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TWO GREAT LISTENING DEVICES...
The human ear is one of the great achievements of nature. But the MD 421
dynamic cardioid studio microphone comes very close to and in many respects can
out -perform it. Its wide frequency range, its directional pattern and ability to
suppress undesirable noise, and its remarkable reliability make the MD 421
unique in the world of sound recording.
SENNHEISER, manufacturers of the world's most complete line of microphones
and accessories. For full information write or call:

SENNHEISER ELECTRONIC CORPORATION (N.Y.)
500 Fifth Avenue, New York, N. Y.10036

(212) LO 4-0433

Plant: Bissendorf /Hannover, West Germany
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Coming

hext
Month
THE SOUND ENGINEERING MAGAZINE
In September-Melvin C. Sprinkle
has prepared a definitive study of Frequency Response Measurement. If you
think you know all there is to know
about this important aspect of audio,
you will be subject to some awakenings.
Due last month but crowded out for
lack of space, David Hancock's article
on a new ultra- high -quality ribbon
microphone will appear. Mr. Hancock
makes a case for the continued belief
in ribbon mics as a means to highest
quality reproduction.
Electronic Video Recordings-rumor
runs wild on this new system proposal
that is expected to revolutionize audio/
visual communications. Edward Tatnall
Canby has prepared a report that brings
things into focus-consider it a state -ofthe- rumors report.
And there will be our regular monthly
columnists: George Alexandrovich, John
A. McCulloch, Norman H. Crowhurst,
and Martin Dickstein.
Next month in db, the Sound En-

July August 1968Volume 2, Number

7

Table of Contents
FEATURE ARTICLES
Compatible Disc Playback
John J. Bubbers 16
The Midwest Acoustics Conference
Robert Schulein 21

Tracing Distortion

Arnold Schwartz 22
Compatible Disc Recording
David Greene 27

MONTHLY DEPARTMENTS
2

Letters
The Feedback Loop

4

John A. McCulloch
The

gineering Magazine.

Audio Engineer's Handbook
8

George Alexandrovich

Theory and Practice
Norman H. Crowhurst 12

Editorial 15
Sound With Images
Martin Dickstein 30

About

New Products and Services

31

The db Bookcase 34

Classified 35

People, Places, Happenings 36

the

EDITORIAL BOARD OF REVIEW

Cover

George Alexandrovich
Sherman Fairchild
Norman Anderson
Prof. Latif Jiji
Daniel R. von Recklinghausen
William L. Robinson
Paul Weathers
John H. McConnell

-

This patent drawing depicts a groove
with lateral and vertical modulation
certainly in keeping with modern stereo
cutting practice. The patent date is
1918! See John J. Rubbers article beginning on page 16.

db, the Sound Engineering Magazine is published monthly by Sagamore Publishing Company, Inc. Entire contents
copyright ® 1968 by Sagamore Publishing Co., Inc., 980 Old Country Road, Plainview, L.I. N.Y. 11803. Telephone
(516) 433 -6530. db is distributed to qualified individuals and firms in professional audio- recording, broadcast,
audio -visuel, sound reinforcement, consultants, video recording, film sound, etc. Application must be made on an
official subscription form or on a company letterhead. Subscriptions are 56.00 per year ($7.00 per year outside
U. S. Possessions, Cenada, and Mexico) in U. S. funds. Single copies are 75c each. Controlled circulation rates
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The Editor:
I welcome the opportunity to make some
comments regarding audio terminology.
As yet, I have no quarrel with the terms
you listed. I would, however, like to
make some suggestions on some other

Lettors

NEW
Computer Logic Control

NO 800 Transport

,
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MODEL SX 824

In the league of nimble -fingered
tape -handlers there exists a re
current problem. It has been
demonstrated time and again that
anyone can ruin

a

valuable tape by

absentmindedly outsmarting the
interlock system of an otherwise

safe tape recorder.
In answer to this problem and sim
ilar problems arising in automated
and remote control applications, the
CROWN Pro 800 was designed. This
recorder has a computer logic sys
tern using IC's which prohibit all
such destructive operations.
The CROWN computer stores the
last command given it in its memory
(forgetting all previous commands)
and by a continuous knowledge of
the operating state of the machine
(motion and direction), it takes all

the necessary measures and

executes the command. This is all

ones.

The Editor:
I just received your May 1968 issue and
read with interest Martin Dickstein's
report on rear projection (in his column
SOUND WITH IMAGES). We are in the
business of providing audio -visual consultation, design, and engineering services to architects and others who are
planning space for audio -visual communication facilities. We happen to be
strong proponents of the rear -projection
technique, having designed numerous
systems with up to twenty -foot wide
glass permanently installed r.p. screens,
and are thus well aware of the advantages and limitations so well expressed
in Mr. Dickstein's column.
We would like to add one fact, and
that is the phenomenon that allows the
eye to function more efficiently in a
lighted room, and thus focus on smaller
images. This, therefore, allows for the
use of smaller screens and image sizes...
thus the set of ground rules for image
size and viewing distance as applied
to rear projection do not match the old
standards for front projection (nominally maximum viewing distance to be 6W
or 6 times width of screen). With properly designed r.p. systems 8W to 12W
standards can be employed making for
more efficient use of the space, better
screen illumination, and permitting
more ambient light in audience areas
for the obvious advantages this will
provide.
Hal Guzofsky

Audio Visual Consultants
Denver. Colorado

done without time -wasting delay
mechanisms.
Computer Logic Control brings
to you rapid error-free tape handling. It is actually impossible
to accidentally break a tape.
Call your CROWN dealer NOW!

MOST PERFECT REPRODUCTION
Performance as yet unequalled
Four years proven Solid

FINEST TAPE HANDLING

e Computer smooth operation

True straight line threading
et, Patented Electro- Magnetic brakes
never need adjusting
ICJ

iahlp

Ihlternctional
"y 1Ú00, Oort. oa -1
Elkhart, Indiana 46514

MORE ON
SYMBOL STANDARDS
The Editor:
In reference to your inquiry about caps
and lower case letters on electrical symbols-it has always been a great
nuisance to have caps in symbols. I
doubt if many engineers when writing
notes for their own use, ever use anything but lower case, such as db, cps
(or ha) etc. Down with caps!
Bernard J. Koetting

KSGM A M-FM
Perryville, Mo.
The Imo'
In resr 'use to your April Editorial, my
preferences are: Frequency -cycles per
-^ ^d: 'uker units -lower case letters
7.7t,znalczyk
D.

Cl
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I believe that ad writers, and others,
over use the prefix pre. One may buy
blank discs, package discs with music
upon, blank tape, and tape already
recorded. Since we do not call a phono
album a pre -recorded disc, why call
tape music pre -recorded? Why are kit
speaker cabinets listed as: pre -cut, pre drilled, and pre- sanded? If they were
cut, drilled, and sanded would it not be
the same?
I would also like to see serious audio
publications go back to the terms agreed
upon by most engineers: Monaural for
single -channel headphones; binaural for
two-channel phones; monophonic for
single -channel speakers; and stereophonic for two- channel speakers (naturally I include the entire audio chain).
There should be a limit to the use of
the word professional, or professional
type. This should be limited to equipment that would ordinarily be used by
professional studios. True, some studios
may use lesser equipment where utmost
quality is not important, but you could
hardly call a Wilcox-Gay disc cutter
a professional piece of gear as compared
to a Studer or Scully lathe.
Robert F. McDonald
Temple Records
Lafayette, California

Mr. McDonald has many good points to
make. Editorially, we do not allow the
use of the phrase pre -recorded when what
is meant is commercially- recorded tapes.
A tape is blank (or perhaps virgin), it
might be recorded, and it may carry commercially- recorded information. But prerecorded? Never.
We don't quite see eye to eye with Mr.
McDonald on the mono/ stereo nomenclature. We prefer to use mono (or mono phonic) for single -channel material, stereo
(or stereophonic) for two- channel material. More than two channels are simply
Men-lied as three- channel, eight -channel,
twenty-four-channel, or what have you.
As for the use of the label professional
we can only lament the mis-use of the
word just as we lament the abuse of the
phrase high fidelity. We believe in the
real meanings of words; to us, professional
refers to a product that is used by professionals. It may be a product that has
other value as well, but it must have a
primary purpose in the profession for
it to be labelled as such. Thus, as an example, Audio Devices'1251 tape is professional tape even though we venture
to guess that more of it is sold to the hi-fi
9;^+ s!-^stly to the trade. Ed.

Robert Bach
PUBLISHER

Larry Zide
EDITOR

Bob Laurie
ART DIRECTOR
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to time
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a 30- minute tape?
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Just about a minute.
If you use the new Lyrec Precision High
Speed Tape Timer, that is.

This unique time -saver makes stopwatch timing a thing of the past. Simply
apply the unit to your Ampex or Scully
professional tape machine, and run it at
high forward speed. The Tape Timer gives
you a direct reading in minutes and seconds for all tapes recorded at 15 IPS. For
a half -hour tape, it's accurate to within
three seconds. And you can convert readings for other tape speeds quickly and
easily. You'll wonder how you ever got
along without it.
The Lyrec Precision High Speed Tape
Timer is available in two models: TIM -4a accommodates t/o" and /2" tape,
and TIM -4b accommodates 1/2" a nd 1" tape.
1

Or".

For detailed information, write
today. Don't waste 29 minutes.

AUDIO CORPORATION

WEST 46 STREET. NEW YORK,

2

N

Y.10036. 212 CO

5

4111

Denver
Roy McDonald Associates, Inc.

846 Lincoln Street
Denver, Colorado 80203
303 -825 -3325
Houston
Roy McDonald Associates, Inc.

3130 Southwest Freeway
Houston, Texas 77006
713 -529 -6711
Tulsa
Roy

McDonald Associates, Inc.
2570 S. Harvard Ave.
Tulsa, Oklahoma 74114
918- 742 -9961
Dallas

Roy McDonald Associates, Inc.
Semmons Tower West

-19

Suite 411
Dallas, Texas 75207

214- 637 -2444
San Francisco
Roy McDonald Associates, Inc.

That's the size of it.
A complete monitor speaker system.

Los Angeles
McDonald Associates, Inc.
1313 West 8th Street
Los Angeles, C
:la 90017
213 -483 -1304

Make room for Gotham's new Model OY Integrated Monitor Speaker.
But not too much room. It doesn't need it. The new Gotham Model OY gives
you highest quality monitoring in a minimum of space.
This amazingly compact system includes all the features that usually
require much more space. It has two built -in 30 Watt silicon transistor,
output transformer -less amplifiers so you don't need external ones; a balanced bridging input; and multiple speakers with electronic
You can order this system in high impact grey Formica.® Or in ol,--

Roy McDonald Associates, Inc.

walnut, for the boss' office!
Write terh.. f.....
complete 6 -page brochure.

Sen

625 Market Street
Francisco, California 94105
415- 397 -5377

Roy

2035 S.W. 58th Avenue
Portland, Oregon 97221
503. 292 -8521

OTHANil

(Made in W. Germany tn,

Kim:...

;,ummel)

AUDIO CORPORATION
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JOHN A. McCULLOCH

AN ATTACHÉ CASE

A

Six Channel Portable Mixer to Help

You

Now

..

the Road

the Show on

Get

mixer for professional use
that weighs only 25 pounds -in a
case measuring 18" x 12%" x 5 % "!
Can be carried anywhere. Great for
"remotes ". An excellent standby system. Low price but no sacrifice in
quality. Ideal for colleges.
.

a

THE MODEL 1800

AUDIO LIMITER

lour limiters in

inches of space

6

Unsurpassed for Price

Compactness

.

.

.

... Quality

and

.

,

.

Performance

...

build full control into the
At last
console itself with Model 800 Audio
Limiters, protecting every input against
unexpected peaks and permitting the
amount of limiting on each channel
to be controlled. Only 1Y" x 5''4" x 7 ".
Exceeds rack -mounted limiters in
performance.
1

GATELY ELECTRONICS
57 WEST HILLCREST AVENUE

HAVERTOWN, PENNA. 19083
HI 6 -1415
AREA CODE 215
...have you checked Gately lately ?
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While in Las Vegas on a recent business trip, I had the opportunity to talk
with Bill Porter of United Recording of
Nevada. Along the way I had learned
that one of his recent efforts in the pop
field had been marked as being made
from an exceptionally well cut master
lacquer. In the course of conversation
this subject came up, and I asked Bill
about his method of disc mastering.
His reply was, "I work with the same
materials and processes as anyone else
in the industry, but I pay particular
attention to the alignment of my equipment and its operating levels. If each
step is carefully done the resulting
master must be good."
Let's look at the process, and the
areas wherein we might expect trouble.
This review will be nothing spectacularly
new, but might assist those to whom
disc mastering is not an every day
occurrence. Also, as this is just a general
review, we shall limit the discussion to
the mono system; ignoring for the most
part special requirements of stereo recording.
One of the first requirements for obtaining a good recording on disc is that
some means of reproducing the cut be
available. Because the quality of the cut
will be judged by this playback, it must
be reproduced on a calibrated system
of the highest order. Just as in magnetic
tape recording there is a standard alignment tape, disc recording has a standard
playback disc. Recently the relative
level in cutting, referred to as the zero
level, has been changed. A new standard
disc available from the NAB supplants
the earlier RCA standard. However the
frequency response tests on the mono
RCA 12 -5 -49 disc are still very valid,
and may be used to check out the
response of your playback system.
As the "new" zero level is based upon
7 cm. /sec. peak recorded velocity, and
the zero level on the RCA disc is based
upon 5.5 cm. /sec. p.r.v., there is a difference of slightly more than 2 dB between the two zeros. Using the RCA
disc, it is possible to calibrate a system
(within a few tenths of a dB) by
setting the RCA zero to -2.1 dB on the
www.americanradiohistory.com

calibrating meter. The zero on the calibrating meter now should represent the
zero set by the 7 cm. /sec. p.r.v. reference.
It is preferred that a playback equalizer having variable high- and low frequency equalization points be used,
and aligned with the test record in a
manner similar to the alignment of the
normal taps reproduction system. Thus,
theoretically, we now have a flat playback system. Practicality enters the
picture and the relative quality of the
reproducing cartridge and stylus impose
a limit upon the system as to just how
flat we may make the reproduction of
the test tones. In general use, if the
system is within a dB or two of the
ideal curve in the range of 100 Hz to
10kHz, the system is acceptable. Each
cartridge and stylus change used will
require a different calibration to maintain optimum results.
As in most mechanical systems there
may be a point of resonance which
places a sharp hole in the response.
Such holes may he tolerated if they are
no more than 5 to 10 per cent of the
center frequency in width. However, a
change of cartridge and /or stylus might
be suggested to try and remove this hole.
The elliptical stylus is suggested as
it more nearly conforms to the cutting
stylus. For disc to tape transfer, an
increase of about 20 per cent over the
normal stylus force may improve the
tracking of the disc. At all times the
angle of the stylus must conform to the
specifications of the particular recording
being played back. (Monophonic is
approximately 90° and stereophonic
discs are 105° as measured from the
record surface.) The exact vertical
alignment of the stylus in the groove,
as seen from the end position of the
arm is also important.
Calibrating the recording system is
more difficult, but a simple procedure
might be as follows: Take an oscillator of
low distortion and feed signals of selected frequencies into the recording
system at a reduced level (typically
-14dB for the 100Hz to 10kHz spectrum). Keep this level constant into

Suddenly, every studio microphone
in America is out cf date:
a special professional user price
your
next
Sony
microphone purchase. Industry
on
professionals are invited to send for complete
specifications on the new solid -state C37 -FET and
C55 -FET Condenser Microphones. Special prices
will be quoted to you immediately by return mail.
Both of these sensational, new, Sony microphones deliver the ultimate in professional capabilities. Flat frequency response free from resonant
peaks and dips. Warm, natural sound. Plus a wide
dynamic range to capture the magnificence and
true timbre of strings, woodwinds and piano. Field
Effect Transistors replace the conventional vacuum
tube and eliminate external power supplies and

Now you can get

connecting cables. And both microphones feature a
self -contained, replaceable, 9 -volt battery plus a
built -in battery condition indicator.
In addition, the C55 -FET utilizes a 90° rotating
capsule for optimum cardioid pick -up characteristics
in any application- hand -held solo performance or
interview work, stand- or boom -mount. In the
studio, the C55 -FET's flexibility meets any microphone
placement problem.
For complete specifications and special professional
user prices, simply write to: Harold Watson,
Sony /Superscope Microphone Sales Department,
8150 Vineland Avenue,
Sun Valley, California 91352.

