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Out -a- sight!
Shure's tiny new SM62 microphone does its own vanishing act in interviews
and on stage. Less than five inches long, the SM62 slips out of sight behind
podiums and set decorations. But don't let the small size fool you ... its combination of uncolored response and uniform cardioid pickup pattern provides excellent performance characteristics and minimizes feedback. Field
tested in difficult situations, such as rostrums at political conventions, the
Shure SM62 has proved its versatility and dependability as "the little microphone with the big features."
Shure Brothers Inc.
222 Hartrey Ave., Evanston, IL 60204
In

Canada: A. C. Simmonds & Sons Limited
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SHUR

Manufacturers of high fidelity components, microphones, sound systems and related circuitry.
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db roams afield in April, considering remote recordings of live performances.
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Well -known lecturer Don Davis,
with Ron Wickersham, discuss ExPERIMENTS
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delicate process by which correctly
placed amplification equipment enables artists, particularly those using
synthesizer- computer instruments, to
control creatively the enhancement of
their musical interpretations.
R. A. Neilson and Bobby Goldstein report on an achievement by
the Wally Heider people, recording
live a combined Beach Boys and Chicago concert under terrific pressure
of time and complication. The special
ingredient of the professional, along
with expertise, is pinpointed by the
authors as ZEN AND THE ART OF
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RECORDING.

Shifting to the broadcast scene,
Patrick S. Finnegan discusses DOLBY
B AND F.M. in his column. Add to
this our other regular columnists, Norman Crowhurst, Martin Dickstein,
and John Woram.
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An unusual combination of creative lighting and experimental photography has produced this colorful
montage of a Hammond organ keyboard. (Credit: H. Armstrong Roberts)
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Roy McDonald Associates, Inc.

Dallas

That's what we provide in our new Series 102 Digital Delay Systems. We've
been making high quality, reliable delay systems for five years and have
learned how to do it better than anybody else.
Simply put, the Delta -T's 90 dB dynamic range and low distortion
deliver a superb quality signal, leaving you free to creatively explore the
powerful artistic potential of time delay. Discover for yourself, as leading
studios such as Leon Russell's Shelter Studio have, how a Delta -T can
thicken vocals and instruments, add slap or in -tempo percussive repeats,
and provide ambience and spatial depth to the dry mono sources encountered at mixdown.
In the Delta-T 102 Series we have used our patented digital techniques to provide reliability, convenient features, and excellent performance
at highly competitive prices. Let us help you define the configuration you
need to get started. Call or write for more information.

exicon
60 Turner Street
Waltham, Massachusetts 02154
1617) 891-6790
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Stemmons Tower West, Suite 714
Dallas, Texas 75207 214 -637 -2444
Denver
3540 South Poplar St.
Denver, Colo. 80237 303 -758 -3325

Houston
3130 Southwest Freeway
Houston, Tex. 77006 713 -529 -6711

Los Angeles
500 S. Virgil, Suite 360
213 -381 -6106

Los Angeles, Cal. 90020

Portland
2035 S. W. 58th Ave.
503- 292 -8521

Portland, Ore. 97221

San Francisco
Suite 265, 5801 Christie Ave.
Emeryville, Cal. 94608 415 -653 -2122

the
affordable
Studer
The new generation of professional STUDER
tape recorders is designed for the use in broadcasting, television and recording studios as
well as theatres and scientific laboratories.
The low -cost STUDER A67 includes a wide
range of modern features:

deck- Playback, record

and bias amplifier
boards have all necessary adjustments accessible from the front of the recorder Switchable
for equalization CCIR or NAB Optional: VUMeter /panel with peak indication (LED) Head
phone jacks Available with or without VU panel, as portable or console version or as
chassis for 19" rack mounting /: -inch, 4
track version in preparation

-

-

-

-

-'

-

Crystal con3 servo controlled AC motors
trolled capstan servo Variable tape speed
(2'/s" ... 221/2') with external frequency - Tape
tension control during all operating modes
Control logic with memory Illuminated push
buttons Remote control of all tape transport
operating modes Automatics for continuous
program Mechanical counter, indicating Min
WILLI STUDER AMERICA INC.
& Sec AC -Mains supply 50 or 60 Hz,
110... 250 Volts Opto electronic end of tape Professional Audio Equipment.
1819 Broadway, Nashville, Tennessee 37203.
sensor - Head block with aluminium die -cast
Phone 615 -329 -9576. Telex 55 -4453.
frame Tape lifter. may also be operated
manually Long life heads Audio electronics In Canada, STUDER REVOX Canada Ltd.,
module with plug -in cards in front of tape
phone 416 -423 -2831. Telex 06- 23310.

-

-

-

-

-

-

-

STUDER

-

-

-

Circle 13 on Reader Service Card
www.americanradiohistory.com

C.)

Our selling premise is

CLj,13)

Si

THE EDITOR:
I have at least six Scotch metal 101/2

STL magnetic Test Tapes
are the Most Comprehensive
We offer precision magnetic in
the World
test tapes made on precision

inch reels that defy any attempts to
de -warp them. They are valuable reels,
but right now they scrape against the
stainless steel panel on my Revox A77.
Would any of your readers have comments? Thanks.
R. DENNIS ALEXANDER

Radex Productions
110 South Carlisle St.
Greencastle, Pa. 17225

equipment for specific jobs in 1" and 2" sizes as well as
flutter tapes and all other formats.
When you use STL test tapes you combine interchangeability with compatibility. You know you are using what
other leaders in the professional recording, equipment
manufacturing, government and educational agencies
throughout the world are using.
Make sure your system is in step with the rest of the industry.

CALENDAR

Write for a free brochure and the dealer in your area.
Dis ributed exclusively by Taber Manufacturing & Engineering Co.

T

STANDARD TAPE LABORATORY, Inc.
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NEW AUDIO SPECTRUM MONITOR!
FEATURES

MARCH

National Association of Broadcasters Convention. Chicago,
Illinois. Contact: NAB, 1771
N St., N.W., Washington, D.C.
20036. (202) 293 -3500.
29 -31 NOISEXPO '76, Hilton Hotel,
New York City. Noise and vibration control. Contact: NOISEXPO, 27101 E. Oviatt Rd.,
Bay Village, Ohio 44140.
(216) 835 -0101.
21 -24

208 Edson Avenue
San Leandro, CA 94577
(415) 635 -3805

1/3

lettes

OCTAVE REAL TIME ANALYSIS MODEL 142
PEAK READING
TWO MEMORIES: CUMULATIVE OR SAMPLE
VARIABLE TIME CONSTANTS (0.1 - 2 SEC.)
CALIBRATED IN
DBM
10 -20 -30 DB DISPLAY RANGE
40 HZ to 16 KHZ ON 1/3
OCTAVE ISO CENTERS
11 x 28 LED ARRAY
BUILT -IN PINK
NOISE SOURCE 31/2" x 8" DEEP RACK MOUNT.

PROGRAM MATERIAL MONITORING
RECORDING AND MIX DOWN ANALYSIS
PORTABLE SYSTEM ADJUSTMENT
TAPE
EQUALIZATION AND CALIBRATION
TRANSMISSION LINE
EQUALIZATION
BEFORE -AFTER COMPARISONS
FREQUENCY
RESPONSE TESTING

APRIL

Acoustical Society of America. Washington, D.C.
22
Acoustical Conference. Hungarian Society for Optics,
Acoustics, and Cenematography. Budapest, Hungary.
26 -27 Acoustical Problems of Light Structure Construction of Buildings. Acoustical Commission
of the Hungarian Academy of
Sciences. Budapest, Hungary.
5 -9

MAY

Midwest Acoustics Conference.
One -day meeting covering signal processing and data reduction technology for solving technical and legal problems in
acoustics. Norris Center, Northwestern University, Evanston,
Ill. Contact: H. O. Saunders,
Rm. 24A, 225 W. Randolph
St.. Chicago. Ill. 60606. (312)
727 -4331.
4 -7
Audio Engineering Society
Convention, Hilton Hotel, Los
Angeles, Ca. Contact: A.E.S.,
60 E. 42nd St., New York,
N.Y. 10017.
28 -31 Sound and Vision '76. Birmingham. England.
I

Suggested
List Price $3200
ALSO: Active and passive equalizers Other real time ana
..,.ealerin irles invite.....,

RkkiC

Call or write today: WHITE INSTRUMENTS, INC.
512/892-0752
Austin, Texas 78767

P.O. BOX 698
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TANDBERG

10XD bridges the gap between consumer

and professional tape recorders.
Meet the world's first and only 10%" reel tape recorder that operates at 15 ips and combines
Tandberg's unique Cross-Field recording technique with the world- famous Dolby* B system.
Result: A guaranteed minimum signal -to -noise ratio of 72 dB, measured on a 4 -track machine
using IEC A-weighting. Simply put, the 10XD completely eliminates audible tape hiss!
Here are some of the many sophisticated features that make the 10XD the
finest tape recorder Tandberg has ever
built:
3 speeds: 15, 7Y2, 334 ips. Electronically selected
3 motors; Hall- effect capstan motor
3 heads; plus separate bias ead
Electronic servo speed control
Electronic logic mode controls,
including photo optics
Electronic balanced microphone
inputs
Echo, sound -on-sound, editing,
A and B tests

Peak reading meters

Direct transfer from playback to
record (flying start)
Ferrite playback head with symmetrical balanced output for hum cancelling purposes and differential
playback amplifier.

Remote control and rack mount
optional. Pitch control by special order.
Fora complete demonstration of this
remarkable new advance in stereo
tape recording, see your Tandberg
dealer.

I

TV

3

Tandberg of America, Inc.. Labrìola Court.Armonk,
A. Allen Pringle Ltd., Ontario, Canada

?'9f!PI'1flrt, o' Dolby laboratories, Inc
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N.Y.

10504

FREE LITERATURE

COMMERCIAL DUPLICATING SYSTEMS

GRAPHIC ART TAPES

Formaline plastic art tapes, described in this booklet, come in various colors and widths. Suitable for
charts, graphs, printed circuit boards.
Mfr: Graphic Products Corp.

INSTALLATION AND PREVENTIVE
MAINTENANCE TRAINING
INCLUDED IN PRICING
Mid Atlantic Service Center

Circle No. 96 on R.S. Card.
DIRECT DRIVE MOTORS

Beau torque and hysteresis synchronous motors for use in tape recorders,
audio turntables, video recording
equipment, etc. are detailed in a 6page brochure. Mfr: UMC Electronics Co.
Circle No. 97 on R.S. Card.

CASSETTE SYSTEMS
199 Davis Avenue
Woodstock, Md. 21163
Phone: (301) 922 -8865

41111.

,,071174

á

HEAT SINKS

Engineering drawings and thermal
performance data on plastic power
heat sinks are covered in a four-page
brochure. Mfr: Thermalloy, Inc.
Circle No. 98 on R.S. Card.
BACKGROUND MUSIC
Description of a library service offering prerecorded background music
is contained in this brochure. Mfr:
MusiCues Corp.
Circle No. 80 on R.S. Card.

A

PHOENIX

ENTERPRISE
COMPANY

DROP -IN MIXERS
A line of double balanced micro strip and stripline tiny drop -in mixers
is covered in a two page product sheet,

Circle 17 on Reader Service Card

#DM-1005. Mfr: RHG Electronics
Laboratory, Inc.

Cleat-Corn

Circle No. 81 on R.S. Card.

'communication in every event'

OPTO- ISOLATORS
A 24 -page short-form catalog lists

-;.

`,,`
STAGE .MANAGER
-

e

' `4,;

DRESSING RO.ÓMS
-

-

^.éx

complete specifications and applications for opto-isolators and photoelectric control equipment. Mfr: Sigma Instruments, Inc.
Circle No. 82 on R.S. Card.

RITY

-.

MEASUREMENT INSTRUMENTS
Myriad applications and full descriptions are included in this ambitious
48 -page catalog, TM 500, covering
counters, digital multimeters, signal
sources, power supplies, signal processors, and oscilloscopes. Mfr: Tek -

tronicx.
Circle No. 83 on R.S. Card.
NOISE ABSORBERS

Noise absorbers, barriers, and damping materials are cataloged in this 8-

page booklet. Mfr: Ferro Corp.
Circle No. 84 on R.S. Card.

co

0

STUDIO ACCESSORIES

' WRITE OR CALL FOR DETAILS

(lea r r C QM
lyAaty

J

759 Harrison Street, San Francisco, Ca. 94107

Portable Intercom

Circle 18 on Reader Service Card

(415) 989.1130

Preamps, equalizers, transformers,
and microphone accessories are listed
in a closely packed 36 -page booklet.
Mfr: Sescom.
Circle 85 on R.S. Card.

IF YOU DO ANYTHING

WITH
A

RBYOU
ac
operations
Autom ted broad
Scientific analysis
On location mastering
Tone or time changing
Audio tape quality control

.

Electronic music synthesis

Noise analysis
Film synchronization
Radio telescopy
Language laboratory
Machine tool control
Phonetic analysis
Radio telemetry
Industrial research

Information retrieval
Electrocardiography
Making calibration tapes
Tape mastering with SELFSYNC
Data storage from digital computers

And that's a simple statement of fact.
From the moment it was introduced,
the Revox A77 was hailed as a
recording instrument of unique quality
and outstanding performance. The
magazines were unanimous in their
praise. Stereo Review summed it all up
by saying, "We have never seen a
recorder that could match the performance of the Revox A77 in all respects,
and very few that even come close."
So much for critical opinion.
Of equal significance, is the fact that
the Revox A77 rapidly found its way
into many professional recording

studios.
But what really fascinates us, is that
the A77 has been singled out to

perform some unusual and highly
prestigious jobs in government and
industry. The kinds of jobs that require
a high order of accuracy and extreme
reliability.
Take NATO (the North Atlantic
Treaty Organization) for example.
When they wanted a machine to standardize on, a machine that would lend
itself to use in a wide variety of circumstances. And most importantly, a
machine that was simple to use, the
logical choice was the Revox A77.
Or take the governmental agency
that wanted an unfailingly reliable tape
machine to register and record
satellite bleeps. The choice? Revox.
Or the medical centers that use

specially adapted A77's for electrocardiographic recording.
We could go on and on (see accompanying list), but by now you probably
get the point.
No other 1/4" tape machine combines
the multi- functioned practicability,
unfailing reliability, and outstanding
performance of a Revox.
If you have a special recording
problem that involves the use of ?5"
tape, write to us. We'll be happy to
help you with it.
And if all you want is the best and
most versatile recorder for home use,
we'll be glad to tell you more about
that too.
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Name

R EVOX
Revox Corporation in USA: 155 Michael Drive, Syosset, NY 11791
For other countries: Revox International,
Regensdorf 8105 ZH Althardstrasse 146, Switzerland
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7 Address

Zip
State
*As and when available from our dealers

Number 98 in a series of discussions
by Electro -Voice engineers.

O

O
NORMAN H.CROWHURST

CUTTING

THE
CABLE
LARRY DRISKILL
Asst. Product Manager
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Under a project started several years ago at
Electro- Voice, we have made extensive laboratory and field studies to determine the
important performance characteristics desired
in wireless microphone systems, problems to
be overcome, and optimum operating possibilities within the present state of the art or
with improved materials and techniques.
Reliability and flexibility of operation were
the primary needs of most of the users we
talked to.
Applications are almost infinite, and the
wireless system must work under the most
adverse conditions. Broadcast quality audio
must be provided over distances up to a third
of a mile. The equipment must sometimes
operate with ten other wireless systems on
adjacent channels inside a theatre. The transmitter may be concealed in a chorus girl's
costume in Vegas or placed in the back pocket
of an actor going to the brink in a new
disaster movie. As one of our contacts said,
"When I shove the performer on the set, the
equipment has to work the first time for the
whole take without intermittents, without
fadeouts, and without being knocked out."
Reliability has been increased in the new E -V
wireless microphone equipment by careful
attention to details and use of the best
available materials. Lemo Quick-Lok connectors on the mike and antenna leads provide a superior flex and strain relief over other
types of connectors in use. The transmitter
itself is small, rugged, and carefully shock
insulated inside a diagonally drawn sectional
aluminum case. It will withstand being sat on,
even being dropped, and continue to work.
A significant increase in radiated output over
other wireless mike systems reduces r.f. interference problems, enabling clean, non -fading
reception over more than normal distances.
In addition, radiated output power can be
doubled to 100 mw via a simple switching
arrangement in the transmitter to take care
of really severe conditions or range. By
observing a built -in LED indicator, mike
gain control is adjustable to allow optimization of signal-to -noise ratio and dynamic
range. A double-tuned helical resonator RF
preselector in the receiver as well as an
"AUTOLOCK" discriminator prevent drift
and out -of -band interference. Any E -V
dynamic or electret condenser microphone
may be used with the Model 221 transmitter,
for great versatility and best performance.
The unit even provides a bias voltage for
electrets, eliminating any separate microphone battery.

Electroel/oicer.
a Q1Jllal1 company
co

Dept. 363BD, 603 Cecil Street
Buchanan, Michigan 49107
Circle 19 on Reader Service Card
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FEEDBACK FRACTION

13

PHASE WITHOUT FEEDBACK

1

Figure 1. The classic feedback block schematic:
voltage in, voltage out.

