can measurably
enhance your listening pleasure," "How typical
room problems are eliminated by Equalization,"
and a "10 -point self -rated Equalization Evaluation
Check -List.

1721 NEWPORT CIRCLE
SANTA ANA/CALIF/92706
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Fixing Your

Electronic Organ

Ion Turin°

THE ELECTRONIC organ has become the favorite musi-
cal instrument in many homes, and for good reason.
Its versatility and ease of playing make it the best in-

strument for many kinds of music, from classics to jazz,
popular to acid -rock.

Today's electronic organ is a remarkably stable instru-
ment. Most are of excellent design and excellent quality,
and failures are not nearly so commonplace as in other home
entertainment equipment. But for this reason, finding an
experienced technician can be a problem. The good ones are
scarce.

With a little know-how and common sense, it is possible
to keep the service calls fewer and farther between. If you
use the right techniques and materials, you can do most of
the maintenance and repair that your electronic organ
needs.

First, let's look at a typical spinet organ. Figure 1 shows a
medium-sized electronic organ. The main points of interest
are as follows:

1. On -Off Switch-self explanatory;
2. Expression Shoe-this is the volume control for the

organ;
3. Upper Keyboard-sometimes called the swell or solo

manual, most melodies are played on this keyboard;
4. Lower Keyboard-sometimes called the great or accom-

paniment manual, most harmony is played on this keyboard;
5. Pedal Clavier-the pedals are used to provide the bass

notes, or beat, for your music and
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6. Voice Tabs-sometimes called stops, tabs are what
make organs differ from each other. Not only how many
tabs there are, but what they do counts. They determine
the versatility and tone quality of the organ.

There are some musical and electronic relationships on
the keyboards and in the tabs that are helpful in trouble -

VOICE TABS

UPPER
KEYBOARD

ON -OFF SWITCH

LOWER
KEYBOARD

EXPRESSION SHOE

PEDAL CLAVIER

Fig. 1-Typical spinet organ.
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shooting. Figure 2 shows a typical keyboard. The musical re-
lationship between any two keys of the same name (Mid-
dle C and C above Middle C, for example) is an octave. An
octave is the distance from the first note of a scale to the
eighth note of the scale (hence the name octave), and a note
one octave above another is twice the pitch of the first.

 2f I/2f - - f

MID

C C A C A C

HONE OCTAVE

Fig. 2-Typical spinet keyboard.

k-- ONEOCTAVE

Electronically, this means that the frequency is doubled. A
note an octave below another has a trequency of one-half
the first. This is an important relationship, since many elec-
tronic organs on the market generate the highest pitched
notes on the organ and use flip-flop dividers to obtain the re-
maining notes.

Figure 3 shows a typical arrangement of "tabs." The "foot-
age" marks (16', 8', etc.) represent the lengths of pipe that

SOLO FLUTE CELLO SOLO FLUTE VIOLA OBOE VOX SOLO FLUTE SUSTAIN SUSTAIN

16' 16' 16 8' 8' 8' 8' 8' 4' 4' MED LONG

NORM OFF SLOW LIGHT OFF

PEDAL PEDAL PEDAL FLUTE STRING HORN DIAP

16' 8' FULL
ACCOMP

8' 8' 8' 9
TREMOLO VIBRATO VIBRATO VIBRATO

FULL ON FAST DEEP ON

Fig. 3-Typical arrangement of voice tabs.

would be needed to create the pitch of a particular note if
you had a pipe organ. A 16' flute is a deep voice (large pipe)
and an 8' flute is a higher pitched voice (smaller pipe). These
voices are related in a 1:2 fashion. A 16' voice is one-half the
pitch of an 8' voice. Figure 4 shows a keyboard with voices to

4' VOICE f/4 fit 21
16' VOICE f/I6 I'8 f/4 1/2
8' VOICE f/8 f/4 1/2

MID
_

C T Í C C C

Fig. 4-Keyboard showing relation of voice and frequencies.

the left and frequencies above. As you can see, if you play
Middle C with an 8' voice, you will hear the same pitch (F/8)
that you would hear if you played C above Middle C with a 16'
voice (still F/8). This relationship may be used for four or
more notes. As it happens, this also turns out to be a handy
troubleshooting aid. Used properly, this knowledge will let
you pinpoint a problem to a bad tube or transistor without
even removing the back of the organ.

There is one more distinction that needs to be made re-
garding the tabs on an organ. Some of them are voice tabs
and provide a sound by themselves when a key is pressed.
The others are control tabs. By themselves they do nothing,
but used in conjunction with voice tabs they create different

effects. Examples of control tabs are solo tabs (a solo 8' tab
makes all the 8' voices louder), vibrato tabs, volume tabs
and sustain tabs.

Maintenance
Let's look first at some of the regular maintenance that

should be done. Cleaning is the first thing to consider. For an
organ to look, feel, and play properly, it should be clean inside
and out. The outside will be happy with a very mild soap (like
Ivory liquid) on a damp cloth. Wash, rinse with a damp (not
wet) cloth, and dry the keys and tabs regularly. DO NOT USE
SOLVENTS of any kind. They can damage the plastics and
wood finishes. The cabinet will also gleam with this soap
and water treatment, and a good liquid polish for the wood
surfaces will not hurt. Use a vacuum cleaner on the inside
once a year to remove accumulated dust.

The "playing" parts of an organ are the mechanical key
switches and tab switches. The right way to clean these is
with an aerosol contact cleaner. You want the kind that says,
"Leaves no deposits, will not harm plastics" (Miller -Stephen-
son MS -230, General Cement GC 8669, or similar). Spray the
switch contacts and work the tabs and/or keys a few times.
This proceedure will clear up a whole host of problems, from
static in the output to voices and keys that are intermittent.
It should not need to be done more often than every six
months to a year. Gaining access to the tab switches is not
usually too difficult a job, but we come to another necessity.
You should have a copy of the service manual and schematic
for the organ if you intend to do any real repair work. All
organ companies have such material for their technicians,
and it is usually available to the organ owner for a nominal
fee (around $3.00 to $6.00). The address to write to for this
manual is in the owner's manual. (Send your request "ATTN:
Service Department" and they will get it to you quicker.)
The service manual may contain disassembly instructions,
trouble shooting aids, and special information that could
save you a costly call by a professional technician.

The only other regular maintenance that must be done is
oiling. Most modern organs have Leslie speakers (or similar
devices) for creating a theater organ sound. The motor should
be oiled with a light machine oil once a year. Detailed in-
structions will be on the speaker unit or in the service man-
ual. When you oil the Leslie, it is a good idea to check the
tension of the drive belt that connects the motor to the ro-
tating part of the speaker unit. Be careful to keep oil off the
belt and pulley surfaces.

So far we have probably managed to save at least one serv-
ice call a year, and as you can see, it is not really that diffi-
cult to keep an organ in good playing condition. For those of
you who wish to dig deeper, some test equipment is in order.

Test Gear
The most versatile piece of test equipment for organ repair

is the volt -ohm meter. With the VOM you can check the op-
eration of the oscillators, dividers, filters, power supply, key-
ing, almost everything. The meter should have an input im-
pedance of at least 20,000 ohms per volt, but that is about the
only restriction. A signal tracer is also a valuable aid for iso-
lating "sections" of the organ.

Your electronic organ can be divided into five major sec-
tions (see Fig. 5). The tone generators are the heart of the in-
strument. This section is where all the sounds that come out
of the organ are born. There are two schemes for creating the
necessary pitches in the tone generator. The first is to use an
oscillator for each note. Each of the individual pitches are sent
to the key switches so that when the proper tabs are de-
pressed, the tones are sent to the filter circuits as keys are
played. The same pitch may be sent to Middle C for a 4'
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voice, C above Middle C for an 8' voice and the C above
that for a 16' voice. Troubleshooting? Turn on one 8' voice.
Play each key in succession. Write down on a sheet of
paper any notes that fail. Then turn off the 8' voice and
turn on a 4' voice. Play the keys again, writing down the
names and locations of the bad ones (see Fig. 6). If only one
key on one voice is defective chances are that there is noth-
ing wrong with the tone generator. But if the pattern looks
like Fig. 6, you probably have a tone generator out. By
tracing backwards on the organ schematic, you can pick the
bad osillator and repair it.

The second tone generator scheme is the more common
one. There are twelve oscillators for the highest notes on the
organ. These pitches are then sent to the individual di-
viders to create the lower tones of each family of notes (see
Fig. 7). A family of notes is a group that is related by octaves

TONE
GENERATOR

CIRCUITS

KEYING
CIRCUITS
(PEDALS

AND
KEYBOARD)

TAB
SWITCHES

AND
VOICING -
FILTER

CIRCUITS

Fig. 5-Basic sections of the organ.

