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these matched components
take the mystery (& expense)
out of equalization.
Quick and accurate adjustment of sound system frequency response, within ±1 dB, is finally within the
reach of most budgets. The Shure M615AS Equalization Analyzer System actually enables you to SEE
room response trouble spots in sound reinforcement and hi-fi systems—without bulky equipment and at
a fraction of the cost of conventional analyzers.
The Shure SR107 Equalizer is the perfect companion for the M615AS Equalization Analyzer... for use in
any quality sound system. It corrects for equipment response and room acoustics. The SR107 has ten
rotary controls (each controlling one octave) that match the readout of the M615AS Equalization Analyzer
and cover the audio spectrum from 20 to 20,000 Hz with boost and cut flexibility. The SR107 boasts low
distortion and minimum-phase, combining filters for best sound quality.

SR107

The red lights tell you... exactly which controls to adjust.
The M615AS has a self-contained source of "pink noise" envelope level. If a HI LED is lit, the frequency response for that
(equal-energy-per-octave random noise) which serves as a octave is above the nominal envelope level. The operator simply
precision test signal. The front display panel consists of adjusts the corresponding sound system equalizer filters until
light-emitting diodes (LEDs) indicating the relative sound both LEDs for each octave are extinguished. This signals the
energy in each of ten standard ISO octave bands. If a LO LED is desired response has been reached. He can achieve accuracy
on, the frequency response for that octave is below the nominal of ±1 dB in minutes!
It's this easy (and Foolproof)
At the onset, if the M615AS LED display looks
like this...

then the system's frequency response curve
looks something like this...

After an initial adjustment of the SR107
Equalizer, some LEDs go out and the display
looks like this...

the frequency response curve looks
flatter... on this order...

Finally, after a few more SR107 adjustments,
the LED display will look like this...

then the system's response curve is flat±1 dB
on an octave basis! That's all there is to it.

room analyzer & octave equalizer...by

222 Hartrey Ave., Evanston, IL 60204 In Canada: A. C. Simmonds & Sons Limited
Manufacturers of high fidelity components, microphones, sound systems and related circuitry.
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BOOKS FOR AUDIO ENGINEERS

<

Bookcase

Please indicate the number
of copies of each title you
want and enclose check or
money order for the total
amount. In New York State,
add applicable sales tax.
Outside U.S.A. add $1.00
per book. Allow several
weeks for delivery. Address
your order to:
Sagamore Publishing Co.
1120 Old Country Road
Plainview, New York 11803
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4. Noise Control. M. Rettinger. Revised and enlarged into a separate
volume. Covers noise and noise
reduction, measurement and control. Several graphs and charts.
1977. App. 400 pages.
$22.50

_ (Include N Y.S. sales tax if
Total payment enclosed $_
applicable, or $1.00 per book foreign.)

1. The Technique of the Sound
Studio. Alec Nisbett. A handbook on
radio and recording techniques
whose described principles are
equally applicable to film and television sound. 60 diagrams, glossary,
index. 264 pages. Clothbound.
514.50

City, State, Zip

Name.
Address

3. Acoustic Design. M. Rettinger.
New, THIRD edition, completely
revised. Covers room acoustics and
room design, with many practical
examples. 1977. 287 pages.
$19.50
33. Noise Reduction. Beranek.
Designed for the engineer with no
special training in acoustics, this
practical text on noise control treats
the nature of sound and its measurement, fundamentals of noise control,
criteria, and case histories. Covers
advanced topics in the field. 1960.
752 pages.
$32.85

31. Solid-State Electronics. Hibbard. A basic course for engineers
and technicians, and an extremely
practical reference book for anyone
who wants to acquire a good, general understanding of semiconductor principles. Features 28. Environmental Acoustics. Leslie
2. Sound Recording. John M.
questions and answers, problems to L. Doelle. Applied acoustics for
Eargle. A graphic, non-mathematisolve. 1968. 169 pages. $16.50 people in environmental noise concal treatment of recording devices,
trol who lack specialized acoustical
systems and techniques, and their
Ll6^agnetic Recording. Chas. E. training, with basic, comprehensible,
applications. Covers psychoacousLowman. A valuable reference practical information for solving
tics; physical acoustics; console
guide to the technology of magnetic straightforward problems. Explains
automation; signal processing; monrecorders used in audio recording, fundamental concepts with a miniitor loudspeakers, basic microphone
broadcast and closed-circuit TV, mum of theory. Practical applicatypes; audio control systems; stereoinstrument recording and computer tions are stressed, acoustical prophonic and quadraphonic sound
data
systems. Includes the latest perties of materials and construction
f
2QAhe
Audio
Cyclopedia
(2nd
ed.].
magnetic and disk recording; an
s-lDr. Howard M. Tre mains. Here is the information on cassette and cart- are listed, actual installations with
devices used to modify basic reridge recorders; TV recorders, direct
corded sounds, 320 pages,$17.95 complete audio reference library in and FM signal electronics from low photos and drawings are included.
Appendixes illustrate details of 53
a single, updated volume. This reto wideband; servo-control and sigi'zaAeelevision Broadcasting: Equip- vised edition provides the most nal record/playback circuitry; cap- wall types and 32 floor plans, and
ylnent. Systems, and Operating Fun- comprehensive information on stan, reel, and head-drum servos for other useful data. 246 pages.
$27.00
damentals. Harold E. Ennes. An every aspect of the audio art. Itcov- longitudinal, rotary, helicalscan, and
extensive text covering fundamen- ers the latest audio developments, disc recorders. Glossary, index, bibCircuit Design for Audio AM/
tals of the entire television broad- including the most recent solid-state liographical information. 274 pages. 32.
FM, and TV. Texas Instruments.
casting system. Discusses NTSC systems and integrated circuits, and
$22.50 Texas Instruments Electronics Sercolor systems, camera chains, sync spans all subjects in the fields of
ies. Emphasizing time-and costgenerators, recording systems, acoustics, recording, and reproducsaving procedures, this book dis37.
Television
Broadcasting:
Systion
with
more
than
3,400
related
mobile and remote telecasts, tv
advances in design and
antenna systems. Excellent for new topics. Each topic can be instantly tems Maintenance. Harold E. cusses
technicians and operators and as a located by a unique index and refer- Ennes. A thorough treatment of application as researched and developed by Tl communications
source of valuable reference data ence system. More than 1,600 illus- modern television maintenance applications
engineers 1967.352
practice,
covering
maintenance
of
trations
and
schematics
help
made
for practicing technicians. Tables,
$23.50
glossary, exercises and answers. complicated topics masterpieces of the tv broadcasting system from pages.
656 pages,
516.95 clarity. 1,760 pages. Hardbound. switcher inputs to antenna. Discuss$39.95 es theory and operation of systems, 35. An Alphabetical Guide to
testsand measurements, including Motion Picture, Television, and
39. Reference Data for Radio Engineers. ITT Staff. 5th Ed. The latest 25. Operational Amplifiers-Design proof of performance for both visual Videotape Productions. Levitan.
edition of one of the most popular and Applications. Burr-Brown Re- and aural portions of the installation. This all-inclusive authoritative en$16.95 cyclopedia is a practical source of
reference books for radio and elec- search Corp. A comprehensive new 624 pages.
information about techniques of all
tronics engineers, as well as for work devoted entirely to every aslibraries and schools. Complete, pect of selection, use, and design 5. Sound Recording Practice. John kinds used for making and processcomprehensive reference material of op amps — from basic theory to Borwick. Comprehensive handbook ing film and tv presentations. Prowith tables, formulas, standards and specific applications. Circuit design designed for the user of studio and fusely illustrated, with full technical
circuit information. 45 chapters, techniques include i.e. op amps. electronic equipment. Articles by information on materials and equip1,196 pages with hundreds of Applications cover linear and non- British experts on the studio and ment processes and techniques,
charts, nomographs, diagrams, linear circuits, A/D conversion control room; on recording techni- lighting, color balance, special
curves, tables and illustrations. techniques, active filters, signal ques for speech, drama, classical, effects, animation procedures, lenCovers new data on micro-miniature generation, modulation and de- etc.; special problems of broadcast- ses and filters, high-speed photoelectronics, switching networks, modulation. Complete test circuits ing, television, disc and tape rpanu- graphy, etc. 1970. 480 pages.
$34.45
quantum electronics, etc. $30.00 and methods. 474 pages. $24.50 facture. 1976. 440 pages. $35.25
24. Basic Electronic Instrument
Handbook. Edited by Clyde F.
Coombs, Jr.. Hewlett-Packard Co.
Aone-volume time- and effort-saver
offering a basic reference background for all instruments. Here's
complete information on how to get
the greatest benefit from available
devices, how to buy the best instrument for specific needs. Reduces
chances of costly errors. An excellent source for the beginner, technician, non-electrical engineering
scientific and technical personnel.
800 pages. Hardbound. $32.50
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"Unequivocally, this is by
far the best text on microphones we've ever seen. "—Stereo
"So well written that it can be
clearly understood by a non-technical
person; for the professional it will probably be one of the most-used books in his
reference library.
Journal of the SMPTE
And the rave reviews go on and
on. "At last...a decent book on
microphones," said David Lane
Josephson in Audio. "Excellent
chapters on various aspects of
microphones, which are discussed
in great detail," said Werner Freitag
in The Journal of the AES.
They're applauding Microphones:
Design and Application, by Lou
Burroughs, who has written this
practical, non-theoretical reference
manual for everyone involved in
the application of microphones
for tv, motion pictures, recording
and sound reinforcement.
Twenty-six fact-packed chapters
cover the field of microphones
from physical limitations, electroacoustic limitations, maintenance
and evaluation to applications,
accessories and associated
equipment. Each chapter is
crammed with experience-tested,
detailed information, and clear,
precise diagrams and illustrations
that complement the text.
Along with down-to-earth advice
on trouble-free microphone
applications, Lou Burroughs
unfolds dozens of invaluable
secrets learned during his more
than three decades of achievement
in the field. He solves the practical

"The chapter headings give a clear
idea of the down-to-earth contents
of the book... each chapter contains
advice, direction, suggestions and
warnings couched in the clearest
and most unambiguous language
possible." (Journal of the SMPTE.)
Here are all 26 chapters.
Microphone Techniques
The Polar Response of the Microphone
Microphone Types
Microphone Loading
Rating Microphone Sensitivity
Microphone Overload
Proximity Effect
Temperature and Humidity Extremes
Microphones Electrically Out of Phase
Microphone Interference
Acoustic Phase Cancellation and the
Single Microphone
Microphone Maintenance (this chapter
alone "is worth the price of the book"
said D.F. Mikes in Audiovisual
Instruction)
Comparing Microphones with Dissimilar
Polar Patterns
The Monitor Speaker
Wide -Range vs. Controlled- Range
Frequency Response
Choosing Between and Omni-Directional
and a Cardioid Microphone
The Omni-Directional Microphone for
Orchestral Pickups
Assembling a Superior Bi-Directional
Microphone
The Two-to-One Ratio
Miking for the Drama
Miking the Theatre for Audience Reaction
Wind Screens
Microphones on Booms
Acoustic Separators and the
Omni-Directional Microphone
The Hand-Held Microphone
The Lavalier Microphone

problems you meet in everyday
situations, such as:
• 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?
Microphones: Design and
Application. As Stereo put it,
"It's a hard book NOT to learn
from." Order your copies today.
'"sagamore Publishing Co., Inc.
1
| 11 20 Old Country Rd., Plainview, N.Y. 11803
I Yes! Send MICROPHONES: DESIGN
• AND APPLICATION.
| —hardcover, $20.00
paperback, $12.95
| Name
| Address
| City/State/Zip
| Total Payment Enclosed $
. Please charge my
I □ Master Charge □ BankAmericard (Visa)
| Account No.
| Expiration Date.
| Signature
(charges not valid unless signed)
I In New York State add applicahlc sales tax.
^Outside U.S. add $1.00 per book for postage.