Recently, I received a letter questioning my use of the word "mediate" and asking about Nyquist diagrams, referring to my article on
Feedback in the November issue.
The better known meaning for "mediate" is to act as an intermediary.
We grew up with that meaning. But
educators are always coining words.
They use the word mediate to mean
"put into media form."
Thus, when a lesson presently
printed in a book is dictated onto
tape, for example, it is being "mediated," in educational parlance.
Regarding the Nyquist diagrams,
the reader admits that he should look
back at the Part 1 of the series, because he only has difficulty with part
2. It is so difficult to keep from
bringing up what I've said before. In
Part 2, I started from the formula
developed in Part 1 (September issue). And back last year, I corn mented on the little interchange about
the use of formulas that occurred
during the summer session at Brigham Young University.
What those students wanted was
all the relevant formulas, so they
could "plug them in" in the appropriate places for the audio systems
on which they worked. My response,
in brief, was to indicate that they
need, far more, to understand what
they are doing. Now this reader's
query about Nyquist just confirms
what I was saying there, once more.
In part 1 of the series, I gave schematic diagrams of feedback amplifiers, using series and shunt derivation of the feedback signal, at the output, and also series and shunt injection of the feedback signal, at the
input. From this, in each instance, I
derived the fomula that showed the
effect of feedback on amplifier gain.
Also, in Part 1, I deliberately stayed
away from phase angles, assuming
just for simplicity, that feedback is
always either positive or negative,
never "in between." Of course, the
facts of life are that there is never a
feedback system that does not have

www.americanradiohistory.com
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Figure 6. The construction for the Nyquist diagram for
criterion of stability.

in- between conditions as well. And
that is what Nyquist diagrams are all
about. But I kept that for Part 2.
As I had discussed the formula
pretty well in Part 1, I felt that Part
2 could assume that Part 1 had been
read and apply the formula to cases

where feedback is not just positive or
negative, but where it goes in between. In the series, I used more or
less conventional symbols, mainly for
the benefit of people who may have
learned the subject before, but never
understood it. But I am well aware
of the difficulty of relying on formulas to convey a picture of what is
happening. Vectors run into a similar
problem, mainly because of the poor
way they are too often taught.
Let us take a look at FIGURE 1,
reproduced from the September issue. If you don't like all those symbols, disregard everything except the
input end, for the moment, where
you have three voltages: that at the
input to the amplifier, labeled e1; that
coming from the feedback network,
labeled ße0; and that across the combination, which is what must be applied as input to the whole system,
labeled e5.
The equation following el merely
says, in algebraic terms, that these
three voltages must jibe. Thus, if the
internal input to the amplifier is 1
mV, the fed back signal is 9 mV, and
the feedback is negative, the external
input to the amplifier, e2, must be
9 + 1 = 10 mV. There is no way it
could come to something different.
That could apply to d.c., or to a.c.
of some frequency, which in general
it more often does, producing what
we call signal. We can think of d.c.
and of signals of different frequencies, one at a time, but that simple
formula must always be true. The
voltages must add up round the 3sided loop, at the input to the amplifier.
POSITIVE FEEDBACK
That was for the case of negative
feedback. What about positive feed-

Professional
Model 6233

Series

filier
Watt Amp
Dual 300

Introducing The Ice Cube.
can go all day and all night and
still keep its cool. Here's why:
One, there's a super quiet,
thermally activated two -speed fan that
runs low most of the time, but kicks
into high when the going gets
hot. (And, at a short 51/4" tall, The Ice
Cube is perfect for stacking.)
Two, there's an absolutely
exclusive 2000 -watt solid -state
inverter power supply instead of those
massive transformers you're used to.
Total weight: 35 pounds!
It

There's more. 300 watts RMS per
channel, both channels driven into four
ohms from 20Hz to 20 KHz, at .05% or
less total harmonic distortion.
Color -coded peak reading lights
step up and down so you're the first to
know if it's clipping.
Go see The Ice Cube. It's formal
name is the JBL 6233 Pro'essional
Power Amplifier. Bring $1500 and it's
yours.

'AL
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theory

&

practice (cont.)

back? Well, that can cause oscillation, which is why we need, later on,
to get into Nyquist plots. But first
take the simple instance, where we
know feedback is positive, instead of
negative. If the amplifier input is still
1 mV, internally, and the feedback is
also 1 mV, but positive instead of
negative, then we do not need any
external volts at all for the amplifier
to oscillate. If ez is zero, the feedback
will provide the input voltage di-

rectly, and signal will go on forever

-oscillating.
If feedback

is positive, but less
than equal to the original input, gain
is increased instead of reduced. Thus,
if now the internal input voltage is
10 mV, and the fed back signal is 5
mV, positive feedback, then the external input voltage needs only to
provide the other 5 mV to make up
the 10 total. Gain has doubled, because it takes 5 mV to produce the
same output that 10 mV did without
feedback.
If feedback, using the same exam-

QUICK.

HOW MUCH
DOES A NEUMANN
KM 84 COST?
WRONG.
It's only $230.
And that's for traditional NEUMANN quality! It's also true
for the KM 83 omni -directional and the KM 85 cardioid with
built -in low frequency roll -off. The KM 84 and KM 85 feature
the NEUMANN "linear admittance" cardioid capsules which
maintain linear frequency response even for a sound source
as much as 135 degrees off axis. This means that unavoidable
leakage from off -mike instruments, while properly attenuated,
will remain natural sounding, without that typical low -end
boost and high -end roll -off. For extra flexibility the 83, 84 and
85 screw -on capsules are available separately.
So, remember: you never go wrong with NEUMANN. And
now, even the price is right: KM 83, 84 or 85, just $230 complete with swivel, pop screen, and a case.
more intorm8hpn. write

/

AUDIO CORPORATION
Headquarters: 741 Washington Street. New York, NY 10014
(212) 741 -7411
West Coast Sales Oflice: 1710 N. La B rea Ave.. Hol lywood. CA 90046
(213) 874 -4444
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ple, is 8 mV, then gain is 5 times,
because now it takes only 2 mV to

produce the same output. If feedback
then gain is increased by
25 per cent, because we get the same
output for 8 mV input instead of

is 2 mV,

10 mV.

PHASE
We are still with Part 1, conveniently ignoring phase. But phase won't
go away because we choose to ignore
it. As Part 2 started out explaining,
whenever you use a capacitor or inductor, or something that has those
properties, there are always phase
shifts waiting to come out at some
frequency or other.
There is no way to get a roll-off
without phase shift, although there
are ways to get phase shifts without
roll -offs, which is another whole story.
If you will now look at FIGURE 6,
which was in Part 2, you can see how
the same idea, easily accommodated
by simple addition or subtraction
when feedback is conveniently either
pure positive or pure negative, can
be applied to other phase combinations.
Now, the internal input voltage is
that shortest line between 0 and -1.
The feedback voltage is the line labeled Aß. And the third side of that
triangle, labeled 1 + Aß, is the external input voltage. These three must
jibe by forming a closed triangle, because we have those three points in
the circuit.
FIGURE 6 assumes that all the
phase shift is in the amplifier, none in
the feedback. So as well as being the
fed back signal, the line A,ß will have
the same phase as the output voltage.
Without feedback, the input voltage
is the line between 0 and -1. But
with feedback, it becomes the line
labeled 1 + Aß. So this diagram
enables us to show the effect of feedback on phase as well.
When we considered the simple
positive or negative feedback cases,
we showed that if the feedback signal
is equal to, or greater than, the input
signal, and positive in phase, the amplifier will oscillate without benefit
of any external signal. In terms of
the diagram at FIGURE 6, this means
that the line labeled Aß will swing
round to right until it passes through
the -1 point to extending beyond it.
The Nyquist plot is made by constructing many of these diagrams,
one for every possible frequency, and
then joining up all the points where
the apex of the triangle comes. The
curve so formed is what mathematicians call the locus of the point,
which merely means it is a curve
showing how the point moves, as fre-

in, day out at broadcasting com-

mercials or monitoring spacecraft, activating machinery and

Modular tape components that
complement each other so you
can design any customized tape
system you need. Heavy duty,
reel -to -reel or tape cartridge
transports in one, two or four
channel configuration complemented by separate record /play
or play only electronics. Your
choice of tape speeds, options
and accessories including remote control.
You rarely see our tape components because they work behind the scene.
They work
day

displays, playing background
music, repeating announcements or recording scientific research data. They monitor the
speed of a train, record patrol
car communications or provide
the roar of an amusement park
dinosaur. They record medical
data, log security information
and emit high pitched sound for
warehouse rodent control.
And they serve as
court recorders,

typing pools and dial access
systems. They work continuously.
When you design a custom
tape system to record, to monitor or to play, specify reliable
Telex tape components. You'll
collect the compliments. With
our complements. For
detailed information please
write:

A

in
0

Mal

t

PRODUCTS OF SOJNO RESEARCH

TELEX®
COMMUNICATIONS.

I

N C

9600 ALDRICH AVE. SO. MINNEAPOLIS, MINN. 55420 U.S.A.
Europe: 22, rue de la Legion- d'Honneur, 93200 St. Denis, France
Canada: Telak Electronics, Ltd., Scarborough, Ontario

Circle 22 on Reader Service Card

theory

co

I

I

pIQtQ

reel to reel
audio recording
TAPE
EMPTY

REELS

AMPEX and Scotch
all professional grades
on reels or on hubs
all sizes, widths
and hub types

BOXES for all reels,

in various colors

LEADER-, TIMING-& SPLICING TAPES

Top Quality Competitive Pricing

Immediate Shipment
Call or Write for our Catalog

?recording supply corp.
1291 RAND RD -DES PLAINES, IL 60016

312/297 -0955

&

practice (cont.)

quency, which is the independent
variable, is changed.
Now a question some ask is, "Will
the amplifier oscillate, if the frequency at which oscillation occurs is
not present ?" The answer is yes.
Why? You've heard of noise, unundoubtedly. No electronic device is
without it. If well -designed, noise is
very low, hopefully inaudible, but
still there. And noise contains a random sampling of all frequencies.
So, if at some frequency the line
Aß extends through the -1 point,
which means the curve its locus
makes will encircle the -1 point,
then at that frequency the random
piece of noise will "go around again"
amplified to a bigger level. Each time
around will make the signal bigger
at that frequency, until the amplifier
is in full fledged oscillation, limited
by distortion that puts components
of other frequencies into the signal.
I hope that this additional explanation will help any readers who
may, like the one who wrote in, have
had difficulty with Nyquist. In a
teaching situation it would be much
easier. If instructional material is
(what educators call) mediated, it
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can be made easier than it is, the way
we are now doing it.
When I wrote that three-part series, although I tried to make it easy
to follow, I was limited to using conventional
written communication.
The reader who wrote in asked a
question that could have been raised
immediately, had we been in class.
reNow -several months later
spond to that question. Have I now
made it clear? It will be months again
before we know that.
That is an advantage of using
media in education, when it is properly used. Responses can be built
into the system. This kind of difficulty can be anticipated, and something put in to start the student on
finding his way out of it. The point I
had been trying to make is that when
material is intelligently "mediated"
this can be done.
In fact, since books are cheaper
than mediated materials I see no advantage in mediating, unless the mediated material does something the
books could not do. Merely dictating
books onto tape is not, in my opinion, "mediating." For this reason,
audio people have a responsibility to
do something about education. At
least, that is the way I see it.
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CORRECTION
In Martin Dickstein's January column, p. 18, line 6, "6328 Angstroms"
was incorrectly referred to as "6,328
degrees." The correct terminology is
A. Angstroms are linear measurements, and canot be expressed as
degrees.

O

the slInc

Not too long ago, the New York
section of the Audio Engineering Society had a meeting on the advance
of technology. The panelists held
forth on the state of the art today,
as compared to the earliest days of
commercial stereo.
The meeting came about as a result of some frequently heard complaints about the sorry state of some
of today's recordings. Of course,
there were a lot of wretched recordings released in the early days -most
have long since achieved the oblivion
they deserved. The good ones linger
on though, and people sometimes ask
why, after almost a quarter of a century of progress, these "golden oldies" still stand up so well, especially
in comparison to some very recent
releases. Or, if some 1950's records
are so great, why aren't more of the
hits of the 70's at least comparable,
if not better, in overall recorded
quality?
With the technology available today, we have the capability of producing great sound. But we also have
the capability of thoroughly botching
up a record. To prevent this, the
mixer must be even more of a technologist than before, and yet he cannot forget musical values either. However, many of today's records subvert the music to the technology, as
panelist Bert Whyte pointed out at
the meeting. He happened to be talking about some recent classical quad riphonic recordings, but the remark
applies as well to the top 100 scene.
Often, the technology gets misused
because the engineer doesn't have the
background that his craft really
should demand. Or, his producer is,
to put it bluntly, an incompetent.
At the meeting, someone referred
to the wealth of information available in any well equipped technical
library. Someone else pointed out
that much of that information is
written in "Technicalese" and can
only be comprehended by people
with advanced degrees, or a talent
for the obscure. Faced with this
mountain of difficult reading, the beginner is apt to throw up his hands
in despair at ever finding a paper he
can understand.
Two things are needed. The first is
to dispel the notion that in order to
be a successful engineer, all you need
to know is how to snap your fingers
on the beat, and when to say "outasight" or whatever they say in your

For instance, let's say we're doing
JOHN MAN

town. The second is some sort of
guidebook through the academic jungle for those who really want to learn
a little something about recording.
Which brings us more or less to
the point of this little epic. In working on my book (subliminal plug)
I've managed to accumulate a small
collection of papers on this and that
subject, one of which is plain old
stereo. Some are more readable than
others, and most have at least a little
something of interest to the working
recording engineer. Stereo may be
old, but it's not so plain, and you
don't really get it from a bunch of
pan pots. contrary to popular belief.
It seems there's a lot more going on
out there in papersville than many
mixers dream of, and some of it may
even help you get a little more out
of your recordings.
GUIDED TOUR THROUGH
THE JUNGLE
So-o -o, this is sort of a guided tour
through at least a few of the papers
that may be of particular interest.
Authors have been writing on the

subject for years, and much of it is
relevant today, especially with multitrack technology. We can start off
with a little quiz.
I. How many ears do you have?
a.
h.
c.

a mixing session, and want the guitar
on track 15 to be right -of- center.

The pan pot should take care of that
nicely. But before you reach for it,
think about what you would hear if
the guitar was not on the tape, but
in the room with you, sitting just to
the right of your center line.
Common sense tells you that you
would hear the music with both ears,
and the intensity difference from one
ear to the other would probably be
unmeasurable. Yet you would know
exactly where the guitar was located.
Why?
More than twenty years ago, William B. Snow wrote: A complex wave
pulse has an initial wavefront which
arrives at the near ear a short time
before it arrives at the far ear. It is
this small time difference which is
used by the hearing sense to determine small angular variations, particularly for sounds near the median
plane (straight ahead) . . . The loudness differences at such small angles
are negligible and it must be assumed
that the arrival -time differences give
the localization clues.'
Note that Snow emphasizes the
importance of time of arrival, rather
than intensity.
Now then, hack to the pan pots.

Dub faster

1

2

3 or more
The correct answer is b. If you
answered a or c, you're a special case.
and this article is not for you.
2. If you have only two ears,
what are you doing with all that
multi -track recording gear? (Essay
type answer on this one)
"I'm using it to create all sorts of
beautiful music which would otherwise be impossible."
3. When you get all finished creating all sorts of beautiful music
which would otherwise be impossible,
how many ears will you have?

3. a. 1
b. 2
c. 3 or more
The answer to this one is also b.

Dub easier
Garner Model 1056 updates
your dubbing operation. Five
1200' professional copies in
four minutes. Threads fast. Rewinds in 60 seconds. Single
capstan drive and solid state
electronics guarantee unvarying high quality. Priced low
enough for quick payout. Write
for brochure and names of
users.

EARS
So, no matter what you do or how
you do it, it all comes back to two
ears. Last month's db article by Dan
Queen had a little something to say
about how the ear works. Not just
his ear, but yours too.

GARNER INDUSTRIES
GARNE
INIXLSTRIES

4200 North 48th St.
Lincoln, NE 68504
Phone 402- 464-5911
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the sync track (cont.)

THEY'RE EVERY
MICROPHONE YOU
EVER WANTED.
We ve taken the latest advances
in electret technology one step

further. By combining them with
advanced acoustic technology to
make professional condenser
microphones more portable, more
practical and less costly. A lot less.
The secret is our "family"concept.
One common powering module
(K2U) serves three different
compact heads: omnidirectional
(ME20), cardiod (ME40) and
mini -shotgun (ME8O). Thus, for
most studio and location situations,
it's no longer necessary to carry
three different microphones. Or
pay for three different complete
units. Each head contains its own
microphone capsule and
"front -end" electronics, all exactly
matched to its own preciselycontrolled acoustical environment.
Resulting in the first electrets with
response and directionality to rival
our famous RF condenser models
in all but the most critical
applications.
The Powering Module, runs on a
single 5.6V battery, or phantom powered directly from your recorder,
preamp or other auxiliary
equipment. A miniature LED
monitors power and indicates
proper voltage. Connection to
preamps, mixers, etc. is balanced*
low- impedance via a 3 -pole Cannon
XLR connector. Best of all, of
course, is the great versatility. In
a matter of seconds, you screw on
whichever head you need and go!
If all this sounds good to you, call
or write us. We have a lot more
good things for you to hear.

Powering module and heads
available separately. Prices subject
to change without notice.
'Unbalanced version also available

ears hear both speakers. Each speaker
tries to convince you that the sound
is coming from it alone. As long as
you remain well centered, your hearing mechanism doesn't have much
trouble refereeing this psycho- acoustical tug of war, and the localization
is reasonably effective
But if you move around, the guitar moves with you. In fact, if you
move to that right -of- center location,
the sound from the left speaker is
now delayed slightly -just the opposite of what would happen if the guitarist was actually in the room, and
you moved to a seat directly in front
of him And, as you move closer to
one speaker, it (apparently) gets
louder. In a review of the Haas Effect, Mark Gardner describes what
happens: If now, one of the real
sources is slowly moved farther away.
the apparent source moves towards
the other (nearer or earlier) signal. If
one signal is made stronger than the
other, a similar movement will occur
toward the louder signal, or an interchange between level and time of arrival can be made within certain
limits.2
Bringing all this back to the world
of recording, it seems as though the
pan pot is not the greatest directional tool in the world. As Gardner implies, it has "certain limits." But,
when mixing down a multi -track
tape, it may be all you've got at hand,
even though in 1958, Fr. Heegaard
wrote: It has generally been considered that, in stereophonics, it is preferable to rely on a single pair of
microphones in order not to spoil the

directional e$ect.3

CAR DIOD

HEAD,
$78.00
list.

You've placed the guitar right -ofcenter by feeding track 15 to both
speakers, but in unequal proportion.
The sounds from the speakers arrive
at your listening position at precisely
the same time, and of course both

OMNIDIRECTIONAL
HEAD,
$55 00 list.
POWERING
MODULE,
$79.00 list.

Needless to say, this policy would
severely cramp the style of a lot of
contemporary recordings, but it's interesting to note that long before the
birth of multi -track recording, some
of its limitations were anticipated,
at least in the literature.
So where's the happy ending to
all this? Maybe the literature also
suggests a way to make better recordings, as well as telling us what's
wrong with the ones we're making.

0////MINI-SHOTGUN
HEAD,
$108 00 list.