THE C37 -FET:

THE C55 -FET:

Frequency Response: 20- 20,000 Hz (± 2.5 db
30. 18,000 Hz). Directional Characteristics: Uni- or
omni-directionol switch selected. Output Impedance:
50, 250 or 600 ohms balanced. Output Level,
-50.8 db @ 250 ohms where 0 db
volt /10
microbar. Noise Level: 24 db SL where 0 db
2 x 10-4 microbar. Dynamic Rance: 110 db.

Frequency Response: 20-20,000 Hz (± 2.5 db
30- 18,000 Hz). Directional Characteristics:

=

1

=

Uni- directional cardioid (axis variable from 0° to 90 °).
Output Impedance: 50, 250 or 600 ohms balanced.
Output Level, -50 db @ 250 ohms where 0 db
1 volt/10 microbar. Noise Level: 24 db SL where 0
db
2 x 10 -4 microbar. Dynamic Range, 110 db.

-

SONY

=

You never heard it so good.
Circle 16 on Reader .Srnvrr Cmirl
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C37

NORTRONICS
HAS
THE REPLACEMENT
TAPE HEAD
YOU NEED

FOR ANY
TRACK
STYLE

°RFUNCTION!
To keep getting optimum perform-

ance from your tape recording
equipment you must regularly
replace worn tape heads. With Nor tronics heads, adapters, and brackets,
it can be done quickly and easily ...
and you can also convert track styles
in minutes.
Replacements for

`f AMPEX
``

-0

MAGNECORD
RCA
CONCERTONE
CROWN
as well as 1500 popular
priced recorders
REEL -TO -REEL OR
CARTRIDGE TYPES

I

MONO /STEREO
FULL TRACK
HALF TRACK
)(1; QUARTER TRACK

_
VV

RECORD

y

EIGHTH TRACK

PLAYBACK

RECORD
RECORD
ERASE

ERASE

PLAYBACK

NORTRONICS Bulletin 7260 describes simple Look -Touch - Listen
test that tells you if its time for a
change. Write for your free copy.

7/g1r/,onks

COMPANY 1NC.
O

8101 Tenth Avenue North
Minneapolis, Minnesota 55427
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the cutting edges. The stylus must be
sharp and clean, and look like a chisel
to the record surface. (typically 2° or
3° from vertical in monophonic cutting)
The stylus should face normally to the
rotation of the disc, and should be from
a reputable manufacturer. Check that
the stylus, as viewed in line with the
grooves, is vertical with respect to the
record's surface. (Assuming a smooth
and flat disc!)
If the system is still deviating from
the desired response (RIAA in most
cases) after all checks have been made,
correction to the driver amplifier's
recording equalization, or addition of
passive equalization before the system,
should be considered.
The groove depth and recorded level
seems to be the most widely varying
factors in recordings I purchase, or have
shown to me. Bill Porter reports using
an unmodulated groove width of 2% to.
3 mils for Ips, and 4 to 5 mils for 45s
This is in line with the recommended
practices, and most processors are in
this range. Assuming the use of a calibrated microscope it is easy to set these
widths, thus determining the depth of
cut. If your microscope is not calibrated,
look at the lead in, banding, or lead out
grooves on a high -quality commercial
pressing for an approximate calibration.
Compare several!
I have heard of cutting with levels as
high as +14dB on 45s and +10dB on
]p. Whether this was using the new
standards or the older was not referenced, but even so, Mr. Porter recommends and uses +3dB or +4dB for his
If the recording is not flat, check the
Ips, and +6dB to +7dB for 45s. On
drive amplifier for frequency response
some Ips zero to +2dB is used conby disabling the recording equalization
sistent with program frequency content
circuitry, and cutting a disc. This time
and the length of the material. The low
the light display should he even for all
frequencies give the greatest excursion,
frequencies, and errors introduced by
and while it is possible and practical to
the amplifier or the cutting head may be
cut extreme levels in high frequencies,
discerned. Should this pattern be smooth
the playback stylus will not track these
and straight, then the proper recording
frequencies to the extent that they
equalization is not being supplied, and
may be cut into the original recording.
that section of the system should be
The result is blamed as a poor cutting.
repaired or substituted.
Bill Robinson formerly of Capitol
If the pattern is uneven, then check
Records reports using Ip levels of OdB,
the driver amplifier by substituting the
and 45 levels of +6dB. His zero referload and external feedback circuitry reence is also referred to 7 cm. /sec. p.r.v.
quired as given by the manufacturer.
Check all normal characteristics of the
As an assist in maintaining top
amplifier. In particular make sure that
quality in the cutting, particularly
the amplifier is capable of delivering its
where super power amplifiers (200 watt
full rated output power, as the recording
variety) are not used in the driving of
equalization makes very heavy demands
the cutting head. keep the recorded
upon the amplifier when high frequenmaterial as far outward on the surface
cies are to be recorded. 10kHz requires
of the disc (commensurate with length
a boost of 13.7 dB- almost twenty -four
and other factors) as possible. This will
times the power required at 1kHz.
avoid the use, or excessive use of inner diameter equalization. Of course groove
In checking the head, look for shorted
spacing, groove depth and width, level
conneccoils,
poor
shorted
or partially
of cutting, and equalization are all
tions, and shorts to ground. In the meinterrelated factors in determining the
for
misalignment
sense
check
chanical
final quality of the disc. Some areas
of the stylus holder with the armature
must give a bit that more may be
or its associated mechanism. The stylus
gained in another area, but that is left
should be seated firmly in the bottom
as the mastering engineer's decision.
of the holder, but do not force it or chip
BSC Sales Co. Circle 18 on Reader Service Card --0

the system, and record a disc starting
with the higher frequencies downwards
in steps. With a parallel light source
focused across the disc, the grooves
should form a Christmas tree pattern,
with the high frequencies forming the
base of the tree at the outer edge of the
disc. For proper results it is important
to keep the test at the outside diameters
of the disc, therefore a new disc should
be used for each test. If the frequency
steps were selected to fall on the
RIAA record equalization curve at 2dB intervals the pattern should be
quite evident. Any deviation from these
regular steps means a discrepancy in
proper recording.
A less accurate method for testing
the newly recorded material is to playback the tones on the calibrated playback system. Why less accurate? As
mentioned before when we were calibrating the playback system, a response
within a dB or two of the RIAA curve
was acceptable, but with the light system, deviations of 1dB may be measured, A change in length of the wave
pattern displayed by the light reflections by a factor of 2 (twice as long, or
half the length) is equal to a change in
level of 6dB. Again, the zero level corresponds to 7 cm. /rec. p.r.v. At 33
r.p.m. a display of 1.6 inches is zero,
and at 45 r.p.m. it is 1.2 inches. (To find
the relative level multiply the display
length by 4.4 for 33 r.p.m., and 6.0 for
45 r.p.m.. and compare with the zero
level. Both factors are now in cm. /sec.

www.americanradiohistory.com

Professional Quality Instruments
AT LOWEST COST

EICO 965 Faradohm

Bridge /Analyser
Low bridge supply voltage permits

EICO 902

testing of all types of capacitors.
Measures diode reverse and transistor
quiescent current. Measures insulation
resistance and leakage currents. $175.00

High quality tuning capacitor
provides easy frequency setting.
Less than 0.7 volt input
required for measurements. $250.00

IM/ Harmonic Distortion
Meter and A.C. VTVM

COW....

EICO 1078 Metered A.C. Supply

0 to 140 V a.c. adjustable
output at 7.5 A max.

Separate output
ammeter and

voltmeter. $95.00

EICO 342 FM

Multiplex Signal Generator

Crystal- controlled 19 kHz ( ±2 Hz) pilot.
Both composite audio and f.m. r.f. outputs.
F.m. stereo broadcasting from tape/
phono /oscillator source. Low distortion
signals to permit alignment for lowest

distortion. $175.00

EICO 378 Audio Generator

Switch selectable frequency
output of 1 Hz to 110 kHz.
Attenuated output in eight steps.
Metered output voltage.
Excellent frequency resettability.
0.1% distortion 20- 20,000 Hz. $79.95

NOW THESE INSTRUMENTS MAY BE ORDERED ON A DIRECT
MAIL -TO -YOU BASIS. SATISFACTION IS FULLY GUARANTEED.
BSC Sales Co., 78 Wellington Road, Garden City, N.Y.

11530

PLEASE SHIP ME THE FOLLOWING ITEMS:
MODEL

QUANTITY

MODEL

QUANTITY

MODEL

QUANTITY

MODEL

QUANTITY

HAVE ENCLOSED $
AS PAYMENT FOR THESE UNITS.
THAT THEY WILL BE SHIPPED F.O.B. NEW YORK.
I

NAME
EICO 250 A.C. VTVM and

Amplifier

CITY

100;,. V to 300 V.

I

for greatest stability. $89.95

UNDERSTAND

COMPANY

ADDRESS

Measures a.c. voltages from

Cathode follower input circuit

I

understand that
for refund.

STATE
I

must be fully satisfied or

www.americanradiohistory.com

I

ZIP

can return the unit with :n ten days

ko Audio
Engineer's Handbook
I

GEORGE ALEXANDROVICH

even under unfavorable environmental
conditions.
In the computer field, solid -state
devices (flip-flops) have almost forced
mechanical switches out of the field.
There is still a dependence on basic
mechanical manually- activated switches
to control the more sophisticated circuits. It is possible to construct systems using solid -state switching exclusively, but cost (for one thing)
makes such systems impractical -for
the present at least.

MECHANICAL SWITCHES

activator designed to control current in

In past months I have discussed system operation, alignment procedures,
testing, and maintenance. It seems
appropriate at this time to discuss a
subject that is related to almost every
facet of audio and every branch of electronics- switching.
It is hard to imagine any practical
electric circuit without some sort of a
switch, be it in the form of an on /off
switch or any other device acting as a
gate for current flow.
It is generally understood that the
word switch describes a device with
mechanical contacts and a mechanical

(C)

(B)

(A)
LEFT CH.

a circuit. Present -day technology offers
us a long line of new devices capable of
performing switching functions. Many
are solid -state such as transistors,
silicon -controlled rectifiers (scr's), photodiodes, light- sensitive resistors, voltage- dependent resistors (vdr's), and
others.
In the field of moving-contact switches,
new devices called reed switches (actuated by a magnetic field) have found
great popularity. Just as with the solid state switch, this new type offers
extreme long life with high reliability

OFF

Basically, a mechanical switch consists
of two or more contact surfaces, some
of which are mounted on flexible or
movable conductors. The physical form
of the contact structure and activator
mechanism classifies the switch. The
usual classifications include rotaries,
toggles, keys, push -action switches,
sliders, and rockers.
The time to consider the many other
factors in a switch besides its losses or
convenience of operation is when new
equipment or circuits are being designed.
Before a switch is specified a few basic
facts about the circuit in which it will
operate must be established.
The fundamental factors to consider
are -contact configuration; current carrying capacity; maximum circuit voltage; contact life, space and environmental conditions. Also consider additional special requirements such as low
mechanical noise during switching,
illuminated activators, and ease of

maintenance.
Usually, after completing specification listing it will be found that the
search for a desired item has narrowed
to one or two types, preferably readily
available from the market. (Remember
that the more complex switch contacts
become, the less chance there will be to
find such a product off -the -shelf. There
are many occasions when practical
compromises must be made in the interests of reasonable economy and
availability.)
Subdivide all switches used in audio
into categories by function. You will
end up with:

RIGHT CH.

Moving?
RM

PROGRAM CHANNEL LEFT

RM

PROGRAM CHANNEL RIGHT

PROGRAM FEED

RM

ECHO CHANNEL LEFT

ECHO FEED

RM

ECHO CHANNEL RIGHT

=

(D)

(A) single -pole, single -throw power switch; (B) double -pole, single -throw power
switch; (C) single -pole, double -throw switch used to switch a speaker; and (D) four-pole,
triple-throw key for the delegation of mic- channel signals in a stereo mixing console.
Figure 1.

m

www.americanradiohistory.com

Have you sent us a change -ofaddress notice? It takes time for
us to change your plate so let us
know well in advance of your
move. Be sure to send us the
complete new address as well as
your old address. Include both
zip numbers. Keep db coming
without interruption!

Okay, so my studio's boorny

yóntheixottom end
it my ear I can e
body.