-T
POWER

SUPPLY
AND

AMPLIFIER

SPECIAL
EFFECTS
CIRCUITS

BAD
ON

2' VOICE

X

BAD
ON

4' VOICE

X

BAD
ON

8' VOICE

x
BAD
ON

16' VOICE

Fig. 6-Bad-note pattern with defective tone generator.

SIGNALS TO KEYING CIRCUITS

f/2 
MASTER

OSC

I st
DIVIDER

2)

f/4 f/8 f/16

2nd 3rd 4th
DIVIDER DIVIDER DIVIDER-0.-

f/2 f /4(=2) (=2) f/8 (=2) f/16

Fig. 7-How dividers create different notes from a single
master oscillator.

(the C's, the A's, etc.) The technique for finding a bad stage
here is the same as is used in the previous example. How-
ever, there are some definite statements that can be made
about which stage is bad, so that picking the bad stage can be
done from the keyboard. For example, if all the C's are out on
all voices, the "C" oscillator is not operating. If the 4' voice is
the highest on the instrument, and the top two notes of a
family play with this voice on, but the ones below it are
silent, the oscillator is operating, the first divider is operat-
ing, but the second divider is not. To prove this, turn on an
8' voice. Now only the highest note will play. The 8' pitch of
the top note comes from the first divider. The second divider
is defective. Now you can see why the octave relationship is
an important troubleshooting aid. If you remember the re-
lationship of each pitch to the higher and lower pitches of the

INDIVIDUAL
KEYSWITCH

INDIVIDUAL DI D2 R2 ¡ POSITIVE
SIGNAL f KEYING
FROM
TONE GEN. RI VOLTAGE

Tc

-moo NEG BIAS

TO TAB SWITCHES COMMON SIGNAL

Fig. 8-Keying circuit using reverse -biased diode.

SIGNALS FROM TONE GEN

C

Fig. 9-Pedal divider system.

PEDAL SIGNAL
TO TABSWITCHES

/ 8' SIG

1st

DIVIDER
(=2)

KEYING VOLTAGE

16'SIG

2nd
DIVIDER
(=2)

same family, finding the tone generator trouble is a snap.
The most common defect in tone generators is a bad tube or
transistor. In tube organs, substitute a new tube for the sus-
pected tube. If the notes play now, you have found the bad
tube. In transistor organs, you should find the trouble with
the VOM, since replacing transistors is a much more involved
task.

The third major section of the organ, from a functional
standpoint, is the tab switch and filter circuits. The tab
switches are plagued mainly by dirty contacts since they
switch audio signals, but other than that should be trouble
free. Basically, the signals from groups of notes are sent down
to the tab switch and through a passive network of resistors
and capacitors to the appropriate filter or mixer when the
tab is in the ON position. In most instruments the only voices
that will seem affected much by a defective filter are the
flute voices. This is because the signals from the key switches
must be thoroughly filtered to become sine waves (which is
the characteristic waveshape of a flute), while they re-
quire little or no filtering to become the proper shape for a
clarinet. In other instruments the signals are collected and
sent through passive waveshaping networks to the preamp,
without going through any active circuitry. There are instru-
ments that embody both methods.

Figure 10 shows a keyboard with filter numbers assigned to
key groups with 16', 8', and 4' flute voice selected. With a
chart similar to Fig. 10 (which should be in the service
manual), you can locate a defective filter almost imme-
diately from the front of the organ. As you can see, you have a
cross-check to decide if a filter is defective or if a broken wire

FLUTE 4'
FLUTE 8'
FLUTE 16'

FILTER  3 FILTER 4
FILTER  2 FILTER  3
FILTER  I FILTER 2

FILTER 5 FLTER6
FILTER 4 FILTER 5-.
FILTER  3 F LTER 4

.KEYING GROUP 17-.. -II -III -}- -IY

Fig. 10-Keyboard showing assignment of filter numbers.
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from one group of notes collector is causing the problem. If
group II is silent with the Flute 8' on, try group I with the Flute
4' voice on. If it is silent also, filter number three is the bad
one. The filters are usually one tube or one transistor stages
and simple to repair with a VOM to guide you. One word of
caution-if there are potentiometers, adjustable coils, var-
iable capacitors or adjustable transformers in the filter cir-
cuits, leave them alone. Turning them will not fix anything
and most of the adjustments are factory type adjustments-
very difficult to make in the home.

Amp and Power Supply
The fourth section of the organ is the amplifier and power

supply. These circuits are usually located on the same chassis
and they are very straight -forward. Standard troubleshooting
techniques should enable you to pinpoint any problems in
these areas. This is the first place to look if your symptom is a
completely silent instrument. There is one area that de-
serves mention, however, and that is the expression pedal.
It is connected between the pre -amp output and the ampli-
fier input. Figure 11 shows the three schemes used in almost
all organs. The circuits are quite simple and easy to fix, but
trouble in this area can be easily overlooked.

SIGNAL FROM PREAMP

V

+V

SIGNAL TO AMPLIFIER

Fig. 11-Three commonly used expression -pedal systems.

The fifth major piece of most organs is the special effects
section. Also in this category are some of the control tabs on
the organ.

The one control that all organs have is vibrato. Vibrato is a
variation of frequency with time. Some instruments also
have tremolo. Tremolo is a variation of amplitude with
time. Vibrato is created on most organs by applying a low fre-
quency signal from a phase -shift oscillator to the oscillator
portion of the tone generator. This varies the frequency of the
individual oscillators in time to the low frequency vibrato
signal, adding a pleasant sounding movement to the sound
of the organ, much like a violinist adds to his music by wig-
gling his finger on the strings.

Tremolo on most organs uses the same phase -shift oscil-
lator signal but applies it to a lamp which is optically coupled
to a photocell in series or across the signal line from the pre -
amp to the amplifier. This raises and lowers the organ vol-
ume (amplitude modulates the signal) creating the effect
called tremolo. Most troubles in vibrato and tremolo circuits
originate in the phase -shift oscillator itself or in the im-
pedance matching stage which usually follows it. The active
component (tube or transistor) is again the usual culprit
except in older instruments, where the capacitors in the os-
cillator phase -shift network open up or become leaky and
must be replaced to restore proper operation.

Another common control tab, classed as a special effect, is
repeat percussion. Figure 12 shows block diagrams of the
two most common methods for creating repeat percussion,
an effect which makes the organ sound like a banjo or man-
dolin by causing very sharp amplitude variations. Troubles in

this area are usually a function of the circuits used to generate
the repeat signal. In the circuit of Fig. 12a, a failure in the re-
peat generator will show up either as no repeating when

A.

B.

'REPEAT"
M

"REPEAT"
MV.

KEYING VOLTAGE LINE
o e o o

r-Lr
r

( ( ( 1

INDIVIDUAL KEYSWITCHES

FROM
PREAMP TO AMPLIFIER

Fig. 12-Two commonly used repeat -percussion systems.

the tabs are turned on or no sound at all on any of the keys
whose voltage is supplied by the repeat generator. If the
organ seems dead, try some of the keys that use direct
(audio) keying. This will help you decide if the trouble is in
the repeat circuits or in the amplifier and power supply
circuits.

Now we come to the "fun" sounds on an organ-the
rhythm. There are two kinds, Play it yourself and Automatic.
The voices (drums, brushes, etc.) for both kinds are generated
in the same way. Most drum generators are low to medium'
frequency oscillators biased just into saturation or cutoff.
When they are stimulated with a trigger, they oscillate for a
short period of time and die away rapidly, creating the per-
cussive sound of a drum. The cymbal and brush sounds are
generated by a "noise" diode. A trigger applied to the am-
plifier stage following the noise generator allows a burst of
noise to come through. The sound of a snare drum is syn-
thesized by triggering the drum oscillator and the noise
amplifier simultaneously and mixing the output.

The only difference in the two kinds of rhythm are the
triggering methods. In the "play it yourself" kind, the trig-
ger pulses for the various voices come from special contacts
on the keyboards and the pedals. In the automatic variety of
rhythm, a multivibrator "clock" replaces your foot on the
pedals and your hand on the keyboard, and logic circuits
supply pulses to the various voices at the correct moments.
Patterns such as samba, waltz, cha-cha, march, and many
others can also be selected.

Repairing rhythm circuits of the automatic variety can be a
bit difficult if the problem crops up in the timing or logic
circuits, but if you have a comprehensive service manual you
can accomplish it. Repairing a missing "sound"in either type
of rhythm involves only identifying the voice that is missing
and fixing its generator.