SENIVFEISER
ELECTRONIC CORPORATION

10 West 37th Street, New York 10018 (212) 239-0190
Manufacturing Plant: Bissendort /Hannover, West Germany

TWO -MICROPHONE PICKUP
Well, almost. There are many references to the excellent sense of
stereo perspective
when one or
another type of two microphone pick-
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up is used. Carl Ceoen compared six
different microphone placements (five
stereo and one pan pot) and in most
of his tests, the pan pot method was
outranked by one or more of the
stereo placements.4 Earlier, an application note from Gotham Audio
Corps described a method of mixing
additional several stereo pairs together. The technique is quite interesting, but needs a separate article to
describe it fully. In practical terms,
it has the disadvantage of requiring
two tracks for each additional stereo
mic if the engineer is not prepared
to mix them together during the recording session.
Since this practice is an unlikely
one (especially on Sel -Sync sessions!),
it may not be of much help to the
modern we'll- fix- it-in- the -mix technician who is trying to come up with a
better recording. But, what about
when it comes time to add the soloist? Maybe a little extra effort would
pay off here. Perhaps some of the
stereo techniques that have gotten
pushed aside should be dusted off
and tried.
Can you spare two tracks for the
soloist? Why not have him /her /it sing
into a crossed pair of Figure-8s? If
you've really got nerves of steel, have
the chorus stand on the other side of
the microphone and do their thing at
the same time. If you can get the
producer to listen before he has his
coronary, he may actually like what
he hears. Then you'll be ready for
the real hard -core stuff, like miking a
whole darn string section in stereo!
Of course, the burden of musicianship is then passed back to the musicians, who may not be ready for such
a shock. But if you explain it very
carefully, they may actually get enthusiastic about playing real music
again. Or they may walk out. It's

happened before.
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When we began this discussion
last month, I mentioned some of the
complex installations of audio- visual
systems designed by Hubert Wilke
Associates of New York City. Most
of them include various projectors,
such as the overhead and the film
units, and also one or more slide
projectors. Some are front -screen,
others have rear projection. Usually
large facilities also include remote
controls so that the presenter can
advance or reverse the slides, start
the film, play a tape, etc. Some control units allow volume adjustment,
light dimming, curtain movement,
and random access among other environmental and program operations.
In addition to the projector, there
are two other considerations that
are also vital to a successful showing. One is the presenter himself;
suggestions were made in the previous column about ways someone involved with selling equipment or designing a/v facilities might be of assistance to the client by offering tips
to help the presenter make a better
showing. The other factor is the software to be used. No matter how sophisticated the installation, and how
polished the presenter, if the software falls flat, part of the message is
bound to be lost, along with the expense of the material itself.
The production of films, or filmstrips, is an art in itself. Many companies have been formed for the purpose of producing films for specific
applications. Some specialize in training material. Others produce travelogues, cartoons, commercials, or
stock material for cutting into other
films. These films can become quite
expensive, depending on location,
staff required, casting, length, editing and laboratory work, and so on.
There is one item, however, that can
be deadly boring if no originality is
.
.
exercised in the production
slides.

whether to read or listen, and the}
can't do both.
When there is only one projector
in use for a single -image presentation, there is the usual 11 second
black space between slides. If a monotonous presentation, one slide after
another, is followed in a regular sequence, it can become sleep provoking. For someone in the audience
who just finished a heavy lunch with
two or three drinks, it's like driving
at night with heavy eyes and becoming mesmerized by the white dashes
of the lane -dividing line flashing by.
To prevent this, not only should the
presenter be more animated to keep
the audience's attention alert, but the
equipment can be used to greater
advantage, varying the length of time
used for each slide to create greater
interest and increased retentivity.
When two projectors are available
for side -by -side showings, this can
add to the impact of the presented
material. They need not be advanced
simultaneously. Provision can be
made to work one unit while the

THE NAME

AND Tf
PRODU
THAT

other remains stationary. This, then,
allows a change of slide on the left
while the right side is black. A complimentary slide can then come up
on the right, and change several
times while the one on the left is
stationary. Then both can go, and the
right side come up alone.
It might also be an interesting arrangement, if a film is used with the
slides, to have it displayed on one
side, in place of one of the slides,
instead of in the center. This way, the
slide on the other side of the screen
can mention the point under consideration while the film is playing. This
leads to one more interesting possibility. The slide shown just before a
film is to go on can actually be the
first frame of the movie. This way,
the film can overlap the slide for an
instant before the slide is advanced
to a black. It will look as though the
slide had started to move from a still frame of the film.
THREE PROJECTORS
Where a third slide projector is

available, a variation that is possible
is to have either three side -by -side
slides, or, maybe even more effectively, an interlace of center screen
images with two side -by-side slides,
so the viewers' eyes have to vary
their positioning toward the screen at
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SLIDES
Almost all presentations made with
a projection system include slides.
The usual routine is to show a slide
with words on it. Most presenters
like to read the words, then talk
about the subject. Others show the
slide but do not read it. They talk
about the subject but leave the viewer
to read for himself. This can prove
to be very distracting for most of the
audience since they don't know
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sound with images (cont.)

Top Disc Cutting
Studios, like The
Mastering Lab, rely
on Stanton's 681 -

Calibration Standard
in their Operations.
Not everyone who plays records needs
the Stanton Calibration Standard cartridge,
but everyone who makes records does!
At The Mastering Lab, one of the world's
leading independent disc mastering facilities, the Stanton 681 Triple -E is the measuring standard which determines whether
a "cut" survives or perishes into oblivion.
A recording lathe operator needs the
most accurate playback possible, and his
constant comparing of lacquer discs to
their original source enables him to objectively select the most faithful cartridge.
No amount of laboratory testing can reveal
true musical accuracy. This accuracy is
why the Stanton 681 Series is the choice
of leading studios.
When Mike Reese, principal disc cutter
at The Mastering Lab, plays back test cuts,
he is checking the calibration of the cutting
channel, the cutter head, cutting stylus,
and the lacquer disc. The most stringent
test of all, the evaluation of direct to disc
recordings, requires an absolutely reliable
playback cartridge
the 681 Triple -E.
All Stanton Calibration Standard cartridges are guaranteed to meet specification within exacting limits. Their warranty,
an individual calibration test result, comes
packed with each unit. For the technological needs of the recording and broadcast
industries, and for the fullest enjoyment
of home entertainment, you can rely on the
professional quality of Stanton products.
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All Stanton cartridges are designed
for use with all two and four -channel
matrix derived compatible systems.

different times. Sure, you can now
add a second film projector for either
a showing in the center or on the
other side of the first film unit, but
there is a limit. There is such a thing
as overkill. If the effect to be presented is for mood, or to indicate
complexity of a situation, then anything may go. If, however, a definite
message is to be presented, with facts
to be remembered, let it not go overboard. But by all means, keep the
audience awake by using the equipment or installation to its best advantage.
HORIZONTAL OF
VERTICAL SLIDES
Now that the equipment and the
presenter are ready for the presentation, how about the slides themselves.
In the simplest setup, the single image
from one projector, the slide format
is 2:3 (height to width). The horizontal format has several advantages.
When you consider the usual room
with a flat floor and a 7 -to 8 -foot
ceiling, and a seated audience, the
bottom of the image should not be
lower than 4 feet off the floor. Possibly 31/2 feet, but if it is lower than

that, the people toward the back will
have great difficulty seeing the lower
part of the picture.
This allows a 3- to 4 -foot high
image. The width, correspondingly,
would be 41/2 to 6 feet. This would
permit good visibility to a last row
somewhere about 27 to 36 feet from
the screen, with application of the
rule-of- thumb, 6x image width. With
proper letter size (another story for
sometime in the near future), and
good artwork, there should be no
problem getting an effective message
displayed on the screen. In order to
keep the slides moving with interest,
it's best to use good pictorial representations such as photographs, instead of words where possible, logos
instead of names, shapes in place of
straight- forward typed copy on the
slide, and so on.
Since a good deal of the material
usually read is vertical in shape, such
as newspapers or magazines or books,
or even advertisements, it sometimes
is well to use vertical slides. However,
in many presentation rooms, vertical
slides would spread over the top and
bottom of the horizontal -shaped
screen and look bad. A vertical effect
is possible, however, by shooting the
vertical material in a horizontal format but on a black background. This
avoids showing the shape of the slide
not being used. The copy has the
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appearance of being vertical, and is a
definite change from the other slides
which may he horizontal.
If you use white words on a dark
background, a harsh contrast is created, causing eye fatigue after a while.
In some cases, where only a few
words or a symbol or logo are used,
they might be on black for impact
and change from the slides around
it. But, especially, where the system
is front -projection, harsh contrast
just doesn't work well over a prolonged presentation since the lights in
the room are probably subdued, or
close to dark. Even in rear -screen
systems, continued viewing of sharp
contrast, in spite of the fact that the
lights can be left on in the room during the presentation, can be tiring.
However, for effect, impact, variation, and movement, contrast can be
of some value.
DISSOLVE SYSTEM
A simple variation on the one image theme is a dissolve system.
This eliminates the 11/2 second black
pause between views while the mechanism advances the slides. A smooth
movement between slides can be effective in building a graph, for instance, or a chart, or a pictorial image. Starting with a single bar on a
chart, dissolving into a two -bar chart,
then three bars, etc., can be effective
in showing growth. Dissolves from a
small image to a larger one introduce
movement and indicate growth. (In
the case of the recent economy, perhaps the dissolves were shown in
descending or receding order.)
One way to show detail on a complex chart is to dissolve into close ups of the desired section of the original large -scale image. All sorts of
variations can be designed with great
effect and a show of creativity. Of
course, in a dissolve presentation, remember that slides alternate from
one projector to the other. This may
cause some problems with changes in
the presentation, especially if the
changes include moving slides around
and go up to the last minute, too. The
presentation, however, will gain from
variations in the material.
You, as the supplier, installer, designer, recording engineer, photographer, producer, user, or technician, can really be of great help to
the client if you can show him how
equipment and systems, slides and
software, and the presenter himself
can help to improve the presentation
and make the message get across . . .
and stick. It takes all three to tango.

PATRICK S. FINNEGAN
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The basic purpose of

stereo-
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pair of "remote" ears.

IMPORTANT clement of a
stereo system is separation of
left and right audio channels. Without separation, the two channels
would blend into one and the system
cease to be stereo. Maintaining separation is difficult enough in an ordinary audio system, but it is far easier
than maintaining separation through
an f.m. transmitting system.

These two channels, then, must faithfully convey the original sounds as obtained by the microphones to a speaker
output for each channel. If sounds are

SEPARATION
An individual listening to

speakers. Each element has its own
limiting factors which can deteriorate
or destroy the channels' integrity. Besides the microphones, there are the
various amplifiers, the recording tape
machines or disc cutters, the reproducing machines and amplifiers. When
it is desired to send the stereo through
an f.m. system, a great many more
elements and limiting factors are introduced into the chain.
An f.m. system does not transmit left
and right audio channels separately,
as is done through an audio system.
Instead, the left and right audio channels are carefully blended together in
a matrix system. After further processing, the sound comes out of the
stereo generator as a composite signal.
It is this composite signal which actually modulates the transmitter. Although the basic requirement of the
stereo system is that the channels remain separate, the matrix deliberately
blends these two channels together.

AVERY

a

live per-

formance on stage hears sounds from
many directions. Since he normally
hears with two ears, he can discern a
sense of direction from which the
sounds come. The stereo system attempts to capture these sounds on at
least two microphones and direct the
output of each microphone through
separate channels into storage on audio
tape or record, later reproducing channels through two separate speakers. In
other words, the system tries to provide "remote" ears for the listener.

Patrick

Finnegan has had a long
and distinguished career in broadcast
sound. Beginning next month,
Mr. Finnegan will contribute a
regular column Broadcast Sound.
S.

.

HOME OR OTHER

STAGE OR STUDIO

.-.,.,r

Consoles

permitted to blend together haphazardly, any place along the route, the
channel separation will he lost.

DETERIORATION
Many elements occur between the
two microphones and the final two

The biggest advance of audio
control in the last 15 years.

Totally DC controlled for noiseless
switching and audio mixing. Lighted
touch pad switching eliminates mechanical noise and breakdown. Advanced
solid state light emitting "VU" meters.
Cermet mixers and level controls for
years of trouble free operation. Plug
in amplifier cards. Full range input gain
select from mic thru high level. All
inputs and outputs balanced. Distortion
0/3%; Response
+0, -2 db,
20 Hz - 20 KHz; Noise
-65 db (mic
inputs). Flexibility? Complete complement of accessories for input expansion,
equalization, remote control, etc.

-

10 day free

--

trial and

2

year warranty.

Call collect or write today. You'll find
it both an exciting and profitable ad-

venture!
Models & Prices
SC -5M

Single Channel, mono

DC -5M Dual Channel, mono
DC -5MS Dual Channel, stereo
DC -8M Dual Channel, mono
DC -8MS Dual Channel, stereo

605
742
$ 979
$1 199
$

$

$1,760

RAMKO RESEARCH
3516 C LaGrande Blvd.
Sacramento, California 95823
Telephone (916) 392 -2100
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LEFT AUDIO

PURE PRO
audio design
The new standard in Professional
Sound offers you everything:

Spectrum- Master Equalization
Most complete line available: 1/3Octave Equalizer /Test Set: two additional 1/3 and 1- Octave Equalizers; a
unique Tunable Notch Filter; a versatile Equalization Test Set.
Spectrum- Master In -Wall Amplifiers
There is nothing to equal these professional units, each with built -in
1- Octave Equalizer and exclusive
Dynamic Range Extender. Available
in 35 -watt, 60 -watt, 100 -watt outputs.
Spectrum Master Amplifiers
lmcomparable DX and TAX Solid state amplifiers, designed for optimum continuous -duty performance.
Available in a broad selection from
70 to 250 watts RMS to meet any
professional audio requirement.
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6000
Series
Equalizers

L

MONO

MODULATION

(L +R)

INPUT

OUTPUT

RIGHT AUDIO

(L

R

-R)
TO

SUB

Figure 2. The matrix blends the two
audio channels to produce SUM and
DIFFERENCE signals.

Herein lies its greatest potential for
loss of channel integrity, for, if this is
not done carefully, the channels cannot be recovered and restored to their
full integrity in the receiver.

THE MATRIX SYSTEM
Any broadcast system that is well
established in public use is required
by the FCC to provide a compatible
signal when any additional service or
modification is done to the original
service so that the public will be able
to receive the same service on their
existing equipment as they did before
without degradation. It is for this reason that color television had to de-

DX, TAX

Amplifiers
4700

Series

WORAM AUDIO ASSOCIATES
Consultants in Studio Systems

OO

O

00

(CCC'G-C:

Engineering, Design and Installation
4400

Series

Spectrum- Master Mixer -Amplifiers
Superior 4400 Series with less than
1.5% THD and program equalization
provisions. Flexible, advanced design; professional in every sense-for
the most demanding applications.
Spectrum- Master Input Equipment
Have optimum mixing performance
with maximum flexibility in the 4900
Series. Ideal for broadcast and recording use, theatres, auditoriums,
and churches. Distinguished for ultra low distortion and wide- range.
quality's other name in
Sound and Communications

-oNeringA COMPLETE CONSULATION

SERVICE FOR STUDIO
PLANNING AND
CONSTRUCTION
FREE -LANCE RECORDING

SERVICE IN THE
NEW YORK AREA

212 673 -9110
64 University Place
New York, N.Y. 10003

WRITE FOR TECHNICAL BULLETINS
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RAULAND -BORG CORPORATION
3535 W. Addison St., Dept. N.. Chicago, III. 60618
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LSTEREO

COMPOSITE SIGNAL

Figure 3. The composite signal
modulates the transmitter. It is
composed of many signal elements
on into the supersonic region.

velop a signal compatible with black
and white receivers; for the same reason, quad, or 4- channel stereo, is going through the same throes.
A matrix works in this manner. The
output of the station's left and right
audio channels terminates at the left
and right input of the stereo generator, where the signals go directly to
the matrix. The matrix adds the left
and right channels to produce a SUM
(L +R) signal. At the same time,
another part of the matrix inverts the
right channel and combines it with
the left channel to produce a difference
(L -R) signal. The sum signal provides the compatible monaural signal
for mono sets. The difference signal
will then amplitude modulate a 38 kHz
subcarrier, producing double side bands. The 38 kHz carrier itself is
suppressed and only the sidebands
remain.

A synchronous detector is required
in the receiver to recover these side bands; this must be phased with the
original carrier. The basic oscillator is
a crystal -controlled 19 kHz oscillator
in the stereo generator. The second
harmonic (38 kHz) of this oscillator
is modulated as the sub-carrier. The
19 kHz signal itself is transmitted to
synchronize the receiver detector.
The composite output of the stereo
generator has a bandpass extending
from 50 Hz on up into the supersonic
regions. It is made up of the L + R
signal in the audio band of 50 Hz15 kHz, a 19 kHz pilot signal, and
double sidebands of the suppressed
38 kHz carrier that extend from 23
kHz to 53 kHz. This is the signal
which modulates the transmitter and
it will be the signal that is detected in
a wideband demodulator in the receiver. It must be further processed
by a synchronous detector to recover
the L -R signal, and along with the
L-l-R signal sent into another matrix
that will restore the original left and
right audio channels.