ä

Sure. But "close" is good only in horseshoes. It used to
be okay in equalizing, too. But that was before a revolutionary new method called Acousta- Voice.'"
Acousta-Voice is a scientific and acoustically sophisticated method of tuning a sound system to a room in
much the same way that an organ is voiced to the par-

ticular auditorium.
So? So think about it. You know that a studio, even
with identical equipment in every room, has different
sound characteristics in each of these rooms. You have
to compensate, by ear, for each of those sound characteristics.
Now, what if every room could be made the same
acoustically, in effect? Acousta -Voice has done it for
Century Records. 'Iivo stereo disc mastering rooms, and
the quality control room have been Acousta - Voiced.
That's three rooms. All exactly the same.
Century Records' Chief Engineer, Bob Metcalf, says
Acousta- Voicing gives you the same base to start equalizing from. Now that's a real edge in itself, especially
if what you're working on has been recorded in other
than studio conditions. You know, like a gym, a club,
a cafeteria or outdoors.
Another thing. The fatigue factor is very low with
an Acousta- Voiced studio. The ear stays fresh much
longer because due to uniform frequency response the
loudness doesn't have to be raised to hear a detail. That
means the monitor doesn't have to be up so high. Metcalf has installed A -B switches in all three rooms. The
difference is amazing.
If a person is really fussy about sound, an AcoustaVoiced studio should be investigated. You don't have to
wait to build a new studio. It can be done right now.
But only by certain Altec factory-trained CE Sound
Contractors who've invested a lot of money in test
equipment and a lot of hours in very intensive training.
So, for full information about
Acousta -Voice, write to Altec
ALTE[
LANSING
Lansing, 1515 So. Manchester
Ave., Anaheim, Calif. 92803.
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2

3
4
5

6

2. A rotary
switch delegating a signal to one of eight
Figure

7

8

busses.

Power switches. They turn equipment on and off. Usually they are
single- or double -pole, single -throw
switches. Contacts for voltages of 120
a.c. minimum are available in current handling capabilities for most equipment.
High power audio switches. These
switch speaker circuits, cutterhead lines,

°

etc. The switch must have contacts
rated for heavy currents with voltage
ratings up to 100 or more volts if it is
to be used to switch 70.7 -volt lines.
Contacts may have to be double -throw
type to switch in dummy loads in
place of the normal load.
Switches for moderate audio levels. These are used to control line level signals consisting of several mA
of current. Contact resistance should
be moderately low along with high reliability factors, since much line -level
switching is done frequently. Voltage
and current ratings need not be high.
Contact configurations may range from
simple single -throw, single -pole (spst)
contacts to multi -pole, multi-position
switches. A good example of such a
complex switch would be one that is
used in switching a mic channels to different programs and echo busses. Aside
from delegating program and echo
signals into one of the available channels, dummy loads are switched into
the rest of the channels to maintain
constant the impedance of the mixing
network.
Microphone level switching. This
requires well- shielded, low contact -resistance switches. In most cases, two pole types will be used because mie lines
are usually balanced (except when the
mie is located next to the preamp), so
both sides of the line should be switched
simultaneously. With the present -day
practice of supplying power to condenser mies through the audio lines,
one should be extremely careful in designing mic-level switching or patching.
A presence of d.c. on the line will
inevitably cause problems if design and
installation care is not taken.
In FIGURE 2 a sample of a rotary
switch is shown. This is designed to
delegate a signal into one of eight

mixing busses when the signal source
impedance is very low (and can be
substituted by a short to ground).
If echo signal is also to be switched, an
additional section must he added.
If the source impedance is 150 or 600
ohms a substituted dummy load may
have to be a resistor equal to the source
impedance. In this case switching will
be more complicated, requiring additional sections on a rotary switch. For
simplification, a push switch such as
is shown in FIGURE 3 could be used.

POWER SWITCHING
I often wonder why most professionals
like to use heavy -duty expensive switches
yet the moment they hear a click in the
audio lines when switching power circuits they suspect the power switch
first. There is nothing wrong with
using the best switches available with

safety factors ranging well beyond requirements. But there is a danger of not
providing proper operating conditions
for the switch so that there is premature
contact failure or, at least, undesirable
side effects due to contact deterioration.
The best power switches offer reliable
mechanical construction, good contact
materials, and longer life -under the
condition that elementary arc and noise suppression circuits are being used
across the switch.
Since we deal with extremely low
noise levels in audio, we are concerned
with any source of disturbance affecting
the signal -to -noise ratio of the system.
It needs reminding that unless audio
circuits in the vicinity of a power line
are properly shielded or grounded, noise
will still be detected due to line transients. This is true even if careful suppression has been applied to the switch.
Each time the contacts of a switch begin to open, contact resistance increases.
This increase produces an increased
voltage drop with a consequent temperature rise. When switching heavy
currents, contact temperature can rise
to where the metal surfaces in actual
contact begin to vaporize. This vaporization, together with ionized air between the contacts provides the path
for current-creating an arc.
When a power switch is turned on.
contact bounce caused by momentary
separation between the contacts after
they hit, will also cause interference.
Yet another potential for problems
is any reactive element in the current

CHI

CH 2

CN 3

1

1

1

CH.4

Zr

a

c
u7

N
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A four -station, push switch, interlocked dpdt for
switching program and echo simultaneously.
Figure 3.

www.americanradiohistory.com

a

four -channel console capable of
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ON-OFF SWITCH
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LOAD

ON-OFF
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(B)

Figure 4. At (A) current is diverted through
the source. If this is undesirable the circuit
at (B) isolates this part of the circuit. Note
that in both cases, the diode's cathode faces
the positive ( +) side of the voltage.

path being switched. Stored electrical
energy can be discharged across the
switch contacts during the time the
switch is turned off. The simplest
method for diverting this discharge
current created by inductive elements
is by placing a capacitor across the
switch. However, a capacitor left alone
with the inductance of the circuit (for
instance, an electric motor or transformer) will produce dying oscillations
at a frequency determined by the
values of inductance of the load and the
capacitor across the switch.
A resistor inserted in series with the
capacitor will reduce the Q of the
circuit -cutting down on the amplitude of the oscillations. Just remember
that you can minimize oscillations; you
can never eliminate them completely.
Usually, the values for the capacitor and
resistor are determined experimentally,
but generally a resistor that approximates the impedance value of the load
will generally do the job.

D.C. SWITCHING
\\rith d.c., different methods of arc
and transient suppression are used. A
diode will usually solve the problem.
Connecting a diode with its cathode
facing the positive pole will short out
secondary currents due to circuit inductance. By placing the diode across
the switch (FIGURE 4(A) ) we depend on
diverting the current through the
source. If it is undesirable to pass
transients through the source, which
may he tied to other audio circuits, the
diode can be connected across the load,
isolating this part of the circuitry
(FIGURE 4(B) ). In either case, the
diode should have a piv rating equal
to, or exceeding, the source voltage.
Peak current ratings should not be less
than expected inductive currents. Fortunately, we are concerned only with
single peak currents -thus qualifying
most of the small silicon diodes with
low continuous current rating but high
single peak ratings.

There's hardly an engineer in the broadcast field that hasn't used a
Rek -O -Kut turntable in his career. Rek -O -Kut has been building studio
turntables for over a quarter century. So you are assured of buying
top quality sound reproduction along with the ruggedness and durability that boradcast and commercial installations demand. The rim
drive Rek -O -Kut B -12H by Koss Electronics permits slip cueing without sacrificing fidelity. And your KosslRek -O -Kut will last and last
and last with a minimum of maintenance and repair. Write for complete
details on the popular Model 8 -12H or the 16" studio B -16H today.

specifications:

-

59db below 5 cm /sec average
SPEEDS: 333/4, 45. 78 rpm. NOISE LEVEL:
recorded level. MOTOR: custom -built computer type heavy -duty hysteresis
synchronous motor. 45 RPM HUB: instantaneously removable by hand.
PILOT LIGHT: neon light acts as an "on/off- indicator. FINISH: grey and
aluminum. DECK DIMENSIONS: 14 x 151/4". Minimum
Dimensions: (for cabinet installation) 17%" w.
x 16" d. x 3" above deck x 63/4" below.
PRICE: B -12H Turntable $175. S -320
Tonearm $44.95. Optional BH Base
for audition room $18.95.
Rek -O -Kut Turntables by

KOSS

Koss Electronics Inc.. 2227 N. 31st St.. Milwaukee. Wis. 53208
Export Cable: STEREOFONE KossImpetus /2 Via Berna /Lugano. Switzerland
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ADD

CONTROLLED
DIMENSION

I

Hoary and Practic
NORMAN H. CROWHURST

with the new

FAIRCHILD
REVERBERTRONS!
The use of controlled reverberation has gained wide acceptance in the professional
recording field because the
use of reverberation in several

microphone channels pro-

duces records that have wide

audience appeal. Simply

stated: reverberated sound
produces hit records. Sec-

ondly, reverberated sound is

apparently louder than the
same non -reverberated signal.
The use of reverb in broadcasting and sound re- enforcement is becoming equally

more popular for the same
reasons: A more pleasing
commercial sound and production of a signal that is apparently louder for the same
signal level.

TWO COMPACT
REVERB SYSTEMS...
Now FAIRCHILD has created two

electro- mechanical reverberation
systems that produce a sound,

termed by recording studio mixers
-the experts who know what they
hear, as "extremely natural sound
possessing the quality of good
acoustical reverb chambers." The

two models differ more in their
flexibility and cost rather than in
reverberation effect.

MODEL 658A
The 658A is

a complete solid
state reverberation system with
electronically controlled reverb
time adjustments up to
5 seconds: mixing control tor
adjustment of reverberated
to non-reverberated signal ratios:
reverb equalization at 2.3 and
5 KHZ. Size: 241/2 x 19"

t TT

MODEL 658B
Compact, reverberation system
for the 'big' sound in a small
space. Contains reverb equalization
in mid and low frequency range:
level control: solid state design.
Size: Only 5y x 3 x 10" deep.

The "sound" of the Model 658A and 658B
REVERBERTRONS will satisfy the most demanding audio engineer. Their pricing and
size makes them even more appealing.
Write to FAIRCHILD -the pacemaker in professional audio products for complete details.

-

FAIRCHILD
w

RECORDING EQUIPMENT CORPORATION
1040 45th Ave., Long Island City 1, N. Y.

A

reader from Fort Wayne, Indiana
writes about something that has puzzled him for years, and his question fits
right into this column. While he says
he hasn't A -B -ed public- address amplifiers that do and do not use lashings of
feedback, he has the impression that
those with much feedback may produce
the acoustic variety more readily than
those without feedback. I imagine he's
not alone in this impression.
So he formalizes his question, "Does
the incorporation of large amounts of
inverse feedback in public address amplifiers degrade the amount of acoustic
gain and phase margin that can be used
in practice ?" To explain what he thinks
might happen, he further questions,
"Does the feedback internal to the amplifier in effect 'use up' some of the
external or acoustic gain and phase
margin and thereby limit the usable
gain?"

Before I answer that question, I'll
deal with an earlier one, also related to
the effect of feedback, although the
reasons are quite different
at least, I
think they are. This case happened some
years ago, and I was called in professionally because theory and practice
didn't seem to agree.
The caller was a manufacturer of
guitar and other musical instrument
amplifiers. What prompted the call was
a rather embarrassing situation in which
a customer had been A -B -ing a couple
of his products. At the time, he made
a 15 -watt amplifier with no feedback,
and a 50 -watt amplifier with plenty of
feedback; of course, at a higher price.
The customer had just wanted convincing that the 50 -watt unit was worth
the extra price. So my client rigged up
an A -B comparison on the spot, convinced that the greater loudness of the
50 -watt unit would give a conclusive
demonstration.
Instead, to his embarrassment, there
was no doubt about it, the 15 -watt
amplifier appeared to give much more
power. Being a musician himself, he
knew he couldn't convince his customer

-
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the 50- watter was really giving more
watts. The musician believes his ears!
By the time I arrived on the scene,
he'd put the two amplifiers on the bench
and checked their output ratings, suspecting something "screwy." But they
both performed according to specifications. The 15 -watt unit wouldn't give
anywhere near 50 watts, with any
amount of distortion, and the 50 -watt
unit gave its rated power with ease.
He'd measured this into a resistive
load, so he thought maybe using the
rather complicated reactive load provided by a loudspeaker might cause the
difference. And it's true, this could have
been the explanation. So they put earplugs in their ears, to enable them to
bear the steady tone at 15 and 50 watts,
and turned up the power on each amplifier in turn.
The results with the loudspeaker
weren't significantly different from the
dummy load, apart from the fact (obvious only to engineering students!) that
both amplifiers were now delivering a
reactive VA that may not have
amounted to real live rated watts.
So what was making the difference?
The answer to that question was related to the reason a guitar amp needs
so much power. The average output
from a guitar amp is probably not more
than 2 to 5 watts, even when you use
a big amplifier. That's why you need
earplugs to stand even 15 watts of
steady tone. But those pluck tones
momentarily require a real surge of
power that goes over the top.
The 15 -watt, non -feedback amplifier
allowed the pluck tones to go over the
top, just chopping them off, and then
played the rest of the note normally
(FIGURE 1). By listening carefully, you
could hear it chopping, but it was so
short, and not too different from the
pluck sound anyway, so that sound
was really quite passable.
On the other hand, the 50 -watt job
used class AB. Up to 50 watts, the output was lovely. It would even give 60
watts, with not too much distortion, on
a steady tone. But a little beyond that,

"Name three reasons why
BOZAK Sound Systems
are preferred
wherever quality counts"

"1. BOZAK Mixers7
These all- solid -state mixers are full -professional, full Bozak quality. They have the compactness, versatility
and flexibility to fit any application. Yet, their cost is
moderate. Plug -in modules permit use of any position
for any type input -high level, low level or phono. Available are 6 -input and 10 -input mixers and integrated 5input mixer, 50 -watt amplifier.

17

"2. BOZAK Amplifiers amplifier

has proven
Bozak's CMA -1 -50 50 -watt power
its reliability in every type of service, including reinforcement for many of the nation's leading symphonies.
Even at its full rated power, its frequency response is
within db from 20 Hz to 20 kHz.
1

"3

77

.

BOZAK Columnar Speakers

There's a Bozak sound column specifically engineered
for every application -large area or small area; indoors
total of seven differor outdoors; voice or concert
ent models. Each model is backed by Bozak's long experience in the design, manufacture and application of
loudspeakers. And because Bozak manufactures every
can maincomponent -even including its own cones
tain the highest quality control standards in the industry.

-a

-it

Get the full story with complete and
accurate specifications in the Bozak catalog

Column Loudspeakers and Associated Equipment".