Coming
Next
Month
• August is Microphones, Part 2.
Among the articles planned, one by
John Borwick of Great Britain will
detail the Ambisonics Microphone System and what it means in the recording
studio. This will complement the article by J. Howard Smith of Calrec in
this issue.
The Ghent Microphone System for
stereo and quadraphonic recording is
explained by Benjamin B. Bauer of
the C.B.S. Technology Center.
The issue will also contain a directory of electret microphones—serving
as a catalog of this important product
line.
A Backward Glance at Cardioid
Microphones by John M. Woram will
do just that. ". . . to obtain an instrument with unidirectional sensitivity
pattern . . . using one transducer element only." ... is from a 1938 patent
application by a then young (and now
famous) engineer/scientist.
What John could not fit into this
issue's coverage of the Los Angeles
AES Convention gets into August.
And there will be the usual columns
and features. All this coming in August in db, The Sound Engineering
Magazine.
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• Old and new combine this month.
The color background is a drawing
that details the working parts of a
modern electret condenser microphone.
And just in case you think the condenser mic is something new, we have
superimposed a much older mic. Can
you identify it? Hint: it was made by
Shure Brothers who also supplied the
electret drawing. See this space next
month for the answer.
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DA's
Bridging {20k) Inputs
Transformers In & Out
■ Up to 30 dB of gain
■ + 24 dBm Outputs
■ Over 80 dB s/n at +4
dBm Out
THE DA-6
1x6 expandable to 1x10

I
I
I
I
i

General-purpose audio DA
Continuous-short-circuit protection
600 or 150 ohm systems
60 dB isolation over 20-20 kHz
Less than .5% THD, 30-20K. +24
dBm
I Self-contained power supply
THE DA-10
Media Coverage/
Convention DA
&

« 1.,

■ XLR Connectors—in and out
■ Six line outputs "plus" four
mic line-slectable outputs
■ Perfect for last-minute feeds at
press conferences
■ Other features as DA-6 above
the LA-4
Line/Isolation Amplifier

l
I
I
l

Four independent channels
-80 dBm output noise
Low Distortion
+4, -t-8 and -f 20 dBm VU Range
Scales
I 0.5 dB Response, 30-20 kHz
i Self-contained power supply
OTHER MODELS
AVAILABLE

BONNEVILLE PRODUCTIONS
A DIVISION OF
BONNEVILLE INTERNATIONAL CORPORATION
130 SOCIAL HALL AVENUE
SALT LAKE CITY, UTAH 84111
(801) 237-2400
TELEX/TWX 910-925-5266
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Letters

The Editor;
When 1 read Dan Keen's Understanding Maximum Power Transfer, I
suffered alternate spasms of dismay,
disbelief, rage, and severe puzzlement.
What sort of drivel is this? In one
swell foop (!), Mr. Keen has set audio
science back into the nineteenth century. Is he a nephew of the publisher?
Is there no one at db who passes any
judgment on articles published? My
primary field is not audio, but it is
quite obvious that I know a hell of a
lot more about it than Dan Keen docs.
Therefore, I am also outraged that
something like that thing he wrote
ever makes it into print.
I am sure that Norman Crowhurst
(who does know what he is talking
about) could set the matter straight
in a much better manner than I can
(especially considering my present
mood), but in case no one else wants
to tackle it. . . .
Mr. Keen is correct insofar as his
statement that maximum power transfer requires matching of source and
load impedance, but SO WHAT?
Thomas Edison knew the same
thing, and it kept him from designing
a practical power network. If the
alternators at power stations were
suddenly matched to their load, they
would be destroyed almost instantly,
because:
1. While matching source and load
impedance does allow maximum power
transfer, HALF the total power is
dissipated in the source. A source of
any significant power generally won't
stand that for very long.
2. I have been working in or with
audio for only 32 years, so 1 haven't
seen everything. But I have never seen
an audio amplifier with an 8-ohm source
impedance. I have seen many, many,
many designed to be connected to an
S-ohm load, but they certainly didn't
have any such source impedance. An
amplifier marked "8 ohms" is designed. hopefully, to give best results
with an 8-ohm load, but it is most
unlikely that its source impedance is
much over 1 ohm these days—frequently it is much less.
I hope that by the July issue, someone will have straightened this mess
out.
Wayne W. Dunning
Wichita, Kansas
Our face was red!
Mr. Dunning's letter is one of many
that we received. For what may seem
a final word, see this issue's Sync Track.
(continued)
www.americanradiohistory.com
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Except the shape.
0

(And we invented that.)
If the new D-75 professional power amplifier looks familiar, it's because the shape,
which we created years ago, is truly functional. But, until now, you have never seen
any amplifier of this size, including Crown,
that performs like the D-75.
The Crown D-75 is a powerful amplifier. 35 watts continuous average power per
channel into 8 ohms, 20Hz to 20KHz @
.05% THD. 45 watts into 4 ohms. In mono,
the D-75 provides 95 watts continuous average power into 8 ohms.
The D-75 is virtually distortion-free. Frequency response ±0.1dB, 20Hz to 20KHz
@ 1 watt into 8 ohms; ±1.2dB, 5Hz to
100KHz. Hum and noise 106dB below rated
output. THD less than .001% from 20 Hz to
400Hz, increasing linearly to .05% at
20KHz. IMD less than .01% from .25 to 36
watts (less than .05% from .01 to .25 watts).

The D-75 is professionally convenient.
Signal-presence LEDJs indicate peak output
greater than Vb watt into 8 ohms. Active balanced XLR connectors, as well as unbalanced Vi" phone plugs, are standard on the
rear panel, plus an external dual/mono
switch. Gain controls are lockable.
The D-75 now includes the Crown
Input-Output Comparator (IOC) which reports non-linear behavior in the amp: overload, TIM or protection circuit activation. In
addition, separate signal and chassis
grounds are provided to minimize cfround
loops.
The D-75 is a Crown amplifier, so you
can expect it to be rugged and reliable.
Compare it with any competitive amplifier.
The Crown D-75 is truly an exceptional
value. For more information, please write or
call Crown or consult your Crown dealer.

croujn
1718 w. Mishawaka Road, Elkhart, Indiana 46514
American innovation and technology...since 1951.
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letters (cont.)
Calendar
The Editor;
I wish to direct your attention to a
typographical error wh'ch occurred in
my article. Noise Level Limits in Recording Studios, which appeared in the
April, 1978 issue of your publication.
Please eliminate "for the hi-fi enthusiast" at the end of the next to the last
paragraph.
I'll thank you to publish this note
because the sentence the way it stands
sounds ridiculous.
Michael Rettinoer
Ed. Note: We agree. The weird juxtaposition of words occurred during a
rough day at the print shop and we
were not canny erough to discern it.
Mr. Rettinger is definitely not responsible for it.

3-4
7-8
14-15
17-18
13-17

MOVING?
Keep db coming
without interruption!
Send in your
new address promptly.

11

Enclose your old
db mailing label, too.
Write to:
Eloise Beach, Circ. Mgr.
db Magazine
1120 Old Country Rd.
Plainview, N.Y. 11803

^

14-16

AUGUST
Management Seminars. Contact: Heidi E. Kaplan, Dept. 20
NR, N.Y. Management Center,
360 Lexington Ave., New
York, N.Y. 10017. (212) 9537262.
Eoreign Market Entry Strategies. Wharton School, U. of
Pennsylvania. Washington, D.C.
New Products: A Systematic
Approach. New York University. Los Angeles.
The Effective Engineering
Manager. New York University. Houston, Texas.
Unlocking Creativity. New
York University. New York
City.
British Musical Instrument
Trade Fair. Bloomsbury Centre
Hotel; Hotel Russell; Connaught Rooms, London. Contact: British Information Services, 845 Third Ave., New
York, N.Y. 10022. (212) 7528400.
National Radio Broadcasters
Association Management Seminar, Welsh Company, Tulsa,
Oklahoma. Contact: NRBA,
Suite 500. 1705 De Sales St.
N.W. Washington. D.C. 20036.
(202) 466-2030.
J. B. L. Sound Reinforcement
Workshop, Kansas City. Contact; Nina Stern, James B. Lansing Sound. Inc.. 8500 Balboa
Blvd., Northridge, Ca. 91329.
(213) 893-8411.

SEPTEMBER
11-13 J.B.L. Sound Reinforcement
Workshop. Vancouver, Canada. Contact: Nina Stern, James
B. Lansing Sound, Inc. 8500
Balboa Blvd., Northridge. Ca.
91329. (213) 893-841 1.
New York Management Seminars. Contact: Heidi E. Kaplan. Dept. 14NR, New York
Management Center. New
York, N.Y. 10017. (212) 9537262:
11-13 Management of New Technology Projects. Boston. Mass.
N.Y.U.
14, 15 New Products: A Systematic
Approach. Houston, Texas.
N.Y.U.
21,22 Foreign Market Entry Strategies. Chicago, III. Wharton
School.
17-20 National Radio Broadcasters'
Association, Convention. Hyatt
Regency Embarcadero Hotel.
San Francisco. Ca. Contact:
N.R.B.A., Suite 500. 1705 De
Sales St., N.W., Washington.
20-24 Autumn Hi-Fi Show. Cunard
International Hotel, London,
England. Contact: British Information Services, 845 Third
Ave., New York, N.Y. 10022.
(212) 752-8400.
25-29 International Broadcasting Convention. Wembley Conference
Centre, London. England. Contact; British Information Services, see above.
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Otaria^

outstanding reasons

why
1. MX-5050-2S Two-Channel HalfTrack Popular worldwide • 15 & IV2
or 71/2 & 3% ips • Optional dc capstan
servo • Also reproduces quartertrack • Other features listed below.
2. MX-5050-FL One-Channel FullTrack • 71/2 & 3% ips • Also reproduces two-track.
3. MX-5050-QXHD Four-Channel
Quarter-Inch 15 & 71/2 ips •
Variable speed (±7%) dc capstan
servo • Other features same as
two-track.
4. MX-5050-8D Eight-Channel HalfInch Full eight track performance and
features • 15 & 71/2 ips • Variable
speed (±7%) dc capstan servo.

you

should

5. Mark 11-2 Two-Channel QuarterInch All MX-5050 features plus: •
Separate transport and electronics
• 15 & IVz ips • Variable speed
(±7%) dc capstan servo.
6. Mark 11-4 Four-Channel HalfInch Same features as Mark 11-2.
7. MX-7308 Eight-Channel OneInch Compatible one-inch eight-track
format • 30 & 15 ips • Reel tension
servo • Long life heads • Floor
console.
Ca// or write for full specifications and pricing.

mnsmn

8. ARS-1000 Automated Radio
Station Reproducer Two speeds
71/2 & 3% ips • Two channel stereo •
Ruggedized for continuous operation.
9. DP-4050 8:1 In-Cassette Duplicator Easily operated • Open-reel
master (7V2 or 33/4) and six slaves •
Six C30's in under two minutes.
All Otari recorders feature:
• Professional quality and reliability
• Selective reproduce on all channels
• 600 ohm +4 dBm outputs
• XLR connectors • 19 dBm headroom
• Motion sensing • Edit and cue
• Built in test tones • Portable,
rack, or console mounting

Otari Corporation, 981 Industrial Road / San Carlos, California 94070 (415) 593-1648 /Manufactured in Japan by Otari Electric Co., Ltd.
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PATRICK S. FINNEGAN
4^* Broadcast Sound

Test Errors

• Wc test the performance of audio
units, as well as the entire system
from time to time. But tests may not
always reflect the true performance
of a unit in its normal program operational mode. The wiring arrangements, procedures, and instruments
used in the test can often in themselves
introduce errors which produce misleading results. Discussions this month
will center on some of the factors
which can affect and distort the test
results.