0 dB

-2dB
MATRIX

LEFT AUDIO

V

L

MONAURAL
MODULATION
(I_

RIGHT AUDIO

0
i

11/4

RIGHT
12K

50Hz

R)

15 KHz

OUTPUT

INPUT

V

-

LEFT

(L -R)

POOR

SEPARATION

TOr\J
(A)

SUB- CARRIER

-

LEFT

Figure 4. When audio input signals are
180 degrees out of phase, the matrix
will shove all the audio into sub -channels.

i

0 dB

RIGHT

I

--10

I-10dB8K

50Hz

POOR SEPARATION
The matrix system relies very heavily upon phase relationships through-

out. Anything, from the original microphones to the final destination in the
receiver, which can distort the phase
relationships can reduce the system's
ability to recover and restore the original channels and their original integrity.
In the stereo generator, the sub -carrier and pilot must be properly phased,
the transmitter working properly, with
no high standing waves on the transmission line or antenna problems.
Once all these have been originally
adjusted properly, they generally remain stable, unless some component
fails (such failures usually trip out
circuit breakers or alarms and must
be corrected). From an operational
standpoint, the problems which most
beset the stereo system are in the
audio system itself. These occur in two
general categories-phase and amplitude response of the left and right
audio channels. When phase is wrong,
the two signals do not reach the matrix at the same time or the polarity
of one channel is reversed. And when
the audio response curve of each
channel is not identical, the varying response amplitudes do not permit complete cancellations in the matrix, so
what remains shows up in the opposite
channel and separation suffers.
Polarity reversal of one channel
(180 degree phase shift) which places
the two channels out of phase will
cause the input signals to be shoved
into the sub -channel and little on the
main channel. This can be demonstrated by feeding a sine wave tone
out of phase to both inputs of the
stereo generator. With a sine wave,
complete matrix action takes place and
there is no signal on the main channel; it is all in the sub -channel. With
program, the mono receiver would
suffer a severe drop in signal level.
Assuming the original installation
was correctly phased, reversal of polarity usually happens because a patch
plug has been turned over, or the wiring has been put back on incorrectly

0

15K

(B)

Figure 5. Response curves must be
identical. In (A) both curves are good
individually but not identical. Poor
separation will result at 15 kHz. In (B)
both curves are poor, but identical. The
system will have good separation.

during maintenance, such as replacing
the head on a tape machine.
Phase shifts of less than 180 degrees cause a lead or lag between the
audio channels' phase relationships. A
major cause of this is the path length
of each channel. Signals starting at
the microphone together should reach
the matrix input at the same time. If
they do not, complete matrix action
cannot take place, so the unprocessed
part of one signal will show up in the
other channel and separation will deteriorate.
Anything which can cause one channel to lead or lag behind the other
channel will change the correct phase
relationship. This can be caused by
faulty or defective components in the
audio system, but it can also be due
to the original installation, where wiring lengths were not given careful consideration. All these differences are
cumulative and a fixed, but incorrect,
phase relationship is set up. There can
also be other path length problems
with Telephone Company lines to the
transmitter site or when stereo remotes are done over Telephone Company lines.
AMPLITUDE RESPONSE
The response curve of each channel must be identical with the other,
or proper matrixing cannot be done,
and what is left uncancelled will show
up in the other channel. Separation
does not essentially have a relationship to fidelity, but instead, to identical response curves, whether these are
good or poor, assuming there is no
phase shift also involved. For example, each channel has a reasonably
good response curve, but not identical
to the other. One is flat all the way to

www.americanradiohistory.com

different audio DA's designed
to solve all of your distribution
problems.
From our table top 1 in /6 out to our
Six

powerful 20 in /80 out. Stereo or mono
operation, output metering, individual
level controls and balanced inputs and
outputs are just a few of the many features found in these superb DA's. Per10 Hz - 20 KHz
formance? Response
0.1 %; Output level
± 0.5 db; Dist.
-90
+20 dbm max; Signal/Noise
80 db. Qualdb; Channel separation
ity? All RAMKO products are backed
by our 10 day free trial and 2 year warranty. They have to be good to do that.

- - -

-

Call collect or write today!

Models & Prices
$ 145
DA -6 /E 1x6 (table top)
165
DA -6R/E 1x6 (rack)
S
DA -6BR /E 1x6 (rack, indiv. cont.) . . . $ 179
$ 239
DA -6125/E 2x12 (rack)
DA- 16BR /E 2x16 (rack, meter, etc.) . . $ 295
DA -2080 up to 20x80 (rack) . . . $325 - $1,675

RAMKO RESEARCH
3516 C LaGrande Blvd.
Sacramento, California 98523
Telephone (916) 392 -2100
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If the monitor is incorrect and the system adjusted to read
correctly on the monitor, the system
would be actually misadjusted, even
though it would appear correct on the
are correct.

Erase faster
FLAT BASELINE

monitor.
To verify the monitor figures, feed
a sine wave to the input of either the
left or right channel and measure the
output of the stereo generator composite signal with an oscilloscope. The
base line on the scope figure should
be flat or nearly so. Next, check the
output of the detector in the monitor
(the composite signal) and note the

GOOD SEPARATION

(A)

Erase cleaner
Erase easier

BASELINE
NOT FLAT

NORMAL
BASELINE
POOR SEPARATION

(B)

Figure 6. Use an oscilloscope to
measure the composite signal out of
a stereo generator.

Garner Model 70 cuts man -

hours spent erasing audio and video
tapes. Simple, safe continuous belt
operation gives you "hands -off'
professional erasures in only four
seconds. Handles up to 7" reels,
cartridges, and cassettes. Acclaimed by major users, yet priced
low enough for the smallest studio
or station to afford.

GARNER INDUSTRIES
4200 N. 48th St.
Lincoln, NE 68504
402 -464 -5911
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A COMPACT
WITH ALL

THE OPTIONS

kHz. The other one is flat out to
kHz but then rolls off 2 dB at 15
kHz. Both curves are in specs as individual curves go, but there will be
poorer separation above 12 kHz. On
the other hand, two identical but poor
response curves, for instance, flat to
8 kHz and then rolling equally so the
response at 15 kHz is down 10 dB,
will have good separation.
Many, many faults or misoperations
along the way can effect the response
curve of the channels. There may be
improper alignment of a tape machine
head, a defective stylus in a turntable,
improper level settings of amplifiers,
impedance matching problems. misadjusted equalizers etc. Anything which
15

12

can effect system response, unless

it

effects both channels equally, will show
up as poor separation.

MEASUREMENT

The

ROBINS /FAIRCHILD Model 659A,
REVERBERTRON, is a complete dynamic reverberation system designed to
enhance Broadcast /Production or Recording Studio sound.
With solid state electronics and high
performance electro- mechanical delay
lines in two separate enclosures, the
REVERBERTRON is compact in size yet
loaded with features. Continuous reverb
mix controls, VU metering, selectable
decay times, 3 band equalization and
remote control
to name a few. All in
7" of rack space.
REVERBERTRON! Designed to fit your
rack and priced to fit your budget.
FOR COMPLETE DETAILS, CALL OR

We can listen to the signal off the
air with a good receiver and obtain a
qualitative measurement of the separation, but this does not tell us how
much separation is present. To measure this, a sine wave generator and
the modulation monitor can produce
the information. Use the method described in the instruction manual for
the monitor, but feed the signal to the
input of the audio system to get the
real separation figure. All this assumes
that the monitor is properly adjusted
and its own separation and phasing

...

WRITE SAM JONES.

FIoBIN5 O FAIRCHILD
A

O

N

75

Robins Industries Corporation

Austin Boulevard, Commack, N.Y. 11725

FREE CATALOG
HARD -TO -FIND PRECISION TOOLS

,z,awsezi
4,

Lists more than 2800 items pliers, tweezers.

wire strippers, vacuum systems, relay tools,
optical equipment, tool kits and cases. Also
includes ten pages of useful "Tool Tips" to aid
in tool selection.

JENSEN
TOOLS
44th Street,
An:.
4117 N.

Phoenin,

85018

(516) 543 -5200
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flatness of the hase line. This check
will measure the signal after it has
passed through the transmitter. Assuming that the pilot phasing was correct, if there is not a very flat base
line, tweak up the stereo generator adjustments. If this flattens the base line
out at the output of the stereo generator but not much out of the monitor. there are some transmitter problems. But if it doesn't flatten out the
base line after the stereo generator,
then there are some audio system

problems. In most cases, this is where
the problem will be. So, you will have
to go to work on the audio system,
but look first for audio response problems.

you write it
Many readers do not realize that
they can also be writers for db.
We are always seeking meaningful articles of any length. The
subject matter can cover almost
anything of interest and value to

audio professionals.
You don't have to be an experienced writer to be published.
But you do need the ability to
express your idea fully, with adequate detail and information. Our
editors will polish the story for
you. We suggest you first submit
an outline so that we can work
with you in the development of
the article.
You also don't have to be an
artist, we'll re -do all drawings.
This means we do need sufficient
detail in your rough drawing or
schematic so that our artists will
understand what you want.
It can be prestigious to be published and it can be profitable
too. All articles accepted for publication are purchased. You won't
retire on our scale, but it can
make a nice extra sum for that
special occasion.

If you work with
microphones,
you need this book!

LC 4-.73 -87056

ISBN

.

0- 914130 -00 -5

The most important

THE AUTHOR
Holder of twenty -three patents on electro-acoustic products,
Lou Burroughs has been responsible for extensive contributions in the development of the microphone. During World
War II, he developed the first noise cancelling (differential)
microphone, known as the model T -45. Used by the Army
Signal Corps, this achievement was cited by the Secretary of
War. Burroughs was the creator of acoustalloy, a non-metallic
sheet from which dynamic diaphragms are molded. This material made it possible to produce the Fust wide -range uniform- response dynamic microphone. Burroughs participated
in the design and development of a number of the microphones which have made modern broadcasting possible
the
first one -inch diameter wide -range dynamic for tv use; the
Fust lavalier; the first cardiline microphone (which ultimately
won a Motion Picture Academy award) and the Fust variableD dynamic cardioid microphone. He also developed the Fust
wind screens to use polyester foam. Burroughs was one of the
two original founders of Electro- Voice, Inc. He is a charter
member of the Society of Broadcast Engineers and a Fellow
member of the Audio Engineering Society.

microphone book
ever published.
A practical, non -theoretical reference manual for those
involved in the application of microphones for tv, motion
pictures, recording and sound reinforcement.

At last, the practical aspects of microphone design and
application have been prepared and explained in one
concise, fact -filled volume by one of audio's outstanding
experts. This book is so full of useful information, we think
you'll use it every time you face a new or unusual
microphone problem.
Perfect for Reference or Trouble-shooting
The twenty -six fact- packed chapters in this indispensable
volume cover the field of microphones from physical
limitations, electro- acoustic limitations, maintenance and
evaluation to applications, accessories and associated
equipment. Each section is crammed with experience- tested
detailed information. Whatever your audio specialty
you
need this book!

-

r
ORDER FORM
Sagamore Publishing Co., Inc.
1120 Old Country Road, Plainview, N.Y. 11803

Along with down -to -earth advice on trouble -free
microphone applications, author Lou Burroughs passes on
dozens of invaluable secrets learned through his many years
of experience.
He solves the practical problems you meet in day -to -day
situations. For example:
* When would you choose a cardioid, omni -directional, or
bi- directional mic?
* How are omni -directional mics used for orchestral pickup?
* How does dirt in the microphone rob you of response?
* How do you space your microphones to bring out the best in
each performer?

highly recommended as a teaching tool and
reference for all those in the audio industry. Price: $20.00
This text

[
] copies of MICROPHONES: DESIGN AND
APPLICATION at $20.00 each.

Please send

Name_
Address

City

State

Zip
amount

$

N.Y.S. Residents add 7% Sales Tax.
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L
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Enclosed is check for $
Foreign Orders add $1 postage and handling
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GELD
ELECTRONIC CROSSOVER

the meter is quite simple, with no
range or weighting selections to be
made. The meter spans the 50 dB
range in clearly marked
dB increments; OSHA limits are printed on
the meter face. In addition to the
meter, the set includes a sound -level
calibrator, windscreen, carrying case,
etc.
Mfr: GenRad, Inc.
Circle 51 on Reader Service Card

SOUND ABSORBING FABRIC

1

Model X0312 keeps all outputs in
phase at all frequencies and provides
continuously tuneable crossover frequencies from about 100 to 1,000 Hz
and 1,000 to 14,000 Hz. The manufacturer claims distortion of less than
0.1 per cent and a signal -to -noise ratio of better than 80 dB. High- and
low -pass filters in each crossover are
permanently crossed at 3 dB down.
The state -variable filter gives a 12 dB
per octave Butterworth response. The
stem signal is flat -±
dB from 20 to
20,000 Hz. The crossover has balanced 600 -ohm transformer outputs
individually adjustable to a maximum
of 8 volts. Voltage gain is adjustable to
a maximum of 2.
Mfr: Stevenson (Interface Electronics)
Circle 50 on Reader Service Card

FOUR -WAY LOUDSPEAKER

Sheerfill 3A soundproof fabric is
lightweight, flexible, and translucent. It
can be easily cut and draped. The
coated beige surface is easily washable
and fire -resistant. Acoustical properties test out to NRC 0.60 minimum,
ASTM- C423 -66. The manufacturer
claims a tensile strength of 200 minimum lbs. /in. A thin fabric, Sheerfill
combines with air in front and in back
of the installation to furnish sound absorption.

1

OSHA MEASUREMENT SET

Sound level measuring set model
1983 meets ANSI S1.4 1971 Type S2A
standards. The unit spans a single
range, 70 to 120 dBA. Operation of

Mir: Chemical Fabrics Corp.
Circle 53 on Reader Service Card

High sound pressure levels with
moderate power input was aimed at in
the design of model 7 loudspeaker.
Particular emphasis is placed on transmission of upper bass and lower midrange tones with fidelity. The loudspeaker employs six drivers. It has a
filter network rather than a conventional crossover, which the manufacturer claims offers improved transient
response and greater transparency. The
speaker has been designed to handle
the special needs of rock music, as
well as other musical forms.

Mir: Rectilinear

Research Corp.

Price: $399.
Circle 52 on Reader Service Card

SC:
Audio Level Optimizer
Maximizes average program level, restricts instantaneous peaks. Independent
peak limiting and average compression fully gated to minimize "breathing"
and "pumping" Frequency -selective limiting option for FM available.

0

Model 220, $68Ò.

NOVO N C S
A. PA./CORPORA
reo
I

N
N

I

PA./CORPORA

Innovative Electronics for Recording and Broadcasting
1630 001 Avenue

Caenpbee.Cariturma 95008 14081 374-8300
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LIVE PERFORMANCE MIXER

This fifteen -microphone channel
mixer provides treatments for left and
right p.a. and stage monitor with two
auxiliary outputs. Each input channel
has tone controls for bass lift or cut,
treble lift or cut, and middle lift; a
fourth tone control, continuously variable, governs the frequency of maximum /minimum lift. There is a continuously variable sensitivity control,
switched input attenuator and a peak
reading meter. Rotary or linear faders
control monitor output and treatment
channels. The device features independent two -track tape recorder level
controls, listen and talk facilities, and
two auxiliary peak reading meters.
Five input channels are built as a single module and the output and auxiliary channels are built as another
module of the same size.

Mfr:

RSE (Lamb Laboratories)
Circle 54 on Reader Service Card

16MM TAPE RECORDER

ECONOMY SPEAKER SYSTEM

FUNCTION GENERATOR

- .D'$
,

ö
x
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A tape drive system using a smooth
capstan, claimed to give very short
start -times, speed stability, low wow
and flutter and reduced head wear, is
featured in DS -I6 16mm. perforated
tape recorder /reproducer. Synchronization is fully electronic. Built -in memory circuits give full programming capability, tape search and all operational features to meet current and proposed recording standards. The unit is
suitable for film dubbing as well as for
straight record /replay.

Mir: Schlumherger Instruments
Circle 55 on Reader Service Card

Techniques for handling crossovers
and in balancing phase lags and leads
of multiple drivers, refined in the designing of this manufacturer's high priced speakers have been used in the
creation of economy 3 -way Monitor
Jr. All drivers (12 -in. transmission line woofer, 11/2 in. dome midrange.
-in. dome tweeter) deliver temporal
information precisely in phase. The
manufacturer claims a dimensional
quality to the sound, reproducing orchestral sounds in relation to the instruments' position -left, right, front,
or rear. Available in bookshelf or
pedestal models.
Mir: Infinity Systems, Inc.
Price: $225.
Circle 56 on Reader Service Card
1
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Nine modes of operation are possible with model 5300 function generator. In addition to separate waveforms and ramp outputs, pulse, sweep,
and burst modes, it offers an exponential ramp function for logarithmic
sweeping. The exponential sweep in
conjunction with the linear sawtooth
output enables semilog plotting. There
is external voltage control of main output frequency. Pulses can be as narrow as 200 ns at rep -rates anywhere
between 100 kHz and 0.1 Hz. An adjustable trigger gives a one shot performance of either a single cycle of a
waveform or a single frequency sweep.
Mfr: Krohn -Hite Corp.
Price: $695.
Circle 57 on Reader Service Card

THE

ULTIMATE
This system,
used for the 1975
Doobie BrothersTour,
represents the
state of the art
in sound pressure
capability and
efficiency.
Fiberglas touring
speaker systems by

hum

Light &Sound, Inc.

5701 GRAYS AVENUE, PHILADELPHIA,
PENNSYLVANIA 19143 (215) 727 -0900

w
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MARC SAUL

Understanding
Harmonic Distortion
Harmonic distortion generated by audio equipment discolors
musical output, sometimes objectionably. Testing and
making the necessary adjustments will keep the distortion
to a minimum.

which are multiples of a fundamental frequency, are what give music and
speech its particular character and timbre.
Without harmonics, music and speech would
sound dull and lifeless and it would be difficult to distinguish one voice or musical instrument from another.
For example, assume we strike the low -C note on a concert grand piano. In addition to the fundamental sine -wave
frequency of 32.7 Hz being produced, harmonics of up to
about the fiftieth of the fundamental tone will be generated. Furthermore, since the piano sound board is not
large enough to radiate frequencies much below 50 or
60 Hz, the fundamental may be missing altogether. The
output waveform then consists almost wholly of the harmonics (see FIGURE 1). Without these harmonics, and
particularly the higher order harmonics, the note would
practically disappear or would sound muffled and without
a distinct piano character.
Audio equipment, such as line or monitor amplifiers,
recording or playback amplifiers, tuners or receivers, and
cutting heads or loudspeakers, are not musical instruments. This equipment must not introduce harmonics of
their own so that they color the tone of the instruments
or voices being handled. Instead they must be nearly
perfectly transparent as possible to the sound signals being amplified or being transduced. By the extent that they
introduce their own harmonics or other signals, they
produce distortion.
Since no piece of audio equipment is perfectly distortionless, some distortion must be tolerated. The idea,
ARMONICS,

Marc Saul has for many years been a writer and
editor, covering the audio scene.

Figure

1.

Waveform of

a

low note struck on

a

piano.

though, is to have as little distortion as possible so that
the audio signals being handled are as free from alteration
as possible. With good equipment, the amount of distortion will be below the level at which it can be perceived.