We have discussed about 90 percent of what is in your elec-
tronic organ, and how to find and localize troubles. Ob-
viously, you must use care and proper techniques when
doing any actual repair work. Use a small pencil iron for
replacing semiconductors and parts on circuit boards. Use
proper caution when measuring supply voltages (particu-
larly in tube -type instruments).

By now you should be a good deal more familiar with
your own electronic organ. The more familiar you are with
it, the more enjoyment it will provide. Proper care will mean
a long and useful life for it. To summarize very briefly, read
the service book, use all the information you can obtain by
observing the symptoms, proceed very logically and care-
fully, and you will be well on your way to fixing your own
electronic organ.
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These circuits are sonic shocks out of the darker quarters
of the universe-the sirens' song of age-old myth, lan-
guages out of the Greater Magellanic Cloud ... who

knows? It goes by the name of Theremin, its Russian
inventor.

The theremin was one of the first entirely electronic
musical instruments and is played with what seems to be
magic-by the mere proximity of the player's hands to two
capacity plates in the circuit. At the time it was brought to
the world's attention it was much more than a novelty.
It was a playable instrument and a musical event of major
proportions in the embryonic field of electronic music.
Concert hall performances were even given. a couple of
decades ago by an orchestra of theremins.

Before the synthesizer, the theremin was probably one
of the most versatile of musical instruments, with a fre-
quency range exceeding even that of the cathedral pipe -
organ, and a volume range that was limited only by the
power capabilities of amplifier and speakers. Its tone is
unlike any conventional instrument, or even like electri-
fied versions of conventional instruments. It is a very
popular instrument for background music and special
effects, for horror and science -fiction films. Without the
performer ever touching it, the instrument can produce
notes that fall both inside and outside of the regular musical
scale, play melodies, or accompany another instrument or
a singer.

Not much more need be said about the utility of this in-
strument in the hobbyist's home electronic music studio.

Reprinted from "Experimenting With Electronic Music," $4.95, copyrighted
1974 by Tab Books, Blue Ridge Summit, PA 17214.

It has been left in the background perhaps only by the even
more astounding synthesizer.

How It Works
Any theremin has at least two r.f. oscillators-one fixed

and one variable-which are combined in a mixer -ampli-
fier stage. The frequency of the variable oscillator is de-
signed to be controlled with an external capacity, in the
form of an antenna or a metallic plate. The instrument is
turned to silence (zero beat) by obtaining exact cancella-
tion when combining the two radio frequencies.

When a hand is brought near the capacitive antenna, the
frequency of the variable oscillator shifts. An audible beat,
after amplification, is the theremin's output. More com-
plicated designs, like the second circuit offered in this
project, involve the addition of a third oscillator to control
volume, which is also variable by hand capacity.

THEREMIN 1
This circuit is a good one for trying out the theremin effect

without getting too involved. It cheats a little by using an
AM broadcast radio as the fixed oscillator and amplifier. All
that is needed are a few components of the junkbox variety.
This is about the simplest the experimenter can get with
the fabulous theremin. The schematic is shown in Fig. 1.

Construction
Build the circuit using a perforated circuit board and a

small metal box. The simplest way to attach the capacity
antennas-if short whip antennas are used-is with a

couple of commercial antenna binding posts on the box.
They are connected into the circuit as shown in the sche-
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matic. A homemade antenna using the lid of a tin can and
short wooden dowels is also possible as long as it is elec-
trically sound.

The shield connections on the two transistors should be
cut off, and care should be taken to insulate the whole cir-
cuit from the metal chassis. That the chassis be metal is a
must. The antennas should be mounted on opposite ends of
the chassis. Otherwise, their mutual capacity may affect
overall operation adversely. The antennas are positioned
either vertically or horizontally, depending on preference
and antenna design.

Operation
To get this theremin to work, place it near the back of an

AM radio. Set the loopstick slugs about half way in. Set the
radio near the center of the band and do not move it from
this position once the musical instrument is tuned. Adjust
variable capacitor C6 until a hissing sound is heard over the
radio. Then go to variable capacitor C5 and adjust it until
the radio produces a loud whistle. By adjusting C6 again to
obtain the lowest pitch possible, the tuning is made com-
plete-and the instrument is ready to play. Moving your
hands around a few inches from the antennas should get
some results.

THEREMIN 2
As mentioned earlier, some theremin circuits contain

an additional variable -frequency oscillator that can regu-
late output volume by biasing a volume -control transistor.
Such is the case with the circuit.

Construction
As in the other theremin project, the enclosure must be

metal. Perforated circuit board is a good material for
mounting most of the unit's components. A wire bus can
be used for grounding the positive side of the circuit. In-
sulating the entire circuit from the chassis is again an
excellent procedure. The circuit does not have its own
amplification, but is suitable for connection to an external
amplifier. One alternative to this would be incorporating
a small commercially available amplifier module into the
circuit, as indicated in the parts list. It can be connected
with the addition of a potentiometer as shown in Fig. 3.

Fig. 3-For a self-contained unit, theremin 2 can incorporate
a fixed amplifier module as shown.

The 2 in. of straight, insulated wire shown in the sche-
matic as the r.f. pickup is there for a reason. Just bed it on
the perforated board in as straight a position as possible
close to L1. It acts as a pickup of r.f. energy radiated by
transistors Q3 and Q4. The antenna arrangement may be
the same as for the first theremin project. It is not critical,
so some homemade arrangement is quite satisfactory.

Operation
Alignment of this circuit is apt to be more complicated

than the construction. The procedure followed here is to
align first the pitch elements of the circuit and then the
volume circuits.

Hook the theremin circuit to the amplifier, turning
everything on. The voume on the amplifier should be well
advanced. The first step is to temporarily ground the junc-
tion between capacitors C12 and C13. Then tune L6 through
its entire range. The sound present in the output will "dip"
into several zero beats along the way. In one of these
ranges, the volume will be greatest. This range is tuned
for a zero beat.

Turn the pitch adjust control (C1) about half -open. Turning
the slug of L1 counterclockwise will cause the pitch of the
sound to rise. Advance it to the highest frequency that you
can hear. Now tune L6 to bring the pitch of this tone
down to a zero beat again.

When the circuit has been off and is turned on again,
the pitch antenna must be touched with a finger to initiate
oscillation. This is the basis for the ability to critically align
the circuit and for its extremely high sensitivity to hand
capacitance.

Continuing the alignment of the circuit, remove the
temporary ground connection and attach in its place the
test lead from a high -impedance dc voltmeter set to read
3V full-scale. With the "zero" adjust, bring the meter indica-
tor to the center of the scale. This will allow it to read both
positive and negative voltages.

Bring the theremin output into the audio range for these
tests by adjusting C1 again. The slugs of L3, L4, and L5 should
be screwed down so that they are flush with the collars. To
set the frequency of the volume oscillator, you will have to
call the AM radio into the act again. With the theremin
near the back of the radio-and with the radio tuned to the
center of the band-tune L3 until the same gentle rushing
sound is heard. To prevent radio interference, turn L3 clock-
wise about four turns.

Set "volume" adjust C11 to half -open. Then tune L5 for the
highest positive value on the voltmeter. Tune L4 so that the
voltage drops to zero and then returns to the original posi-
tive value. L4 and L5 should be adjusted carefully for the
greatest volume effect as the hand approaches the
"volume" antenna. Whistling as the volume is varied may
be cured by changing the setting of L3 slightly.

The function of L7 is to reduce hiss and noise. It will also
tend to affect volume, so some compromise between back-
ground noise and volume must be worked out. Disconnect
the meter and adjust for a zero beat with Cl. As can be
easily seen, it is especially important in this project to
have a removable chassis cover for occasional realignment
following the procedure outlined above. A few alignment
run-throughs may be necessary, because there is a slight
interaction and capacity brought into the circuit with the
tools used to tune the coils.

Playing It
This is one of the few instruments in the book for which a

few instructions on playing might be useful, although it
can be learned only through practice and experimentation.
The main requirement is hand dexterity.