Commercial Sound Department
The R. T. Bozak Manufacturing Company
Box 1166. Darien. Connecticut 06820
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it suddenly fell apart.
The output stage reached saturation
at this point, and feedback momentarily
disappeared so that the input level,
where feedback should have offset it,
was suddenly some 26 dB higher than
usual. This really clobbered the input
stages, biasing them to cut -off, from
which they recovered only after a second
or so.
So on guitar music, before the gain
was as high on this amplifier as it was
on the 15- watter while still sounding
good, the pluck sound momentarily
pushed the 50- watter into saturation.
It didn't recover for almost a second,
and as it recovered, it rectified signal
that the 15-watter reproduced undistorted (FIGURE 2)
Turning the gain down just a whisker,
so the pluck stays below the 60 watt
level (120 watt peak) this amplifier reproduces undistorted. But its level is
then less than half that in FIGURE 1.
This explained the impression.
Of course, this led to a redesign of
this manufacturer's 50 -watt unit. But
the point here is that practice didn't
appear to agree with theory or measurement
until the reason was found.
Now to our reader's question. As
anyone who has worked on p.a. knows,
the acoustic feedback point can be quite
critical. To sustain a howl, the gain
must be just a fraction of a dB above
the critical point. Of course, one frequency usually rings first, determined
by a resonance in the microphone, the
speaker system, the auditorium, or a
combination of them all. And if one frequency doesn't ring, another soon will.
But as you slowly turn up the gain,
before ringing starts, you can hear it
being stimulated by certain syllables or
frequencies in the program material. It
will ring momentarily and quit. If the
auditorium is a difficult one, you may
even have to operate this close to ring-

-

ing, to make the volume loud enough
for the majority of the audience to hear.
Now, of course, our theorists will
already have answered our reader's
question, by saying there is no connection between the two kinds of feedback.
One is purely electrical, in which an
amplifier is either stable or unstable as
an entity, and won't be influenced by
what the input or output signals consist of, whether these be program or
acoustic feedback.
Which is true. And the internal feedback doesn't directly affect the external,
or acoustic feedback. So, unless you
examine what happens a little more
closely, theory assures us that a feedback amplifier can work just as close
to acoustic feedback as a non -feedback
amplifier, if both have the same over -all
gain, frequency response, etc.
So what could make a difference?
Just this: one thing internal feedback
does is to hold the internal gain rock
steady. The non -feedback amplifier may
allow its gain to fluctuate a fraction of
a dB during the waveform, particularly
of louder signals, such as when the person at the microphone raises his voice.
Did you ever notice how that can promote acoustic feedback?
Somewhere on the larger waveform.
the gain is just a little higher than average, and this promotes ringing, particularly if, at that instant, the program
also contains the ringing note, maybe
as a sibilant. But the average gain is not
quite enough to sustain an acoustic
howl, so it dies away, and only shows
when the person at the Inic shouts certain words.
The amplifier with a lot of feedback
isn't so tolerant. True it may not howl
until something in the program sets it
off. If you turn either kind of amplifier
up in a quiet room, you may be able to
get a little beyond the howl point before
a howl actually begins.

This is because the howl needs a
geometric standing -wave pattern to
propagate, and it may take the introduction of the critical note in the program material to start the howl going.
But once started, with a feedback
amplifier, it refuses to stop until some
definite step is taken, such as turning
down the gain or moving the mic.
It would be difficult to correlate this
as using up the margins, because the
two margins have quite different nature.
The electrical margins to maintain stability and a level frequency response are
usually a long way from oscillating at
any frequency. If they aren't, it won't
take acoustic feedback to make the
amplifier sound horrible!
The operating acoustic -gain margin
is often quite small at certain frequencies. With reference to acoustic feedback, we can hardly refer to phase
margin in the same sense. Of course,
the fed back wave must reach the microphone in the correct phase to augment
sound coming from the loudspeaker at
the same instant.
But the travel time from loudspeaker
to microphone is invariably several complete waves. In a feedback amplifier,
even phase reversal can't occur, while
the gain remains steady. Considerable
attenuation must come before very
much phase shift is allowed to occur.
With acoustic feedback, many wavelengths, complete revolutions of phase,
occur in the sound wave. The higher the
frequency, the greater the number of
wavelengths from speaker to microphone.

In theory, the two forms of feedback
are quite different and apparently unrelated, beyond the broadest possible
concept of the word feedback itself. Yet
an effect of electrical feedback on the
internal working of an amplifier can
make acoustic feedback more difficult
to handle with that amplifier.

270 WATTS PEAK
65 WATT LEVEL (130-W PEAK)

UNCLIPPED "PLUCK"

50 -WATTS
5 -WATT

LEVEL

",.IVVta.
---2-WATT LEVEL

AVERAGE

-T
15 WATTS

100 -WATTS
PEAK

AVERAGE
30 WATTS
PEAK

Figure 1. A 15 -watt, non -feedback amplifier allows pluck tones to
go over the top, just chopping them off, and then playing the rest
of the note normally.

Figure 2. This 50 -watt amplifier has been pushed into saturation.
As it recovers it rectifies the signal.
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THE STEREO DISC

has come of age. The necessary duplication of stereo and

mono discs that has so confused the consumer market will soon give way

-

the compatible stereo disc.
to one record
And then you will play a stereo disc even if you are broadcasting a
mono signal.
The truly compatible disc does not (and may never) exist, but a mix down of
two channels of information with minimal loss in quality can be achieved now.
Success depends on the engineer's understanding of certain basics and his method
of handling some inherent quality -limiting factors.
In this issue of db we offer several articles on the problems of compatible use.
for either
John Bubbers explains the necessity of using a proper cartridge
details
Schwartz
Arnold
DISTORTION,
TRACING
mono or stereo broadcasting. In
placed
paths
intricate
the problems created as the stylus attempts to trace the
by the cutter. But it is left to a recording engineer, David Greene, to pin down
the disc itself.
the problem
Too many stereo discs marketed today cannot be satisfactorily played in
mono. It is sometimes argued that these discs are made only to sell. And the
engineer /artistic people involved have played with balances, phase, and gain in
order to make what they consider a more saleable product. We certainly favor a
record that can be merchandised, for unless the record sells, its artistic merits
become lost. We do not agree, however, that a useful
whatever they may be
alterations destroy the disc's mono playability.
if
these
purpose is achieved
There are many mono-only stations and there are many people who, for one
reason or another, wish to play records via a single channel. Even in instances of
stereo broadcasting, there will always be large numbers of mono listeners.
These groups must not be told that they simply have to settle for what they can get.
It is a clear responsibility of the industry to ensure that the final product
will be as enjoyable to the mono listener as to the stereo listener. Certainly,
there is every reason to expect that the sound from professionally cut stereo
L.Z.
discs will be undistorted under any circumstances.

-

-

-
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Compatirle disc Playback
JOHN

J. BUBBERS

Many broadcasting stations are faced with the
problem of playing stereophonic discs even
though their transmission is mono. Good sound
quality along with non -destructive play of these
discs is possible.

APPROXIMATELY TEN YEARS after the introduction of the stereophonic disc the question of
compatibility has once again come to occupy the
advertising and promotional literature. The technical community has been somewhat less occupied with this
problem, especially since the term has come to mean one of
several concepts over the decade of stereo. The two most
prevalent implied meanings are the ability to play stereo
records with monophonic pickups (the vertical component
having been modified in the recording process), and the
ability to play a stereophonic disc monophonically without a
change in the musical balance or intent. It is the purpose,
here, to cover only the first implied meaning or use of the
compatibility concept.
In the beginning, monophonic recordings presented a single
set of problems in that the recorded information was limited
to one plane of motion, either lateral or vertical. Certain
obscure systems had been proposed from time to time to
record at some intermediate angle, particularly in the early
days of phonograph recording, since even then the battle
waged over lateral versus vertical. The intermediate or skew
angles were proposed as universal playback methods, but
these suffered from the inherent inefficiency of the vectorial
loss of output during the recovery of only the vector component, instead of the resultant present in the plane of mo-

e
N-

John J. Bubbers is vice president for field engineering at Pickering and Company of Plainview, New York. Prior to his
Joining Pickering in 1962 he had been a vice president and
chief engineer of B'C Recording for nine years. From 1950 to
1953 he was chief engineer of radio station WLIB of New York
City.

tion. As a further limitation these devices were acoustical
and lacked electronic amplification to overcome their low
sensitivity; hence, were only an academic consideration and
never a large factor in the development of large-scale home
and studio devices.
The introduction of electrical recording cutters and the
resultant possibility of stereophonic recording was most
definitively outlined in a patent issued to Alan D. Blumlein
in 1933 in England (and later in the United States in essentially the same form). While the earlier proponents of stereophonic recording had related the use of two channels to a
vertical and lateral channel, Blumlein described in great
detail the advantages of the 45/45 recording system since he
further recognized the difficulty of maintaining uniform
characteristics in a system that had two dissimilar channels,
vertical and lateral, as their main vectors. The later Keller
patent in the U.S. (1938) rounds out the basic principles of
the stereophonic recording systems as we now know them.
The effect of removing the low- frequency vertical component
has been described in this early literature and in essence has
only been rediscovered by the more contemporary recording
practitioners. However, nowhere in the original teachings
on stereophonic disc recording does the word compatibility
appear. One can only assume that this concept has come about
as a refinement, as in the case of monophonic playback where
a balance change is effected, or as something not intended as
in the case of pickups intended for lateral -only use. It is this
latter problem which will be treated here.

BASIC MONO PICKUP
DESIGN CONSIDERATIONS
The designer of monophonic pickups formerly was concerned with a moving systems which responded optimally in
one plane, either lateral or vertical. His specific chore, then as
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now, was to arrange the mechanical and electrical parameters
to achieve uniform frequency response, low distortion, and a
degree of ruggedness; all to permit field use of the device.
The three parameters which the pickup designer could vary
were mass, compliance, and resistance (this last -named frequently is called damping). Classical mechanics demonstrated
that mass and compliance were frequency -sensitive functions,
but while the mass was analagous to electrical inductance,
compliance could be simulated by a capacitance, as a first

consideration. The fact that certain geometric configurations
whose weights were identical, but by arrangement of pivot
points had different effective masses, was frequently used to
the advantage of the designer for the most meaningful
exploitation of the parameters within which he worked. The
compliance was frequently changed to satisfy the requirements of the arm -mass -pickup compliance relationship to
provide a pick-up -arm resonance which would not be subject
to the periodic disturbances present in any normal playback
system, such as disc eccentricity or normal warp. The damping, or resistive comonent of these pick -ups was the most
elusive parameter, since it introduced mass and (unlike its
electrical counterpart) was the most difficult to measure
directly. The magnitude of damping required could however
be determined by several classical means borrowed from the
equivalent differential expressions or from electrical analogues.

The result of continued work over the years lead to many

4

T6

(A)

(B)

Figure 1. These illustrations are from U. S. Patent Number 1283903
(Reynard, November 5, 1918). They show an oblique -cut groove
that allows reproduction to take place with a vertical- or lateral response pickup. (A) shows the top view of the groove with the
lateral component illustrated and (B) the corresponding vertical
component.

(Continued on page 21)
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These are portions of British Patent Number 394325
1933). The patent illustrates the various ways of
making sum and difference channels for the purpose of converting a
vertical -lateral system to 45/45. In (A) the area within the dashed
lines is a common three -coil hybrid transformer; (B) is the diagramatic
representation of (A); (C) shows a double matrix in series with a
lossy gain control in each channel
its advantage lies in the fact
that the sum or difference vectors can be modified by the gain controls and the resultant sum and difference rematrixed in the right hand matrix; at (D) a frequency- sensitive gain control is indicated in
the difference channel
vertical as derived from a 45/45 system
and it indicates the simplest kind of frequency- sensitive reduction
of vertical component.
Figure 2.

(Alan

D. Blumlein,
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Ampex Circle 26 on Reader Service Card -'
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Amex AG -440.
For the recorcinc engineer

who wcntto fly.
you're moving out, taking off with the hot young
groups who ride the charts, you deserve the multichannel recorder that will let you be your most creative.
The one with the greatest versatility. The one with the
fewest technical hangups. The one that will pay for
If

itself fastest.
There's only one like that: the incomparable Ampex
AG-440. Read why recording engineers who are help-

ing to create today's big sound prefer to work on an
Ampex. Then return to this thought: An AG -440 can be
working for you in a matter of weeks; you can use our
deferred payment or lease plans, and pay for it out of
current earnings.
Now. Ready to fly? Call your local Ampex distributor.
If his number isn't on your chart, call our world headquarters, (415) 367 -4400 (collect).
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,ourtesy
ADD TRACKS ANYTIME, EVEN
SPLIT YOUR SESSIONS
The Ampex - pioneered Sel -Sync,. System made
multi-channel mastering possible. It gives you the
freedom to develop the right sound even after the
talent has gone home, to add new dimensions with
layers of experimental sound. And if only half the
group can make today's session, let the other half
do their thing later. It's easy. AND REMOTE SELSYNC SYSTEM makes your AG -440 even more versatile. It was previewed at the Spring AES Show.
Plan for it on your new board.

PERMANENT ALIGNMENT SAVES
TIME, SAVES MASTERS
If you've ever wrestled with fuzzy sound caused
by misalignment, you know how important our
heavy die-cast frame is to the AG -440. It provides
an inflexible anchorage for tape guides and heads
so that alignment and tracking will not present
problems to hamper your creativity. And the
stable, drift -free electronics keep your signal clear
and true.

ADVANCED HEAD DESIGN
DELIVERS CRISP SOUND
High crosstalk rejection means your tracks stay
separated
until you're ready to mix. Sounds stay
bright and brilliant. New "deep gap" head design
increases head life dramatically. This exclusive
Ampex feature allows your AG-440 heads to maintain full frequency response many times longer
than conventional heads.

Re;

rds Div. Wa

LESS DOWN TIME, MORE

ASSIGNMENTS, BETTER INCOME
The AG -440 series is the result of ten years of
multi -track experience. We know that easy maintenance is a must ... that's why it has up -front
plug -in electronics, tillable top plate, and the
simple straightforward transport. And because
you can switch easily from ya" to y" tape, you can
assign a variety of jobs to this machine, make
more money for the studio.

MAXIMUM DYNAMIC RANGE
MEANS MINIMUM RESTRICTIONS
Much of the excitement of today's young sound
comes from driving the instruments off the top
of the scale. To capture these wild experimental
sounds, you need the widest possible dynamic
range ... and the AG -440's distortion free swing
gets the most from the tape. Coupled with maximum S/ N. This means you can mix down and dub
through many generations without excessive degradation. And, your multi-channel AG-440 records
and plays back an honest 30 to 18,000 Hz ( ±2dB
@ 15 ips).

-

LET YOUR AG-440 PAY FOR ITSELF
WHILE YOU USE IT
Ampex offers a unique choice of lease or extended
pay plans. You could, for instance, get a onechannel AG-440 for as little as $50 a month. Then,
because of its modular design you could build it
to 2, 3, or 4 channels. Or you can get a complete
AG-440-4 or AG -440 -8 now and pay for it out of
current earnings. It's the only way to fly!