ENVIRONMENTAL EFFECTS
Wherever a particular audio unit is
physically placed in the system, the
location will subject the unit to environmental conditions such as air
temperatures and circulation, vibrations, and so forth, as well as to other
conditions peculiar to that setting—
for example, strong rf or noise-inducing fields. This is the particular
setting in which that unit must operate
during programming and some of these
conditions may dictate the manner in

SMPTE synchronizer
■

Interfaces all recorders

■ Reads code to -12 dBm
■ Tracks within SO^s
■

Inaudible lip-sync adjust

■ Programmable offset
■ Studio quality performance
■ Broadcast reliability
The BTX Corporation, 438 Boston Post Road
Weston, Massachusetts 02193 • 617-891-1239 Its
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which we must adjust the unit if it is
to operate properly.
Since environmental conditions are
a part of the normal operation of the
unit, we must be careful of the test
results if these conditions are altered
while the test is being conducted. In
many test setups, the environmental
conditions are changed, since there is
no way to avoid it. But since changing
the conditions in some cases can also
change the test results, it is important
that we take this into consideration
when wc make a judgment on those
test results. Consider, for example, a
transistor which has become heat sensitive in an amplifier. The ambient temperature buildup in the enclosed rack
or cabinet causes the stage to distort
on signal peaks. Now if we are testing
this unit for the distortion, but have
the circuit board out in the open air on
an extender card or the unit opened up
on the work bench, the lower temperatures would allow the unit to check
out perfectly! Changing the environmental conditions in this case have
also changed the results, which can
be very misleading to the troubleshooter.
When test results seem suspicious,
and we have altered the environmental
conditions in which the unit normally
operates, we can try to simulate these
conditions by the use of heat lamps,
heat guns, fans, cooling sprays, and
so forth. If the use of any of these
devices affect the test results, then
weigh those test results carefully. Try
to determine if they represent the
true performance of the unit with
programming.
WIRING
In its normal habitat, an audio unit
will be interconnected to other units
through well-shielded cables, tied to a
building ground system and afforded
some degree of protection from rf and
noise fields by cabinets, racks, and
conduits. When we remove a unit to

Digital Delay Processor

uncm

IME

T

professional quality delay plus special effects

Lexicon's new Model 93 "Prime Time" digirol de
lay processor gives recording srudlos and enrerroiners an
easy-rouse professionol qualiiy rime delay wirh special effeas and convenienr mixing all or a price you can afford. Ir
combines a degree of flexibility and versariliry never before
offered in equipment of full professional guoliry

Two delay ourpurs independently adjustable from 0 to
256 ms
Complete mixing for delay and reverb processing, free
ing up main console channels and tope rracte
Integral VCO for special effects like vibrato, doppler
pitch shift, flanging and automatic double and triple
tracking
Long delay special effects — up to 2 seconds
All dynamic funcrions con be footswirch controlled
90 dD dynamic range, ratal distortion below 0,08% or
all delay serrings

Lexicon, Inc., 60 Turner Street
lexicon Waltham, MA 02154 (617)891-6790
Export Gotham Export Corporation, New York. New York
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Figure 1. It is sometimes necessary to
simulate the operating environment of
the unit when it is in a test location.

the workbench for tests, we also remove
the protection the cable system offers
and substitute an altogether different
arrangement. Sometimes, even though
we test a unit in its normal place in the
system, we substitute different input/
output wiring and attach test instruments, This, too, can remove a part
of the system's protection.
Perhaps the greatest offenders in
producing misleading test results are
the "haywire"' test arrangements we
set up to conduct the test. Unfor-

tunately, there are many instances
when haywire cannot be avoided for
the test setup. But even when this is
the case, we should try to take whatever precautions we can to reduce any
ill effects such wiring may have on the
test results. For example, we can use
shielded cables and take care with the
shield grounds, get a good ground to
the unit, test instruments, and building
ground. When strong rf fields are
present, be especially careful with the
shielding and grounding. Remember

STL Offers The Most
Complete Selection
Of Test Tapes Available Anywhere
If you are looking for precision test tapes, look no further.
STL can serve all your needs with tapes in 2", 1", M?", Vi"
and 150 mil cassette sizes. Alignment, flutter and speed,
level set, azimuth and numerous special test tapes are
available giving you the most accurate reference possible
in the widest ranges of formats. Also available is the authoritative Standard Tape Manual, a valuable data book for
the audio tape recordist, engineer or designer. This practical and much-needed reference source is compiled by
Robert K. Morrison, an international authority in this field.
The price of this book is $45.00 prepaid.

that a long test clip used for a ground
is an antenna at f.m. frequencies. Any
extraneous signals introduced by the
wiring arrangement can produce erroneous test results that can be misleading.
When test results seem to indicate
serious performance flaws, try to determine if these are bona fide equipment faults or only distortions created
by the test arrangement. An oscilloscope attached to the output of the
unit or to the distortion analyzer (if
used), can often be a help in identifying grounding problems, noise and rf
pickup in the test arrangement. Even
though we can identify the problem,
we may not always be able to eliminate
it completely. In that case, we must
weigh the results so that true performance of the unit can be determined.
PROCEDURES
The manner in which we conduct
the test, as well as the manner employed to have the unit adjusted and
operated during the test, can very well
produce results that don't reflect the
true performance of the unit in its
normal operational mode in the system. As mentioned earlier, the environmental conditions may require
that a unit be operated in a specific
manner. If under the test arrangement we make a number of readjustments to test the unit as it would
be operated in other situations, then
the test results can be far from the
true performance of the unit where it
must operate in the system on a day
to day basis.
Consider, for example, that you
have an amplifier unit in the system
at a place where the input signal must
be relatively high, perhaps due to a
noise situation, and you operate it this
way to obtain a better-signal-to-noise
ratio. In its normal mode the input
control is just barely open. The input
control on the unit is a "T" type fader
across a balanced circuit. Such an ar-

Figure 2. Rf pickup can distort the
indications. Illustrated is rl pickup by
the oscilloscope, which produces a
"thick" trace. Use only one "envelope"
of this trace for your measurement.

Write or phone for fast delivery and further information.

m STANDARD TAPE LABORATORY, Inc.
26120 Eden Landing Road / #5 / Hayward, CA 94545
(415) 786-3546
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OSCILLOSCOPE
DISPLAY

"We have been blessed by our
Maker with two ears and only one
mouth, which indicates that we should
listen more and talk less. This is the way
we sell loudspeakers.
"The Klipschom® is the next best
thing to original sound. It's like being
there, because that's the way 1
designed it.
"The Klipschom loudspeaker outperforms every speaker m the world for
high efficiency and low distortion, and
we've tested the others in our
laboratories.
"The Klipschom loudspeaker is
still made with all the care, craftsmanship and quality that I made my first
one with 40 years ago. By hand.
"The Klipschom loudspeaker is
the ultimate in sound reproduction.
But all my exhortations, all the
specifications in the world, won't
tell you what your ears can.
"This is all we ask. Listen and
compare. If you don't hear the
difference between Klipschorns and
other speakers, you're not ready yet.
"lust listen."
klipsch

Please send me your FREE color
brochure on the full line of Klipsch
loudspeaker systems, along with a list
of Klipsch dealers.
Name
—
Address.
City

c_
c

Paul Klipsch, inventor of the Klipschom loudspeaker.
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klipsch
P.O. Box 688 DB7
Hope, Arkansas 718C1
In Canada. Superior Electronics, Inc.
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Figure 3. Some factors which can
produce errors in the test results.

Direct Boxes; Both active and passive SM-1A for
guitars SM-2 and SM-3 for keyboards and
electronic instruments.
"Mic-splitters": Low impedance in and out. Will
handle -|-6 dBm. Will pass phantom voltage.
Isolated grounds.
Thowond/ m u/e around the World!
We also manufacture audio transformers,
snakes, audio modules
SEND FOR YOUR FREE COPY
OF OUR NEW CATALOG
P.O. Box 590,
12931 Budlong Ave.,
"Quality
Gardena, CA 90247 U.S.A.
Engineered
(213) 770-3510, (800) 421-1828, Sound
Products"
TWX (910) 346-7023
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(fiudioTape
for professionals

REEL TOREfL TAPE
Ampex, 3M. All grades.
On reels or hubs.
CASSETTES, C-10-C-90.
With Agfa, Ampex, 3M tape.
LEADER & SPLICING TAPE
EMPTY REELS & BDXES
All widths, sizes.
— COMPETITIVE • FROM STOCK For your catalog, mII or write: Vito Cappj
312/297-0955
E/
Recording
Supply Co.
\Div of
1233 Rand Road
.

rangement and adjustment can roll off
the high frequency response. With the
unit on the bench for test, you reset the
signal generator level to ordinary standard levels and readjust the control of
the unit to mid-point (the way this
type of control and arrangement
should be operated). With the test set
up in this manner, the unit checks out
with a perfect response curve! But this
is not a true picture of what really
happens to the system frequency response during programming by that
amplifier and the ordinary way it is
operated on a day to day basis. A true
test of the performance would require that the setup duplicate the
regular way this unit is adjusted. The
signal generator, however, may not be
able to provide the higher level signal
required. In that case, you would need
to include the driving amplifier in the
test and then test both units together.
OTHER CONSIDERATIONS
Remember that the unit operates
with program signals at given input/
output levels, and that the unit is adjusted for given input/output impedance matching and loads. If we
change any of these in the test setup,
we can very well influence the test
results.
The test signal in many cases is a
sine wave. Sine wave and complex program signals are considerably different
and the unit will react differently when
these signals are passed through it.
The program peaks can be 8 to 12 dB
higher than the same indicated level
of sine wave on the test meter. These
peaks might overload some stage in
the unit, introducing harmonic and
intermodulation distortions. Unless we
are satisfied that the unit has adequate headroom, those beautiful distortion measurements with sine wave
may simply not be true when program audio passes through the unit.
We can easily check for adequate headroom by simply increasing the signal
level from the generator another 10
dB higher than the normal input level
and then checking for an increase in
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distortion. If there is no increase, we
can be reasonably sure the original
distortion measurements represent the
true performance of the unit.
Aside from adjusting and supplying
normal signal levels from the generator, the input/output impedances and
load on the unit can affect the results
in many ways, such as giving poor
frequency response and poor signal-tonoise ratios. In effect, the unit is not
adjusted properly at all. If the load
impedance is incorrect, the signal levels through the unit will require greater
adjustment than normal, and this in
itself is not truly representative of the
unit's performance.
TEST INSTRUMENTS
The signal generator and the measuring devices have a considerable effect on the results of tests. The operator should have a reasonably good
understanding of an instrument and
its use. But even assuming that the
operator does know the test equipment and how to use it, operational errors can occur that change results—
for example, forgetting to change the
impedance setting or the terminating
resistor.
Aside from operating errors, the
accuracy of the instruments enter into
the accuracy of the test results. A
check on the accuracy of the instruments from time to time will remove
errors in this regard. Rechecking the
calibration of an instrument is especially important if repairs have been
made to it which could effect its
precision.
Consider, for example, the audio
generator with internal metering and
calibrated pads. These can be checked
out with the voltmeter section of the
distortion analyzer or another accurate audio voltmeter. Measure the generator output directly, and use an accurate termination across the input to
the voltmeter. Preset the signal level
into the pads, then switch each pad
in and measure the drop in signal in
each case. If you want to know the
actual output level the unit delivers
when its output impedance is set to
other than 600 ohms, switch the gen-

Figure 4. If there is any question about
the signal generator output levels and
pads, measure these with an audio
voltmeter.
soon
■;
eoo n
>
SIGNAL
GENERATOR

AUDIO
VOLTMETER

SIGNAL GENERATOR
Figure 5. The output frequency of the
signal generator may not be what the
dial indicates. This could put the test
signal on the slope of a filter curve.

erator to 150 ohms; for example, use
a 150 ohm terminating resistor on the
voltmeter, and again switch in the
pads.
When testing an audio unit that contains filters or equalizers, the accuracy
of the input signal frequency is important. How accurate arc the dial settings on your generator? II there is
any doubt, set up your frequency
counter (if you have one) and actually measure the frequency of the
audio signal. Check the dial reading
against what the counter indicates. If
there is a difference, then mark that
place and check at several other places
on the dial. If all are off by the same
amount, it could be that the knob was
not put back on the shaft in the correct place the last time it was off. But
if the dial markings do not agree in
some places and agree in others, that
indicates a problem in the unit itsell.
Either mark the correct places, or
better yet, send the unit back to the
factory for repairs and recalibration.
But even if you are reasonably sure ol
the calibration of the dial, if the circuit is a critical one from a frequency
standpoint, you can still use the counter to set the generator frequency exactly at what it is supposed to be.
RECAP
Many factors can distort the results
of tests so that a true performance
measurement is not achieved. Environmental conditions, haywire hookups,
procedures and test instruments can
all be factors. There can always be
operating errors, of course, but if we
become careless, we may find that we
are only making measurements—not
testing the true performance of a unit.
■

FEATURES: An all passive one-third octave equalizer. High reliability. No rtcise.
Low distortion. No hard clipping. • Full
15dB cut on ISO one-third octave centers.
• Full double-tuned constant-K filters,
63 Hz through 12.5 kHz. • High-cu: and
low-cut adjustable finishing filters. •
Mil-spec sealed potentiometers. • Standard 600 ohm line terminations. • B -amp
output option with plug-in crossover net.
• Standard 19" relay rack, SVz" heght.