Position one hand near the "pitch" antenna at a given
distance-which can be determined by experience for any
particular pitch. The other hand, moving quickly into posi-
tion near the "volume" antenna and then quickly out, will
produce an individual note. Holding both hands in position
will sustain a note. Holding the "volume" hand steady and
moving the "pitch" hand will produce a sliding tone. Wob-
bling either hand will produce a vibrato or tremolo effect.§
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STR-7065
"It the tuner section of
the STR-7065 were cat-
egorized as basically
meeting its excellent
specification, we'd have
to rate the amplifier as
one that exceeds its
claims by far...THD
reached the manufactur-
er's rated (and very low)
value of 0.2% at an in-
credible 85 watts per
channel. Remember, that
Sony rates the amplifier
at70watts mid -band, per
channel and, even more
conservatively, at 60
watts/channel for all fre-
quencies from 20 Hz to
20,000 Hz. At all power
levels below 60 watts,
THD measured well be-
low 0.15%, while IM dis-
tortion measured under
0.1% for all power levels
up to 45 watts, rising to
the rated 0.2% at 60
watts and remaining at
less than 1.0% even at
65 watts per channel and
higher:'

-Reprinted from
Audio, Nov. 1973

STR-7055
"The audio amplifiers of
the STR-7055 delivered
51.5 watts per channel
into 8 ohms at the clip-
ping point with both
channels driven':..

-Reprinted from
Stereo Rev., Nov. 1973

"Using Sony's rated 35
watts per channel as
a reference full -power
level, harmonic distor-
tion was under 0.1 per
cent from 30 to 20,000
Hz at full power or less,
rising to the rated 0.2
per cent at 20 Hz. Typi-
cally, distortion was less
than 0.05 per cent'

-Reprinted from
Stereo Rev., Nov. 1973

SPECIFICATIONS

2 -Ch., both channels
driven @ 8 ohms.

4 -Ch., all channels
driven @ 8 ohms

Damping r K:, 8 ohms)

Dimenalans (height. width,
depth)

1 kHz ' Aux. input. 60Hz 17Hz = 4.1

STR-?055
"The overall perform-
ance of the Sony STR-
7055 left nothing to be
desired, and our posi-
tive reaction to the re-
ceiver was enhanced by
the smoothness of its
controls, its noncritical
tuning, and its noise -
free FM muting system"

-Reprinted from
Stereo Rev., Nov. 1973

STR-7045
"The IM distortion, start-
ing from 0.1 percent at
0.1watt, increased to 0.2
percent at 30 watts and
0.5 percent at 40 watts
...IM distortion was less
than 0.2 percent at all
power levels from 30
watt's down to a mere 1
milliwatt!"

-Reprinted from
Popular Electronics

June 1974

"Sony's conservative
power ratings were em-
phasized by the fact that
at the rated 30 watts/
channel (or less), the
THD was under 0.1 per-
cent at any frequency
from 20 to 20,000 Hz
and was typically about
0.02 percent'

-June 1974 issue of
Popular Electronics

"The published ratings
of the STR-7045, good
as they are, do not do
justice to this fine
receiver:"

-June 1974 issue of
Popular Electronics

No matter how goodwe think we are,
there arepeople who think we're better.

Understatement is as rare in the
business of componentry as it is in the
business of politics.

Yet respected and responsible audio
publications have seen fit, time and time
again, to point out that Sony has a curious
habit of underrating itself.

Our predilection for this comes from
two things. We tend to be conservative
because we shudder at the exaggerations

that others fling about. And we know that
even though we play ourselves down, our
specs still emerge as deeply impressive.
And certainly, once you actually hear our
underrated components, you will be
deeply impressed.

You see at Sony, we're not only tough
on ourselves while we're making our
equipment. We're also tough on ourselves
after we make it. SONY

01974 Sony Corp. of America. Sony, 9 W. 57 St.. N.Y., N.Y. 10019. SONY is a trademark of Sony Corp. Check No. 48 on Reader Service Card
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Anechoic Frequency Response

THE WORD "anechoic" means free
trom echos and reverberation.
The anechoic frequency response

measurement therefore a

field measurement in which only
direct sound from the speaker, with
no other room reverberation, is pre-
sented. A principal purpose of this test
is a standardized evaluation of the
loudspeaker's ability to produce a uni-
form sound pressure at each frequency
in the audio range when driven by a
constant -amplitude, variable -fre-
quency electrical signal. It is a strict
laboratory measurement in the sense
that either a special test facility or
specialized data processing equip-
ment is required to perform the test.

The recommended method of mak-
ing a free -field measurement is to
place the measuring microphone far
enough away from the speaker so as to
be in what is called the "far field" for
the wavelength under test. Readings
are then referred back to an equiv-
alent distance of one meter under the
assumption that the sound spreads in
accordance with the inverse square
law, that is, doubling the distance re-
duces the intensity by 6 dB.

Prior to the introduction of coherent
processing techniques, the only satis-
factory means of making such meas-
urements have been either to use
very expensive anechoic chambers,
rooms specially constructed to min-
imize wall reflections, or "roof top"
free -field measurements. In the

Richard C. Heyser

latter case, both speaker and micro-
phone are hoisted to a sufficient
height to be well away from sound -
reflecting objects. The economics of
either method has led to the place-
ment of the microphone much closer
to the speaker than strict far -field con-
ditions would dictate. An additional
benefit of this closeness, from one
standpoint at least, is that the re-
sponse tends to become smoother.
Consequently, much of the data
accumulated by manufacturers and
contained in their specifications
and advertisements has been ob-
tained very close to the speaker front.

For reasons of reproducibility from
one speaker to the next, the anechoic
measurements performed for the
Audio tests are standardized at an
actual distance of one meter when
practical. The microphone is placed on
the geometric axis of the speaker sys-
tem and spaced one meter from the
front -mounting surface of the for-
ward -pointing speakers for direct -
radiator systems. When common
sense dictates an alternate micro-
phone position, such as would be nec-
essary to measure large panels or
horn -loaded systems, a more nearly
far -field position is chosen and all
measurements corrected to one
meter. The electrical drive is main-
tained constant at that voltage level
which would produce one watt into a
pure resistor specified by the manu-
facturer as the speaker impedance,

usually 8 ohms. The sound pressure
level (SPL) is plotted in decibels rela-
tive to the standard level of 20 micro -
pascals.

Audio uses a fully coherent signal -
processing technique known as time -
delay spectrometry for making loud-
speaker spectral measurements. A
special class of signal is used which has
a frequency domain representation
closely approximating what is tech-
nically known as a rectangular func-
tion. The time domain representa-
tion of this signal is therefore
technically described as a sine func-
tion, known to many as (sin x)/x. A
complete description of this process
may be found in the technical
literature.

In this brief article we will con-
centrate only on the anechoic amp-
litude response as a function of
frequency. That, after all, is what is
usually called-although improperly-
the frequency response of the speaker.
This has been a mainstay of speaker
measurement for nearly 50 years.

The concept is deceptively simple. A
microphone is placed at the desired
position and the speaker is driven by a
sine wave signal. The output of a pres-
sure responsive microphone is then
monitored as a function of frequency.
If one wishes to know particle ve-
locity, rather than pressure, he can use
a pressure -gradient or similar "ve-
locity" microphone. So long as far -field

(Continued on page 46)
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Put your favorite record
on the large 12" aluminum
platter of the new Sansui 312-2-2
automatic return turntable and voi
will be pleased with the re-slÁts
be pleased with the ease of operation.
A cueing control that lets you place -he
arm at any point on the disc andgo "automatic"
from there. You'll be pleased ..v11-1 the reliability
and rugged construction of the SP -212's belt- driven
full size platter powered by a 4-aole synchronous motor.

You'll be pleased by the sta- ca ly balanced S-shaped arm
and anti -skate features. 'bull be pleased by the solid stability as-
sured by Sansui's muliple point suspension system. You'll be pleased by
Sansui's added features of handsome wood base and hinged dustcover.
And, most of all, you'll be pleased by the reasonable price that goes
with this new Sansui turntaole. Hecr ¡tat your nearest franchised Sansui dealer.

C-teck fsi.o 41 on Reader Service Card

SANSUI ELECTRONICS CORP. ,.,,,00dstcle. New York 11377. Gardena. Catifornta 90217
SANK' ELECTRC, CO LTD biro, japan  SANSUI AUDIO EUROPE S A Antwerp. Belgtum



conditions prevail, the pressure and
velocity measurements will be
similar.

The first shock one gets, if he is not
accustomed to such measurements, is
that severe changes in frequency re-
sponse can occur with minor changes
in microphone position. More often
than not these changes are due to
acoustic interference between
widely spaced drivers sharing com-
mon frequencies. The speaker manu-
facturer who places two tweeters
several feet apart is creating a sit-
uation familiar to antenna designers
as a broadside array, with many polar
fingers and sidelobes.