HARMONICS AND NON -LINEAR DISTORTION
Audio equipment is subject to several different types of
distortion. But one of the most important is harmonic dis-

tortion. This occurs when the equipment being used
changes the waveform of the signal being handled in the
same way that it would be changed if harmonic frequencies were added to it. It also occurs when the equipment
alters the size and shape of the harmonics already in the
signal by either boosting or attenuating these harmonics.
Now consider a perfectly pure 400 -Hz sine -wave signal being applied to a recording amplifier. If the amplifier
has no harmonic distortion, then the output waveform
would be a magnified but otherwise wholly unchanged replica of the input (FIGURE 2A). However, if the outputs
are as shown by the solid -line waveforms of FIGURES 2B
through 2H, then harmonic distortion is present. The
amplifier acts as though it were adding additional fre-
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quencies which, when added to the fundamental, result in
the distorted waveforms shown.
With second- harmonic distortion, the sine wave takes
on a skewed appearance and the downward slope Was a
couple of ripples in it. With third- harmonic distortion, the
peaks of the waveform are changed into dips. When fourth harmonic distortion is present, both dips and ripples appear. In a case where there are a very large number of
odd, in -phase harmonics the waveform takes on a square
appearance (FIGURE 2F). Hence, if the amplifier clips
both positive and negative peaks of an incoming sine wave,
the effect is as though a large number of odd harmonics
have been added. With a large number of all harmonics,
the waveform is converted into a sawtooth (FIGURE 2G).
Finally, with numerous harmonics having random amplitudes and phases with respect to the input, the irregular
output waveform in FIGURE 2H would result.
Next, consider the input- output linearity on the transfer
characteristic of a piece of audio equipment, such as a
playback amplifier. If the amplifier were perfectly linear.
its transfer characteristic would be a straight line as shown
in FIGURE 3A. With a sinusoidal input voltage, the output
voltage would be a replica of the input-also sinusoidal.
If the amplifier has a transfer characteristic that is nonlinear, as shown in FIGURE 3B, the output would have a
positive peak that is flattened out while the negative alternation is normal. The result is a disorted output waveform.
A waveform such as this, with positive and negative half
cycles of different shapes and areas along with a steady
(rectified) d.c. component, which in this case is negative,
has even- harmonic distortion.
With a different type of nonlinearity, as shown in FIGURE 3C, the S- shaped transfer characteristic results in an
output waveform that is tall and peaky. The result again
is distortion. A waveform such as this with positive and
negative half cycles similar in shape has odd -harmonic
distortion.
SINGLE-ENDED AMPLIFIER
In a single -ended amplifier, the harmonics that are generated are mainly even harmonics. On the other hand, a
push -pull output stage usually operates in such a way
that the transfer curve of one transistor in the output
stage overlaps and cancels out the non -symmetrical non-

linearities in the other transistor of the push -pull stage. As
a result, the even harmonics are largely canceled out.
Most of the distortion then consists of odd harmonics
alone.
Some harmonics are more displeasing to listeners than
are other harmonics. In general the lower -order harmonics
(say the second through the fifth) result in tones that are
on the musical scale; hence they are not unpleasant to hear.
On the other hand, the higher -order harmonics (say the
seventh through the twenty-fifth) are mostly not on the
musical scale and are decidedly unpleasant to listen to,
even when the harmonics are fairly low in amplitude.
For example, assume we apply a 250 Hz sine wave to an
audio system. If the system introduces harmonic distortion,
we will find that the second through the sixth harmonics
are musically related to the fundamental, hence they are
not unpleasant to listen to although they certainly constitute distortion because they were not present in the input
waveform. Additional musically related harmonics include
the eighth, tenth and twelfth, as well as the sixteenth, twentieth and twenty- fourth. Non -musical, dissonant harmonics
are the seventh, ninth, eleventh, thirteenth, fourteenth, fifteenth, seventeenth, eighteenth, nineteenth, twenty -first,
twenty- second, twenty -third and twenty- fourth.
Although practically no music produced by acoustic
rather than electronic musical instruments and practically
no speech is purely sinusoidal, or lacking in harmonics, we
do not want our electronic audio equipment to generate
the harmonics. The job of the equipment is to duplicate
the original input without introducing any harmonics of
its own. The perfect amplifier, then, is one that reproduces exactly the waveform, no matter how complex, that
is applied to it.
TOTAL HARMONIC DISTORTION
The harmonic -distortion factor of a signal is the ratio
between the total rms values of all the harmonics to the
total rms value of the fundamental plus all the harmonics.
Expressing this factor as a percentage (multiply the factor by 100) gives us a measure of the percentage of total
harmonic distortion (thd).
To be more exact, the percentage of thd is equal to the
square root of the sum of the squares of all the harmonics
divided by the square root of the sum of the squares of the
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fundamental and the harmonics, all multiplied by 100.
Assume we have a distorted waveform (fundamental
plus harmonics) with an rms value of 50 volts and we find
that we have, in addition to the fundamental signal, a second harmonic of 2 volts and a third harmonic of 1.5 volts.
Our percentage of thd is the square root of 22 plus 1.52 or
2.5 divided by 50, all multiplied by 100, or 5 per cent thd.
Sometimes the distortion is weighted in proportion to
the order of the harmonics. When this is done, the percentage of the individual harmonics is multiplied by a
weighting factor that increases as the order of the harmonic increases.
With just about every system of amplification other than
class B, the percentage of total harmonic distortion decreases as the power output level is reduced. In addition,
as the output power level is reduced the percentages of
the higher order harmonics decrease more rapidly than
those of the lower order harmonics. This means that the
thd usually decreases as the power output is reduced. However, in some transistor amplifiers, when you go down to
very low output powers, thd may actually begin to rise
again slightly.
When negative feedback is used, all the harmonics are
reduced in the same proportion. This does not affect their
relative importance, except when the overload point is
reached.

HOW MUCH DISTORTION?
An important question is just how much distortion we
can perceive or tolerate in an audio system. We can, in
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Figure 4. Test setup used to measure total harmonic
distortion of amplifiers.

general, tolerate less distortion with music than with speech.
Also, as we increase the range of frequencies that our systern covers, we can tolerate less distortion. This means
that in a fairly restricted bandwidth system, say covering
a frequency range of 100 to 5,000 Hz, we can tolerate far
more distortion than in a wide -band audio system that
covers from 20 to 20,000 Hz. The narrow -band system
simply does not respond to the higher order harmonics.
However, the disadvantage of the narrow- bandwidth systern is that it does not respond to the desirable and necessary very low and very high frequencies. Hence, the price
that we have to pay for increased frequency coverage is
that we must exert more effort to acquire lower distortion
in the system.
It is difficult to set down specific limits for the total harmonic distortion percentage. This is because the thd usually lumps together all the harmonics and does not specify
which harmonics are involved.
As an example, suppose we consider a waveform with a
thd of 5 per cent, as calculated above. Nothing is usually
said about whether this percentage represents mainly odd
harmonics, even harmonics or a combination of both odd
and even. Further, if the harmonic distortion consists of a
number of harmonics, as is usually the case, nothing is
indicated in the percentage figure to tell us the relative
amplitudes of the various harmonics making up the distortion. Any of these conditions would produce a differently
shaped distorted waveform and a different effect on the
listener.
In general, listeners will tolerate a much larger amount
of even-harmonic distortion than odd -harmonic distortion.
This is because the even harmonics are largely musical
and nondissonant, while the odd harmonics are not musical
and are dissonant. Some circuits and even some transistors
are more prone to emphasize certain harmonics than
others. As mentioned above, harmonic distortion in most
push -pull stages is largely odd harmonic, the even harmonics being canceled out.
Because of these and other variables, the thd certainly
does not tell the entire story of system performance. However, it does provide us with a simple, convenient, and
easily duplicated test that allows us to compare one with
another.
A number of tests were conducted some years ago by
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Dr. Harry Olson of RCA using single- ended, low-power
(3 watt) triode and pentode tube amplifiers. The tests were
conducted in a typical living room environment with a
noise level of about 25 dB. A limited number of critical
observers were used to rate the intentionally introduced
distortion from objectionable-through tolerable
perceptible.
The results of these tests are the following: For an amplifier high -end cutoff of 7,500 Hz, objectionable distortion occurred at 4 to 4.8 per cent thd for music and 6.4
to 6.8 per cent thd for speech. Tolerable distortion occurred at 3.2 to 4.4 per cent for music and 4 to 4.8 per
cent thd for speech. Perceptible distortion occurred at
0.95 per cent thd for music and 1.15 to 1.2 per cent thd
for speech.
Next, the high -end cutoff was extended to 15,000 Hz.
Under these conditions, objectionable distortion was 2.0
to 2.5 per cent for music and 3.0 to 4.4 per cent for
speech. Tolerable distortion occurred at 1.35 to 1.8 per
cent for music and 1.9 to 2.8 per cent for speech. Perceptible distortion occurred at 0.7 to 0.75 per cent with
music and 0.9 per cent with speech.
Other tests, made with telephone line equipment by the
British Post Office in conjunction with the BBC, disclosed
the following results for just detectable second- and third harmonic distortion; For second -harmonic distortion, up
to 25 per cent below 100 Hz, up to 3 per cent below 200
Hz, up to I per cent below 400 Hz, and below I per cent
above 400 Hz. For third -harmonic distortion, just detectable distortion was up to 5 per cent below 100 Hz, up to
2 per cent below 200 Hz, and up to
per cent above
400 Hz.
The better the equipment, the less thd it will have. A
perfect amplifier would have zero per cent total harmonic
distortion. Since such an amplifier does not exist, we will
have to settle for a thd figure below 1 per cent for very
good performance and below 0.5 per cent for exceptional
performance. There are a few amplifiers available whose
thd approaches or is lower than the residual distortion in
the instruments being used to measure the thd.

-to

1

c°ÿ

MEASURING THD
In order to measure total harmonic distortion we can
use the test setup shown in FIGURE 4. A low -distortion
audio generator, whose output is monitored with an external meter M1 (if the generator itself does not have

Figure 6. Distortion characteristic of
power amplifier.

a

typical hi fi

such a meter), is applied through an attenuator to the input of the audio unit under test. In this case, we are showing an amplifier being tested. The output of the amplifier
is monitored by a second meter, M2. The amplifier is also
properly terminated by a load resistor as shown. The amplifier output is applied to the input of the harmonic -distortion meter. This meter, or analyzer, will read the percentage of thd directly
The harmonic- distortion meter contains a selective audio
voltage amplifier, with adjustable attenuation, whose output
is connected internally to a high impedance vacuum tube
or solid -stage voltmeter circuit. The purpose of the selective amplifier is to suppress or null out the fundamental
frequency of the audio generator so that a measurement
can be taken of the remaining harmonics.
The usual method of obtaining this selectivity is by the
use of a tunable Wien- bridge or bridged-T network that
is used to put a sharp notch in the instrument's response
curve (FIGURE 5A). When the notch is adjusted to the
fundamental frequency of the audio generator, the fundamental frequency is effectively removed or suppressed by
60 to 80 dB. The meter in the harmonic -distortion analyzer
now has applied to it all the other components of the waveform. These are mainly harmonics, but also included is any
hum or noise produced by the unit under test.
When the instrument is used to take a measurement of
thd, the selective amplifier is first bypassed entirely and a
meter reading is taken of the output of the amplifier under test. This reading is the value of the fundamental frequency plus the distorting harmonics. The meter is now
adjusted for full -scale (100 per cent) reading. Now the
selective amplifier is switched in and it is carefully balanced to suppress the fundamental. This is done by adjusting the notch frequency of the selective amplifier for
a null or minimum reading. Now the residual meter reading is a direct indication of the percentage of total harmonic distortion.
Some harmonic-distortion meters employ sharp cutoff
high-pass filters to eliminate the fundamental frequency
(FIGURE 513). With such a curve, not only is the fundamental frequency removed but the hum and noise below
the fundamental are also effectively eliminated. As such
filters are not usually adjustable, these instruments may
use a half dozen or so filters with different cutoff frequencies in order to permit measurements to be made at
various fundamental frequencies. In some cases, two such
filters are used, one cutting off at 400 Hz and the other at
1,000 Hz, This permits thd measurements to be made at
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Your new automatic
distortion measuring system

for balanced measurements
-

REDUCED OPERATOR ERROR
Here's something you'll like
Sound
Tech's new distortion measuring instrument for use in balanced work.
The new 1710A is much more than
just a distortion analyzer. It's a system.
It contains its own ultra- low -distortion generator tracked with the analyzer. It's a system that greatly simplifies
measuring
gives you fast measuring
with simple operation that reduces operator error.
For example, push the frequency buttons and you set both generator and
analyzer. Push "Distortion" and you have
your reading. Automatically. No slow,
tedious manual null- searching.
Features in the new 1710A include:
a balanced, floating output (600/

-

150 ohms)
a balanced (bridging) input
a high -level +26 dBm signal

+26 to -90 dBm attenuator
distortion measurements to .002%
fast 5- second measuring speed

automatic nulling, optional automatic set level.
both harmonic and optional inter modulation distortion measurements.

SPECIAL OUTPUT CIRCUIT
In the 1710A you get a transformer less audio generator output that's bal-

anced and floating. No transformer
means no transformer distortion. Floating and balanced means you can connect
to virtually any audio circuit regardless
of configuration. And you can set the
output from +26 to -90 dBm in 0.1
dB steps.

FAST, SIMPLE MEASURING
Automatic nulling and the automatic
set level option (ASL) give you ex-

tremely fast measuring and little chance
for operator error. You can measure in
5 or 6 seconds. With ASL you can
measure distortion vs. frequency, and
distortion vs. voltage or power without
resetting level.
IM OPTION
An additional optional bonus is that
the 1710A also measures intermodulation distortion. After you've made a
harmonic measurement, just push the
"IMD" button. In 3 seconds you'll have
the IM reading. With this option you'll
be ready for future IM requirements.

CALL /SEND NOW FOR

LITERATURE
It's worth while getting the information on this major new distortion measuring system. Call Larry Maguire or
Bob Andersen now and get our new
product brochure. It's ready and waiting.

SOUND TECHNOLOGY
1400 DELL AVENUE
CAMPBELL. CALIFORNIA

[4067 378-6540

95008

Circle 41 on Reader Service Card
www.americanradiohistory.com

ATTENUATOR
MI

AUDIO
GENERATOR

AMPLIFIER

M2
LOAD

UNDER
TEST

V

Figure 7. Test set up for
oscilloscope observation
of harmonic distortion.

SCOPE

these two fundamental frequencies.
The measurements taken with these two types of harmonic- distortion meters will indicate two slightly different
thd figures. The instrument with the band -rejection filter
will usually yield slightly lower values of thd because its
figures do not include the low-frequency noise and hum.
In most cases it is the bridge -type unit that will be used.
A number of years ago it was common to take harmonic distortion measurements at only one or two frequencies
around the middle of the audio band, such as 400 or 1,000
Hz. Later, though, with improvements in audio gear and
the emergence of really high -quality hi -fi consumer products, many manufacturers were anxious to show just how
good their equipment was. Therefore, it became common
to make thd measurements throughout the entire range from
30 to 15,000 Hz or even from 20 to 20,000 Hz. Such
measurements impose a severe test on a unit because it is
far more difficult to handle the very low and very high
frequencies with a minimum of distortion than it is to
handle the frequencies in the middle of the audio range.
It is also common to make thd measurements over a
wide range of output powers or output voltages, from

some very low value up to and beyond the overload region of the equipment under test. In general, as the output power or voltage is increased, so is the amount of distortion. Usually, the increase is smooth and gradual up to
the overload point, where there is a sudden increase in
distortion. Amplifiers should be rated at a power or volt tage just below this overload point, while the thd is still
only a small value, say 1 per cent.
In FIGURE 6 we see an amplifier's percentage of thd (at
some mid -frequency) plotted against its output power. In
per cent
this case, the amplifier has a thd of less than
below output powers of 50 watts. At 50 watts, the thd
is just 1 per cent. Above this power, the thd rises quickly
to a value of 5 per cent at 60 watts. This amplifier would
then be rated at 50 watts with 1 per cent thd.
A high-quality 50 -watt amplifier whose thd has been
measured over the entire audio range may have the following specification: "Total harmonic distortion at I per
cent or below from 20 to 20,000 Hz within
dB of 50
watts." Such an amplifier would have no trouble at all in
producing up to a full 50 watts of output at 1 per cent or
less of thd over most of the audio range. At the very ex1
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Figure 8. Distortion patterns on an oscilloscope being
used to observe harmonic distortion.

tremes of the range, however, it would still be producing
per cent or Tess distortion at powers up to 40 watts (which
is I dB below 50 watts).
Another unit might be rated as follows: "Total harmonic
distortion below 2 per cent from 30 to 15,000." Such
equipment might very well have a the of a fraction of I
per cent at 1,000 Hz, but distortion would not exceed the
2 per cent figure at full rated power output over the frequency range specified.
I

USING A 'SCOPE TO OBSERVE DISTORTION
An oscilloscope may also he used to observe harmonic
distortion in an amplifier or other piece of audio equipment. As a rule, it is difficult to see distortion much less
than 3 to 5 per cent on a 5 -inch cathode-ray tube. In some
cases, though, especially with higher order harmonics,
some 2 to 3 per cent distortion can be observed. It is important that the 'scope used have vertical and horizontal
amplifiers with similar or equal frequency responses and
phase characteristics.
To check distortion with a 'scope, use he setup shown
in FIGURE 7. Here the audio generator is fed through a
monitoring meter and an attenuator to the input of the

amplifier under test. The output of the generator is also
applied to the horizontal -input terminals of the 'scope,
whose horizontal sweep frequency is turned off. The output of the amplifier under test is monitored by meter M2
and is properly terminated in a load resistor. This output
is also applied to the vertical -input terminals of the oscilloscope. The frequency of the audio generator is usually set
at some convenient middle frequency, such as 400 or 1,000
Hz, or it may be set to some low frequency, such as 40
or 50 Hz.
The output of the generator is now increased from some
very low value up to the point where the amplifier begins
to overload or up to the rated power output.
The waveform seen on the 'scope will be a perfectly
straight diagonal line, assuming that the 'scope's gain controls are adjusted so that equal voltages are applied to the
deflecting plates of the cathode -ray tube (FIGURE 8A).
This straight line is actually the transfer characteristic of
the amplifier under test. At and above the overload point
the straight line will begin to show some curvature at
either one or both ends, or it may show some curvature
somewhere along the length of the trace. If the curvature
is at one end (FIGURE 8B), you are seeing the results of
even-harmonic distortion, and if the curvature is at both
ends (FIGURE 8C), you are seeing the results of odd -harmonic distortion.
A drawback of this technique is that you cannot readily
determine the actual percentage of harmonic distortion.
About all that can be done is to determine whether or not
distortion is present. The more the nonlinearity or distortion, the greater will be the curvature of the scope trace.
A measurement of total harmonic distortion, although it
does not tell the entire story about a unit's characteristics,
is one of the most useful performance specifications that
can be measured.