The Model 4004 is a onethird octave audio equalizer
for professional sound reinforcing applications. High
reliability components are
used throughout. As a passive device, no noise is introduced. All filter sections
are designed for low distortion and there is NO HARD
CLIPPING at high level.

FEATURES: 27V3 octave bands cn ISO
centers from 40 Hz through 16 kHz. • 0
to -15 dB of cut on continuous calitrated
control. • Variable high-pass filter from
20 Hz to 160 Hz with 12 dB/octave rolloff. • Unity to + 10 dB of makeup gain. •
Filter O optimized for best sumnation
with adjacent bands. • Noise guaranteed
to be -92 dBm or better. • EO IN/EQ OUT
switch on front panel • PLUS OPTIONAL
CROSSOVERS FOR BI-AMPINGl • Dual
buffered outputs for bi-amp operation. •
Accessory socket to permit insertion of
12 dB/oct. or 18 dB/oct. low level crossover for bi-amp outputs.

The Series 4200 Cut Only
Active Equalizers have been
carefully designed and patterned after the well known
Series 4000 Active Equalizers. All negative feedback
circuitry around the latest
integrated operational amplifiers assures high linearity and stability.

\sD&J$C

instruments, incorporated

PHONE AREA 512/892-0752 • P.O. Box B98 AUSTIIU TEXAS 78767
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JOHN M. WORAM
The Sync Ttack

More About Maximum Power Transfer

• A recent db article on Understanding Maximum Power Transfer (March,
1978) really convinced us that people
do indeed read the magazine. While
the author's math was right on, unfortunately, his choice of a practical
example wasn't. As a result, we received an avalanche of mail, offering
much in the way of comment on the
subject of maximum power transfer.
Many of the letters were several
pages long, and it's difficult to single
out just one or two for publication,
since practically all of them oiler at
least a little something of interest on
the subject. So instead, I've been
"volunteered" to try to sort it all out,
and will do so by stealing a little from
this one and that one, in an effort to
straighten out the matter of getting
power from here to there.
IMPEDANCE MATCHING
In today's transistorized world, many
electronic devices (especially power
amplifiers) have very low output imdances, often measured in fractions of
an ohm. Years ago, such was not the
case. There were any number of "black
boxes" around with output impedances
of several hundred (600 comes to
mind) ohms.
Let's look at such a black box—say,
an equalizer—with an output impedance of 600 ohms. Although our
equalizer is going to be fed some
sort of audio input signal, for the
moment we're only interested in its
output. So, we can consider it as a
600 ohm "source" (of signal). In
other words, looking backwards into
its output terminals, we discover a
"source impedance" of 600 ohms. In
the diagram below, we'll identify this
as ZB. This Zs is shown in series with
the signal source itself, although there

is actually no single component inside
with such an identity. In other words,
you can t go to the source and pick
up a new Zs if the one you have burns
out.
Now, in order to achieve maximum
power transfer to the next device in
the signal path, this next device must
have an input impedance that is equal
to Zs. "Impedance matching," it's
called, and since this device becomes a
load across the source, it's shown
in our diagram as "ZL." And that
brings up a "trick" exam problem that
Rouland-Borg plant manager Don
Metz recalls:
Given Es = 10 volts, and ZL = 8
ohms, what should Zs be, for maximum
power transfer? To which the unwary
student quickly responds, "Why, Zs
should also be 8 ohms, so that the
impedances are matched."
Wrong! If Zs had been given as 8
ohms, then of course ZL should be 8
ohms for maximum power transfer.
But that wasn't the problem, was it?
We were given Es and Z,. Since P =

A load impedance (Zl) connected across
the output terminals of a signal source.
The output impedance of the signal
source is represented by Zs.
i

I
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E-/Z, we'll get our maximum power
delivered if the entire voltage, Es, is
dropped across ZL. In other words, Z9
must be zero.
Of course, as Mr. Metz points out,
the problem is academic, since Z,
comes with the black box, and is not
variable in usual real-life situations.
In the real world, we are stuck with
Zs, and must choose Zr accordingly.
All else being equal, as Zr gets larger,
the dissipated power gets smaller. But
when Z, = Zs, we do get the maximum
possible power transfer, under the prevailing conditions. However, if we
could now make Zs smaller (while
ZL stays put), we'd get even more
power delivered to ZL. But that's not
possible, is it?
Byron Roscoe, chief electroacoustical engineer for the David Clark Company, Inc. sums it up concisely for us:
"The maximum power theorem is only
valid for the case where we are limited
to a given source resistance, and the
load resistance can be varied. In such
a case, adjusting the load resistance
to equal the source resistance will result in maximum power in the load.
However, in the amplifier/loudspeaker
interface, we are limited in our choice
of load impedances by electroacoustical considerations in the speaker system (8 ohms being the nominal value
for most stereo loudspeaker systems),
and in this case the maximum power
transfer occurs when the source resistance is made as small as possible,
zero being the ideal value."
He also notes that,
. . modern
speaker systems depend on the low
source impedance of the amplifier to
provide electrical damping . .
Roscoe cites the existence of a "damping
factor" rating for most amplifiers, from
which the actual output (i.e., source)

r
impedance may be determined. He defines damping factor as. ". . . the
ratio of the output voltage (loaded) to
the change in output voltage when the
load is removed. For example, if a
certain amplifier delivers 10 volts to
an 8 ohm resistive load, and the voltage rises to 10.125 volts when the load
is removed, then the damping factor of
the amplifier is

"J*

= SO, a

typical value.
"This corresponds to an internal
impedance of 0.1 ohm, and is hardly
worth taking into account, due to the
small percentage of the load impedance it represents."
How did Mr. Roscoe discover the
internal impedance (Zs) was 0.1 ohm?
Easy—a little Ohm's Law will do it.
With the speaker in place, he measures
10 volts across 8 ohms. I = E/Z, so
there is a current flow of 1.25 amps.
Of course, this current is also flowing
through Zs, so there must be a voltage
drop there also. Removing the speaker,
he measures 10.125 volts across the
amplifier's output terminals. So, he
now knows he's losing 0.125 volts
across Zs when the speaker is reconnected. Again, applying Ohm's
Law; Za = E/I = 0.125/1.25 = 0.1
ohm.
DAMPING FACTOR
A. H. Clegg, assistant general manager of Technics by Panasonic's Product Engineering Division draws our
attention to the fact that the damping
factor may also be measured as ZL/ZS.
Since we know the Zs of Mr. Roscoe's
amplifier, its damping factor becomes
8/0.1 = 80; just as it did using the
earlier formula.
Professional engineer Walter Jamison mentions that the specs for Crown
amplifiers list a damping factor of
greater than 200 for 8 ohm loads,
giving them a Zs of Z, /DP
8/200
= 0.04 ohm.
By now, hopefully everyone is as
confused as I am, but the point to
come away with is that while speakers
(that is, ZL) remain at 8 ohms, amplifier source impedances (ZH) are extremely low. Therefore, we don't have
to waste a lot of power in Zs, just to
achieve that illusive maximum power
transfer.
By the way, the new Institute of
High Fidelity document, "Standard
Methods of Measurement for Audio
Amplifiers (IHF-A-202, 1978)" defines damping factor as 8 ohms/Zs.
In conclusion, our thanks to all those
readers who were kind enough to
share their thoughts with us. And, to
that one mid-western professor who
sent us two copies of his letter, thank
you. thank you.
■
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MX-5050-8

The Full Professional
Half-Inch Eight Track
More features, better performance and
reliability than any other half-inch eight track.
For less than $5000, Otari's new MX-5050-8
let's you get started in eight track without sacrificing
production flexibility, performance, or reliability.
Compare these features:
Dc capstan servo (standard, not an optional
extra) for tighter speed control and ±10% pitch
adjustment; separate electronics and transport for
convenient portable or console mounting: 15 and
ips
speeds (not just 15 ips): professional 600 ohm+4 dB output level
with XLR's (not phono plugs): standard size VU meters: 19 dB
headroom: synchronous reproduce with full frequency response
for overdubbing: minutes/seconds counter (not reel rotation): front
panel edit and cue controls: DBX or Dolby interface plug; all
electronics adjustments front or rear accessible without panel
disassembly: test oscillator for bias and level calibration; full
motion sense logic and click-free punch-in and out; separate
optimized erase/record/reproduce heads with direct amplifier
coupling for reduced distortion and reliable off-tape monitoring.
See your Otari professional dealer for the full story.
(Incidentally if your requirements demand a one-inch eight track,
check out the best-buy MX-7800 with optional synchronous
reproduce remote control.)

[unsiun
981 Industrial Road
San Carlos, Calif. 94070
(415) 593-1648 TWX: 910-376-4890
4-29-18 Minami Ogikubo
Suginami-ku, Tokyo 167, Japan
(03) 333-9631 Telex: J26604
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MARTIN DICKSTEIN
Sound With Images

More and More Multi-Imaging
• First, let's differentiate between
multi-imaging and multi-media. The
former consists of many images on
the screen while the latter employs
various media, possibly sound or
print, or even a mixture of slides and
film. Both techniques are obviously
related. Multi-imaging does not exclude sound, but is a more precise
term to indicate that there are more
images to see at one time than a single slide projector can offer.
Although the slide projector seems
to be the workhorse of the presentation business, it is limited in its operation. It projects a single image, and
then takes about IVi seconds to
change to the next image. In between,
there is a black screen. There are
times when this type of presentation
may prove to be sufficient. In fact, it
might even be the best method of
presentation in some instances, depending on the material, scope, and
purpose of the meeting. However, ever
since Expo '67 showed the way, multiimaging (either with or without sound)
has become more and more popular.
It has been said that a picture is
worth a thousand words. By simple
logic alone, then, does this mean that
doubling the number of images doubles the value to 2,000 words? Does
four images equal 4,000 words, eight
images 8,000 words? What if some of
the images are repeats? Does this reduce the value by one-third? Or onehalf? Obviously, from this rather simple example, the actual value of multiimaging cannot be determined precisely. How about divided attention,
even when both images are different?
Or when there are more images than
the viewer can see at once, is attention
divided evenly among them?
VARIETY OF STIMULI
It has been found that greater learning takes place with a variety of stimuli. After all, it has been estimated
that each one of us gets about 100,000
stimuli each day. The Gestalt psychologists tell us that any perceptual
organ responds to a complete whole
in some way that cannot be analyzed
rather than to the sum of all the individual parts. This gives us one good
indication that multi-image is effective,
but not necessarily in direct proportion to the number of images displayed. It depends on how the multiple images are used, and what they are.

It has also been shown that other
elements play a great part in getting
information across. For example, motion, This effect is possible because of
the operation of the visual process of
the eye and the brain. Movies are not
really showing motion. They go by as
single frames, each displayed for a
finite period of time. At the standard
rate of 24 frames per second, the eye
seems to see motion. Actually, it retains an image for about 1/10 of a
second after the image has disappeared.
All we need, then, is ten frames per
second for the eye to think it sees motion with no gap. This perceptual peculiarity is known as the p/ii phenomenon. or persistence of vision.
THE PHI PHENOMENON
The phi phenomenon can be simply
demonstrated by flipping animation
cards, usually made for children in
cartoon form, at the proper speed.
This was also the principle evidenced
in a device used a number of years
ago in the form of a rotating circular
drum with a series of successive images viewed through a thin slot. You
can also simulate motion with a slide
projector, using dissolves on single
images, but due to the slow process of
changing slides, the motion is not as
effective as it would be with more
than two units. Actually, three or more
projectors throwing onto a single
screen are the usual basis for an illusion of motion,
Single images projected by a single
projector in normal procession can be
dull and boring if the material shown
is of an uninteresting character. Using
a dissolve can improve this to some
extent, but if more projectors simulating action are used, the audience's attention can be riveted.
Another alternative to using three
projectors on one screen, if motion is
not required, is to use three screens.
(It has been shown that using two
screens is only slightly more effective
than employing one screen, except
where direct association and comparison are needed.) By utilizing three
screens, it is possible to create a "ping
pong" effect where the images jump
from one screen to another.
This effect makes use of movement,
keeping the eyes from staying in one
place too long, while allowing the projectionists to change slides without an
apparent black space between images.