If one is compiling data for advertis-
ing copy, he then has several alterna-
tives. He may ignore the response
irregularities and cite what these
drivers are very often able to provide
separately or he may smooth the re-
sponse data over a sufficiently broad
frequency range to minimize the con-
dition, muttering things .about crit-
ical bandwidth. Or he may measure
at a point where interference effects
are not prominent.

In Audio's case we are not compil-
ing copy for advertisements, but are
trying to measure speakers for objec-
tive comparison by you, the reader.
That is why we have tried to pick one
common spatial point we can use to
measure all speakers. Our data is

accumulated on a one -fifteenth
octave basis with straight line inter-
polation between data points. We do
this in order to be able to cover at least
every musical note throughout the
entire audio spectrum. The result is
that the measurements are seldom
smooth, and some manufacturers who
have speakers thus tested are bent
slightly out of plumb.

The amplitude plot is a touchstone of
performance from the standpoint of
direct sound between the speaker
and yourself. It represents what the
speaker is capable of doing. Because
this type of test has been around for
such a long time, most of the obvious
timbre -related facts that one can
infer from this data are well known.
There are, however, a few less well-
known characteristics which you
should be aware of.

For example, any periodicy in the
SPL on a linear frequency basis is a
sign of physical problems. Audio pro-
vides a logarithmic frequency plot be-
cause this is the way most users want
the data. If you mentally convert the
frequency readings to a linear basis
where 10 kHz is halfway between d.c.
and 20 kHz, then some of the defects
show up as equally spaced patterns.
One such defect is provided by the off -
axis broadside array effect of widely

spaced drivers which share the same
frequency. The acoustic effect can be
very unrealistic and quite disasterous
to stereo imagery in some cases.

The speaker manufacturer who
economized on acoustic damping ma-
terial behind a wide -range direct -
radiator speaker can be quickly spot-
ted by a periodic SPL pattern. Sound
from the back of the cone, which ra-
diates almost as well as from the front
of the cone in many cases, travels
through the enclosure to reflect from
the back wall, then continue back to
the cone. Because the speaker cone is
not as efficient a wall as the cab-
inet, some of this first sound comes
through and the rest is back -scattered
to repeat the process. The energy -
time plot, which we will describe in a
later issue, is a dead giveaway of this
behavior. However, in many cases it
is also quite prominent in the SPL fre-
quency response.

A closely allied effect is the cabinet
which becomes an echo chamber for
the speaker because of pinchpenny
use of damping material-or design
talent. Again, it shows a periodic SPL
pattern on a linear frequency basis.
There are usually many peripheral
humps and dips in the response which
are superimposed on the periodic
pattern but which a little practice you

Another situation to watch out for
is the "over -extended woofer." A
good bottom end occasionally requires
a bit of mass loading of the woofer.
This tends to rob some of the top end
performance of that woofer if it is

also expected to carry the spectrum
through the upper middle frequencies.
If for economic reasons the tweeter
cannot come down far enough to
meet the woofer, then a shallow dip
in response with a number of sharp
dropouts may occur near the crossover
frequency.

A shallow dip may be due to a va-
riety of good acoustical design char-
acteristics, but one way to spot if it is
due to a woofer running out of
steam is to look at the dB -per -octave
slope on each side of the dip. An over-
extended woofer usually dies at a

shallower slope than the rise in acous-
tic response of a tweeter which is

driven far below what should be its
proper crossover frequency. Because
of the phase behavior of a sharp drop
in SPL of both woofer and tweeter,
they end up cancelling and reinforc-
ing each other in a narrow frequency
range.

If a manufacturer lets two or more
speakers share a common frequency
range, this will inevitably show up
as a number of sharp SPL peaks and
dips over a much broader frequency

range-sometimes as much as an oc-
tave in extent. This is one result of put-
ting the crossover design book aside
and letting the lower frequency unit
go up as high as it wants and the
higher frequency unit go down as far
as it can. The sonic effect can be spec-
tacular. This type of speaker can be
quickly sold to a prospective buyer in
an A -B comparison with a much
smoother unit by playing brass,
bell, and percussive material. The
smoother unit will sound dull by com-
parison-even if more realistic. The
truth is that a large number of sharply
spaced peaks and dips which change
with listening position contribute to
a sound best described as an "ear
burner." Beside the SPL indicator, you
can readily spot such a speaker by its
sound as records are being played. This
is a speaker that has the most appar-
ent record background noise of ticks,
pops, and scratch when balanced for
the most uniform sound.

Another allied effect to watch for in
the SPL measurement is any unusual
peak in the response more than 3 dB
above the average response in the vi-
cinity of that peak. This is a resonance
as distinct from multiple speaker re-
inforcement. Two speakers sharing
the same frequency cannot reinforce
to give more intensity than the sum
of the contributions of each, although
they can cancel to a complete null.
This, incidently, is the same for nat-
ural sound in a room. Because we are
accustomed to such a sound pattern,
we can accept it as a manifestation of
reverberance. This is one reason for
the observation that dips in response
are less objectionable than peaks.
Again, to listen for it, concentrate on
the background noise to see if it is ex-
aggerated. Who among us hasn't put a
seashell to his ear to hear the "ocean."
We, of course, are coupling ourselves
to a resonant chamber that empha-
sizes the background noise which we
are seldom aware of into a recogniz-
able spectral peak. That's exactly what
our "peaky" SPL speaker does and the
sonic effect is the same.

As a final observation, one of the
most ignored components in a loud-
speaker system is the physical en-
closure. To be sure, most designers
concern themselves with enclosure
volume and internal damping, but the
size and shape of the "box" as well as
where the drivers are placed can ad-
versely change frequency response. A
good many designers would do well to
read some of the fundamental lit-
erature on this subject; for example,
Dr. Harry F. Olson's "Direct Radiator
Loudspeaker Enclosures," Audio En-
gineering, Nov., 1951, and Jour.A.E.S.,
Jan.,1969.
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The loudspeaker that has achieved international distinction
as the most highly reviewed speaker, regardless of size or price,
is now available in a new, exciting continental styling option.

For inforrmatian, write: BOSE, Dept., AC, The Mountain,
Fram nch.am. Massachusetts 01701.



Wolver in cheap» clothing.

Design charlatans around the world have found a lucrative business
in selling spurious replacement styli. And because Shure phono
cartridges are asked for by more knowledgeable hi-fi enthusiasts
than any other cartridges, our styli seem to be imitated more than
any others. Now, flattery notwithstanding, Shure design engineers
see red when they see these impostors, because they know that

the performance of your Shure car-
tridge absolutely depends upon the
genuine Shure stylus assembly - so
to protect your investment and to in-
sure the original performance of your
Shure cartridge, insist on the real
thing: Look for the name SHURE on
the stylus grip (as shown in the photo,
left) and the words, "This Stereo
Dynetic stylus is precision manufac-
tured by Shure Brothers Inc." on the
box.

Shure Brothers Inc.
222 Hartrey Ave., Evanston, III. 60204
In Canada: A. C. Simmonds & Sons Limited ! SI--IVRE

As an example, the sound pressure
wave from a speaker can be vis-
ualized as an expanding "bubble"
which starts from the speaker cone
and grows larger in a spherical fash-
ion. When the speaker is mounted on
the front surface of an enclosure, this
bubble approximates an expanding
hemisphere. When an acoustic dis-
continuity is encountered, a new
sound wave is launched from the dis-
continuity. Obviously the edge of the
cabinet is a major contributor, as are
molding trim and recessed speaker -
well construction. The result of all this
is that a speaker which has a very
smooth response when mounted on a
large baffle, as is common in anechoic
chamber tests, can have a terrible
looking response when mounted in a
smaller enclosure. Thus, some of the
disparity between measured loud-
speaker performance provided by
Audio and the advertised performance
of a loudspeaker system may be due
to these effects.

Audio measures the 4n anechoic
response, that is there is nothing
around the speaker in the measure-
ment. A speaker mounted against a
large wall is radiating into a 2,r or
hemispherical environment. An ex-
panding sound wave doesn't know
how big the front edge of the en-
closure is until it reaches the edge.
Until the edge is reached, the en-
closure-insofar as the sound wave
is concerned-looks like a large, flat
wall. If the sound wave has a high
enough frequency that at any instant
there is a large pressure change
between the sound just starting out
from the cone and the sound which
has reached the edge of the enclosure,
then the enclosure looks large
enough to act as a wall. We say then
that the front of the enclosure itself
acts as a 2 n half -plane boundary for
higher frequencies. For low fre-
quencies, where there is very little
pressure change across the front of
the enclosure, the enclosure might as
well not be there. Because of this,
the high frequencies will be slightly
stronger than the lower frequencies
directly in front of the enclosure
when measured in an anechoic en-
vironment. That is one reason the
bass will come up when you properly
place the speaker against a wall.
That is also why some speakers with
an apparently "flat" frequency re-
sponse may sound heavy in the mid -
bass when you listen to them.