Complete information on
STUDER Professional Audio
Equipment and the name
of the sales /service representative in your area is available from Willi
STUDER America Inc., 1819 Broadway,
Nashville, Tennessee 37203. Phone 615 -329 -9576.
Telex 55 -4453. In Canada, STUDER REVOX Canada Ltd.,
phone 416 -423 -2831. Telex 06- 23310.
w

Circle 38 on Reader Service Card
www.americanradiohistory.com

HARALD BODE

Frequency Shifters
For Professionals
Integrated into electronic synthesizers, frequency shifters
increase the possibilities of tone interplay and innovation.
IN CONTRAST to transposing devices, frequency shift-

ers change the harmonic structure of any natural
or synthesized sound received at the input, thus
creating new sounds for the innovative user. Among
the different types of frequency shifters known, the
model 735 Bode Frequency Shifter and its counterpart,
made by Moog Music, Inc. are the most versatile. In
these devices, the amount of frequency shift is voltage controlled according to one of two control modes.
In the linear mode, the amount of shift is continuously
variable from +5 kHz, through zero, to -5 kHz. In this
mode of operation, an alternating control voltage introduces additional sidebands into the shifted outputs without actually changing the average amount of shift. In
the exponential mode, the amount of frequency shift
doubles for each one -volt increase in control voltage,
thereby producing changes in the amount of frequency
shift that run parallel to the frequencies of synthesizer
oscillators and filters that are being controlled from the
same voltage. The resulting effects and some interesting
applications will be described in this article.
Frequency shifters have been built for a number of
purposes, such as the reduction of acoustical feedback
(howl) in sound reinforcement systems and, in a multiple single sideband configuration, for the simulation of
a choral tone effect. Whereas instruments of this kind
use small frequency changes to achieve the desired results, there is an apparatus used for substantial changes
of musical frequencies. This is known in the German
broadcasting system under the name Kiangumwandler,
which, directly translated, means sound converter. This
device operates through double heterodyning and single
sideband production through the use of a single side band filter.

N

Harald Bode is a well-known inventor of devices
used in electronic music. He heads Bode Sound
Company in North Tonawanda, N.Y.

The techniques employed for frequency shifting are
basically the same as known for single sideband production- heterodyning and the use of the phase shifting
principle. I used a combination of both principles in a
special frequency shifter built for the Electronic Music
Centers of Columbia and Princeton universities in 1963.8
Since the introduction of this rather specialized instrument, I have developed a number of different models. Among these is a carrier injection model of 1964,
which subsequently was manufactured by Moog. In a
more recent joint effort by Moog and myself, a versatile
frequency shifter was developed and presented at the AES
Spring convention in Los Angeles in 1972. This model
has, among other features, a built-in beat frequency
quadrature oscillator (patented in 1974), which is voltage controllable, including a linear -to- exponential interface, making this frequency shifter compatible with voltage controlled synthesizer modules and functions.
BEAT FREQUENCY QUADRATURE OSCILLATOR
A basic (simplified) block schematic diagram of this
frequency shifter is shown in FIGURE 1. Through the

input terminal, the program signal is entered into two
phase shifting networks, 0, and 0_, which produce two
output signals with a 90 degree phase difference relative
to each others. These phase- shifted signals are then fed
to the first inputs of two four quadrant multipliers. The
second inputs of the same multipliers reecive two 90 degree out -of-phase signals from a beat frequency oscillator, which is composed of a fixed (20 kHz) and a variable (15 -25 kHz) oscillator. The fixed oscillator is followed by a gate, a low-pass filter (or resonance circuit)
to secure pure sine waves, and by two phase shifters 0,
and
which produce two 90 degree out -of-phase outputs (sine /cosine relationship). After mixing these two
components of the fixed frequency with the variable frequency, two beat frequencies are obtained at the outputs
of mixers 1 and 2, which again are in sine /cosine relationship. At the mixer outputs, the 10 kHz low pass fil-
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Figure 1. A block schematic diagram of
frequency shifter with beat frequency
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tens arc provided to eliminate the high frequency com-

ponents of the beat frequency oscillators. Through the
use of direct -coupled circuitry, this oscillator operates
with a constant amplitude from d.c. to the highest beat
frequency.
When displaying the two output components on the
X and Y axis of an oscilloscope, a clean circle appears,
which reverses its rotation when going through zero
beats.
Going back now to the four quadrant multipliers 1
and 2: These produce two sidebands each with a suppressed carrier. The sidebands are made up of the beat
frequency plus and minus the program frequencies received at the input. Due to the phase relationship between the two multiplier outputs, one of the sidebands
is cancelled when combining the two output signals (at
the voltage follower outputs) through summing. When
combining the inverted output signal of multiplier 1 with
that of multiplier 2, the other sideband is cancelled. Thus
and 2,
the two opposite sidebands appear at outputs
which means that one output produces an up- detuned
signal and the other a down -detuned signal.
1

FREQUENCY -SHIFTED SIGNAL
So far, I have discussed the basic performance of frequency shifting functions. Before going into a description of some of the other features of this instrument it
may be of interest to see what the analysis of a frequency shifted signal looks like.
As an example, FIGURE 2 gives a graphical display of
the first five harmonics of a sound before shifting (original frequency spectrum) on the horizontal center line,
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2. The

change of harmonics through frequency shift.

and after shifting above and below this center line. The
approximate amplitude values are chosen for a square
wave, a waveform which has a hollow, clarinet -like quality because it has only odd harmonics.
Let's assume for the sake of illustration that the fundamental frequency f equals 220 Hz. Then the harmonic
frequencies will be 2f = 440 Hz, 3f = 660 Hz, 4f =
880 Hz, and 5f = 1,100 Hz. If we now shift the frequency up by +f, or +220 Hz (seen on the vertical
scale), then all of the harmonics go up in frequency and
the new, shifted frequencies can be found at the intersection of the solid diagonal lines and the horizontal line
identified by +J. In this case, the fundamental of the
original sound has changed to 440 Hz, the third har-
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monic to 880 Hz, and the fifth harmonic to 1,320 Hz.
It can be recognized immediately that these new frequencies are the first three harmonics of a sawtooth
wave (or stringlike quality), or, if not extended, of a
flute tone, with a fundamental one octave higher than
that of the original.
This is of course a very special example, which happens to represent a frequency change by an amount that
equals the fundamental frequency of the original sound.
If, in contrast, the frequency shift is not related to the
frequencies of the original spectrum, a new sound is produced, the partials of which are no longer harmonically
related. For instance, if the tone spectrum shown in
FIGURE 2 is shifted by +50 Hz, then the fundamental
changes to 270 Hz, the second harmonic to 490 Hz, the
third to 710 Hz, the fourth to 930 Hz, and the fifth harmonic to 1,150 Hz, and the original sound loses its
identity. Sounds of bells, chimes, carillons, and the like
fall into the category of tones with non -harmonic structures. The frequency shifter is capable of producing an
endless variety of sounds of this type.
From the discussion of up- shifted sounds, the reader
may derive as well the structure of down-shifted sounds.
One interesting feature of the down -shifting is that, depending upon the amount of shift, part of the original
spectrum or all of it is inverted, which leads to another
family of interesting new sounds.
In addition to the group of partials obtained from one
of the outputs of the frequency shifter and represented
by the solid lines in FIGURE 2, there are the partials derived from the complementary output of the instrument,
represented by the dashed diagonal lines.
EXPONENTIAL SHIFT CONTROL
So far only a few examples for frequency shifting one
single note have been discussed. But what if we have
found an interesting sound and want to repeat it over

v

Figure

5.

The author's synthesizer, using frequency shifters.
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11110ill
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Figure 4. The Moog version of Bode frequency
shifter (Model 1630).
the entire keyboard? This is accomplished with an ex-

ponential shift control.
Evidently the amount of frequency shift will need to
be changed with the fundamental pitch so that the ratio
of the shifting frequency versus the fundamental remains the same over the keyboard range. This will become obvious when considering the first example, in
which the amount of shift equalled the fundamental frequency. From this it follows that the amount of shift or
the b.f.o. (beat frequency oscillator) frequency of the
shifter has to move in the same musical intervals as the
audio frequency fed to the signal input. Since the frequencies of the keyboard scale follow an exponential
function, the same has to be true for the oscillator frequency of the shifter.
For this reason, the linear voltage intervals of the keyboard controller (or ribbon controller) of a synthesizer
have to be translated into exponential intervals for the
local oscillator of the frequency shifter, as shown in the
diagram of FIGURE
(linear to exponential interface),
just as it is done on voltage -controlled oscillators and
other keyboard -controlled synthesizer modules. Through
the inclusion of the exponential mode, the frequency
shifter becomes a real -time performance instrument
within a synthesizer installation.
Another important feature is the variable sensitivity
carrier squelch circuit, which eliminates the almost inaudible carrier feedthrough when the audio signal level
at the input is below a preset threshold level.
FIGURE 3 shows the front panel layout. The threshold
control for the squelch circuit is seen on the left hand
side. A light emitting diode above the control knob lights
up when the incoming signal is above the preset threshold
level. A mode selector and scale switch, under the heading, Scale, facilitates the selection of the exponential
mode and the ranges from +5 to -5 Hz detuning
through +5 kHz to -5 kHz detuning (linear), as well
as calibration mode, which operates in conjunction with
the zero adjust control. With this control, the instrument
is initially calibrated to zero beat, indicated on the 1.e.d.
above the control knob.
Using the main tuning knob (amount of shift control
in the center of the instrument), the built -in beat frequency oscillato. is either detuned in linear increments
in accordance with the range selected on the scale switch
or in exponential increments. In the latter case, the
change by one dial increment corresponds to a oneoctave frequency change.
The mixture control facilitates the mixing of the two
up and down detuned signals in any desired proportion.
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In the center position, the output A + B equals the performance of a ring modulator.
The inputs of the frequency shifter include one input
jack for the program signal, signal in, and three input
jacks for control voltages, control inputs. The outputs
feed into two jacks each for one of the sidebands, Out A,
two jacks each for the other sideband, Out B, and two
jacks each for the mixture of both sidebands.
On the right hand side, the line switch and the pilot
light is shown on this particular model, which is equipped
with a built -in power supply.
FIGURE 4 shows the Moog version of the Bode frequency shifter, which fits into the modular assembly of
the Moog synthesizers. All of the controls just explained
(with the exception of the power switch and pilot light)
can he found on the 1630 Moog model in a different
geometric arrangement. Electrically both models are
identical.
A limited size custom synthesizer is shown i.n FIGURE
5. Here the model 735 frequency shifter is in a case on
the left hand side directly above the case with the Moog
modules.

OTHER TYPES OF FREQUENCY SHIFTERS
Other types of frequency shifters include the heterodyning model, the carrier injection model, and models
with a built -in quadrature oscillator. Of these, the latter
two will be described briefly.
A block schematic diagram for the carrier injection
model (Bode model 750) is shown in FIGURE 6. Here the
incoming signal is fed to two phase- shifting networks,
0, and 02, the output signals of which are 90 degrees out
of phase relative to each other over the audio range (35
Hz to 16 kHz). The outputs of these networks are connected to the first inputs of multipliers
and 2, the second inputs of which receive their signals from two phase
shifting networks, 0,; and
the basic circuit of which is
identical to that of 0, and ¢_ with the exception that they
cover a frequency range from 8 Hz to 4 kHz. This latter range is more meaningful for frequency shifting carrier frequencies.
The phase filters fb and 0, receive the carrier (usually
a sine wave) through a gate, which is opened at a preset
level of the program signal, so that there is no carrier
feedthrough in the quiescent state.

The output signals of multipliers
and 2 are summed
follower outputs to produce a frequency shifted signal at output 2 in much the same way as it was
described for the system in FIGURE 1. A signal of opposite
shift direction is produced at output 1 by summing the
inverted signal of multiplier 1 with the non -inverted sig1

at the voltage

nal

of multiplier

2.
7 shows the

front panel layout of the Bode
model 750 carrier injection frequency shifter. The controls are, from left to right, the squelch threshold control with the 1.e.d. above the control knob, the sideband
switch, which facilitates sideband reversal, and the mixture control for mixing of the up- detuned and the down detuned signal in any desired proportion. If the proportions are equal, the signal at the A + B output equals
the performance of a ring modulator.
The inputs of this frequency shifter include one input
jack each for the program signal (audio in) and for the
carrier signal (sine wave, + 2 dBm nominal level). The
outputs feed into two jacks each for the upper sideband
(A Out, up- shifted signal), two jacks for the lower side band (B Out, down- shifted signal), and two jacks for
a mixture of both (A + B).
In the installation of FIGURE 5, this frequency shifter
can be recognized on top of the instruments on the left
hand side.
The block schematic diagram of a further frequency
shifter type with a quadrature oscillator for producing
the frequency shifting sine /cosine signals is shown in
FIGURE 8. From the preceding descriptions, this schematic should be self -explanatory. The Bode model 741 frequency shifter uses this system for feedback suppression
in sound reinforcement systems. In this application, the
FIGURE

1

¢

tst

lt

I0r9

7. The front panel layout of the carrier
injection-type Bode frequency shifter.
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Figure 8. A block schematic diagram of frequency
shifter with built -in quadrature oscillator.

quadrature oscillator provides a frequency shifting carrier in the range from 0.5 to 5.0 Hz. The front panel
layout of this feedback suppressor is shown in FIGURE 9.
This instrument has also other interesting studio applications. For instance it can be used as a pseudo stereo
and ambience effect enhancement device, supplying a
complementary signal for a second channel when fed
with monophonic program material at its input. In FIGURE 5, the frequency shifter is show.n on top of the right
hand equipment assembly.
A FEW TYPICAL APPLICATIONS

The typical applications of the model 735 can be put
into four basic categories:
I. The simple up- and down -detuning of sounds, including passes through zero shift and production of

"mirror image."
Frequency shift modulation around zero (or any
other center frequency).
3. In -step detuning with voltage controlled synthesizer
2.

modules.
Repetitive detuning in tape loop. (Iteration effect).
Here are some typical effects which can be obtained.
Triggering an envelope follower in conjunction with an
envelope generator from a drum sound source (which
also connects to the signal input) and feeding the voltage
contour obtained from the envelope generator to the control input of the shifter will result in a varying frequency
shift contour at the individual drum tone bursts (at a
speed depending upon the decay time set at the envelope
generator) and will yield a whole new class of sounds.
By setting the main tuning control to zero and applying a subsonic square wave to the control voltage input
(linear mode), the up- and down -detuned outputs will
switch places, resulting in a new type of special effect
when heard over two channels. When this square -wave
frequency is raised and enters the audio range, a completely new effect is obtained. In addition, a number of
other effects will be produced with different types of
4.

a

(O

i))

Figure 9. A front panel layout of anti -feedback frequency shifter.

ll

wave shapes applied to the control input. A sine wave in
the order of 5 -6 Hz will result in a stereo vibrato. A saw tooth wave around 1 to 2 Hz will produce a somewhat
dramatic effect. With pink noise applied to the control
input, the program material will assume a hoarse quality
which can be remixed with the original program signal.
By selecting the exponential mode and feeding the control voltage of the keyboard controller of a synthesizer
into the control input of the frequency shifter, an infinite
variety of new harmonic and non -harmonic sounds can
be obtained when feeding the synthesizer tone signal into
the signal input of the shifter. In this mode, the shifter
becomes an integral part of the synthesizer, capable of
being programmed into a large number of systems configurations.
A further special category of sounds obtained with the
frequency shifter is the iteration effect, also referred to
as the spiraling echo effect, which is produced by inserting the shifter in the line between the output of a recorder to its input. In this setup, the delayed sound
received at the playback head is frequency shifted, then
rerecorded, played back and frequency shifted again
and again. An increasingly detuned sound is created, the
character of which is determined by the amount of tape
delay and the amount and sign of detuning. Evidently
other delay devices can be used, such as digital delay
lines, acoustical delay lines and the like.
The effects achieved with simple detuning of quasi pitched sounds, such as drums, bells, and chimes cannot
be overlooked; a frequency shifter can be a rather useful instrument with a drum section. Further applications
include the processing of the human voice and many
other natural as well as synthesized sounds.
The carrier injection model 750 can also be made into
a rather versatile instrument by using a voltage -controlled oscillator (such as the Moog 921) for the carrier
input. Almost all of the complex functions just described can be performed, with the exception of the frequency shifts through zero and modulation around zero
shift. In the exponential mode, obtained through the
Moog 921, which is controlled by the keyboard controller and which supplies the carrier frequency, very
rich sounds can be obtained when using outputs other
than sine waves, such as the triangle, square wave or
sawtooth waves.
From these limited examples and from the preceding
description it will become quite clear that a frequency
shifter can be a most powerful tool for the production
of new sounds.
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Feedback, part

3

Interaction over two or more stages and special cases
where amplification doesn't follow the rules are covered in
the concluding study of feedback.

THE BASIC THEORY developed in the previous two

parts is not too easy to apply directly. There is
still a lot to cover. We could expand this to fill
any number of parts; but instead we will try to
give you the core of it all, in this third part. First, we'll
recap the interaction concept that I developed back in
1953, then we'll take a look at some of the things that
theory overlooks

NO FEEDBACK

o
3

6dB FEEDBACK
6
9

FEEDBAG

12

dB

18

dB FEEDBACK

12

INTERACTION CONCEPT
A single stage of amplification will always have one
high frequency roll -off and, if it uses capacitive or inductive coupling, it may also have a low frequency roll -off.
FIGURE
shows a roll -off that occurs, in the absence of
feedback, at 1000 Hz. If it occurs at 10 kHz or 100 kHz,
or anywhere else, the effect is similar, just at a different

mo

15
18

21

24

24 dB FEEDBACK

1

27
30

place.