As long as the eyes are kept moving, a
black screen in one position is less
objectionable than a 1 Vi second blank
space between successive images. Of
course, all three screens can be used
simultaneously for comparison or addition of information if desired.
TWO PROJECTORS
To make an improvement over the
blank screen, the next step is using
two projectors on each screen. This
allows for dissolve, or fast cut, on
each screen with no blank screen at
all if it is not desired. The next step
up, of course, is three projectors per
screen. Now, motion on a single
screen as well as on all screens simultaneously, or across the three screens,
becomes feasible.
There are other effects (and reason
for their use) possible with multiprojector systems, for example, when
the visuals that have to be used (perhaps because the client insists) are not
as good (either in color or sharpness
or quality) as some of the ones newly
shot specially for this presentation. By
showing the poorer ones quickly in
good balance with the better ones, the
audience sees them, but does not get
the opportunity to inspect them carefully, Perhaps the slides are old and
show some part of the product's history or the client's factory back when
he started. These can be shown as part
of a flash-back sequence as prelude to
the present where the slides are sharp
and brilliant. Or perhaps the old slides
can be reshot into a smaller format
than the standard slide. This would increase their brightness somewhat but
would allow less scrutiny and could
be used as part of a build-up through
dissolve or fast cut sequences to a
present showing of the same scene. It
is also possible to use the old slide in
smaller format and build up to a single segmented image of many shots of
the same scene. Again, less scrutiny
but greater visual effect.
USES OF IRREGULARITY
The employment of the segmented
slide introduces an even greater possibility for the use of the multi-projector system. It has been found that
nonconformity attracts the eye of the
viewer. If an image is off center, the
eye is attracted to it because the image
within the whole screen is not balanced. This irregularity creates a

sense of unrest or stress to the eye.
(It's like having a well known sequence of musical notes played up to,
but not including, the last note, or
like the dropping of one shoe. The
ear strains for that final resolution,
resulting in conformity and balance.)
Paintings have been made with the
center of attraction off-center on the
canvas to attract the attention to where
it was desired by the painter, instead
of the natural inclination of the viewer,
who looks to the center of the image.
Or to be even more exact, the viewer's
vision actually is drawn naturally, for
example, to the lower left part of the
picture.
The segmented slide permits a build
by succession to a whole image, or to a
full image consisting of individual, but
separated parts. When this is done, it
might be interesting to know that the
human visual perception process starts
at the left (for the Western world) and
at the right for those whose normal
reading starts at the right. Thus, for the
American audience, the portion of the
image that creates the highest stress is
in the upper right part of the screen.
An image on the screen at this position will bear more "weight" and be
remembered more than one placed in
the more expected part of the screen.

there is a limit to the number of eye
mind boggling effects that can (or
should) be shown in a single sitting.
A time limit usually used as a guide
is ten minutes. Beyond this, the audience becomes restless and tired; less is
learned, or even visually accepted, in
succeeding minutes.
There are a limitless number of effects possible, with more screens, more
images, more segmentation, more variation in size and/or shape and/or
color, and there are no shortcuts to
learning the limitations or capabilities

of the systems available or the acceptances of effects by the audience. Using
balance and stress, movement, color,
image brightness, shape changes and
complexity (people will look at a complicated image rather than a simple
one), the presentation producer is limited only by his own imagination and
creativity in getting his message across.
However, the most valuable of the
creators' talents might well be the
judgment he or she uses in selecting
images and determining how they are
presented on the screen or screens. ■

WHOLES MUST BE MADE
OF PARTS
It is also well known that the human
eye and mind combine to fill in what
is left out. Wholes must be made of
parts. Thus, the concept of giving image forms to the constellations was
born in ancient times. The same effect
takes place when images are placed
next to each other. Groups are formed
in the mind of the viewer. Groups arc
also formed from similarity; where
images look alike in shape, they are
automatically put together in the viewer's mind. The same thing happens
when images of similar size or color
are found. The eye groups them together, In like manner, the eye seems
to perceive a grouping when objects
are located in a line of direction. Thus,
by sequencing objects (or images) in
a direction, motion can be implied.
Motion can be simulated by dissolving (or cutting) from one size to
another. Going from big, to small, to
disappearance shows the object receding into the distance. Building of size
means coming closer. Movement can
also be from one side of a screen (or
across three screens) to the other. A
similar sequence could be effected with
changes in color or brightness.
Although it has been shown that the
eye can process over four million bits
of information in a single second.
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NORMAN S CROWHURST
Theory & Practice

More on Matching

• In the February issue, this column
discussed damping, including aspects
of matching. Then in March, Dan
Keen's article Matcliing for Maximum
Power Transfer, presented a quite different aspect of the same question,
perhaps a little too concisely. This is
an old question that has been covered
again and again, but there are always
new people coming along who have
not yet understood it completely.
First, we will show the conditions
under which Dan Keen's formula,
which is the classical one, applies.

Then we will deal with its limitations.
But first, we should comment on what
the output rating of an amplifier
means. This is where the damping factor comes in.
Suppose an amplifier has an output
rating—it is not correct to call it an
impedance—of 8 ohms. This means it
is designed to feed a load of 8 ohms.
Then if its damping factor is given as,
say 20, this means its output internal
impedance is 8 divided by 20, or 0.4
ohm. Now, if the rated output is, say
200 watts, then it will give 200 watts

Your music will come alive
Showco's new sound control Stereo Mixer
Preamplifier, The ST600 is a compact, high
quality control center designed and engineered by
the world famous producers of the Showco concert sound. Its features include four inputs with
individual level controls, a master level control and four bands of equalization. The
versatile and efficient S-1600 also offers
a special balance control which minimizes the possibility of overdriving
speakers and power amplifiers.
Designed for rack or flush console mounting, Showco's S-1600
is amazingly easy to operate,
_______
Also suited for sophisticated
home stereo systems, Showco's
S-1600 Mixer Preamplifier allows MoLL
you the ultimate control of sound! Will

into 8 ohms output load. That would
be 40 volts, (40 squared, divided by
8, is 200,)
Now, using an audio oscillator, after
checking that it delivers 40 volts into
8 ohms, turn the input down 20 dB so
the output voltage into 8 ohms is 4
volts instead of 40, That will be 2
watts, instead of 200, And if you remove the 8 ohm load, because the
damping factor is 20, the voltage will
rise to 4,2, instead of 4.
Now if, without changing the input
level, you apply a matching load of

SHOWCO Manufacturing Corp.
1225 Round Table Dr./Dallas.Tx. 75247
Phone: (214)630-7121 TWX 910-861-4278
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0.4 ohms, it will have 2.1 volts across
it. Squaring 2.1 and dividing by 0.4
gives 11.025 watts, which is more than
the 2 watts delivered into 8 ohms for
that input. In fact, for that input.
11,025 watts is the maximum output,
or power transfer. Now does that
work at maximum output?
MAXIMUM OUTPUT
The amplifier is designed to deliver
40 volts into 8 ohms, which is a maximum current of 5 amps. That is how
it gets its 200 watts: 40 volts at 5
amps. This usually means the amplifier will not deliver more than 40 volts
or 5 amps without running into distortion or destroying the output transistors.
When you connect 0.4 ohms to the
output, at a level of 2.1 volts, it will
take 2.1 divided by 0.4. which is 5.25
amps, which may just "get by." So this
means that, under the maximum power
transfer condition, although it delivers
11.025 watts maximum for that input
level—probably 11 watts is the real
maximum—the amplifier is really capable of 200 watts output.
Now let us look at what changing
the output impedance does for maximum output, as opposed to maximum

AT LAST/

INSTANT DRUM BOOTH
SHAPE YOUR STUDIO SPACE
Since the introduction of these superior sound
baffles at the A.E.S. show of Nov. 77, many
studios are now experiencing the pleasures
and profits of working with gobos which have
been designed specifically for the knowledgeable engineer.
Set up of a simple sound barrier or a complex
drum booth takes only seconds with the use of
magnetic straps which hold NEXUBAFFLES
firmly in place.
These gobos have a very pleasing contour of
noise reduction which far surpasses the untuned erratic qualities of homebrew baffles
made of two by fours, fiberglass and the like,
not to mention absorption specs which greatly
exceed those of baffles two and three times
their thickness.

power transfer. Our hypothetical amplifier has a maximum output capability of 40 volts, or 5 amps. When you
use both of those maxima, you need
8 ohms, to get 200 watts. But if you
use only 4 ohms, then your output
will be limited to 20 volts, to give the
allowed 5 amps, and that is 100 watts,
instead of 200.
And if you go to 16 ohms, your
maximum output is still 40 volts, but
you only take 2.5 amps, again reducing your output to 100 watts, instead
of 200. Dan Keen's article correctly
said it is better to err on the high side,
if you do not use the rated impedance.
Let us see why that is. Mismatching
either way, by a factor of 2 to 1, reduces the available output to half.
Why would one way be better than
the other?
MISMATCH UP OR DOWN?
Because of the low internal impedance, which we have assumed to
be 0.4 ohm for an output rated impedance of 8 ohms, the output voltage is more directly related to input
level than output current is. If you
put in the input required to give 40
volts into 8 ohms, and change the

GOBOS

impedance to 16 ohms, the voltage
will rise from 40 to about 41. The
current will drop from 5 amps to
about 2.56 amps, and the power will
be slightly more than 100 watts, or
about 105 watts.
Going above 40 volts may introduce slightly more distortion than staying at 40 volts. But you will not need
to turn level down much to reduce
the output level from 41 volts to 40
volts.
Now, if you take off the 8 ohm
load and substitute a 4 ohm load, assuming the output stage of the amplifier will still deliver it, the 40 volts
will drop only to about 38 volts,
which would be getting close to 400
watts. But the current would be 10
amps which, when the rated maximum output from the output stage is
5 amps, means something else has
got to happen.
What happens depends on other
features of the amplifier's design. It
may be that the voltage will drop, and
go very distorted, along with the current, which will not go much over the
5 amp maximum. It may be that the
output stage will burn out. Or it may
be that a protective device will take
control, so that the output is disrupted