The anechoic frequency response is
often improperly maligned by those
who fail to take even these simple
observations into account. The fact is
that the anechoic response reveals a
wealth of information when you
know what to look for.
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THE AGONY OF

BUYING A MIRACORD.
First, the good news. We're proud to announce the

arrival of a brand new automatic turntable. The
Miracord 820 by name.

Next, the not -so -good news. You shouldn't expect
to find one in just any old store.

Your feet may hurt, your eyes may burn, and your
head may throb, but you'll congratulate yourself for
being so intelligent for wanting one. And so persist-
ent for locating one.

You see, we're very particular about the way we
build our new Miracord 820. And just as particular
about where we sell it.

But once you experience the pleasure of playing
your favorite record on a Miracord turntable, you'll
know it was worth the slight inconvenience.

The reason is that the 820 operates simply and
beautifully.

Setting the turntable speed for 33-1/3 or 45 rpm
automatically programs the tonearm for the proper
record size. A touch of the button lifts and positions
the tonearm, gently and automatically setting the
stylus in place.

The features in the 820 are the kind you'd expect
to find in turntables costing much, much more.

You get things like our asynchronous motor. Light-
touch push button start and stop. Variable pitch
control - up to 5% range - with built-in stroboscope
ring for `perfect pitch'. Calibrated anti -skate for both
elliptical and conical styli. Cueing that is viscous -

damped both up and down. Tracking as low as one
gram. Plus our exclusive Magic Wand spindle that
holds up to 10 records. And another spindle for play-
ing a single record.

The 820 is the newest member of the Miracord
family of automatic turntables. If you'd like the full
story on our full line, just drop a line to: Miracord
Products, Benjamin Electronic Sound Co., 40 Smith
Street, Farmingdale, New York 11735.

Yes, searching for a Miracord can be a bit of an
agony.

But finding one is pure ecstasy.
Check No. 14 on Reader Service Card

THE MIRACORD 820.
Damn hard to find. Damn hard to beat.



Equipment Profiles

Technics by Panasonic SA -8000X
4-Channel/2-Channel Receiver

MANUFACTURER'S SPECIFICATIONS
FM Tuner Section:
Sensitivity (IHF): 1.9 µ V. S/N: 65 dB. Selectivity: 65 dB.
THD: Mono, 0.3%; Stereo, 0.4%. Capture Ratio: 1.8 dB.
Frequency Response: 20 Hz to 13 kHz ±1 dB. Image Rejec-
tion: 55 dB. I.F. Rejection: 60 dB. Spurious Rejection: 60 dB.
AM Suppression: 50 dB. Stereo FM Separation: 1 kHz, 40 dB.
AM Tuner Section:
Sensitivity: 20µV (external antenna). Selectivity: 25 dB.
Image Rejection: 40 dB. I.F. Rejection: 40 dB.
Amplifier Section:
Continuous Power Output: 13 W x 4 or 36 W x 2, 8 ohms, 20 Hz
to 20 kHz, (16 W and 42 W respectively at 1 kHz). Rated THD:
0.5%. Rated IM: 0.7%. Power Bandwidth: 5 Hz to 40 kHz.
Frequency Response: 10 Hz to 50 kHz,+0, -3 dB. Input Sensi-
tivity: Phono, 1.5 mV; Aux, 150 mV; Mic, 2 mV. Damping
Factor: 30@8 ohms. Residual Hum and Noise: Phono (IHF
"A"), 70 dB; Aux, 90 dB. Tone Control Range: Bass, ±13 dB
159 Hz; Treble, ±10 dB @10 kHz.
General Specifications:
Maximum Power Consumption: 200 watts at 120 V, 60 Hz.
Dimensions: 191/2 in. W x 63/8 in. H x 153/4 in. D. Weight: 29
lbs., 6 oz. Price: $549.95.

There are two ways of looking at a 4-channel/2-channel
receiver such as the Technics SA -8000X. One can view it
as a fairly powerful stereo receiver and judge it in the
light of more conventional stereo all -in -ones in the same
price class. Alternatively, one can judge it as a full-fledged
quadraphonic receiver having relatively low power output
per channel but equipped with just about every 4 -channel
control and decoding facility one might possibly want in
this era of multiple system quad. Either way, this entry
from Technics comes out ahead on nearly every count.
Since Panasonic chose to support the CD -4 disc quite early in
the short history of 4 -channel sound, it is no surprise to find
the receiver fully equipped with the demodulator circuitry
necessary for playing these "discrete" discs. Matrix discs
can be played through the system as well and, though there

is none of the advanced "logic" circuitry now finding its
way into some separate matrix decoders and a few all -
in -one receivers.

The upper dial area of the receiver contains the usual
AM and FM dial scales, a signal -strength meter, four
illuminated VU level meters, and a variety of individually
illuminated function and mode indicators, including the
usual FM stereo light and a "Radar" light which illuminates
when a CD -4 record is played. Along the black center -line of
the panel are the power switch, a meter -sensitivity push
button (which increases meter sensitivity by 10 dB,
making them useful at any listening level), a pair of tape
monitor push buttons, and four miniature knurled gold
knobs used to adjust the CD -4 demodulator circuitry when
first installing a new CD -4 cartridge. Since these adjust-
ments need to be performed only during setup, we would
have preferred to see them located on the rear panel which
might discourage their unauthorized rotation by inquisi-
tive small hands and fingers.

The lower, gold section of the panel contains head-
phone jacks for stereo or quadraphonic phones, bass and
treble controls (operative for all channels at once), 4 indi-
vidual -channel level controls flanking a master volume
control, a pair of slide controls which alter matrix decode
parameters, a mode switch (with positions for mono,
stereo, a pair of matrix phase settings, and a discrete
setting), the program selector knob, and a good sized tuning
knob coupled to an effective and smooth flywheel and
tuning dial assembly. A phone jack adjacent to the tuning
knob accepts a low to medium impedance microphone.
This last feature is virtually worthless, since the micro-
phone cannot be used in a "mix" with any other program
source nor are there provisions for a stereo pair of mics.
Anyone desiring a mono P.A. system would not look to an
elaborate 4 -channel receiver such as the SA -8000X in the
first place!

The rear panel layout shown in Fig. 1 includes the usual
input, tape in and tape out phono tip jacks (provision is
made for two 4 -channel tape decks), 75 -ohm, 300 -ohm
FM and external AM antenna terminals, switched and
unswitched convenience a.c. receptacles, and a ground-
ing terminal. Arrangements specifically related to the
4 -channel functions of the unit include a three -position
slide switch used to calibrate those front -panel separation
and carrier adjust controls associated with CD -4 record
playing, and a 3 -position cartridge selector which permits
the use of some of the new semi -conductor cartridges
by supplying polarizing voltage for these devices right at the
phono jacks. A third position on this switch is intended for
use with conventional magnetic cartridges, whether
they be stereo or CD -4 types. The speaker terminals are
somewhat confusingly labelled (for that matter, the
user would be well advised to read the entire instruction
manual before starting to hook up this receiver, as with any
new piece of gear, and to re -read the hook-up steps as they
are performed), in that a stereo speaker arrangement
must be hooked up differently from a 4 -speaker quadra-
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rope

Fig. 1-Rear panel layout of Technics SA -8000X

phonic array. In one case, all the red terminals are used,
while in the other case red and black pairs are used for each
of the four speaker systems. Besides this reconnection re-
quirement (when converting from 2 -speaker to 4 -speaker
use), an adjacent switch must be thrown from 2-ch to 4-ch
(or the other way) in order to alter internal circuitry to
what Technics calls "BTL" (Balanced Transformerless)
operation and what we, here, generally term "strapping"
or "bridging."

A 4 -channel FM detector output jack is also provided on
the rear panel (for the discrete 4 -channel FM broadcast
system still to be selected by the FCC some day), and there
is a multi -pin socket intended for a "joystick" remote con-
trol 4 -channel balancing accessory which was not tested..
Four speaker line fuses complete the rear panel layout. It
should be noted that when using the receiver in the stereo
mode, speaker impedance is restricted to 8- or 16 -ohms,
while in quadraphonic applications, speakers may have
impedances of from 4 to 16 ohms.