ANNOYING SCRAPE FLUTTER ELIMINATED
The AG -440's extremely low inherent wow and
flutter give you full freedom to create the biggest
or most delicate sound. Now, in addition, you can
get rid of annoying midrange scrape flutter, which
has plagued recording engineers in the past. One
built -in jewel bearing idler cuts scrape flutter by
as much as 75 %. A second (optional) virtually

Write for your copy of the AG-440 "Flight Plan."
It contains full description and specifications.
Professional Audio Products Division, 401 Broadway
Redwood City, Calif. 94063

eliminates it.

AMPEX
www.americanradiohistory.com
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BUBBERS (from page 17)

excellent monophonic pickups, whose frequency response
exceeded 20,000 Hz, with low distortion while being well
damped. In this way no excessive resonant amplitude rises
existed and hence the transient response was of equally high
order. Important to this review is that the designs concerned
themselves with monophonic reproduction, and in only some
instances were these devices designed as universal pickups
(vertical- lateral for broadcast use). With the freedom of having the motion limited to one plane, the designer frequently
did not concern himself with the mechanical impedance in
the unwanted plane of motion. In several designs the motion
of the unwanted plane was actually limited, since it was felt
that this restriction would further remove undesirable commotion of the tone arm. As a general consideration, the
mechanical impedance of the pickup varied with the plane of
motion, and was most frequently at a minimum in the design
plane.

DISTORTION PRODUCTS

STEREOPHONIC PICKUPS

EQUALIZATION

With the arrival of stereophonic recordings, the pickup
designer was now forced to change his approach. The mechanical impedance ideally was equal in all planes, that is
lateral, vertical, and all planes between. Several pickups had
horizontally positioned armatures during the monophonic
era, however, the vertical mechanical impedance was far
greater than the horizontal impedance, Some other designs
employed the vertically- oriented stylus with a vertically compliant bearing, which plane was electrically sensed, and
the output then matrixed to give a resultant 45/45 pickup.
The general trend in all of these designs, however, was
directed to a horizontally positioned moving member in a
universally movable bearing. In magnetic devices the moving
member is a part of the magnetic-voltage generating system
while the piezo electric devices use an intermediate member
to couple the motion to the appropriate voltage- generating
elements. (Other designs have been employed such as moving coil, in which there is not necessarily a horizontally- oriented
member but for this discussion we will limit it to the most
popular current design.)

WEAR OF DISCS

á

Many studies have shown that wear incurred during the
playback of discs is related to the tip area, tip configuration,
tracking force, frequency of recording and amplitude of
recording (these last two are inter -related since they represent the acceleration applied to the playback tip and mechanical impedance of the moving system.) In those planes
where the mechanical impedance is at a maximum the wear
will be greatest; conversely in those planes with low mechanical impedance the rate -of -wear will be at a minimum. The
actual rate -of -wear in general terms is a function of the motional impedance presented by the stylus, in an ideal stereo
pickup the motional impedance should be, or at least approach, zero.:\ctual modern designs under ideal conditions
have shown that this condition can actually be approached.

One important consequence of the use of styli with varying
motional impedances relative to their design plane, is the unpredictability of the effect of the motion on the moving
assembly when constrained. Under the worst case, a pickup
having no vertical compliance is called upon to reproduce a
vertical signal. The best that one can hope for is no signal at
all. This, however, is frequently not the case. In fact, the
stylus or the discs plastic now deforms in an unpredictable
fashion and generates unwanted signals; this is more generally
termed distortion. During the deformation process, which
is frequently in excess of the elastic limit of the record material. the rate of wear is at its greatest. The magnitude of the
distortion products will generally be a function of the mechanical impedance and the extent to which the linear characteristics of the stylus- plastic relationship is exceeded.

Early systems frequently utilized passive networks for
playback equalization. While this may have been state-ofthe-art some thirty years ago, it is my opinion and observation that the investment in one of the newer solid -state
equalized playback preamplifiers will round out the disc reproducing chain, making possible reproduction well within
\:113 playback standards. Further, the signal -to -noise ratio
will frequently be much improved over the old passive networks, since they were designed for pickups whose output was
some 15 dB higher than the current crop.

CONCLUSION
The use of a monophonic pickup to achieve playback of a
stereo disc will generally lead to wear greater than if the
record is played back with a pickup whose motional impedance is uniform and small in all planes. Further, the use
of a pickup with high motional impedance in one plane will
result in large, unpredictable distortion products in that
plane. The magnitude of these effects is a function of the
motion in the planes of high impedance. While they may be
reduced to a lesser magnitude by various recording devices,
they are nevertheless present whenever the motional impedance and plastic effects either exceed their linear range or
secondary effects take place.
When one considers the liklihood of damage from playing a
stereo disc with a monophonic record, in light of the experience
and studies conducted over the last decade, then the continued use of any but the best playback pickups is an expensive and possibly destructive attitude. The cost of even the
best pickups does not exceed the cost of a dozen of the best
LP's. When one equates these two factors, the cost of the
pickup versus the cost of a dozen discs, there can be no
question as to the reasonable and logical conclusion for the
professional user. The improved results combined with the
increased wear far exceed the risky continuation of using a
monophonic pickup for stereophonic reproduction.
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1968 Midwest Acoustics
ConFeronce
ROBERT B. SCHULEIN

In his

brief report, Mr. Schulein outlines the

most prominent audio- interest facts of this

recent conference.

AN
EFFORT TO ADVISE industry of the acoustical
activities of universities in the midwest, the second annual
Midwest Acoustics Conference was hosted by Northwestern University in Evanston, Illinois, on April 11,
1968. Last year, the first Midwest Acoustics Conference was
held at the University of Illinois, Chicago Circle Campus and,
in 1969, the University of Wisconsin at Madison will participate. Although none of the presentations dealt directly
with the field of professional audio, several of the talks were
of indirect interest.
In the presentation by W. O. Olsen, Performance Characteristics of Hearing Aids, some of the subjective aspects of various
forms of distortion were discussed in regard to speech intelligibility. Distortion was introduced by symmetrical and
asymmetrical clipping over a range of about 2 per cent to
50 per cent while subjects listened to voice communication
over a 200 Hz to 4 kHz bandwidth. The presentation was
concluded with a tape- recorded demonstration of the subjective nature of the various forms of distortion investigated.
Of particular interest was a presentation by Karl Reimann
entitled Piezoelectric Film. This paper concerned the details
of an acoustic transducer which consisted of a vacuum deposited piezoelectric cadmium sulfide-field -effect transistor
on a high -temperature plastic film. Such a device, if further
refined, could be the basis for a small, high -quality microphone.
The effect of noise on binaural hearing was discussed in a
paper by Z. G. Schoeny. In his presentation, Dr. Schoeny
investigated the masking ability of binaural noise on the perception of pure tones of various frequencies as a function of
the amplitude and phase characteristics of the binaural noise
N

linear distortion reduction, subjective aspects of sound reproduction, and the reduction of the bandwidth required to
transmit speech information. Two specific examples of nonlinear distortion reduction by means of complementary distortion were described, one dealing with the reduction of
tracing distortion in phonograph records, and the other with
the reduction of loudspeaker distortion due to non- linearities
in the magnetic field, and compliance of the cone edge suspensions. In regard to the subjective aspects of sound reproduction, a proposed playback system was outlined, consisting
of six separate speaker systems surrounding the listener.
Three of the speakers were used to provide the primary
signal output and maintain the auditory perspective, and
three other speakers were used to simulate the reverberation
characteristics of the room in which the recording was made.
The final topic of his discussion was a speech bandwidth
reducing system capable of a 1000 -to -1 bandwidth reduction
by making use of the recognition of speech elements such as
syllables, syblets. and phonemes.

signal.

Three particular areas of sound reproduction research were
discussed by Dr. Harry F. Olson in his after -dinner speech
Trends in Sound Reproduction. The areas discussed were non-

Mr. Schulein is Senior Development Engineer at Shure Brothers,
Inc. in Evanston, Illinois.

Figure 1. Dr. Harry F. Olson delivering his after -dinner talk Trends
in Sound Reproduction.

www.americanradiohistory.com

to

J

T

distortion
ARNOLD SCHWARTZ

understanding of tracing distortion will
enable both the final user and the cutter of
records to extract the lowest possible distortion
from the disc.

A thorough

A DISTORTION -FREE phonograph pickup
There are many sources of
pickup distortion including mistracking, non -linear
CAN
transducing system, and deviation of the playback
angle from the recorded angle. Proper design and manufacture can minimize, and hopefully eliminate these types of
distortion. Tracing distortion, however, is inherent in the
geometry of the present disc recording- playback system.
This type of distortion is noticed mainly at the inner diameter
grooves where break up and shatter become evident at high
frequencies and high recorded amplitudes.
The pickup generates tracing distortion because the playback stylus does not have the same shape as the recording
stylus. The recording stylus is a wedge -shaped cutting tool,
while the playback stylus is spherical. This problem is further
accentuated by the fact that the inner diameter linear groove
velocity is less than half the velocity of the outer grooves.
We will discuss the distortion generating process and then
separate the factors which determine the magnitude of tracing
distortion. We will also discuss current approaches to the
reduction of tracing distortion.
ever be designed?
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VIEWING

ANGLE

RELATIVE MOTION OF RECORD
AND PLAYBACK STYLI

4.
4

WEDGE -SHAPED

o

CUTTING STYLUS
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Y.i

DISC

SURFACE

ISC SURFACE

TIP RADIUS
R

DISC SURFACE

SUCCESSIVE
POSITIONS OF BALL

OF BALL CENTER,Cs

GROOVE
CENTER LINE

(A)

LINE CONNECTING
SUCCESSIVE POSITIONS

(A)

(B)

(B)

Figure 1.

(A)

Figure 2. In

(B) gives

a

record groove, while in (B) the

is a stereophonic groove with one wall modulated.
view of the modulated channel 45° to the disc surface
and perpendicular to the quiet groove.

TRACING DISTORTION
IN STEREOPHONIC RECORDING
Tracing distortion in stereophonic recording is easier to
visualize and is more of a problem than in lateral or monophonic recording. FIGURE 1(A) shows a recorded groove
with one wall modulated sinusoidally. By viewing this modulation 45° to the recorded surface and perpendicular to the
quiet channel (see arrow FIGURE 1(A), the modulated channel
will be seen as a hill and dale or vertical recording as shown in
FIGURE 1(13). The playback stylus is conical with a spherical
tip, and is shown riding in the groove in FIGURE 2(A). The
recording stylus, which is shown cutting the groove, is wedge shaped. Since only the spherical portion of the playback
stylus is in contact with the groove, it can be represented by
a sphere; see FIGURE 2(B). We can also imagine that the
groove is stationary and that the stylus ball rolls along the
groove. In the following analysis, we will be using a stereophonic amplitude-responsive pickup, where the output of
each channel is proportional to the groove modulation
amplitude. A velocity responsive pickup would serve as well,
but the waveform would be differentiated and make visualization of tracing distortion more difficult. The electrical
output of an ideal linear -amplitude pickup is an electrical
replica of the mechanical motion of the pickup stylus. The
stylus motion will be the curve connecting the successive
positions of the center of the ball as it rolls along the groove
contour; see FIGURE 2(B).

Arnold Schwartz is president of Micro- Point, Inc., manufacturers of recording styli. He was previously associated with
CBS Labs, where he was instrumental in the design of their
series of test records.

(A)

a

playback tip

is

shown in

same

view

a

as

cross section of the
Figure 1 (B) has the

recording and playback styli in the groove.

An exact analysis of tracing distortion can become very
complex, and since we are only interested here in the concept,
we will make a simplifying assumption; let us assume that a
sine wave is a series of semicircles alternating convex and
concave. FIGURE 3 shows a modulated groove comprised of
semicircles with R. representing the radius of the modulation,
and the playback stylus is shown with R. representing its
radius. We will make R. = R., a condition that can occur
frequently in actual playback conditions. The playback
stylus rolls along the groove in the direction of the arrow,
and the dotted line represents the successive positions of the
center of the playback stylus ball. These positions in turn
are represented by the dotted circles. When the ball travels
on the convex portion of the curve, the ball center describes
an arc that is a longer distance than the corresponding
groove contour. When the ball travels on the concave portion
of the curve, the ball center describes an arc that is a shorter
distance than the corresponding groove contour. In fact
when the playback ball is centered in the convex segment
the centers of the modulation and playback balls coincide
and the playback ball motion goes to zero for án instant.
The resulting pickup output is a distorted version of the
groove contour. The tracing distortion thus generated will
consist mainly of second and third harmonics. FIGURE 4
displays the fundamental, second, and third harmonics
(in proportional magnitudes) derived from the playback of
an actual sine wave. By combining all three wave forms, a
composite wave form is derived that reflects the tracing
distortion process described above.

FACTORS AFFECTING
TRACING DISTORTION
The amount of tracing distortion generated is dependent
upon the following factors:
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Figure 5. The effect of tip radius on tracing distortion. At (A) is a
small tip radius while at (B) the effects of a large tip radius may

CENTER OF MODULATION
SEMI -CIRCLE

be seen.
Figure 3. Semi -circle modulation where

Tip Radius: Tracing distortion

Rs

=129.

is directly proportional

to the tip radius. As the tip radius increases, the difference
between the distances the ball center travels on the convex and concave segments of the groove contour increases
and thus increases the distortion. FIGURE 5 shows two
identical grooves; in FIGURE 5(A) it is played with a relatively small tip radius, and in FIGURE 5(B) with a large
tip whose radius equals the modulation radius. The distortion is negligible in FIGURE 5(A) compared to the
high distortion of FIGURE 5(B).
Modulation amplitude: Tracing distortion is directly proportional to the modulation amplitude. As
the modulation amplitude increases, the modulation
radius decreases, see FIGURES 6(A) and 6(B), which
makes the playback tip radius appear larger by comparison and thereby increasing distortion. FIGURE 6(B)
shows a modulated groove which is the same as in FIGURE
6(A), but with a larger modulation amplitude. The

0°

180°

360°

ALL THREE
WAVEFORMS
COMBINED

FUNDAMENTAL

0°

distortion
180°

360°

SECOND
HARMONIC
THIRD
HARMONIC

R..
RR

The modulation amplitude, modulation fre-

quency, and recorded diameter in combination determine the
modulation radius. In the analysis of an actual sine wave, a
quantity called the radius of curvature is used which is the
second derivative of the equation describing the amplitude of
modulation. When the ratio

=1

R,

the second harmonic dis-

Figure 4. The tracing- distortion components of sine -wave modula-

tortion is 25 per cent, and the third harmonic distortion is
R.
decreases the decrease in sec12M per cent. As the ratio

tion. At (A) are the fundamental and harmonics generated by
tracing distortion. At (B) the output waveform for sine -wave
modulation is shown.

ond harmonic is directly proportional, the decrease in third
harmonic, however, is more rapid. The effect of the ratio

(Al

á

playback distortion from the groove in FIGURE 6(B) is
greater than that from FIGURE 6(A). Tracing distortion
is therefore greater at higher recorded levels.
Modulating frequency: Tracing distortion is proportional to the frequency. As the frequency increases, the
radius of modulation decreases and by comparison the
playback tip radius appears larger -resulting in increased
distortion. FIGURE 7(B) shows a modulated groove which is
the same as that in FIGURE 7(A), but with a higher modulating frequency. The playback distortion from the groove
in FIGURE 7(B) is greater than that from FIGURE 7(A).
Tracing distortion is more severe at higher frequencies.
Recorded diameter: Tracing distortion increases as
recorded diameter decreases. FIGURE 7(A) and 7(B) also
represent two identical recorded grooves, but with FIGURE
7(A) at a larger diameter with little or no distortion,
and FIGURE 7(B) at a smaller diameter with higher distortion. Tracing distortion is thus more pronounced at
inner diameters.
A pattern emerges from the above discussion of the effect
of tip radius, amplitude, frequency, and diameter. We can
make a general rule which states that the distortion generated
is proportional to the ratio of the playback tip radius (R.) to
the radius of modulation (R.). Put into a formula; tracing

(B)
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Figure 6. The effect of modulation level on tracing distortion.