FOR

Specifications
Noise Red,
AOsorplloo
Freq.
.40
125
13
23
.80
250
500
32
.99
1000
43
99
2000
52
99
4000
53
.99
NRC .95
NEXUBAFFLES are fabricated from cold
rolled steel 18 gauge for solid sheets and 22
gauge perforated with 3/32" dia. holes on 3/16"
staggered centers. The sheet metal framework
is filled with acoustical material which is fire,
vermin and mildew resistant. This mineral wool
is covered with a special mastic that imparts
even greater absorptive qualities to the fill.
NEXUBAFFLES have a durable baked enamel
finish which was developed to eliminate any
EFFORTLESS SET UP
metallic
ring.
Since the demand for NEXUBAFFLES is so
,
2 /2" panels have one absorptive side and one great, we have decided to sell them like Henry
reflective side, a design feature which permits Ford's Model-T. That is, "you can get them in
great flexibility when dealing with sound, 4" any color you want as long as its black." (In our
panels have two absorptive sides with a metal case a very nice ivory.) You can of course
sceptum for very high transmission loss.
change their color to suit your needs or decor
Even though these panels were designed for with a spray can, or let the resident studio artist
the studio, bands have found that placing one loose on them.
unobtrusive NEXUBAFFLE between musicians'
stacks on stage gives their mixer incredible PRICES:
z'/ir
separation and control. In fact, Beatlemania the
35 x 55
S135.00
S180.0G
#1 show on broadway found NEXUBAFFLES to
35 x 72
S180.00
$225.00
be so effective on stage that they have purchased several sets for their road shows. The Plus shipping F O B. Central Illinois
response we've gotten from the top rock acts Other sizes available
leads us to believe that by next year you won't
be able to see a group without a few NEXUBAFFLES here and there between the amps.
NEXUS INC.
(201) 337-0707
Just another case of something which works
well in the studio finding its way into the oT/ 50 Chuckanull Drive
Oakland, N.J. 07436
performing arts.
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in whatever way that particular protective device operates.
In any event, you can see that it is
much safer to err on the high side,
in which the only effect is a reduction
in maximum power available. Before
leaving the question of loudspeaker
matching, it would be well to mention
something else that I have mentioned
before, that the nominal impedance of
a loudspeaker, or even of many of
them connected as a total load for an
amplifier, is far from being a constant
resistance of the value named by the
rated impedance.
As the ideal arrangement is for impedance to err on the high side, it
would be ideal for a loudspeaker
rated at 8 ohms to have that value as
a minimum. This will usually be in
the range between about 600 and
1200 hertz. Below that, the impedance
will rise to a peak at its main resonance. This might be somewhere between 30 and 120 hertz, depending on
unit design, and how it is mounted in
its enclosure. And the impedance at
that frequency might rise from twice
to perhaps five times or more.
So the impedance might be 8 ohms
at some frequency between 600 and
1200 hertz, rising to from 24 to 40
ohms, or mavbe more, at some fre-

fBBaSft DLANKT/
TAPES Cj ACCESSORIES
WHOLESALE PRICES!
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quency between 30 and 120 hertz.
And the impedance rises again, above
the low point between 600 and 1200
hertz.
Matched in that way, the amplifier
would deliver its maximum power at
some frequency between 600 and 1200
hertz, and something less than maximum at all other frequencies. But the
overall response would be flat, which
is what matters, because it would deliver substantially the same voltage to
the loudspeaker at all these frequencies, although the power taken would
vary.
REAL-LIFE LOUDSPEAKERS
Is that how it is? Not necessarily.
Loudspeaker makers are concerned
with efficiency; they want their units
to be competitive with other makes.
And it could be argued that the impedance rating should be an average
figure, or a mean figure, rather than
the minimum value. So if the voice
coil is wound so the minimum impedance, somewhere between 600 and
1200 hertz, is, say, 5 ohms rising to
between 15 and 25 or 30 at main resonance, and again at higher frequencies, the unit will sound louder for the
same apparent level delivered from
the amplifier.
It may be slightly overloading the
amplifier over the range of frequencies where the impedance is lower than
8 ohms. But human hearing is not far
from its maximum sensitivity over this
range, so the level at these frequencies
seldom hits maximum on any form of
program material. Where more energy
is needed at the lower frequencies, the
impedance is higher, probably still well
over the nominal 8 ohms, so the amplifier can thus deliver more power to
the unit at frequencies where it is
really needed.
As I have found so many times before, everything is a compromise in
audio. You figure something one way,
and there seems to be a right way to
do it. But when you look a little
closer, there may be justification for
the way most manufacturers really do
it, although at first that may have
looked like cheating.
DIRECT CURRENT
Dan Keen's article pointed out that
the maximum power transfer principle applies to both a.c. and d.c. Of
course all audio is a.c., just the frequency changes, over the enormous
range from 20 hertz to 20,000 hertz.
And as we have seen, that is part of
what complicates matters. Now how
about d.c.?
A battery is the most common form
of d.c. source. Suppose we consider
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a 12 volt car battery. On a cold morning, pressing the starter button may
cause the voltage to dip from its opencircuit 12, or a little more, to perhaps 6 volts, as the starter drains perhaps 500 amps from the battery.
That means the starter is taking
3.000 watts to turn the engine over,
which figures to about 4 horsepower.
Because the voltage drops to half, you
are effecting maximum power transfer. This means that 4 horsepower is
the most that you could get out of
that battery, on such a short-term rating as turning your motor over on a
cold morning. But what will that do
to the battery if you sustain it for
long?
The internal voltage of the battery
is still 12. The other 6 volts are lost,
inside the battery. This means that, as
well as the 3,000 watts delivered to
the starter, another 3,000 watts is doing something inside your battery. It
could be just developing heat, and 3
kilowatts is a substantial amount of
heat to be generated in a box as small
as your car battery. It could also be
producing forces that would buckle
the plates.
The combined effect of the heat
and the forces of all that current will
be disastrous to most batteries unless
it is limited to a short duration. That
relates to a d.c. source of power. How
about our conventional power source,
the a.c. line? The voltage at our house
input terminals, is supposed to be 115.
Suppose that at the substation terminals it is 125. Then to draw 115 volts
at your house there must be sufficient
voltage drop in the line between the
substation and your house of 10 volts.
But according to the maximum
power transfer theory, you should load
the line down, till you only get 62.5
volts. You would not be very happy
with that, would you? And the lines
between the substation and your house
would probably get quite warm, if you
ever achieved that!
So maximum power transfer can
really have a variety of meanings.
What we really want, is to get the
maximum power delivered where we
want it. The maximum power transfer
theory always dissipates half the power getting it there, one way or another,
and delivers half the total available
power. We would really prefer to deliver more than half the total power
we have, or produce.
What this all points out. once again,
is the importance of being quite specific about what you are saying. When
we talk about maximum power transfer, we really start with some assumed
conditions. We need to spell out very
carefully what that condition is.
■
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DIGITAL DELAY PROCESSOR
• Designed for recording studios and
live entertainment. Prime Time audio
time delay processor combines digital
audio delays, vco time base processing, and complete mixing facilities in
a single package with self-contained
power supply. The mixer section allows use with an outboard reverb unit
or other signal processor. An echo return mix is created by a combination
of the two internal delays, input, and
an auxiliary return. Delays can be recirculated by way of a second mixing
bus for reverb effects. Special effects
possible include a doppler pitch shift,
natural double and triple tracking,
flanging, and vibrato via the vco time
base modulator. A delay multiplier
control provides extended delays, up
to two seconds; with a repeat/hold
control, a rhythm track can be repeated indefinitely with no degradation of the original audio signal. The
major dynamic functions are remoteable to a performer's foot pedal controls.
Mfr: Lexicon. Inc.
Price: $1,485. Memory Extension:
$175.
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AND RATE YOURSELF.
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ECHO EFFECTS MODULE
• The feeling of power that comes
from generating a wide variety of
sound effects is available to the sound
mixer who can create, with the push
of a button, echo, reverb, flanging,
vibrato, and phasing with the assistance of the CCD echo effects module.
The module's "charge coupled device"
is touted to eliminate the problems of
poor bandwidth and high noise levels.
Echo select consists of four basic delay times on pushbuttons, which may
be used individually or in any one of
fifteen combinations. The first button
produces a very fast single repeat,
ADT (Automatic Double Tracking)
and other features include variab1"
delay control, vibrato and vibrato
speed control, as well as repeat and
repeat volume. The module fits into
either the HH Stereo 8 or Stereo 12
mixers.
Mfr: HH Electronics. (Audiomarketing, Ltd.)
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Irue F alse
(1.) Since I960, the U.S. has
had the highest productivity growth rate
in manufacturing of leading free world
industrial nations.
(2.) One out of five American
workers belongs to a labor union.
(3.) With six percent of the
world's population, the U.S. uses almost
18 per cent of the world's estimated
energy production.
(4.) Over the past decade corporate profits (after taxes) averaged less
than five cents on each dollar ot sales,
or about 12 percent return on stockholder investments.
Did our little E.Q. quiz stump you?
Your stockholders may have breezed
through it. But don't feel too bad. A
recent national survey has shown many
people don't know even basic facts and
figures about our American Economic
System. Or much about how it works. In
short, a lot of Economics Quotients.
E.Qs., could stand some improvement.
A special booklet has been prepared to help you learn more about
what makes our American Economic
System tick. It's fact-filled easy reading
and free. It s also an easy way to raise
your E.Q.. For your copy, just clip the
coupon.
ANSWERS:
L'V(X0£)A Cl ZdsB] S>(UBJ 'S'^J T
The American
Economic System
We should all learn more about it.
Booklets. P.O. Box I 887, Mew York. N.Y. 10001
i
Please send me d free copy of the
| booklet about our economic system.
®
I would also like a copy of tie survey
I highlights.
I Mame
I Company/Title
I Address
| City
State_
Zip
I Note: Booklets in quantity, posters and other
■ materials are available for use by companies,
' clubs, etc. For information, write: The AdverI tising Council. 825 Third Avenue. Mew York,
J^hew York 10022.
ME v* I
(j[xn(;il
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"FOR THE FIRST TIME

RECORD PEOPLE AND

MOVIE PEOPLE HAVE REALLY

PULLED IT TOGETHER."
Quincy Jones

1
It's not surprising that
Qulncy Jones sometimes feels
like he was born In a studio.
He's performed on. composed
for or produced over a thousand
albums. Right now he's finishing
his first musical. Sidney Lumet's
version of The Wizard of Oz,
The Wiz. starring Diana Ross.
While Qulncy Is one
Jones that's Impossible to keep
up with, we were able to catch
him briefly to find out his views
on the current recording scene,
his latest work, and "Scotch"
250 Mastering Tape.

is it technically harder
to achieve what you want in
a musical as opposed to
doing a score for a dramatic
film?
"Oh yeah, in The Wiz
we've got choral things that go
up to 80 and 120 voices, so to
get a good lip sync we decided
to use just two voices for guide
tracks, almost like a Polaroid.
Aftertheir mouths are moving
in the right way, then we sit down
and put the sweetening on the
dance and singing numbers'.'

The only thing Dizzy
Gillespie, Andy Williams,
Peggy Lee, and Ringo Starr
have in common is that
they've all worked with you.
How can you work in so
many musical styles?
"I don't get hung up in
any bags. When 1 was studying
in Paris, a teacher told me
once, there were only twelve
notes, so you should find out
what everybody's done with
them, because they're the same
twelve notes that Paiestnna
was scuttling with. So I can live
with the best of all different
areas. I like that, you know. The
menu is broad, man —eat
everything'.'
There are a lot of
movie scores that have
turned into some pretty hot
albums lately, Saturday
Night Fever, for example...
"You know why I think it's
happening? It's just a guess...
for the first time record people
and film people are basically
the same people and they've
really pulled it together.
"Of all the films I did, the
thing that bugged me the most
was that wed be in the studio
and the music would boom
down at you, and when you got
to the theatre it was almost
like a rumor, all the bottom end
and the top end falls off. Then
Dolby came along and they got
/\ Star Is Bom. Star Wars.
Close Encounters, and Saturday
Night Fever.
"Those are successful
record-wise because for the first
time people actually hear the
music in the track, really hear it.
We've got a new kind of
sound system now with Dolby.
Emotionally it hits you from a
place you're not even aware of"

So the music is
composed simultaneously
with the filming?
"They've been sending
me out dailies on videotape from
New York because the color
really turns me on. You get it at
2 o'clock in the morning and
look at the reel about ten times.
You have to eat it. That's the best
homework you can doforafilm'.'
You're a big user of
"Scotch" 250. Do you find
that it has a clean sound?
That's one of the things
we've been selling the
tape on.
"That's right.
"It's like with film stock,
you know. When you've got 800
people out there on a set, I don't
care what happens on that
performance, if it isn't recorded
on camera, it's all over. And
it's the same in the recording
studio: everything else is
superfluous.
"No matter how great a
song we get, or performance or
balance or anything else, if that
same thing isn't reproduced
and captured on that tape,
nothing we do means a thing,
"That's why we stay with
'Scotch'."