An internal view of the chassis of the SA -8000X is pictured
in Fig. 2. The FM front-end uses a 4 -pole MOS-FET for an r.f.
amplifier, and tuning is accomplished by means of a
frequency -linear variable capacitor. The i.f. section has
five stages, including three differential amplifier stages
and band-pass characteristics are largely determined by
three dual -element ceramic filters which require no
alignment. Most of the functions of the stereo FM de-
coding circuit are performed by a single monolithic IC
which incorporates two differential switching circuits.

The phono equalizer preamp section is a two -stage
direct -coupled circuit which uses a combination of low -
noise PNP and NPN transistors. Tone controls are of the
negative feedback type. The power amplifier section
features a differential amplifier input and direct -coupled
circuitry right up to the speaker output connection points.
In the two -channel mode, amplifier sections are paral-
leled using the now accepted "strapping" technique which
places "chassis ground" effectively at the mid -points of the
speaker loads. "Common ground" speaker connections are
therefore not possible-a condition that is true with most
4-channel/2-channel receivers of recent vintage. The AM
section of the receiver, unlike most, also utilizes a fre-
quency -linear, variable capacitor which results in even
spacing of the dial calibration from low end to high end
and makes station selection somewhat easier. A ceramic
filter is used in the AM i.f. section.

FM Measurements
Results of test measurements of the FM section of the

SA -8000X are shown, in part, in Fig. 3. Although IHF sensi-
tivity was higher than claimed (2.5 µV), 50 dB of quieting
was reached with a signal input of only 4.9 microvolts.
Ultimate quieting in mono reached a maximum of 70 dB
at all signal levels above 100 NV-considerably better than

Fig. 2-Interior of SA -8000X
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the 65 dB claimed by the manufacturer. Switchover to
stereo occurred at about 8 microvolts, at which signal level
noise was already down over 30 dB. Ultimate quieting in
stereo reached 60 dB, a very respectable figure considering
the fact that residual products then observed consisted of
38 kHz carrier leak -through rather than random noise.
Technics claims carrier rejection of only 50 dB. THD in
mono decreased to 0.24% for any signal level above 50 µV,
at 1 kHz. In stereo, THD decreased to 0.33% with a 1 kHz
signal for all input signal levels above 200 µV-again, con-
siderably better than claimed. As shown' in Fíg. 4, THD
tends to rise at the high frequency end of the audio spec-
trum, reaching just under 1.0% at 10 kHz in mono, and
slightly more than 2.0% in stereo at the same extreme
frequency. In the case of the stereo THD readings at high
frequencies, the meter is responding, in part, to low-level
"beats" caused by the interaction of the high audio fre-
quency and the residual 19 kHz and 38 kHz carrier products.
AM supression measured exactly 50 dB as claimed, and
capture ratio exceeded claims with measured readings of
1.3 dB for 100 µV signal levels. Selectivity measured 67 dB,
a bit better than claimed.

Stereo FM separation at mid frequencies, also plotted
in Fig. 4, measured 42 dB, decreasing to 26 dB at 10 kHz. At
the low end, separation remained at 40 dB or better for all
frequencies down to 50 Hz.

Amplifier Measurements
THD versus power for a 1 kHz input signal is plotted for

(Continued on page 56)
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It takes more
learn about

Bell & Howell Schools introduces three
fascinating learn -at-home programs featuring
some of the finest equipment available as your
"teachers." Choose the program you prefer-
then mail card for free details today!

Experience is the best teacher, without a doubt.
And when it comes to learning electronics, we feel it's
hands-on experience with state-of-the-art equipment
that counts the most. That's why with Bell & Howell
Schools'learn-at-home programs you work with some of
the most up-to-date equipment. Equipment that's being
used today-and will be used tomorrow. So the skills and
knowledge you acquire will be useful for years to come.

Of course, with all our learn -at-home programs
you'll have plenty of lab manuals and basic principles to
work with. And you'll also get exciting "teachers" to help

make electronics come alive ...

Lab Starter Kit gives you hands-on experience
with the very first lesson.

We get you started with the basics in an exciting
way! At the very beginning you get a fully -assembled
volt -ohm meter as well as design panels, modular
connectors, experimental parts and battery. So you don't
just read about electronics principles, you actually see
them at work!

You build your own Electro -Lab " electronics
training system.

Whatever program you choose, you get
your own home laboratory including
oscilloscope, digital multimeter and
design console to give you actual
experience in wiring, soldering,
assembling, testing, trouble -shooting
and circuit analyzing.

I. Learn new skills in the field of Home
Entertainment Electronics including
building the new generation color TV.

What better or more exciting way
to learn digital electronics! Once you have
the basics under your belt and get into color
theory and service, you'll build a 25" diagonal
color TV and probe into the digital technology
behind digital channel numbers that flash on the
screen ... a digital clock that flashes the time to
the second and an automatic channel selector.

As you put the set together, you'll discover
how advanced integrated circuitry works, how to
trouble -shoot it and much more. Upon completion
of the program you'll have gained the specialized
occupational skills to service color TV's plus the
principles that you can apply to repair a variety of
home electronic equipment. And you'll have the
foundation to understand and work with new product
applications as they're developed, too!

II. Use processional communications equipment as
you delve into Communication Electronics .

Here's how to pick up skills in the vital field
of two-way radio, widely used in public safety, marine,
industrial and transportation areas. Bell & Howell
Schools Communication Electronics Program can
help prepare you for the FCC licensing exam, right
through to 1st class radiotelephone operator. And
teach you skills in two-way radio, radar or commercial
broadcasting.

For a refundable deposit, you get to use the
special two-way radio equipment lab
featuring an FM transceiver,
frequency meter, and
modulation meter. All
regular, first-rate commercial
grade test equipment.

"Electro -Lab" is a registered trademark of the Bell &
Howell Company.

Simulated TV Picture/Test Pattern



than books to
electronics.

Ill. Digital Trainer helps you learn the latest in
Industrial Digital Electronics.

Digital technology is setting new standards
of accuracy and beginning a revolution in
industry. For example, more precise control in
refining, manufacturing plants, food
processing and transportation.
And now you can learn
about this technology with
Bell & Howell Schools unique
Digital Trainer. You'll analyze and
experiment with various types of

integrated circuits so you'll have a solid background in
modern digital electronics and its applications to industry.

You study at home in your spare time...
with help as close as the telephone.

Because these are
home study programs, you

can learn electronics without missing a
day of work or a single paycheck.

You study at your convenience-
without being a classroom

captive. If you ever have any
questions, you can call

our toll -free number for help.
You can also meet and talk shop

with fellow students and instructors at"help sessions" held in
50 cities at various times throughout the year.
Bell & Howell Schools tries to give you more
personal attention than any other learn -at-
home program.

Decide which exciting program
you're interested in ...you can check
more than one. Then mail postage -
paid card today for free
information-no obligation!

Taken for vocational purposes, the Home
Entertainment and Industrial courses are

approved by the state approval agency for
Veterans' Benefits. Please check box on card
for free information.

1. Power Output Meter 2. Design Console 3. Modulation
Meter 4. Digital Multimeter 5. Triggered

Sweep Oscilloscope 6. Lab Starter Kit
Multimeter 7. Frequency Meter 8. FM

Transceiver 9. 25" Diagonal Color
TV 10. Alignment Generator

11. Lesson Tape Player
12. Digital Trainer

724

as been removed, please write to:

An Electronics Home Study School
OeVRY InSTITUTE OF TECHnOLOGV

BELLE HOWELL SCHOOLS

Check No. 13 on Reader Service Card
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(Continued from page 51)
both 4 -channel and 2 -channel strapped operation in Fig. 5.
In both modes, mid -band power output capability was in
excess of manufacturer's claims, reaching 18 watts per
channel and 48 watts per channel respectively, for rated
THD of 0.5%. IM distortion, shown for the 4 -channel mode
only, tended to rise almost linearly for power levels
above 5 watts per channel, but remained below rated
value of 0.7% right up to rated output which is 13 watts
under these conditions. The 13 watt per channel nominal
output was used to measure distortion versus frequency
which is plotted in Fig. 6. Under these conditions, the re-
ceiver delivers full power from 20 Hz to 20 kHz at less than
rated distortion (0.5%).

Power bandwidth, graphed in Fig. 7, extends from 3 Hz
to 50 kHz, substantially better than claimed. The measure-
ments were based upon a rated output of 16 watts per
channel. If 13 watts were used as a 0 dB reference, the
power bandwidth would have extended even higher and
lower.

Tone control and loudness compensation for a -30 dB
volume control setting are shown in Fig. 8. Both conform
closely to manufacturers specifications. There are no
high frequency or low frequency filters in the receiver.