(A)

low -level modulation and (B) high -level modulation.

(B)

Figure 7. The effect of frequency or diameter on tracing distortion.
(A) is a low frequency or outer diameter, (B) is a high frequency or

inner diameter.

on harmonic distortion is shown in FIGURE 8.
Rs
When the playback stylus is tracing a complex wave, as in
the case of music, intermodulation tones are generated.

When

R.

=1 the effect is severe and the familiar break up or

groove shatter will be heard.

STYLUS WEAR
The effect of a worn playback stylus can now be related to
tracing distortion. FIGURE 9(A) shows a normal unworn
stylus viewed 45° to the recorded surface (same view as in
FIGURE 1). FIGURE 9(B) shows the same tip after it has been
worn. The stylus now appears to have a larger radius and the

ratio

R for any set of recorded conditions will be larger,

and

the distortion proportionally greater. To give the reader some
feeling for the magnitudes involved, we list three sets of
conditions for

R' =1, and
R.

add. Note, that the percentage of third harmonic does not
change since each wall has the same proportional distortion.

The more significant second harmonic distortion does, however, cancel and clearly illustrates the additional problems
created by the change from monophonic to stereophonic
records.
The inherent distortion reduction of lateral recording as
compared to stereo recording is analagous to the reduction
of second harmonic distortion in an amplifier push -pull output
stage as compared to a single -ended amplifier output stage.
The two groove walls, in lateral recording, are also in push pull.

TRACING DISTORTION REDUCTION
With the advent of stereophonic recording, with its inherent higher tracing distortion, various methods have been
used to reduce it. The most obvious method has been the

where second harmonic distortion

is 25 per cent and third harmonic distortion is 12% per cent
for a 0.7 mil tip radius. Recorded level is relative to the standard stereophonic recording level of 5.0 cm /sec peak velocity.
Diameter
4%
51A"
6"
Recorded level
+6dB
+3dB
+10dB
Frequency
4 kHz
7 kHz
4 kHz

PER -CENT
HARMONIC
DISTORTION

20
15

MONOPHONIC PLAYBACK

10

The discussion up to this point has been focused on stereophonic recording where each groove wall is independently
modulated. What happens with lateral modulation when both
groove walls are modulated in phase with identical signals?
FIGURE 10 shows the phase and amplitude relationships of the
harmonics generated by the pickup from each groove wall,
and the resultant waveform when these are added to produce
a lateral output. Second harmonic distortion is out of phase
and is cancelled, while the fundamental and third harmonics
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Figure 9. Stylus wear and tip radius. At (A) is an unworn stylus.
At (B) the change of radius due to wear is clearly seen.

Figure 10. Tracing distortion in lateral -only recording.

reduction of the tip radius. It is felt by some pickup manufacturers that a further reduction in tip size below 0.5 mil
would decrease the bearing surface and cause undue high
stress on the groove walls and permanently deform the record.
To counteract this tendency, the elliptical tip was developed.
This type of tip attempts to reduce the radius size in the
tracing distortion direction to approximately 0.25 mil. An
adequate bearing area is maintained by having a relatively
large radius perpendicular to the small radius, where the
large radius will not affect the magnitude of tracing distor-

tion. It is interesting to note that that change from 78 rpm to
33 -1/3 rpm required a substantial reduction in tip radius
to maintain low distortion levels.
A radically different approach to tracing distortion reduction is the method of pre- distortion. By this method, the
recorded groove shape is distorted in such a fashion that the
resultant playback distortion is substantially reduced. FIGURE
11 shows a distorted recorded wave form which when played
back will yield an undistorted wave form. This method of
tracing distortion reduction is complex. The amount of correction or pre- distortion required is constantly changing with
frequency, amplitude, and diameter. The general system for
this method of tracing distortion correction is shown in the
block diagram of FIGURE 12. The output of the tape recorder
is fed to circuitry which instantaneously computes the tracing
distortion that would be present on playback. This circuitry

PLAYBACK STYLUS MOTION
(SINUSOID)

t

.-,<
.^ ;-,

it/ -.

1

Figure 11

Y--r

RECORDED GROOVE
(PRE -DISTORTED)

Tracing distortion correction by recorded pre- distortion.

TIP
RADIUS DIAMETER

1I

TRACING
DISTORTION
COMPUTER
CONTROL
SIGNAL

TAPE
RECORDER

Figure 12.

actually measures the ratio of

+t

CUTTER

CORRECTION
CIRCUIT

A block diagram of

DRIVE
SYSTEM

a

DRIVE TO

CUTTER HEAD

tracing distortion correction system.

R

by sensing frequency and

amplitude from the tape recorder output, while tip radius is
preset, and diameter information is fed in from an external
source. The tape recorder output is fed to circuitry which
inserts the appropriate correction voltage and which is controlled by the computing circuitry. One of the difficulties
of this method, aside from the complexities in generating and
recording the appropriate correction, is that the correction is
exact for only one size stylus. A stylus with a larger tip
radius will be undercorrected and some distortion will remain. A pickup with a smaller tip radius will be overcorrected
and will actually play back some of the recorded distortion.
Tracing distortion correction by pre-distortion is used by
RCA Victor in all their stereophonic recordings. The RCA
device is called the Dynamic Recording Correlator and it
corrects for a 0.7 mil playback tip. Playback distortion therefore reaches a null for this radius. The distortion will rise
slowly for smaller or larger radii. RCA engineers find that by
using the Correlator a net reduction in distortion is achieved
over a reasonably wide range of tip radii.
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Compatible disc Recorc in g
DAVID GREENE

Compatibility of the stereo disc with mono
playback is dependent on the ability of the stereo
channels to be summed. Care must be taken at
the mastering end to ensure that this can happen
without problems.

N

RECENT YEARS there has been an increased emphasis

in stereo by the record companies and by the f.m. broadcasters. The record companies desire to market a single
record that will satisfy both the mono and stereo record
user, thus decreasing inventory and a duplication of manufacture. The f.m. broadcaster has been faced with transmitting
a single signal that will be acceptable to both the mono and
stereo listener. Both have encountered a new group of problems that has made it necessary to re- evaluate the recording
procedures and develop new tests to assure the best results

under any conditions. This article deals with the nature of
one of these problems and a method of evaluation.
First, let us look at the requirements of a compatible
record. Tracking is of prime importance. A compatible record
must be capable of being played on either a mono or stereo
pickup without skipping. Also the esthetic balance of the
program material must be maintained. And finally there
should be no inherent distortion when played in either mode.
Mono records contain lateral information only. Stereo
records contain information that results in vertical as well
as lateral information. It is this vertical information that
presents a serious problem to the playing of early stereo
records on mono equipment. The inability of the playback
stylus to properly track the groove results in audible tracking
distortion and increased skipping. The poor vertical compliance of the playback system also causes serious damage to
the record groove. As a result the record can no longer be
played even in stereo.
David Greene is a recording engineer with
Inc. of New York City.

A & R
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Figure 2. If the two channels are 180° out of phase, their addition
will result in cancellation.

However, in recent years cartridge manufacturers have
been building cartridges with good vertical compliance.
And the record manufacturer has learned how to concentrate
that information that causes high displacement of a record
groove into the lateral plane without causing an audible
change in the stereo program material. Consequently, the
stereo record of today is playable on much equipment manufactured after the early 1960's.
In today's commercial stereo recording the original recording is usually made on a tape recorder of either four or eight
tracks. Each track contains distinct musical elements of the
final product. Afterward, it is mixed down to two channels
in a seperate remix session to obtain the stereo product. At
this time the recorded elements are channeled so as to give
the listener the apparent directions of left, right, and center.
This center information is recorded equally on both the left
and right channels of the stereo master. Let us investigate
what happens when this stereo product is then summed to
obtain a mono signal.
When the stereo channels are added, the left and right
information combine in a simple manner. The center information, however, does not add in quite such a simple way.
Classically we are aware of what happens when two identical
signals are summed in -phase or out-of- phase. In an in -phase
situation the signals simply add in amplitude as shown
in FIGURE 1. If the signals are 180° out -of -phase we get a

cancellation effect and the signals subtract as shown in

Figure 1. If channels A and B are in perfect phase, addition
result when they are combined.

FIGURE 2.

If a 180° phase shift is encountered it is simple to cure
by reversing the phase of one channel with respect to the
other. Since the center information on today's stereo products
is identical, on both channels the laws of phase apply when
the stereo is summed to derive the mono. Since all recordings
are made on tape initially, let us look at what can happen on
a stereo tape recording system.
It can be seen in FIGURE 3 that a slight azimuth misalignment can result in a phase shift of the center information.
It should be noted that this can be caused by either the
record head or the playback head in a recording system.
It should also be noted that the shift is not 180° as described
in FIGURE 2. Therefore a reversal of the phase of one channel
with respect to the other will not eliminate this problem. The
shift can be slight enough so that when the product is auditioned in stereo it is not noticeable. However, when the
product is summed to derive the mono, this shift becomes a
much more critical matter. When added the signals will add
during some portions of the wave and subtract during others.
A minor phase shift between the channels causes selective
cancellation of the upper frequencies in a mono listening mode.
This results in a serious distortion of the product. This phase
shift may come from improper azimuth alignment of any
stereo head, or by equalizing one channel differently from the

TAPE HEAD
TAPE

CHANNEL A

CHANNEL A

(LEFT)

(LEFT)

CHANNEL
(RIGHT)

CHANNEL
(RIGHT)

B

(B)

(A)

w

or

A+B

Figure 3. Tape head alignment all along the way plays a profound
effect on the final result. In (A) the results of proper attention is
shown in two channels that are in perfect phase relationship. At
(B) is an exaggerated view of what happens when mis- alignment
allows the phase relationship of one channel to lag the other.
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Already in use in eighteen countries,
the Dolby system is making master
recordings which will withstand the
test of time.

THE DOLBY A301 AUDIO NOISE REDUCTION SYSTEM

The system provides a full 10 dB reduction of print- through and a 10 -15
dB reduction of hiss. These improvements, of breakthrough magnitude, are valid at any time-even after
years of tape storage. This is why
record companies with an eye to the
future are now adopting this new
revolutionary recording technique.

Making the
Master
Recordings
of the

features: Easy, plug -in installation
modular, printed circuit
solid state circuitry
high reliability, hands -off
construction
operation. Performance parameters such as
A301

Future
aw^

distortion, frequency response, transient
response, and noise level meet highest
quality professional standards.

-

Price $1,950 f.o.b. New York.

NEW optional half -speed adaptor modules for
premium quality tape to disc transfers.

NEW Remote Changeover option cuts costs,
enables one A301 unit to do the work of two.
333 Avenue of the Americas New York N.Y.10014
Cables: Dolbylabs New York
(212) 243 -2525.

Circle 25 on Reader Service Card

other along the mastering route. Of course, it can also be
introduced by inherent phase shifts in either stereo mix
channel. Once the stereo has been mixed, and at all subsequent points in its production, it must be checked by mono

audition.

CENTER

CHANNEL BUILDUP

Much concern has also been voiced about the problem of
center -channel buildup. This is the situation where information on both stereo channels adds in a different proportion
to the information on either one channel. This results in a
change to the esthetic balance of the product when it is played
mono.
This is not as serious a problem as most people believe,
because this buildup occurs acoustically when the record
is played stereophonically. The acoustical buildup of the
center is not as much as the electrical buildup when played
mono, but it nonetheless exists. If the balance is carefully
analyzed at the time of the stereo recording, and this center
buildup is esthetically objectionable in mono, careful listening
to the stereo will reveal that the center information is too
loud on the stereo to begin with.
In conclusion it can be said that a single record can be
made that will be acceptable to both the mono and stereo
disc user. All that is required is a careful understanding of
the problems involved and thorough checking of the product
at every step of the way; this will minimize those problems.
Although a truly compatible record that will play perfectly
in mono and stereo is not yet a reality, the stereo product of
today comes considerably closer than before.

BACK ISSUES AVAILABLE
A limited number of back issues of db are available
to interested readers who may have missed or misplaced
earlier issues. When ordering please indicate date of issue desired and enclose 75c for each copy.

CIRCULATION DEPARTMENT

db

for

-

All

The Sound Engineering Magazine
980 Old Country Road
Plainview, N.Y. 11803

Your

RecorNing Tape Needs
We carry a full line
of Scotch -BASF -Irish tapes.
Write for our free tape list.
Lowest prices.
Fast delivery from stock

AuOio Unlimited

715 Second Ave., New York, N.Y. 10016
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Sound
With
Imagcs

focal length (FL) is equal to half the
vidicon raster width (or height or
diagonal) divided by the tangent of
half the total viewing angle (0).
w (or h or d)
FL
tan
(FL and w in inches).

stating another relationship which proves
quite valuable: The lens -to-subject
distance(s) in feet is equal to the focal
length (FL) in inches times subject
width (W) in feet divided by the vidicon
target width (w) in inches.
FL x W
s -

-

\1'

that the vidicon
raster has a width of IA inch with a
height of % inch (4 to 3 ratio). (The
diagonal of the triangle can be calculated by taking the square root of the
You

may recall

It may be easy for some who carry
their slide rules (with angle functions)
to work out the necessary calculations
in short order, but it will save time to
use charts or graphs. The following are
offered as time -savers for those who
wish to use them:

sum of the squares of the sides of the

triangle.)
At this point

it

might be worth re-

MARTIN DICKSTEIN

MORE ON CCTV LENSES

1/2°

20

The

series of equations regarding
lenses for c.c.t.v. which were given in

June should really have a few more
added to them to indicate further the
relationships that exist in their parameters.
There may be lenses that do not conform to the following general relationship, but in most cases it is true that the
diameter of a lens (D) can be found by
dividing the focal length (FL) by the

6"
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speed (f), or:

10

F

20

15

1.