Now, 6 dB of feedback pushes the 3 dB point up an
octave. 12 dB of feedback will push it up two octaves, and
so on. If you look at a low frequency roll -off the effect is
similar: each 6 dB of feedback will push the turnover
point down one octave. If it is direct- coupled, it goes
down to zero frequency anyway.
That is, in a sense, the starting point for the interaction
concept. When you move to using feedback over two or
more stages, the extension of frequency response is no
longer so simple, but involves interaction between the
stages, brought about due to phase effects. FIGURE 2
shows the effect of two stages, each having a roll -off
shown by curve (A).
The two combined produce the response at curve (B),
before any feedback. First, note that, as you add feedback, while you extend the frequency response where it
is level, just as you did with one stage (FIGURE I), the
ultimate roll -off does not change. Because you cut gain,
you reach that roll -off later. This ultimate roll -off is represented by line (D).
Now the 6 dB /octave, or half slope point, slides down
a 6 dB /octave line, (C), as feedback is changed. Here,
with two identical roll -offs at 2 kHz, each 6 dB of
feedback extends the point of contact with the 6 dB /oc-

100

500

5K

IK

10K

40K

Hz

Figure 1. Effect of feedback when only one roll -oft is
effective. (From Crowhurst, N. H. Feedback, 1952).

tave line by half an octave, which means it drops 3 dB in
absolute level or, referred to the gain level with feedback,
it rises 3 dB.
Without feedback, this point is 6 dB down, at 2 kHz.
With 6 dB feedback, it is 9 dB down at 2.828 kHz or,
relative to the new level with feedback (curve E) 3 dB
down at that point. This point is of interest in active filter
design. Another 6 dB of feedback makes the touch point
12 dB down at 4 kHz or, relative to the level with feedback, it is zero dB at 4 kHz, with a peak of about 1.25 dB
at 2.828 kHz.
Going to 18 dB of feedback pushes the touch point up
another half octave, but now it is up 3 dB from the level
with feedback, with a peak of about 3.6 dB a little below
that frequency. The last one shown, with 24 dB feedback,
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Effect of feedback with two identical roll-offs

at the high end. (From Crowhurst. N. H. Feedback, 1952).

makes the touch point up 6 dB, from level with feedback,
at four times the original frequency, or 8 kHz, and about
6.3 dB peak just below that.
At the low frequency end, this pattern is exactly reversed when you have two elements contributing to a low
frequency roll -off within a feedback loop. FIGURE 18 is
an abac to facilitate calculating what feedback does in all
such cases. In FIGURE 2, we assumed identical roll -offs.
That condition is a special one, which will not often apply. FIGURE 4 shows how to apply FIGURE 3 in locating
the response.
You have two turnovers, spaced at a frequency ratio
of n2. Midway between them, the response without feedback will have a slope of 6 dB /octave. Applying feedback will extend the touch point on the 6 dB /octave (or
unit slope) by the extension factor, read across the left
hand line in FIGURE 3. The chart can be used to find all
reference points on the curve, given the necessary data.
MORE THAN TWO STAGES

m
ch

Where feedback covers more than two stages, which is
becoming more rare in these days of solid state circuitry,
complete analysis becomes more complex, because the
roll -offs can come in all kinds of combinations, not just a
simple ratio. But we can simplify this by taking a best
case, which under other circumstances can become a
worst case.
If you have three roll -offs within a limited range of roll off points, say a 10:1 frequency range, the best case, for
achieving the most feedback without peaking first, and becoming unstable second, is when one roll -off acts first, say
at 10 kHz with the other two acting at the other extreme,
in this case 100 kHz. With that combination (FIGURE 5),
11 dB will reach the peaking boundary (i.e. more than 11
dB will cause a peak in the response) and 28 dB will make
the circuit go into oscillation.
From another viewpoint, that is a worst case. If the first
two rolloffs to act are on a 10:1 ratio, the worst case is
when the third one is also at the second of these fre-
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Figure 3. An abac for calculating response details in
feedback over two roll -offs. (From Crowhurst, N.H.,
High Fidelity Sound Engineering, 1961).

quencies. Putting the third one beyond the second frequency will improve the figures slightly, but not much,
unless the third frequency is removed very much further
out.
FIGURE 5 tells the limits, but it does not tell what happens in between, for which FIGURE 6 is helpful. To use
this, you take the peaking boundary given by FIGURE 5
as the amount of feedback allowable without peaking. dB
Excess Feedback on FIGURE 6 is the amount of feedback
more than this. Thus if n is 10, as in the example of the
previous paragraph, excess feedback starts at 11 dB, and
20 dB feedback would be 9 dB excess feedback, resulting
in between 5.2 and 7 dB peak, probably about 6 dB.
If the first roll -off is at 10 kHz with identical rolloffs,
the peak would be at a little over 12 kHz, and with very
large roll -offs, it would be at about 7 kHz. With the 10:1
ratio it would be somewhere between these extremes.
Earlier presentations extended these predictions to as
many as five roll -offs within a feedback loop. This shows
the method. If anyone wants me to go further with this,
we can pursue it later. In the meantime, let us look at other
aspects of feedback.
WHAT THE THEORY DOESN'T SHOW
All that theory is based on analyzing feedback performance, using frequency as a reference. It assumes that
all components behave essentially the same throughout
the waveform cycle. That is, amplification is essentially
linear, and impedances due to dynamic active components
do not change during the audio cycle.
For class A amplification, that may be a reasonable
assumption. But what about when an amplifying device
runs into clipping.or cut -off? Then, although it is not
behaving quite like a digital device, it does have two quite
definite states during the audio cycle. For part of the cycle
it is amplifying and for part of it, it isn't.
What about class B amplification, where two transistors
share the complete waveform, so that, when one isn't
amplifying, the other one is? That may be okay for many
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purposes, provided the transistors match up, that is, provided that each starts to amplify at precisely the same
point on the waveform as the other leaves off. Otherwise
you have a two -state system.
Mathematical or theoretical analysis doesn't work too
well anymore. Nor does the digital form of two -state. Now
you have to treat the system qualitatively on a time -based
analysis, considering what it does while the devices operate at their normal amplifying level, and what it does
during those parts of the audio cycle where the amplification quits.
One example of this can occur in the relatively simple
single stage transistor amplifier, discrete. Look at FIGURE
22. While it is amplifying, the bias current of the second

Whetter on record or in live performance, today's
most commercially successful music is more visceral,
immediate, and sensual than ever before. This impact has
been achieved through advances in the musician's art,
and through a quantum jump in the control available in
audio processing.
The Orban/Parasound Parametric Equalizer, Model
621, has received outstanding acceptance since its
introduction because it combines economy ($3691
channel) with extraordinary control. Each of its four non interacting bands permits continuous, stepless adjustment
of bandwidth, equalization, and center frequency. Each
band can be tuned over a 20:1 frequency range with no
change in curve shape (unlike some competitors), and
peak gain remains constant as the bandwidth is varied.
The unique "constant -Q" equalization characteristic is
more musical than the usual reciprocal curves, and lets
the equalizar create infinite -depth dips to remove hum,
whistles and ring modes- making it ideal for cinema and
sound reinforcement as well as recording studio and

uaoAN /PARAIIOUNIO vww,MrrnO

Write for free new paper:

Figure 5. Chart giving boundary conditions for feedback
over three stages of roll-offs. (From Crowhurst, N. H.,
High Fidelity Sound Engineering, 1961).

holds it conducting, and the output side of the
coupling capacitor is, say, a few hundred ohms from
ground. Its input side couples from the collector of the
preceding stage, whose maximum impedance is the value
of the collector resistor, say 10 k^. The following stage
stage

bias resistor is, say 560

101.

But because, while the transistor is conducting, that side
of the capacitor sees a few hundred ohms to ground, the

broadcast applications. Other outstandingly useful features
include a front-panel gain control and a peak -stretching
overload lamp which indicates clipping anywhere in the
equalizer circuitry
While our spec sheet (available from the address
below) gives the details in cold black-and- white, it cannot
describe the sensual interaction between man and
machine which occurs when the frustrating limitations of
conventional equalizers are finally overcome, and the user
is given the power to create sound that feels really right,
Our ability to deliver this power at an affordable price is
the true reason for the 0/P Parametric's success. But
don't take our word for
discover the Sensual Equalizer
for yourself, soon.
For further information, contact

it-

orbon/pomtound
b80 Beach St

San Franciscc Ca. 94100
Or contact your local
Orban /Parasc,und distributor

eau.«
"How to Choose Equalizers for Professional Recording Applications"

Circle 39 on Reader Service Card
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Figure 6. Chart showing variation limits for frequency
and height of peak with circuits within boundary
conditions of Figure 5. (From Crowhurst, N. H.,
High Fidelity Sound Engineering, 1961).

Figure 8. Another example: the well -known emitter
follower.

impedance associated with that coupling capacitor is about
10 k0. A 2µF capacitor will give a low roll -off of about
8 Hz. But now the signal level rises enough to swing this
stage so that the second transistor just reaches cut -off. Two
things happen.
All the while the transistor was conducting, the capacitor merely provided a.c. coupling. But as soon as it swings
into its non -conducting region, it suddenly begins to act
like a simple diode, using the 2
capacitor to build up a
charge that sends it further into non -conduction.
And second, when it was conducting, that 8 Hz roll -off
represented a time constant of 20 milliseconds. Now the
relevant components are 2µF and 560 kn, which represents a time constant of over a second. If you want the
roll -off lower, as you probably would, the time constant
is even longer.
That particular problem is relatively simple to correct.
Just put, say a 10 kn resistor from base to ground. When
the amplifier is amplifying, it will have almost no effect,
paralleling the base input resistance of a few hundred
ohms. But when it cuts off, it limits the time constant to,
say 40 milliseconds.
That covers what happens at cut -off, in that instance.
If you run into saturation, a similar thing happens; amplification, relatively suddenly, disappears. The parameters
that are operative while amplification is present and on
which the formulas in the earlier parts of this series were
based, no longer apply.
What happens if you suddenly write zero for A, instead
of whatever figure it has when amplification is operative?
That cannot be expressed in a simple formula. You must
look at the circuit and ask yourself what the condition is at
each point around the circuit when this happens. You are
referencing against time, not against frequency.

o

MULTI -PURPOSE FEEDBACK
For another example, take the well -known emitter follower. Suppose (FIGURE 8) you have a previous stage
that uses a 10 k0 collector resistor. You direct-couple this
to an emitter follower with a beta of, say 40. By the sim-

ple rule for emitter followers, this will produce a reflected

impedance of 250n.
Now, that emitter follower can do two things -change
impedance and reduce distortion. We have already used
its impedance- changing property. Assume its emitter resistor is another 10 ktt. With a beta of 40 and a 10
kit emitter resistor, this puts its voltage amplification at
40, and its feedback factor at 41. If, as an ordinary amplifier stage, with no feedback, this transistor has a distortion of 8 per cent, then as an emitter follower with a
IO kn load, that ditsortion will be down to 0.2 per cent
or slightly less. Since it is directly coupled, overall feedback could be used to knock distortion even lower.
But now, suppose you use the emitter follower so it can
operate into the same source impedance it presents at the
output, 2500. What happens now? Now its emitter load
is not 10 102, but 2500. Its gain is down from 40 to
around 1. So 1 + Aß is 2, instead of 41. This means that
the distortion figure is about 4 per cent, instead of 0.2
per cent. Overall feedback may still knock it down, but it
will be bigger, by about 20 times, than you expect.
At frequencies where phase shift comes into the picture, the distortion components, harmonic frequencies, will
not be properly negative, so will not be reduced as much
as calculated for other frequencies.
Another form of multi -purpose feedback, used in audio,
is where you use it for gain control. Now you are not
using audio feedback, as such, but are processing it, to get
d.c., that controls gain. Of course, your d.c. is filtered. But
that filtering must meet certain time -constant demands, to
meet specificatiwtts.
This means that it cannot perfectly eliminate the audio.
You think of it as d.c. feedback, but there is some audio
feedback present as well. Never forget that.
This has been a sort of short course on feedback basics.
I've tried to give you most essentials. How did you like it?
Are there pieces you feel I missed? Let me know.
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RADFORD

Closing date is the fifteenth of the second month preceding the date of issue.
Send copy to: Classified Ad Dept.
db THE SOUND ENGINEERING MAGAZINE
1120 Old Counry Road, Plainview, New York 11803
Rates are 500 a word for commercial advertisements.
Employment offered or wanted ads are accepted at 25ç' per word.
Frequency discounts: 3 times, 10 %; 6 times, 20 %; 12 times, 33%.

Order Radford direct from England!
Immediate dispatch by air of HD250
stereo amplifier, ZD22 zero distortion
preamp, Low Distortion Oscillator ser.
3, Distortion Measuring Set ser. 3,
speakers and crossovers. Send for
free catalogues, speaker construction
plans, etc.

WILMSLOW AUDIO
Dept. Export DB, Swan Works, Bank Square,
Wilmslow, Cheshire, England

MCI input modules, $550.00 each. Tested and Guaranteed. Paul. (312) 225-

FOR SALE
MEASURE REVERB TIME IN REAL TIME
-instantly! New, easy -to -use RT -60 delivers precise, instant real time digital
readout. Eliminates chart recorder analysis. Only $460. Write: Communications
Co., Inc., 3490 Noell St San Diego,
Ca. 92110.

ELECTRO -VOICE SENTRY PRODUCTS.
In stock: Sentry IV -A, Sentry Ill, and
Sentry II -A monitor loudspeaker systems
for professional monitoring and sound
reinforcement. Immediate air freight

shipment to any

N.

American destination.

National Sound Company, Ft. Lauderdale, Florida, (305) 462 -6862.

MAXELL TAPE. All widths. Write NOW
and SAVE! N.A.B. Audio, Box 7, Ottawa,
III. 61350.

MODERN RECORDING TECHNIQUES by
Robert E. Runstein. The only book covering all aspects of multi -track pop
music
recording from microphones
through disc cutting. For engineers, producers, and musicians. $9.95 prepaid.
Robert E. Runstein, 44 Dinsmore Ave.
Apt. 610, Framingham, Mass. 01701.

REELS AND BOXES 5" and 7" large
and small hubs; heavy duty white boxes.
W-M Sales, 1118 Dula Circle, Duncanville, Texas 75116. (214) 296-2773.

NEUMANN STEREO CUTTING SYSTEM:
2 LV -60 amps and 2 GV -2A feedback
amps; one WV-2A feedback /monitor
amp; one SI -A circuit breaker; one
Ortofon 631 h.f. limiter. $3,000. Paul
(312) 225 -2110.

THE AUDIO AMATEUR: The quality con-

structor's quarterly teaches, publishes
tested construction projects, transmission lines, electrostatics with 900W
direct drive tube amplifier, electronic
crossovers, mixers, preamps, 9 octave
equalizers. Detailed equipment modifications, maintenance, kit reports. $7 year.
Free prospectus tells all: Audio Amateur, Box 176d, Peterborough, N.H.
03458.

TUNED ROCK P.A.s. Customized high

intensity touring /permanent installation sound systems, including narrow band (5Hz!) feedback suppression, detailed regenerative response
Acousta- Voicing /environmental equaldB at your ears), room
ization (±
design / measurement / treatment
15% articulation loss of consonants;
1000s of customized professional
products, including fiberglass horns,
consoles, comp /rms /peak limiters, 18
dB continuously variable electronic
crossovers, digital /acoustic delays,
omnipressors, flangers, reverb, echo,
doubling /tripling effects, P.A. noise
reduction; piezo transducers; frequency shifters from J.B.L. /Altec pro,
Tascam, U.R.E.I., Eventide, Gately,
Studer, Beyer, Crown, Community,
Mom's Audio, McIntosh, Bozak, Allen
& Heath, Gauss, Cetec, Electrodyne,
Multi-Track, Parasound, White, etc.
All shipped prepaid /insured. Music
8 Sound, Ltd., 111/2 Old York Rd.,
Willow Grove, Pa. 19090. (215) 6599251.
Inventors /Engineers
1

competitively priced used Revox
A77 decks available. Completely reconditioned by Revox, virtually indistinguishable from new and have the standard Revox 90 -day warranty for rebuilt
machines. Satisfaction guaranteed. Example, A77 with Dolby, $675, plus shipping. Write requirements to ESSI, Box
854, Hicksville, N.Y. 11802. (516) 921A FEW

2620.
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When precision qualiy
is important!

AEG -TELEFUNKEN

TUBES
HARRISON ELECTRONICS
20 Smith St. Farmingdale, N.V. 11735
(Dealers invited)

2110.

DECOURSEY ELECTRONIC
CROSSOVERS
Complete with plug -in Butterworth filters
of your specified frequencies and with
6, 12, or 18 dB /octave attentuation; regulated power supply; bi -amp or triamp
for monaural, stereo, or quadriphonic
systems. Other options: electronic summer for single woofer stereo; VLF noise
filters. For OEM and home builders:
Series 500 and 600 Hi -pass and Low pass filter pairs. Also regulated power
supplies. Write for brochure. DeCoursey
Engineering Laboratory, 11828 Jefferson Blvd., Culver City, Ca. 90230.

AVAILABLE SERVICES. Milam Audio
Co. specializes in every phase of professional studio wiring, from complete
systems to individual pre -wired parts
and components. Available from stock:
patch bays, custom mic panels, multi paired cabling and harnesses, etc.
Milam Audio Co., 1504 N. 8th St.,
Pekin, III. 61554. (309) 346 -3161.

CREATIVE CASSETTE & CARTRIDGE
LABELS. Custom designed; small and
large runs; cassette, cartridge duplication. Omega Audio, 25520 Graham,

Detroit, Mich. 48239.

SPLICE TAPE FASTER, BETTER, BY
SHEARING. Experts recommend Nagy
splicers. Quality long- lasting instrument.
Reasonably priced. Details, NRPD, Box
289, McLean, Va. 22101.

FREE

CATALOG $ AUDIO APPLICATIONS
CONSOLES
KITS d WIRED
AMPLIFIERS
MIC., EO AC N,
LINE, TAPE, DISC,
POWER

OSCILLATORS
AUDIO
'Ake,

.

iii.

TAPE BIAS
POWER SUPPLIES
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(continued)
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FOR SALE
YORK'S LEADING PRO
AUDIO /VIDEO DISTRIBUTOR for
audio, video, broadcast, public
address, and hi -fi systems; representing over 130 audio /video
manufacturers,
featuring such
names as Ampex, Scully, Tascam,
Sony, J. B. Lansing, Neumann,
Altec, McIntosh, AKG, Dynair,
Crown, Shure, UREI, 3M, and
other major brands; the largest
"in stock" inventory of equipment,
accessories, and parts; competitive discount prices; factory authorized sales, service, parts, systems design, installation. Write for
free catalog! Martin Audio/Video
Corporation, 320 W. 46th St.,
New York, N.Y. 10036. (212)
541 -5900.
NEW

DUPLICATORS, blank cassettes, recorders, boxes, labels, cassette albums and
supplies; lowest prices, top quality. Write
for free brochure, "50 Tips for Better

Duplication."

Stanford International,
Box 546, San Carlos, Ca. 94070.
MICROMIXERS -16 inputs. E.Q., monitor
mix, mic pad, mute, etc. P.A. and stereo
versions. Write for literature. Gately
Electronics, 57 W. Hillcrest, Havertown,
Pa. 19083. (215) 449 -6400.