Our tests of CD -4 demodulator performance are neces-
sarily based upon measurements using test records and
CD -4 cartridges since, to date, no one has come up with
a suitable piece of test equipment which can provide the
complex signals equivalent to those recorded in the groove
of a CD -4 record. Of late, we have been using a new indivi-
dually calibrated MMC-6000 cartridge manufactured by
Bang & Olufsen of Denmark. It is the best CD -4 cartridge
we have tested to date and one of the few that can properly
track Quadradiscs at tracking forces of 1 gram or less. Using
this cartridge, the .CD -4 circuitry of the SA -8000X yielded
separation of better than 22 dB from front to back, on both
sides, and better than 28 dB from side to side, both front and
back. Adjustment of the ideal demodulation parameters
is accomplished in a matter of seconds, thanks to the four
front panel meters on the unit, which are much easier
to use in this procedure than simply listening to the test
record and adjusting everything by ear, as the record's nar-
ration suggests. Carrier sensitivity of the demodulator
circuitry was more than adequate for this, as well as for
several other CD -4 cartridges that we tested in the course
of our evaluations.

FM performance of the receiver was good, with muting
threshold sensibly adjusted for about 5 microvolts. Using
the muting feature indirectly guarantees that any station
received will be heard with a quieting of at least 50 dB-
just about enough for serious listening. Of course, the mute
can be defeated if you want those few extra "noisy"

LOUDNESS

BASS

r

10 100 IK
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10K

Fig. 8-Tone-control range and loudness characteristics.
characteristics.
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signals from distant stations. The somewhat lower
values of image and spurious rejection (compared to high-
priced stereo receivers) did not in any way interfere with
our dial twirling and listening. The excellent capture
ratio of the receiver did much to off -set the "average" AM
suppression capability as far as multipath interference in
stereo listening was concerned.

AM performance was adequate, but not outstanding-
typical of most present day medium and even higher
priced integrated stereo and 4 -channel receivers. The
major design priorities of this set are obviously in the
4 -channel area.

The wide -band power response of the SA -8000X helps to
offset the fairly low audio power output obtainable in the
4 -channel mode. With four reasonably efficient speakers
in a good sized room, we had no trouble raising volume
levels to fairly loud sound pressures. In the two -channel
"strapped" mode, there's enough power for even the low
efficiency systems some listeners prefer, but if you plan
to purchase this set with 4 -channel as your ultimate
objective (even if you start out in stereo) it might be a
good idea to audition the set in the four -channel mode and
choose a pair of speakers that provide enough sound so

that they can be duplicated when you add the extra pair
for full 4 -channel sound.

Matrix performance was also judged by a series of
listening tests. The dual slide control which Technics
calls AFD does, indeed, vary the spatial sound field and a
variety of 4 -channel effects can be created from both
stereo and intentionally encoded 4 -channel matrix discs.
The Phase Matrix 2 position on the AFD slide controls comes
closest to properly decoding SQ encoded records and ad-
ditional variation in sound placement and localization
is achieved by selecting either the "0 phase" or "90° phase"
positions on the mode switch, but all these variations
did not provide the degree of apparent separation that
either CD -4 records or matrix records played back through
full -logic decoders can. In a musical context, however, this
may not be all that important a consideration for the
prospective listener who is not likely to walk around from
speaker to speaker judging 4 -channel crosstalk.

Technics by Panasonic introduced this model about a
year ago and, based upon its features and overall perfor-
mance, we would guess that the SA -8000X will continue to
be a popular best-seller amongst that company's group of
4 -channel audio products. Leonard Feldman

Check No. 60 on Reader Service Card

Sharp Stereo Cassette Deck, Model RT-48OU

MANUFACTURER'S SPECIFICATIONS
Type: A.c.-operated, solid-state, stereo cassette recorder,
with Dolby "B" -type noise -reduction system and full auto-
matic stop system. Wow and Flutter: 0.15% wrms. Fast
Forward and Rewind Times: 75 sec. (C-60). Frequency
Response: 45-15,000 Hz with Cr02 tape; 45-11,000 Hz with
normal tape. Channel Separation: 34 dB. Dimensions:
17-7/16 in W x 10-1/4 in. D x 4-11/16 in. H. WEIGHT: 13.2
lbs. Price: $249.95

The Sharp RT-480U cassette recorder is a neat and attrac-
tive unit which incorporates some interesting and useful
features, one of the most helpful being the automatic pro-
gram finder. This device works with the automatic -stop
circuitry to permit the user to locate separate selections on
the cassette by stopping tape motion at points where there
is no modulation on the tape during rewind or fast -forward
operations. The stopping circuitry for end of tape involves
a magnetically -toothed wheel which rotates adjacent to a
reed relay, and while the wheel (which turns with the
takeup spindle) rotates, it provides a signal from the reed
relay to the gate of the SCR (they call it thyristor) which
inhibits current in its anode circuit so the stopping solenoid
does not operate. When the "toothed" wheel stops, the gate
of the SCR is no longer inhibited, and the SCR fires, trip-
ping the solenoid and stopping the tape motion.

The automatic program finder involves another tape
head which contacts the tape during fast spooling and
feeds its output to a five -transistor amplifier which sim-
ilarly inhibits the SCR as long as there is modulation on the
tape. When a pause between selections comes along, the
inhibiting voltage ceases and the solenoid trips the stop
mechanism. Thus, if you are playing a tape with a number
of selections on it and you wart to listen to the last one
only, you simply wind forward in the fast -forward mode
until you reach the pause just ahead of the desired selec-
tion. (Of course, it will stop at all the other pauses in the
tape.) Or, in rewinding, you want to repeat a selection-
play it through, press the STOP button, then rewind. When
you reach the pause ahead of the selection, the machine
stops automatically, and then you can repeat the desired
selection by depressing the PLAY key.

Operation is controlled by six "piano keys"-the usual
RECORD, REWIND, FAST FORWARD, PLAY, STOP, and,
separated by a narrow divider, PAUSE. The cassette holder
lid is actuated by sliding knob, which may not be moved if
any of the keys are depressed.

To the right of the cassette compartment are two level
meters, separated by a panel containing the DOLBY and
RECORD indicator lights. Directly below are two pairs of
slide controls for record and playback levels, and below
them is a brushed aluminum panel containing the power
switch at the extreme right, and two toggle -type switches
for Dolby on/off and for tape type-the latter a three -
position unit labeled CrO2, LOW NOISE, and NORMAL. This
switch affects only the equalization in the record mode,
and does not vary the bias current. To the left of the piano
keys are two miniature phone jacks for microphone input,
cutting off the high-level inputs when jacks are inserted.
To their left is a stereo headphone jack.

Above the jacks is a three -digit counter with the conven-
tional reset button, and above that the nameplate, on
which is mounted the on/off switch for the automatic pro-
gram finder. In all, a neat and functional control panel,
with a smoked plastic dust cover over the controls when
the unit is not in use.

Circuit Description
Considering the playback circuit first, the output of the

record/play head is fed to an IC with suitable tape -head
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THE WORLD'S FINEST
STEREO COMPONENTS?

We and thousands of other component con-
noisseurs think so. From long hairs to long hairs
(Bach to Rock), the choice of SAE components
for home music systems or professional appli-
cations is unanimous. Being the leader
in state-of-the-art components for the last
eight years did not happen by chance. Only

THE SYSTEM
MARK IB Preamplifier Equalizer

Features: Seven band equalizer, stepped volume control, 3 -way tape
copy, 5 -position gain switch, -80 dB phono s/n ratio.

MARK VI FM Digital Tuner
Features: Digital readout display, 3" rectangular oscilloscope, 14

pole filter, I.C. limiter, touch sensitive automatic scope
display, 50 dB separation.

MARK IIICM Power Amplifier
Features. 12 Darlington transistors in series output. 400 watts RMS

stereo, amplifier and loudspeaker relay protection circuit.
full complementary output stage, UNI-SINK heat dissipa,
tion system, direct power reading meters.

MARK XIV Electrostatic Transducer
Features: Six electrostatic elements, massive woofer, electronic

protection circuit, unique design, built in crossover.

by combining the most advanced engineering
principles with the finest electronic parts
available were SAE components able to reach
the highest level of esteem within our indus-
try. Join our convinced customers - see SAE
components at fine high fidelity shops through-
out the world.

 A 
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Mail coupon today for free detailed information on SAE components

SAE, Inc., Dep't. A-11/74
P.O. Box 60271 Terminal Annex
Los Angeles, Calif. 90060

Please send Free Product Information on SAE Com-
ponents.

NAME

ADDRESS

CITY

STATE ZIP
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