25

30

35

40

45

50

55

60

70

65

LENS -TO-SUBJECT DISTANCE (FT)

Figure 1. Subject width (W) versus lens -to- subject distance (s). Subject height is equal to
three -quarters subject width.

(with D and FL in inches).
Another association that may come
in handy in the choosing of the proper
lens for a particular situation is that the

1008
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Table
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w Products and Sorvicos
TAPE RECORDER

RECORDING HEAD

À

This all -transistor stereo recorder,
Model A 77, offers a host of innovations.
Most unusual is the electronically
governed capstan motor. Thus, tape
speed has been made independent of
the a.c. frequency. It may be used with
equal accuracy on 50 or 60 Hz current.
Further, a low-current switch is used
to electronically change the capstan
speed to one of the two standard speeds.
Normally 334 and 7,14 in. /sec. is provided, but 7A and 15 in. /sec. is available. Tape speed is specified to be within
±0.2 per cent. Wow and flutter is
0.08 per cent at 7A; distortion at 0 vu
is 2 per cent and over -all frequency
response is 30- 20,000 Hz +2, -3 dBboth at 7A. Other important specifications include standard NAB record
equalization and switchable NAB /IEC

playback equalization; s/n is better
than 58 dB at 7A; and stereo crosstalk
is better than 45 dB. Each stereo channel accepts low- or high -impedance mics
(switchable) and the output of the
recorder is 2.5 v across 60012. Operation
is fully controlled by solenoids, the
transport uses three motors, and the
unit accepts up to NAB standard 10Ainch reels. Versions of the transport are
available in either two- or four -track
stereo configurations and with or without built -in monitor amplifiers. A port-

new duplicator head is for use
with dual -track recording on equipment designed for duplicating stereo
cassette tape via reel -to -reel duplication.
Designated model 60-520, this duplicating head is glass- bonded to provide
the user longer head life as compared
with contemporary designs. Track width
is 23.6 mils and gap length is 120 to 160
microinches. Dynamic crosstalk is less
than -24 dB at the 2 to 5 kHz range
and less than -20 dB at 32 kHz. Self
inductance is 0.5 (±0.05) mH at 100
kHz and 100 mV. d.c. resistance is less
than 4.4(±0.5)tì. The head is for dubbing equipment with a tape speed of
15 in. /sec. and can be mounted on both
sides for proper head track interleaving.

able version includes small speakers.

Mfgr: Rel'ox Corporation
Price: $499 (without amps), $569 (with
power amps) -both with a wood surround. The portable is $599. A rack mount unit is $499. Add $100 for the
15 in. /sec. version.
Circle 101 on Reader Service Card

Mfgr: Ferroxcube Magnetic Recording

SOUND /FILM RECORDER

This

unit has been specifically engineered and designed for sound /film
synchronization. The model 1000 is
lightweight, at 71.4 lbs, and compact
at 11 x 9 x 334 inches. It may be
powered by a.c., or d.c. supplied from
several types of battery source. The
unit is equipped with a complete set of
frequency -response curves and a calibration curve of its photoelectric automatic level control. Fully transistorized,
and operating at a single speed of 7A
in. /sec. with a full -track head configuration, the unit provides a guaranteed frequency response of 20- 20,000
Hz.

Mfgr: Uher- Martel

Price: $695.
Circle 105 on Reader Service Card
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Div.
Circle 106 on Reader Service Card

CORRECTION
A listing in the AES Roundup pages of
June showed an incorrect price for the
Dolby Laboratories' remote changeover
system. The correct price is $425.

w

VERSATILE TOOL

UNIVERSAL

The new Type 1952 universal filter
will perform as a low -pass, high -pass,

tfityi
This device, dubbed the Plierench
functions equally well as a plier or
wrench. Either way it allows for slipproof performance with its 10 to 1 gear
ratio giving the user a powerful grip
on the object. is jaws are always
parallel and are easily adjusted to use
size by manipulating the handle. The
tool is manufactured from forged steel
and is heat treated. The standard jaw
reaches deeply and securely to free
difficult -to -grasp components. Two additional jaws may be interchanged. A
pipe-jaw attachment will grip pipe up
to 2 inches in outside diameter -and
without thread damage. A large internal-external jaw grips tubes, pipes, or
fittings from inside. It may be fitted into
the Plierench from the inside as well as
the outside.
Mfgr: Vaco Products Company
Price: $7.95 (8% inch version). A smaller
unit is also available.
Circle 102 on Reader Service Card.
1

VTR
The model 6402 video tape recorder
uses full -field slant- track, two -head,
frequency -modulated recording of the
helical -scan type. The head assembly
features all- electronic rotating elements;
this is stated to eliminate one of the
prime hard -to-clean areas of high wear.
Tape of % inch width is used at a linear
tape speed of 9% in. /sec. providing up
to 60 minutes from an 8% inch reel.
Audio re- record capabilities make it
possible to overdub the sound track
without disturbing the video portion.

a
cn

Other features include: automatic audio
and video level controls; built-in 2:1
sync generator; electronic editing capability; slow motion fixed at 1/12 normal
speed, and stop motion for reproduction
of any single field of video information.
A slanted tape deck eliminates idler
assemblies and inclined tape guides.
This adds further mechanical simplicity
to the unit by feeding the tape in direct
alignment to the drum.
Mfgr: Craig Corporation
Price: $1200

band -pass, or band -reject filter at the
turn of a panel switch. High -pass and
low -pass filters provide fourth -order
Chebyshev approximations with ±0.1
dB pass-band ripple and an initial cutoff
rate of at least 30 dB per octave at all
frequencies from 4 Hz to 60 kHz. The
low and high filters can be employed
singly, in cascade, or in parallel; cut-off
frequencies of the two filters can be
ganged together to provide constant percentage band -widths for band -pass
or band -reject tuning. In addition to the
usual signal-conditioning applications
the unit also can act as part of a spec-

FILTER

trum analyser or distortion meter and
with a random -noise generator, produce
controlled bands of noise as test signals.
Minimum bandwidth in the band -pass
mode is 25 per cent of the center frequency (approximately 1/3 octave) and
a null (infinite attenuation) characteristic is provided in the band -reject mode.
Maximum sine-wave input is 3 volts
rms, or 30 volts rms with the input
attenuator set at 20 dB. Input impedance is 100 kit; output impedance is
600ií.

Mfgr: General Radio Corporation
Price: $950
Circle 104 on Reader Service Card

CLASSIFIED
Classified advertising is an excellent and low -cost way to place
your products and services before the audio professional. If you are
a prospective employer seeking skilled help or an employee seeking
a change you will find that the classified pages of db reach the
people you want. Special low rates apply for this service.

Rates are 50c a word for commercial advertisements. Non -commercial and employment offered or wanted placements are accepted
at 25c per word.
Frequency discounts apply only to commercial ads and are as
follows:
3

times

6 times
12

times

- 333%
10%

20%

Agency discounts will not be allowed in any case.
Closing date for any issue is the fifteenth of the second month
preceding the date of issue.

Circle 108 on Reader Service Card
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AUDIO SEMINAR
Anyone interested in professional
sound reproduction, sound recording,
or broadcasting is invited to attend a
practical, how -to discussion entitled
"From Studio to Microphone to Listener." The seminar, which will feature
three noted electronics experts, will be
given by the Audio Engineering Society
during its 35th convention in October.
No registration fee is required and interested non- members are invited.
The three panelists will discuss various aspects of audio reproduction.
Victor Brociner of H. H. Scott, Inc.
will talk about practical acoustics-the
speakers, the listening room, and the
human ear. L. R. Burroughs of ElectroVoice will discuss selection and placement of microphones, paying particular
attention to directional characteristics
and acoustic phasing. John M. Eargle
of RCA's Record Division will describe
electronic signal processing- equalization and filtering, compression of dynamic range, and artificial reverberation. The moderator will be Irving L.
Joel of Capitol Records. Recorded tapes
will be played to demonstrate the techniques described by the panelists. There
will also be a practical demonstration
illustrating a technique for adjusting
the sound reproduction system to compensate for room acoustics. Finally, the
audience will be invited to ask questions.
The seminar will be held at 7:30 P.M.
on October 22, 1968, in the Oriental
Room of the Park -Sheraton Hotel in
New York City.

AMPEX
MORE
PROFESSIONAL AUDIO
SALESMEN WANTED
Because we are expanding our operations, we need to expand
our staff. We need professional salesmen to take over territories from Ampex salesmen who are moving up in the organization. They must be men who:

know how to sell through distributors
know the needs of end users in broadcast and master recording applications
want to work with the industry's first team, Ampex's professional Audio Division
Opportunities exist throughout the United States.
Please submit your resume, with salary requirements,
to Mr. R. E. Rutman, Ampex Personnel Department, 2655
Bay Road, Redwood City, California 94063.

AMPEX

An equal opportunity employer

JUST ARRIVED!
AMPEX NEW 8 TRACK
MASTER RECORDER
New Mastering

capability for modern

recording studios.

MOVING?
Have you sent us a change -of- address
notice? It takes time for us to change
your plate so let us know well in advance of your move. Be sure to send us
the complete new address as well as
your old address. Include both zip numbers. Keep db coming without interruption!

BACK ISSUES AVAILABLE
A limited number of back issues of db
are available to interested readers who

may have missed or misplaced earlier
issues. When ordering please indicate
date of issue desired and enclose 75c
for each copy.

db

-

ARROW ELECTRONICS
assures you of prompt service and
immediate delivery! Where the Re-

cording Industry is concerned our
people are clock watchers. You
can depend on us to deliver the
finest equipment made for professional use.
Contact Mr. Howard Winch for
additional information on the complete
line of Professional Audio Recorders-

ARROW ELECTRONICS.
1NI1 :S.

INC.

PROFESSIONAL COMMUNICATIONS DIVISION
900 Route 110

CIRCULATION DEPT.

.

Farmingdale, N.Y. 11735

212- 526 -0300

The Sound Engineering Magazine
980 Old Country Rd.
Plainview, N. Y. 11803

516- 694 -6800
w
w
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As a service to our readers we are pleased
to offer these books from prominent technical publishers. All prices listed are the
publishers' net. Shipping charges are

included.
Use the coupon at the bottom of the page
or give the complete title, author and coupon
number. Be sure to indicate quantity on the
special instructions line it more than one
copy of a title is wanted. Full payment must
accompany your order. We cannot ship
c.o.d. Checks or money orders should be
made payable to Sagamore Publishing Company, Inc. Because of the time required to
process orders, allow several weeks for the
receipt of books.

Broadcasting
RADIO BROADCASTING
L. Hilliard. Each of the five
chapters has been written by a prominent
educator with an extensive background of
practical experience in commercial and educational broadcasting. The areas covered include: management and programming, operating and studio facilities, producing and directing, writing, performing. For those of you
who want to, or must, operate on both sides
of the control room, this is virtually required
reading. 190 pages;
x 9 %; indexed;

edited by Robert

6y

clothbound.
$6.95 ($8.35 in Canada)
Circle 2 on Coupon Below

How To

General Audio

HOW TO BUILD
SPEAKER ENCLOSURES
by Alexis Badmaieff and Don Davis. A thorough and comprehensive "do -it- yourself"
book providing a wealth of practical and
theoretical information on the "whys" as
well as the "bows" of constructing high quality, top -performance speaker enclosures.
Contains detailed drawings and instructions
for building the various basic enclosures. Includes infinite -baffle, bass -reflex, and horn

projector types

as

well

as

several different

combinations of these. The book covers both
the advantages and the disadvantages of
each enclosure type and includes a discussion of speaker drivers, crossover networks,
and hints on the techniques of construction
and testing. Written and compiled by two of
the nation's leading authorities in the field of
acoustical engineering. 144 pages; 5A x
8%; softbound.
$3.50 ($4.25 in Canada)
Circle 3 on Coupon Below

PRACTICAL PA GUIDEBOOK: HOW
TO INSTALL., OPERATE AND SERVICE
PUBLIC ADDRESS SYSTEMS
by Norman H. Crowhurst. 1967. This book
gives all the basics needed to become a successful PA operator, in any situation where
the reinforcement, relay, or distribution of
sound can provide a service. It shows how to
properly install, operate and service public
address systems. All aspects of the subject,
from survey to the selection of appropriate
equipment, to installation, to routine operation and the maintenance of a finished system, are covered. Attention is given to solving problems encountered in providing successful service. The book's systematic and
practical approach makes it highly useful to
radio -TV servicemen, hobbyists, and PA
equipment manufacturers. 136 pages; 6 x 9;

illus; softbound.
$3.95 ($4.60 in Canada)
Circle 15 on Coupon Below

PLANNING THE LOCAL
UHF -TV STATION
by Patrick Finnegan. 1965. An informative
guide for the planning, building, and operation of a small- market, UHF -TV station.
Based on the author's lengthy experience in
the technical operation of such a station, it
explains equipment, layout, and building
costs that apply to the small studio (one -man
control room operation) with a heavy film
schedule. A valuable aid for the station
owner, manager, engineer and layman interested in this medium. 328 pages; 6 x 9;
illus; clothbound
$10.00 ($11.95 in Canada)
Circle 17 on Coupon Below

CLOSED CIRCUIT TV
SYSTEM

PLANNING

by M. A. Mayers and

R. D Chipp. 1957
This book discusses in detail the vitally important and rapidly expanding concept of
closed circuit TV systems, its utility and functioning. This book is not an engineering or a
it is written for managetechnician's text
ment. It explains and illustrates the kind of
systems that are available and their applications. 264 pages; 834 x 11; illus; clothbound.
410.00 ($11.95 in Canada)
Circle 16 on Coupon Below
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Sagamore Publishing Company, Inc.