"SCOTCH"250MASTERING TAPE.
The tape the masters use.
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QUALITY COMPACT SPEAKER
• Sophisticated components, usually
found in larger speakers, are included
in the Impulse stereo system, measuring 24 x 14 x 9 inches. The speaker
contains a vinyl-coated, lightweight
spun aluminum cone mid-range and
offers a frequency response of better
than 39-21 kHz ± 3 dB, with elimination of phase errors within the frequency area where its computerized
transducers are intended to be used. It
provides for moderate efficiency, with
a high power handling capacity of
200W rms/program material, can be
driven with an amplifier using as low
as 15 watts.
Mfr: Kustom Acoustics
Price: $199.00.
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THREE SPRING REVERB
• The same tonal characteristic as
created by putting two Typc-4 revcrbs
in parallel is achieved through the
three-spring design of Type-9 reverb,
intended to accompany high quality
musical instruments, guitar amplifiers,
mixers, and studio reverb applications.
The manufacturer claims that the addition of the third spring smooths out
the peaks and valleys, offering a cleaner reverb. For especially effective application, it's recommended that the
Type-9 be used with a BBD or CCD
electronic design equipment.
Mfr: Acontronics
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AUDIOTRACER
• An available permanent record of
the level response of any audio device
or system, electronic or electroacoustic, is possible through the use of the
3201 Audiotracer, which measures and
thermographically records audio-frequency or time phenomena versus linear or dB amplitude. The unit consists
of a voltage-controlled oscillator with
switchable dual-range swept output. 5
Hz "warble" generator with switchable-width f.m. of vco; switchable I
kHz reference oscillator; output amplifier with rms drive capability of 3
watts into 4.5 ohms and continuously
adjustable output level; input amplifier; motional-feedback pen-drive amplifier and galvanometer movement
with switchable amplitude range and
switchable writing speed; electronically
controlled paper-drive mechanism with
adjustable paper speed; ceramic-tipped
d.c. heated writing pen. The unit
weighs 3.75 lbs. and comes with a
carrying case and battery pack for
field use.
Mfr: Philips Audio Video Systems
Corp.
Circle 54 on Reader Service Card

DYNAMIC CONDENSER SERIES

Vll

• This versatile 48V phantom-powered condensor series consists of one
preamp/shaft (HV7I0) and four interchangeable head capsules (CK711714). The capsules include two omnidirectional and two cardioid patterns,
with one of each pattern containing a
windscreen. External power supplies
for both balanced and unbalanced operation are provided. A lapel clip-on
condensor has its own 1SV power
supply.
Mfr: Beyer Dynamics
Circle 55 on Reader Service Card

STYLUS ASSEMBLY

• A revamped design aimed at correcting stylus problems is the basis
for the VI5 Type IV pickup system.
The total mass has been reduced, utilizing a telescoped shank structure and
a lightweight, high-energy magnet,
which improve trackability in the mid
and high frequencies. A two-function
bearing system is independently optimized for low frequencies and high
frequencies. A hyper-elliptical nude
diamond tip creates an elongated tipgroove contact area, with a claimed
25 per cent reduction in distortion
over a conventional stylus. Other important features are a built-in viscousdamped dynamic stabilizer which combines with the stylus assembly to raise
the arm-cartridge resonance frequency
and attenuate the arm-cartridge system resonance effect, resisting sudden
warp-caused changes in motion; a
brush array of electrically conductive
fibers to sweep away static electricity
from record grooves: and a dynamic
stabilizer which acts as a shock absorber.
Mfr: Shure Bros.. Inc.
Price: $150.
Circle 56 on Reader Service Card

From the publishers of
J&00
An in-depth manual
covering every
important aspect
r.

\

^4

of recording
technology!

me
"John
Woram
has filled a gaping hole In the audio
literature.. . This Is a very
fine book... I recommend It
very highly..." — High Fidelity
And the Journal of the Audio Enginering
Society said:"... a very useful guide for
anyone seriously concerned with the
magnetic recording of sound."
The technique of creative sound recording has
never been more complex than it is today. The
proliferation of new devices and techniques
require the recording engineer to operate on a
level of creativity somewhere between that of a
technical superman and a virtuoso knob-twirler.
This is a difficult and challenging road. But John
Woram's book charts the way.
The Recording Studio Handbook is an indispensable guide. It is the audio industry's first complete
handbook that deals with every important aspect
of recording technology.
Here are the eighteen chapters;
• Magnetic Recording
• The Decibel
Tape
•Sound
• The Tape Recorder
• Microphone Design
• Tape Recorder
• Microphone
Alignment
Technique
• Noise and Noise
•Loudspeakers
Reduction Principles
• Echo and
• Studio Noise
Reverberation
Reduction Systems
• Equalizers
• The Modern Record• Compressors, Limiting Studio Console
ers and Expanders
• The Recording
• Flanging and Phasing
Session
• Tape and Tape
• The Mixdown
Recorder
Session
Fundamentals

Recording

Studio
Handbook
by John woram
This hard cover text has been selected by several
universities for their audio training programs. With
496 pages and hundreds of illustrations, photographs and drawings, it is an absolutely indispensable tool for anyone interested in the current state
of the recording art.
Use the coupon at the right to order your copy of
The Recording Studio Handbook. The price is only
$35.00, and there's a 15-day money-back
guarantee.
SAGAMORE PUBLISHING COMPANY, INC.
1120 Old Country Road, Plainview, N Y. 11803
_copies of THE RECORDING
Yes! Please sencL
STUDIO HANDBOOK at $35,00 each. On 15-day
approval.
Name
Add ress
—
City/State/Zip
Total payment enclosed $
(In N.Y.S. add appropriate sales tax]
Please charge my □ Master Charge
□ BankAmericard/Visa
Exp. date.
Account #
Signature
[charges not valid unless signed)
Outside U.S.A. add $2.00 for postage

PEAK PROGRAM METER

SOLID STATE RETROFIT

• This version of the peak program
meter utilizes a 2-channel bar-graph
display, available with 100-200 and
300 element spreads. Some versions
emit an orange display with this changing to red above "0" level. Designated
RTW, the meter has been designed
with a minimum of mechanical movement, thereby decreasing the possibility of distortion created by the unit
itself. The device offers a total of eight
configurations, four with additional dB
gain. Measuring range is —50 dB to
+ 5 dB.
Mfr: Track Audio. Inc.
Circle 57 on Reader Service Card

LOW FREQUENCY FILTER
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• Ultra low frequencies are within
the province of Model 3343 dual channel filter. The device is digitally tuned
over the range from 0.01 Hz to 99.9
kHz and has 48 dB slope per octave.
96 dB per octave can be achieved
when both channels are operated in
the same mode, at the same cutoff frequency setting and cascaded. Channels
can be operated in either high-pass or
low-pass mode, giving a frequency response of an eight order Butterworth.
A front panel switch changes the frequency response to r.c. optimum for
transient filtering. Switch tuning permits cutoff frequency calibration accuracy of ± 2 per cent and 3-digit
resolution. The unit operates with batteries or from an a.c. line.
Mfr: Krohn-Hite
Price: $2,000.
Circle 58 on Reader Service Card
AUDIO OP-AMP'S
•Standard 7 Pin Pkq.
Pkg.
•Highest Professional
Quality
Lowest Possible Price
ProTech Audio go
P.O.BOX 638 LAKE RONKONKOMA.NY 11779
Circle 21 on Reader Service Card

• Langevin 11 6 retrofit—30 dBm mic
line or 40 dBm power amplifier, has a
frequency response of 30 Hz to 15
kHz. Claimed thd is 0.25 per cent and
input noise is —127 dBm. Gain is
+45 dB (adjustable). Model 117, solid
state 39 dBm line amplifier has a frequency response of 50 Hz to 10 kHz
(± 1 dB).
Mfr: Opamp La by Inc.
Price: $150.00.
Circle 59 on Reader Service Card

MINI LIMITER
• Compact Mini-Limiter measures
1 IVa x 1 Vz x 4,/i in. and weighs four
pounds, is designed for p.a. or live
recording. Inputs on the single-channel
limiter are provided for line and lowZ balanced microphones. The front
panel controls include an input level
slide and five pushbuttons, controlling
line or mic selection, limiting, slow or
fast attack and two for release. An
l.e.d. indicator is activated when 3 dB
or more of limiting occurs. The mic
input is an XLR connector; other single jacks are standard phone jacks
leading to line input, stereo link connection, output for zero dBm and an
output for —30 dBm.
Mfr: A udiomarketing Ltd.
Price: $250.00.
Circle 60 on Reader Service Card

PORTABLE MULTIMETERS
• Applicable for both bench and portable field use. Models 7I4IA/B 41/2
digit multimeters are available with a
choice of current or dBm measuring
modes. All models feature auto and
manual range selection; d.c. voltage
from ± 10 microvolts to ± I000V is
measured in five ranges, a.c. voltage
measurements from 10 microvolts to
750V in five ranges. A true rms a.c.
converter permits accurate measurements of triangles, pulses, square
waves, or distorted sine waves up to
20 kHz. The resistance mode offers
six ranges allowing measurements from
0.01 ohms to 20 megohms. The units
will also measure dBm from —60 to
+60 dBm in five manual ranges. Model
7141A has a d.c. accuracy of ± 0,02
per cent of reading ± 0.05 per cent of
full scale for six months. Model 714IB
offers a d.c. accuracy of ± 0.02 per
cent of reading ± 0.01 per cent of full
scale. Options include an analog meter
and a battery pack.
Mfr: Systron-Donner Corp.
Price: '$395-$500.
Circle 61 on Reader Service Card

A

blood

clot

the size of this dot

con cause a

Heart

Attack.

Or a stroke.
Every year, thousands die because of a blood clot. Thousands more
become disabled, some permanently.
What's being done to stop it.
Plenty.
We're the American Heart Association. We're giving scientists the
chance to find out more about blood clots.
How to detect them. How to treat them. How to keep them from
happening.
We're fighting hard. With new drugs. New kinds of treatment. Better
ways to help heart attack and stroke victims return to a normal life.
And it's only a part of the total war we're waging against the number
one cause of death in this country: heart disease and stroke.
But we can't fight without your money. When the Heart Association
volunteer asks for your dollars, be generous.
The blood clot is small, the problem is enormous.

Please give generously to the Amenoon Heart Association T,
WE'RE FIGHTING FOR YOUR LIFE
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STAGE SPEAKER SYSTEMS
New Literature

• Theories previously restricted to
low frequency reproduction have been
applied to a vented midrange cone
speaker on the SI5-3 three-way loudspeaker. High sound pressure levels
up to 116 dB can be achieved without
the use of a horn midrange driver.
This permits the unit to he more compact than would be necessary with the
usual large horn. It is claimed that the
units are virtually flat down to 50 Hz.
The upper limit of SI5-3 and its companion two-way speaker, SI2-2, is
16,000. The units are designed for
touring, including the extra touch of
a metal grille cloth.
Mfr: Electro-Voice
Price: S-I2-2: $350. S15-3: 1550.
Circle 62 on Reader Service Card

CIRCUIT ANALYZER
A 6-page brochure, describing the
Model 123 Circuit/Analyzer covers the major components of the system, suggested applications, and specifications. Mfr: Accutest, 25 Industrial
Ave., Chelmsford, Mass. 01824.

A.M, PROCESSING
• Maximum improvement of a.m.
broadcast signal is claimed for the
OPTIMOD-AM. model 9000 audio
processing system. Placed between the
console and transmitter audio input,
the system processes the signal completely through a series of six basic
blocks, consisting of a six-band limiter, a polarity follower, an input conditioning filter, a broadband compressor, a program equalizer, and a
peak limiting circuit. When required,
these functions can be bypassed for
proof of performance. The unit comes
with a rear-panel jack which will accept an adapter device for a.m. stereo.
Mfr: Orhan Associates. Inc.
Price: $3,995.
Circle 63 on Reader Service Card

ELECTRONICS BOOKS
Slanted toward technicians, engineers, and hobbyists, this publisher's
catalog includes titles encompassing
reference and instructional material.
Mfr: Parker Publishing Company, Inc..
W. Nyack, N.Y. 10994.

A/V PRODUCTS
More than 290 accessories, such as
storage, retrieval, security, and mobility
equipment for a/v use are listed in this
catalog. Mfr. H. Wilson Corp., 555 W.
Taft Dr., South Holland, 111. 60473.

PHOTOPHONE SYSTEMS
The linkage of sound and pictures
in the post-production operations of
television and motion picture creation
is facilitated by servo systems described
in this brochure, offering product information and a system planning guide,
Mfr: RCA Photophone Systems, 2700
W. Olive Ave., Burbank, Ca. 91505.

MANUAL MULTIMETER
SOUND LEVEL METERS
Equipment to measure noise and vibration is described in a 19-page booklet, including color photos and a handy
chart for matching model numbers
with specific applications. Mfr: B & K
Instruments, Inc., 5111 W. 164th St..
Cleveland, Ohio 44142.