THE LIBRARY
Sound effects recorded in STEREO using Dolby'"
throughout. Over 350 effects on ten
discs, $100.00. Write, The Library, P.O.
Box 18145, Denver, Colorado 80218.
.

.

.

3/M

16 -track tape recorder,
M -56,
$14,500. Perfect. Paul. (312) 225 -2110.

WHATEVER YOUR EQUIPMENT NEEDS
-new or used -check us first. We specialize in broadcast equipment. Send
$1.00 for our complete listings. Broadcast Equipment & Supply Co., Box 3141,
Bristol, Tenn. 37620.

-for

AMPEX 300, 352, 400, 450 USERS
greater S/N ratio, replace first playback
stage 12SJ7 with our plug -in transistor
preamp. For specifications, write VIF International, Box 1555, Mountain View,
Ca. 94042. (408) 739 -9740.

CUSTOM CROSSOVER NETWORKS to
your specifications; a few or production
quantities. Power capacities to thousands of watts; inductors and capacitors
available separately; specify your needs
for rapid quotation. Also, PIEZO ELECTRIC TWEETERS-send for data sheet
and price schedules. TSR ENGINEERING,
5146 W. Imperial, Los Angeles, Ca.
90045. (213) 776-6057.

CORNERS, handles, hard -to -find hardware, much more. Catalog, 25e. Headtronix, Box 31012, Dallas 7, Texas
75231.

ei

REPAIR

®

SCHOEPS (TELEFUNKEN) VACUUM TUBE
CONDENSER MICROPHONES REPAIRED.
Original factory parts&factory calibration of capsules.
Models CM51, 61, 66: M201, 221, MK24, 26 etc.

N

ALBERT B. GRUNDY
Rol
64 University PI., N.Y., N.Y. 10003
NOirR

(212) 929 -8364

li

AUDIO REQUIREMENTS
BOTTOM LINE ORIENTED

F. T. C. BREWER CO.
P.O. Box 8057, Pensacola, Fla. 32505

FOR SALE: AMPEX 350

,/4 track, $750.
Contact: Paramount Recording Studios.
(213) 461 -3717.

DYNACO RACK MOUNTS for all Dynaco
preamps, tuners, integrated amps. $24.95
postpaid in U.S., $22.50 in lots of three.
Audio by Zimet, 1038 Northern Blvd.,
Roslyn, N.Y. 11576. (516) 621 -0138.

Neumann recording console, 18 input,
$14,000 (originally $35,000). Scully 8track with remote control, can be expanded to 12 tracks, $7,000. Neumann
lathe with Westrex 2 -B mono system
plus accessories, reasonable. Pentagon
cassette duplicator, reel /cassette, cassette /cassette, $1,000. Ampex AG -500
stereo, $1,250. Ampex PR 10 stereo, $600.
Paul. (312) 225 -2110.

AMPEX

SCULLY TASCAM, all major
professional audio lines. Top dollar
trade -ins. 15 minutes George Washington Bridge. Professional Audio Video
Corporation, 342 Main St., Paterson,
N.J. 07505. (201) 523 -3333.

CERWIN -VEGA pro, full range speaker
systems; bass horn, including the 2k
rms Earthquake double -D horn; midrange horns; high frequency horns; musical instrument speakers; stage monitors;
disco systems; power amps; equalizer
and mixers with lifetime speaker warranty. A New England exclusive at
K & L Sound Service, 75 N. Beacon St.,
Watertown, Mass. 02172. (617) 7874073. (Att: Ken Berger)

$2 MILLION USED RECORDING EQUIP-

WILL TRADE SYNTHESIZERS for professional audio and video equipment.
New Electron Farm -CBS Buchla synthesizers for: multi -track decks and
electronics, amplifiers, monitors, microphones, mixing consoles, etc., video
decks, cameras, monitors, etc. Gregory
Kramer, Electron Farm, 135 W. Broadway, New York, N.Y. 10013. (212)
349 -0098. Los Angeles (213) 396 -6339.

ONE STOP
FOR ALL YOUR PROFESSIONAL

MENT. Send $1.00 for list, refundable, to
The Equipment Locator, P.O. Box 99569,
San Francisco, Ca. 94109.

94109.

BODE FREQUENCY SHIFTERS
SINCE 1963
Featuring the universal model 735,
described in this issue of db, and
other special models, plus a line
of new signal -generating
and
processing modules. For details,

...

contact:
Harold Bode
Bode Sound Company
1344 Abington Pl.
14120
(716) 692 -1670

N. Tonawanda, N.Y.

KOOVM

www.americanradiohistory.com

PROKITS -SM -6A and SPM -6. Your best
mixer value. Write for literature. Gately
Electronics, 57 W. Hillcrest, Havertown,
Pa. 19083. (215) 449 -6400.
STUDIO SOUND -Europe's leading professional magazine. Back issues available from June '73 through June '75. $1
each, postpaid. 3P Recording, P.O. Box
99569, San Francisco, Ca. 94109.

INFONICS DUPLICATORS! For

-

a

bunch

of reasons, you can't afford not to con-

sider Infonics Duplicators
especially
since factory installation and training are
included in the list price. INFONICS
DUPLICATORS, (219) 879 -3381.

COMMUNITY LIGHT & SOUND professional sound reinforcement products.
Brandy Brook Audio, P.O. Box 165,
Seymour, Conn., 06483. (203) 8887702.

p'SC°

TS!

Disco & Audio Equipment.
Low Prices on New Equipment
Amps, Turntables, Mixers & Tape Decks by Thorens, Dynaco, ESS,
Crown, Technics, GLI, Meteor,
EEC, Teac & many more.
Write.
Cati or

US

Stereo

Route 35, Eatontown N.J. 07724

201-542-7000

ORTOFON
DYNAMIC MOTIONAL FEEDBACK mono
disc cutting systems. Complete with
drive. feedback. and feedback -playback
monitor amplifiers and cutterhead. All
systems guaranteed. Spare cutterheads
available for exchange /repair. Albert B.
Grundy, 64 University Place, New York,
N.Y. 10003. (212) 929 -8364.

DISCO MIXERS. Write for free bulletin.
Berkshire Audio Products, P.O. Box 35,
Great Neck, N.Y. 11021.

SALE: SPECTRA SONICS 1020
console; 20 x 8 + 4, 2 cue systems, on
connectors ready to plug in, $12,500.
Stantron racks, remote cables, power
supplies, amps; best offer. Larrabee
Sound Studios, 8811 Santa Monica Blvd.,
Los Angeles, Ca. 90069. (213) 657 -6750.
FOR

NAB ALUMINUM FLANGES. We manufacture 8 ", 101 ", & 14 ". For pricing,
write or call Records Reserve Corp., 56
Harvester Ave., Batavia, N.Y. 14020.
(716) 343 -2600.

ORBAN /PARASOUND FACTORY CLOSEOUT on used and discontinued items.
105C Spring Reverb, originally $595 -$350
used. 105A Reverb for ± 15 volts -$300
used. 516E de- essers, originally $495$300 new. Custom 4- channel octave band graphic equalizer for tuning systems (controls are trimmers on PC
board) -$600 used. Also 2 Lang PEQ -2
program equalizers, used, $250 /ea or
both for $450. Guarantee: 1 year on new
equipment; 90 days on used. Terms:
COD. All items subject to prior sale.
Orban Associates Division, 459 Bryant
St., San Francisco, CA 94107. (415)
957-1063.

PRO AUDIO EQUIPMENT &
SERVICES

Custom touring sound. 2 -, 4- and
8 -track studios, disco systems.
Representing Akai, AKG, Altec,
Beyer, BGW, Cetec, Cerwin -Vega,
Community Light & Sound, dbx,
Dynaco, Dokorder, E -V, Gauss,
Lamb, Langevin, 3M, Martex PM,
Maxell, Meteor, Russound, Revox,
Sennheiser, Shure, Sony, Sound craftsman, Sound Workshop, Spectra
Sonics, Switchcraft, TDK,
TAPCO, TEAC. Technics, Thorens,
and more. Offering these professional services: custom cabinet
design, room equalization, loudspeaker testing, custom crossover design, electronics modification, and custom road cases. Call
or write for quotes, or drop us a
line for our latest catalogue. K & L
Sound, 75 N. Beacon St., Watertown, Mass. 02172. (617) 7874073. (Att: Ken Berger)

FOR SALE

Two MCI 416 consoles, 24 -in /out.
Input modules modified to include
latest improvements for increased
heardroom and lower noise distortion. EQ modified for mid -range
boost /cut function. Matching custom producer's desk and connecting right angle rack for outboard
gear included. Very impressive
package. $19,000. each.
Scully mono lathe. Westrex 2B
mono head. Fairchild 660. Fairchild 600 hi- frequency Pultec EQPPultec MEQ -5 mid -range.
1A.
Haeco monitor and Cutter electronics. Custom monitor panel.
$5,000.
Westrex 3D IIA stereo cutter
head and RA- 1700/3D Il AH amplifier. Haeco low frequency crossover and custom monitor panel.
$7,500.
CHEROKEE RECORDING STUDIOS
751 N. Fairfax Ave.
Los Angeles, Ca. 90046

WE WILL BETTER anyone's price on
new Recordex high speed cassette duplicators. Your written request can save
you a bundle. Also get our large -user

cassette deal. Tape and Production
Equipment Company, 2080 Peachtree
Industrial Court, Atlanta, Ga. 30341.
Phone (404) 458-TAPE.

EQUIPMENT UPDATE; must sell: 4 Scully
270s, 2 Gates carousels, 3 Gates cart
decks and Gates SC -48 programmer. All
equipment in excellent condition. All offers considered. Stan Gold, KJO1 -FM,
2555 Briarcrest, Beverly Hills, Ca. (213)
278-5990.
MCI
DOLBY. Two great names!
Two great products! For authorized factory representation in the progressive
Midwest, contact: Jerry Milam, Milam
Audio Co., 1504 N. 8th St., Pekin, III.
61554. (309) 346 -3161.
.

.

.

WANTED
WANTED: 3M SCULLY or Studer 2 -track
recorder. Top condition only. So. Calif.
area only. Phone: (213) 461 -3717.

EMPLOYMENT
OPPORTUNITY FOR AGGRESSIVE recording engineer and mixer. Must have
a common sense business attitude and
be a professional in every aspect of the
business. We record and produce for
America's largest labels. Outstanding
facility: 16- track, dbx, etc. Applicant
must be able to repair and perform
maintenance. Send resume immediately.
Box 31, db Magazine, 1120 Old Country Rd., Plainview, N.Y. 11803.

EXPERIENCED MUSIC MIXER

For major N.Y.C. studio, expanding staff. Send resume to Box 11,
db Magazine, 1120 Old Country
Rd., Plainview, N.Y. 11803.

WANTED:
STUDIO MANAGER with
proven ability to make money, to buy
into and take over existing 16 -track studio in major East Coast city. Strong
technical or musical background helpful but not necessary. We can handle
engineering, maintenance, musical and
sales tasks, but need organization, leadership, a new console and other equipment. The studio has 16 -track dbx, JBL
monitors, Yamaha grand, B3, novel floor
plan, and much potential. Make it your
own. Box 32, db Magazine, 1120 Old
Country Rd., Plainview, N.Y. 11803.

AUDIO /FM ENGINEER desires part -time
steady work in NYC. Design, installation, maintenance. First phone, A.B. degree, own tools and test equipment.
(212) 795 -6616.

WANTED, J.B.L. pro dealers to handle
high end multi -channel consoles on exclusive basis. Designed to augment J.B.L.
pro line of speakers and amplifiers.
Theatre Sound, Inc. P.O. Box A.Q., New
Haven, Conn. 06525.

PRODUCT MANAGER
We offer several positions of re-

sponsibility in our organization for
your product line marketing management talent. Proven experience
earns exceptional income with corporate benefits, promoting our
lines to dealer and national rep
organizations. These opportunities require 50% travel, and present future growth potential in our
growing operations.

Background Music Products:
Marketing background in sound
contracting necessary.
Audio /Broadcast Products:
Exposure to broadcast field
practices and marketing essential.
Send resume in detail, giving salary requirement and references.

Roger Taylor,
COMMUNICATIONS, INC.
9600 Aldrich Avenue South

TELEX

Minneapolis, Minnesota 55420
An Equal Opportunity Employer.
Women will be considered equally
with men.
43

o

b

people/places/happenings
Jack K. Daniel has been appointed
director of marketing of the Vega
Division of the Cetec Corporation. Mr.
Daniel will have his headquarters in
El Monte, California. Before joining
Vega, he was with Harris Communications.

STARLING

WORTMAN

William L. Starling has been promoted to the post of western regional
manager, professional products, for
Capitol Magnetic Products, of Los
Angeles. Mr. Starling who came to
Capitol from Data Packaging Corp.,
was formerly field service manager
for Capitol.

The newly created position of product manager, logging recorders at the
Scully /Metrotech Division of the Dictaphone Corporation has been filled
by Leon A. Wortman. Mr. Wortman
has spent more than 20 years in the
audio industry, associated with the
Ampex Corp. and operating his own
consulting firm.
Wally Heider Recording of San
Francisco has announced the appointment of Gary Blohm as general manager. Mr. Blohm was formerly West
Coast manager of administration and

OSTERGAARD

Paul B. Ostergaard, of Caldwell,
New Jersey, has been elected president of the National Council of
Acoustical Consultants. The Council
is a nonprofit association representing acoustical consultants in the
U.S. and several foreign countries.
They are headquartered in Silver
Springs, Maryland.
A new acoustical engineering consulting firm, DBH Acoustics, has
been formed in Portland, Oregon by
Lawrence G. Hopkins and Albert G.
Duble, Jr. The address is 10211 S.W.
Barbur Blvd., Suite 209, Portland,
Oregon 97219.

Jack R. Smith has been elected to
the position of Board Chairman at
Globe Communications of Cleveland,
Ohio. Mr. Smith was formerly a field
engineer with the FCC.

v

Speedier delivery of Bang & Olufsen's audio products from Denmark
to the U.S. is being effected through
the use of jet air freight. Shipments
which used to require three weeks to
Chicago will now be delivered in
one day.

John Snell, formerly senior production engineer for the ABC Radio Network, has formed his own production
and recording company. He will also
serve as production /technical consultant to public relations firm DWJ Associates, Inc. of New York. Among
Mr. Snell's assignments while at ABC
were political conventions and elections, as well as several Gemini and
Apollo space shots. His firm is located
at 295 Madison Ave., New York City.
New western representatives for
Analog & Digital Systems, Inc. of Wilmington, Mass. have been appointed.
The Henry Joncas Company of Seattle, Washington represents the northwestern region and the mountain
states are now served by MF Sales of
Arvada, Colorado.
Offering a line of studio accessories
in addition to studio design and con-

struction services, Windt Audio Engineering is now operating from a new
facility. The new office is at 13026
Saticoy St. ( #4), N. Hollywood, California. John Windt is the owner.

recording operations for Columbia
Records in Los Angeles. Among his
new plans for the San Francisco facility are getting into radio drama production, more commercial recording,
and service to students and community groups.
The establishment of an international products division has been announced by the Hoppmann Corporation. The new division will offer standard components and accessory items
to the communications market, portable a/v displays, personnel training
cassettes, and intercom systems. The
new division is focalized by Horace
Frenk and Ed Somerville.

Warren & Hickey Sales Company
of Redwood City, California has been
appointed by University Sound as
their representatives for northern California and northern Nevada. Principals in the sales firm are Don Warren
and Bob Hickey. University Sound is
a line of the Altec Corporation.

Synapellas, a series of quick synthesizer /a'capella jingles, are being offered by WAY Audio Creations of
Buffalo. N.Y. The tapes feature Roger
Luther playing the world's largest
Moog synthesizer and are designed for
any uptempo music format. Demo
tapes are available from Way Creations, P.O. Box 21, Station B, Buffalo.
N.Y. 14207.

Project personnel of the U.S. Fish
and Wildlife Service are shown preparing to locate and record howls and
other vocal response of wild wolves
on a Uher 4000 portable open-reel
recorder. A radio-collared wolf is
tracked through the use of a receiver which receives directional
beeps. The point is to count the number of wolves, etc. in remote areas.

Of interest in applications requiring background music is the "Index
Series" recently introduced by MusiCues of New York City, representing
the Chappell Background Music Library. The series includes thirty -six 12inch LPs and a compact catalogue, or-

ganized with one LP per subject matter. MusiCues is at 1156 Avenue of
the Americas, New York, N.Y. 10036.

THE PEAVEY
800 STEREO MIXER
Compare the advantages!
The Peavey 800 S is, without question,
the best mixer buy on today's market. Compare
its features with those of other mixers in its
price range:
Eight channels with the very latest variable
negative feedback circuitry.
Each channel features seperate low & high
equalization; pre & post capability for monitor,
reverb, and effects send controls; attenuation;
stereo pan; and slide level control.
Master section features slide level controls
for left and right main & monitor; low, mid,
and high equalization for left & right mains;
master level, return, and pan controls for the
effects and reverb busses; and two lighted VU
meters with screwdriver adjustment.

Rear panel features eight low (600 ohm)
inputs and eight high (50 K ohm) inputs; left

and right main & monitor outputs; auxiliary
input panel, and a stereo phone jack for taping

out.

r

Suggested retail price: $649.50 at your
Peavey dealer.

Peavey Electronics, Corp. / Box 2898 / Meridian, Mississippi 39301
Circle
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Card

You make it professional.
You provide the talent and
our new half- inch 8-track will
do the rest. You get full

frequency response
in the sync mode,
and integral DBX interface
is available optionally
8 tracks and then some.

-

The 80 -8
Full IC logic circuitry including motion
sensing gives you positive, smooth control
over all transport functions. And with
automatic sync switching, overdubbing and
punching-in are easy.

Everything you need to produce a commercial product. At a price very much in
keeping with the whole tascam idea:

Less than

$3000.00'
wanting to go 8-track,
wishing there was a way...there is. Check
out the 80-8 at your TEAC Tascam Series
Dealer -just call (800) 447-4700 or in Illinois,
(800) 322 -4400, to find the one nearest you.
So if you've been

So is routine maintenance. Remove two

front panel screws and the meter section
swings down to give you immediate access
to the EQ, bias, and level controls.

*Nationally advertised value. Actual resale prices will be
determined individually and at the sole discretion of authorized
TEAC Tascam Series dealers.

T EAC.
TASCAM SERIES

TEAC Corporation of America 7733 Telegraph Road, Montebello, Ca. 90640 ©TEAC

www.americanradiohistory.com