980 Old Country Road, Plainview, N.Y. 11803
Please send me the books
have circled below. My full remittance in the amount
of $
is enclosed. N.Y. State residents add 2% sales tax.
I

1

2

23

3

24

4

25

6

5

26

7

27

8

9 10 11 12 13 14 15 16 17 18 19 20
28 29 30 31 32 33 34 35 36 37 38 39

Name
Street Address

City

d

m

Special Instructions

State

Zip

21

40

22

THE TECHNIQUE OF
THE SOUND STUDIO
by Alec Nisbett. This is a handbook on radio
and recording techniques, but the principles
described are equally applicable to film and
television sound. It describes how the highest standards may be achieved not only in
the elaborately equipped studio but also
with simple equipment out on location. 264
pages; 60 diagrams; glossary; indexed; 534
x 854; clothbound.
$10.50 ($11.95 in Canada)
Circle
on Coupon Below
1

MICROPHONES
by A. E. Robertson. 1963. This book, primarily written as a training manual for technicians, will also prove valuable to all users
of quality microphones whether for broadcasting, public address systems, or recording
of all types. There is now an almost bewildering array of microphones of differing characteristics, and new designs are constantly being produced. The author makes no attempt
to catalogue these but concentrates mainly
on the principles of operation. He only describes actual microphones if they illustrate
an important feature or have some historic
significance. The book is intended for the
user rather than the designer; mathematics
have been omitted from the main body of the
text. 359 pages; 6 x 9; illus.; clothbound.
512.75 (515.40 in Canada)
Circle 13 on Coupon Below

Electronics and Mathematics
ELECTRONICS MATH SIMPLIFIED
by Alan Andrews. For the engineer, student,
or technician who requires a knowledge of
mathematics as it pertains to electronics.
Covers the subject in a logical, clear, and
concise manner, using dozens of examples
related specifically to electronics. Particularly suited for use as a textbook in any
school or other training program involving
the study of electronics, the book has been
especially prepared to coincide with studies
leading to 2nd- and 1st -class FCC Radiotelephone licenses. (2 vols. in slipcase)
$7.95 ($9.95 in Canada)
Circle 11 on Coupon Below

MATHEMATICS FOR ELECTRONICS
ENGINEERS á TECHNICIANS
by Norman H. Crowhurst. This book is written to help the advanced technician and the
engineer bridge the gap between "book
learning" and practical experience. It is not
about mathematics but about how to use
mathematics in electronics. A unique programmed method shows not only how to apply textbook math towards the solution of
any electronics problem but also teaches how
to think in the best way For solving them.
Much emphasis is placed on correcting misconceptions commonly held by technicians.
The book begins with Ohm's and Kirchhoff's
laws and goes on to selective networks,
properties of coils and transformers, feedback
circuits, etc. 256 pages; 534 x 834 (hard-

bound).
$6.95 ($8.35 in Canada)
Circle 4 on Coupon Below

HANDBOOK OF ELECTRONIC TABLES
a FORMULAS, (2nd Edition)
A one -stop source for all charts, tables, formulas, laws, symbols, and standards used in

electronics. Devotes complete sections to
items of interest to service technicians and to
circuit design data. Includes a 6 -page, full color fold -out chart showing latest FCC allocations for the entire frequency spectrum.
192 pages; 5+ x 8 +; hardbound.
$3.95 ($4.95 in Canada)
Circle 8 on Coupon Below

DESIGN OF LOW -NOISE
TRANSISTOR INPUT CIRCUITS
by William A. Rheinfelder. 1964. Written
for students as well as circuit design engineers interested in low -noise circuit design.
Throughout, the book gives a multitude of
time -saving graphs and design curves for the
practical circuit designer. Simple derivations
of all important formulas are also presented
to help the reader obtain a deeper insight
into the fundamentals of practical low -noise
design. 128 pages; 6 x 9; illus.; clothbound.
$5.50 ($6.50 in Canada)
Circle 14 on Coupon Below

Reference
New 17th Edition of the famous

RADIO HANDBOOK
Tells how to design, build and operate the
latest types of amateur transmitters, receivers, transceivers, amplifiers and test equipment. Provides extensive, simplified theory
on practically every phase of radio. Broad
coverage; all original data, up to date, complete. 847 pages.
$12.95 ($15.50 in Canada)

Circle 10 on Coupon Below

Test and Maintenance
INTERMODULATION AND

HARMONIC DISTORTION
HANDBOOK
by Howard M. Tremaine. A complete reference guidebook on audio signal intermodulation and harmonic distortion. 172 pages;
5 %x 83; softbound.
$4.25 ($5.25 in Canada)
Circle 9 on Coupon Below

Classified

Circuitry and Components
PASSIVE AUDIO NETWORK DESIGN
by Howard M. Tremaine. A complete and
comprehensive guide to the design, construction, and testing of all types of attenuators, equalizers, and wave filters for the
practicing audio technician or engineer. This
authoritative text is one of the few written
on the subject, and requires only nominal
mathematical background. Written in easy to- understand language, the content presents
the basic design, construction, and testing
considerations without the confusion often
associated with passive networks. 288 pages;
5% x 8 %; softbound
$5.50 ($6.45 in Canada)
Circle 5 on Coupon Below

Looking for a qualified professional to fill
job opening?
Trying to sell some audio equipment
privately?
Want to get an audio engineering position
in another city?
a

USE

WHOLE AUDIO INDUSTRY
db
THE SOUND ENGINEERING MAGAZINE
now offers a classified advertising section

-

to firms and individuals in all areas of audio
recording, commercial sound, broadcasting, manufacturing, film and tv sound, etc.
Closing date is the fifteenth of the second
month preceding the date of issue. Send
copy to:
Classified Ad Dept.

AMPLIFICATION)
by Guy Fontaine. 1967. This systematic and
detailed treatment of the application of tran-

Circle 12 on Coupon Below

ACOUSTICAL

db
THE SOUND ENGINEERING MAGAZINE

980 Old Country Road
Plainview, New York 11803

inexpensive: 25c per word for
employment offerings, situations wanted and
other non -commercial ads; 50c per word
for commercial classified ads.
Rates are

TESTS

AND MEASUREMENTS
by Don Davis. Provides

a solid understanding of the entire subject of acoustical measurements; based on actual field test work,
using commercial equipment. Contains practical, time -saving solutions to actual problems
encountered in the field; minimum math is required for understanding. The author is an
expert in this Field, and an authority on auditorium acoustics. An invaluable book for
phone company special service engineers,
plant maintenance engineers, communications engineers, noise control specialists, architectural engineers, broadcast engineers
and technicians, hi -fi fans and students. 192
x 8 %; hardbound.
pages;
$6.95 ($8.35 in Canada)
Circle 7 on Coupon Below
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EQUIPMENT EXCHANGE FOR THE

TRANSISTORS FOR AUDIO
FREQUENCY (AUDIO -FREQUENCY

sistors in audio -frequency amplifiers shows
how the published transistor characteristics
are related to the principles of design. To assure clarity, the figures are rendered in several colors and placed opposite the related
text. Simple equations reinforce the lucid approach. An ideal textbook or reference on the
subject for engineers and advanced technicians. 384 pages; 5 %x 8; illus.; clothbound.
$7.95 ($9.55 in Canada)

db CLASSIFIED

A UNIQUE NEW EMPLOYMENT AND

EMPLOYMENT

-

REPRESENTATIVES. Active,
WANTED
qualified representatives to cover advanced
audio line. Submit organization resume,
territory normally covered and other lines

Fairchild Recording Equipment,
10-40 45th Avenue, Long Island City
11101, New York
handled.

Salesman to call on RECORDING STUDIOS
to sell professional audio equipment in
Metropolitan N.Y. area. Experience preferred. Send resume to Box E6, db Magazine,
980 Old Country Road, Plainview, N.Y.

11803.

www.americanradiohistory.com

FOR SALE

SOLID -STATE 50 WATT RMS plug -in d.c.
thru 25 kc operational power amplifier kit,
model 440K. Price $30.00. Send for free
catalog and 50 operational amplifier applications to: Opamp Labs. 172 So. Alta
Vista Blvd., Los Angeles, California 90036.

-

One to
SCULLY TAPE RECORDERS
twelve track. Two, four, and eight track
models in stock for immediate delivery.
Previously owned and
SCULLY LATHES
rebuilt. Variable or automatic pitch. Complete cutting systems with Westrex heads.
Custom designed
MIXING CONSOLES
using Electrodyne, Fairchild and Universal

-

-

Audio modules. From $4000.00.
Wiegand Audio Laboratories, 3402 Windsor Road, Wall, New Jersey 07719.
Phone: 201 681 -6443.

w
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Pocpo1 Placcs, Happenings
Donald V.

Kleffman

has

been

named marketing manager of Ampex

Corporation's video products division.
In the announcement by Lawrence
Weiland, general manager, it was
announced that Mr. Kleffman has been
with Ampex since 1959. In other marketing assignments, Richard Sirinsky
has been appointed national sales manager and Frank B. Thompson has
been named manager of video product

management for the division. Both
men also joined Ampex in 1959 and
have held various other positions.

The Institute of High Fidelity
announced its schedule for the
New York and San Francisco High
Fidelity Music Shows. In New York,
the show will be held on the second
and third floors of the Statler Hilton
has

Hotel. Dates are September 18th
through September 22nd. The first
day is dealers -only. The next two are
reserved for dealers in the afternoon
and consumers at night. Saturday and
Sunday, the 21st and 22nd, are for the
consumer. Admission for non -trade will
be $2.00.
San Francisco's show will follow a
similar format. The place is the Civic
Auditorium and the dates are October

30th through November 3rd.

Verne Linsley has been appointed
district manager for the eleven western
states for Perma -Power Corporation's Ampli -Vox division. According
to James F. White, Ampli -Vox v.p.,
Mr. Linsley will work out of the company's new branch in Long Beach,
California. His responsibilities will include all sales of Ampli -Vox cordless
public address equipment in California,
and the coordination of the activities
of Perma- Power's sales representatives
in the adjacent territories. This represents an in- company promotion for Mr.
Linsley; he was previously an Ampli Vox sales representative.

Anthony R. Pignoni, director of
marketing for Philips Broadcast
Equipment Corp., has announced the
naming of Thomas R. O'Hara as a
for the northeast region.
Mr. O'Hara will be headquartered at
the company's main plant in Paramus,
New Jersey. Before joining Philips,
sales engineer

-

which markets under the trade name
Norelco, Mr. O'Hara was eastern
regional manager for the GPL Division
of General Precision Equipment
Corp. Prior to this association, he was
with the Rock International Corp.,
a division of Gates Radio Company.

Mervin L. Samuels

has joined the
division of Arrow Electronics, Inc., as sales engineer for the
Metropolitan New York area. He will
serve as Arrow's sales representative
and technical adviser to broadcasting
and recording companies. The broadcast division, although a relatively new
adjunct to Arrow's operations, has increased the company's share of the
electronic parts and audio markets significantly. The department was a contributing factor in Arrow's 1967 record
sales of more than $10 million. Mr.
Samuels will operate for Arrow's Manhattan sales center and will act as
liason with the broadcast division in the
company's main facility in Farmingdale, New York.

John H. Beaumont, a man who
those of us in professional audio
in New York had come to know
and like well, has died suddenly at
the age of 48. He was a Governor
of the AES at his death and extremely active in the New York
Chapter. We saw him at each
Chapter meeting we attended. His
help in arranging for our coverage
of some of these meetings was valuable indeed and shall be missed.
He was a partner in Audio Techniques, Inc. of New York for six
years. At the time of his death he
was production superviser of Floyd
L. Peterson, Inc., film producers.
He was well known prior to these
associations as a free- lancer in
audio fabrication, recording, acoustic analysis, etc. As a charter member of the AES he held many
offices both on a national and local
level.

broadcast

In another announcement, Mr. Pig noni appointed E. J. Manzo as manager, commercial video systems. Mr.
Manzo comes to Philips from Cohu
Electronics, Inc. Prior to that he was
broadcast product manager for CBS

Laboratories.
www.americanradiohistory.com

Saul J. White has died at the age
of 64, a victim of cancer. At the
time of his death he was chief
acoustical engineer of Dyna -Empire, Inc. and Empire Scientific
Corp., of Garden City, New York.
Prior to that he was, for many
years, chief engineer of the Audak
Division of Rek -O -Kut Company.
Prior to these titles, he had held
positions with Racon Electric Co.,
and University Loudspeakers with
whom he had been chief engineer
for ten years. He was active in the
AES as a charter member. In recent
years he had held several offices on
both the national and local levels of

that organization.

:ax
speakers and
turntables
\
are used laboratory measurement
standard:

i

Reverberant test chamber and associated laboratory test bench of the
Perma -Power Company of Chicago, manufacturer of instrument amplifiers and
sound -reinforcement systems. The AR -2a" speaker on the pedestal is used
as a distortion standard to calibrate chamber characteristics. This test
facility, described in a recent paper by Daniel Queen in the Journal of
the AES, employs only laboratory -grade equipment. (Note the
AR turntable on the test bench.)

but 1II NßI
were designed
for ßßßßßti%I.

go

a
Offices of the Vice President and General Manager, and of the
Program Director of radio station WABC -FM in New York City.
AR -2a" speakers and AR turntables are used throughout
WABC's offices to monitor broadcasts and to check records.
WABC executives must hear an accurate version of their
broadcast signal; they cannot afford to use reproducing
equipment that adds coloration of its own.

ACOUSTIC RESEARCH, INC.,

24 Thorndike Street,

Cm le

11

Cambridge, Massachusetts 02141
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Further proof...
sound has never
been in better shape!

RE55

OMNIDIRECTIONAL
DYNAMIC
MICROPHONE

There are plenty of good, functional reasons
behind the new look of Electro -Voice professional microphones. Reasons dramatically proved by
the rapid success of the Model 635A and the RE15.
Now we've added the RE55 to this handsome group.
The RE55, like its predecessor the 655C, is an
extremely wide -range omnidirectional dynamic. And
in most electrical particulars it is not greatly different.
RE55 frequency response is a bit wider, and perhaps
a trifle flatter. An impressive achievement when you
consider that the 655C has been extensively used as
a secondary frequency response standard. Output
level is 2 db hotter, and the exclusive E -V Acoustalloy®
diaphragm of the RE55 can provide undistorted output in sound fields so intense as to cause ear damage.
The biggest changes in the RE55 are mechanical.
For this microphone is even more rugged than the
655 ... long known as one of the toughest in the
business. There's a solid steel case and new, improved
internal shock mounting for the RE55. Plus a satin
nickel finish that looks great on TV long after most
microphones have been scarred and scratched almost
beyond recognition.

For convenience we've made the
barrel of the RE55 just 3/4" in diameter.
It fits modern 3/4" accessories. It also
fits the hand (and its length makes the RE55
perfect for hand -held interviews). We also
provide XLR -3 Cannon -type connectors to help
you standardize your audio wiring. Detail
refinements that make the RE55 more dependable,
easier to use.
Finally, the RE55 has the exclusive Electro -Voice
2 -year unconditional guarantee. No matter what happens, if an RE55 fails to perform during the first two
for any reason
we'll repair it at no charge.
years
Try the Electro -Voice RE55 today. The more you
listen, the better it looks!
ELECTRO-VOICE, INC., Dept. 181BD,

high fidelity speakers and systems tuners. amplifiers, receivers public address loudspeakers
microphones phonograph needles and cartridges organs space and defense electronics
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686 Cecil Street, Buchanan, Michigan 49091

rek

A SUBSIDIARY OF GULTON INDUSTRIES, INC.
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