• An option of automatic or manual
range selection of a.c. and d.c. voltage
ranges between 2.0V and 1000V, as
well as resistance ranges between 2ks2
and 20Mq are possible with Model
462 SVi-digit multimeter. Manual selection adds a.c. and d.c. voltage ranges
of 200 mV and four current measurement levels, both a.c. and d.c., between
2 mA and 2000 mA, totaling 23
ranges. The compact unit, designed
for either bench or portable use, is
powered by batteries. Total weight is
1 lb. 8 oz.
Mfr: Simpson Electric Co.
Price: $185.00.
Circle 64 on Reader Service Card

A.V./LIBRARY FURNITURE
A full-color catalog lists a collection
of a.v., library, and television adjunct
furniture. Mfr: Bretford Mfg. Co., Inc..
9715 Soreng Ave., Schiller Park. III.
60176.
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DIRECTORY
NOW In preparation
Urgent Deadline: THIS FORM MUST BE RETURNED TO US IMMEDIATELY!
PLEASE TYPE OR PRINT
NAME
NAME OF ARTIST .

. RECORD LABEL .

COMPANY
ADDRESS
CITY.

STATE.

. ZIP CODE-

PHONE ( Area Code Please check the classifications below that describe the business in which you are engaged:
1.
2.
3.
4.
61.
5.
6.

□
□
□
□
□
□
□

7.
62.
23.
8.
9.

□
□
□
□
□

POPULAR RECORDING ARTIST
PERSONAL MANAGER
BOOKING AGENCY
RECORD COMPANY
INDEPENDENT RECORD PRODUCER
TALENT PROMOTER
SOUND COMPANY
LIGHTING
LIGHTING COMPANY
LIGHTING DESIGNER
LIGHTING EQUIPMENT MANUFACTURER
TICKET COMPANY
MUSICAL INSTRUMENT & RECORDING
EQUIPMENT MANUFACTURER

14.
24.
19.
21.
63.
35.
11.
64.
12.

TRANSPORTATION SERVICES
□ BUS CHARTER
□ CARTAGE—MUSICAL INSTRUMENT
□ GROUND TRANSPORTATION
□ JET AIR CHARTER
□ LIMOUSINE
□ TRAVEL & TOUR AGENCIES
□ COLLEGES
□ TELEVISION PRODUCTION COMPANY
□ MARKET REPORT STUDY
CITY IN WHICH TO BE LISTED:
CATEGORY:

TALENT & BOOKING YELLOW PAGES
13.
15.
42.
16.
17.
18.
20.

□
□
□
□
□
□
□

ARENA SHOW
CASE MANUFACTURER
COMMUNICATION SYSTEMS
FAN CLUB SERVICE
FESTIVAL PRODUCTION
FILM DISTRIBUTOR
INSURANCE COMPANY

22.
25.
26.
27.
28.
65.
30.

□
□
□
□
□
□
□

LECTURE BUREAU
MUSICIANS CONTACT
PHOTO DUPLICATING
PUBLICATIONS
PUBLIC RELATIONS
ROAD & TOUR MANAGERS
SECURITY/CROWD CONTROL

31.
32.
66.
34.
37.
38.
43.

□
□
□
□
□
□
□

STAGES
TALENT PACKAGER
TOUR MERCHANDISING SERVICES
TRADE ASSOCIATIONS
T-SHIRT COMPANY
VIDEO SERVICES
OTHER

□ PLEASE SEND ME your advertising rate card for the 1979 Directory.
□ PLEASE SEND ME
copies of the 1979 International OFFICIAL TALENT & BOOKING DIRECTORY (cover price
$50.00) at the SPECIAL PRE-PUBLICATION PRICE of $40.00 each ' (you save $10.00!) plus $2.50 per book for postage and
handling. (California residents add $2.40 sales tax.) I understand the Directory will be shipped at the end of this year.
MAIL THIS FORM TODAY FOR YOUR FREE LISTING!
FOR ADVERTISING RATE INFORMATION, CALL TOLL-FREE
(800) 421-4100
Mail to:
db

'Good until September 1.1978

TAIENFBDOKING
DIRK TOR>
P.O. Box 3030, Los Angeles, California 90028
(213)464-8300
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Famous

last

words

"It's only indigestion."
"It's probably just tension.'
"If the pain doesn't stop in the next hour, then I'll call the doctor."
"It's just a little heart burn, what else could it be?"
"If I went to the hospital and it wasn't a heart attack, they'd
probably think I was some kind of nut."
"It's just a little chest pain, it couldn't be anything serious."
'Two aspirins, an antacid, and in a couple of hours I'll be as good as new.'
"This couldn't be anything to worry about, I'm as healthy as a horse."

CO
a>
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The facts are simple. And tragic.
Many people who have a heart attack will deny it.
They refuse to believe that something that serious could
be happening to them
They come up with all sorts of excuses and
explanations. They worry about the embarrassment of
being wrong. Half of them wait three hours or more
before they try to get help. But by then, one out of two
is past help. Because he's dead.
Don't let this happen to you. If you feel an
uncomfortable pressure, fullness, squeezing or pain in
the center of your chest (that may spread to your

shoulders, neck or arms) and if it lasts for two minutes
or more, get help, for you could be having a heart
attack.
Severe pain, dizziness, fainting, sweating, nausea or
shortness of breath may also occur, but these signals
are not always present. Sharp, stabbing twinges of pain
are usually not signals of a heart attack.
Don't delay. Call the emergency medical service
immediately. If you can get to a hospital with
emergency cardiac care faster in any other way, do so.
Recognize what's happening. Get help fast. Your life
may depend on it.
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Please give generously to the American Heart Association t
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WE'RE FIGHTING FOR YOUR LIFE
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Editorial

On Microphones and Paint Brushes

"The audio engineer and his microphone may he
compared to the artist and his paint brush."
Lou Burroughs
MICROPHONES:
DESIGN AND APPLICATION
That being so, is there anything to be said here
that will guide the engineer in his quest for the
ultimate microphone? Perhaps not. In the real world,
there are neither all-perfect microphones nor paint
brushes. To get through the job at hand, you'll need
some selection (of brushes or mics, depending on
what you're doing). And the selection must be left
up to the artist (you), not to us.
But to make that selection intelligently, a little
more knowledge may come in handy. And so, we've
asked some of the experts on the subject to share
their thoughts with us, and with you.
For instance, what about the electret condenser
microphone? Not so many years ago, these were
little more than laboratory curiosities. But now,
some authorities expect the elecret to eventually replace other condenser designs entirely.
Roben B. Schulein -an experienced electretwatcher—describes some of the basics of electret
technology in Electrets and Condenser Microphones.
This, our "cover story," is based on his participation
in the development of the SM-81, Shure Brothers'
entry into the manufacture of electrets.
Next, J. Howard Smith describes the unique
Sound Field Microphone, which gives the user as
many as four separate outputs. Lately, there has been
renewed interest in simpler miking techniques, as
some of us re-discover that, when it comes to microphones, "more" is not always synonymous with "bet1
ter." For example, most sound sources occupy space
as well as direction, a point (sorry about that!)
which the Sound Field technique takes into consideration, and which—very often—multi-miking does
not. Of course, if you must "fix it in the mix," that's

possible too. But that's Smith's story, and you'll have
to turn to his article for more information.
The Sound Field Microphone achieves its versatility by manipulating "first-order directivity characteristics"—a little phrase that perhaps is not on the
tip of everyone's tongue. Our application note on
Plotting Polar Patterns may be of some help here.
For those readers with more math than microphones,
there should be no trouble combining polar patterns
to come up wiih still other polar patterns—on paper,
anyway.
And, once you've discovered your own miracle
microphone, don't forget that you'll need a good
(quiet!) preamplifier to do it justice. J. W. Dorner
reminds us that resistors are not totally passive devices. It turns out the little devils are active noise
makers, especially when things get hot. So, unless
you do all your recording at absolute zero, don't
overlook Input Noise in Microphone Preamplifiers.
We'll have a bit more to say about microphones
next month, but now we move on to Los Angeles
for a look at The 60th Audio Engineering Society
Convention, held there in May of this year.
And, to bring the issue to a close. Marshall King
brings us Part II of his The Technician and His
Union, a look at the trials and tribulations of "getting organized." Basement studios take note—it could
happen to you too!
J.M.W.

A NOTE FROM THE PUBLISHER
Effective with this issue, lohn Woram becomes editor
of db Magazine. He's actually been at the job for a while
now, and this issue represents the full effort that makes
this recognition due. Look for even bigger and better db's
in the future. L.Z.
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ROBERT B. SCHULEIN

Electrets and

Condenser Microphones

Improved materials, resistant to environmental decay, have
brought the electret microphone into practical use

In 1935, when Shure Brothers introduced its Model 40
series of condenser microphones, the term "electret"
was already about 50 years old. In 1885. Oliver
Heaviside coined the term to describe an electrified
insulator with its two ends oppositely charged. Electret
(ELECTRicity + magnET) was chosen simply as the
electrostatic analog to the word magnet. It wasn't until
the I920's, however, that the concept and its applications
attracted serious consideration, as investigators became
more interested in producing electrets with the ability to
hold a charge for long periods of time.
In Japan, Professor Motoaro Eguchi fabricated electrets,
using a combination of carnauba wax and rosin. During
the Second World War, the Japanese used these in some
of their military communications microphones. Samples
recovered in the Pacific puzzled many of the Allied tech-

nical personnel who. unfamiliar with elecret theory, tried
to determine their principle of operation.
Yet, as early as 1938, wax electret condenser microphones had been sold in the United States, under the
name "No-voltage Velotron." However, as the Japanese
discovered during the war, all of these microphones had
the serious problem of poor environmental stability. For
at this stage in the development of the electret, the microphone lost its charge when exposed to unfavorable—

Figure 1. The principle of an electret. At (A), uncharged
electret material; at (B) charged electret material.

++++++++++
(B)
Robert B. Schulein is Chief Development Engineer at
Share Brothers, Inc.. of Evanston, III.
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Figure 2. A condenser microphone with electret bias.

Figure 3. A condenser microphone with external bias.

though realistic—conditions of temperature and humidity.
This was in contrast to the excellent charge stability demonstrated under controlled laboratory conditions. And so,
for the time being at least, the electret was put aside. In
fact, it was not until the early 1960's that the electret
materials in use today were finally identified and evaluated.
At Bell Telephone l aboratories. G. M. Sessler and J. E.
West suggested the use of Mylar* (in 1962) and Teflon*
(in 1965) as electret materials. At the time, it was discovered that Mylar has good mechanical properties, making it suitable as a microphone diaphragm. However, in
humid environments, its performance as an electret turned
out to be poor. Teflon, on the other hand, has excellent
charge-storage properties, though it lacks the mechanical
properties of Mylar.
During this period. Shure Brothers began its own comprehensive electret research program, investigating the
means of providing a stable bias voltage for condenser
microphones. The following discussion reviews the most
significant aspects of this work, as it applies to the development of high-quality condenser microphones, suitable
for use in demanding professional applications.

between the capacitor plates, while A is the plate area,
and d is the spacing between the plates. It these two expressions are combined, the following formula may be
written for the voltage across the capacitor; V = Qd 'EA.
It is this relationship that suggests how a condenser
microphone can be made. For if the charge on the capacitor (Q) is held constant, the voltage will vary directly
with the spacing of the elements (d). Therefore, the purpose of the bias supply is to maintain this constant
charge on the capacitor plates.

ELECTRET PRINCIPLES
In describing condenser microphones, there has been
much confusion of terminology. Over the years, terms like
condenser, true condenser, air condenser, electret, and electret condenser have been used, and it is unfortunate that
so many have been applied, just to describe two particular
designs that are actually quite similar.
In both, the transducer is a variable capacitor (instead
of a moving coil or ribbon), and they differ only in the
method by which that capacitor is biased. Either the bias
voltage is built-in (supplied by the electret material) or.
it is furnished by some external d.c. source. In cither case,
the theoretical performance of the resulting condenser
microphone should not be influenced by the method of
bias.
Before discussing the electret concept in more detail,
a few words may be in order regarding why any condenser microphone requires a charging source, or bias, in
the first place.
CAPACITANCE
The concept of capacitance (C) is based upon the relationship between Q and V. Q is the charge stored upon,
and V is the voltage between, two conductive elements.
The formula for capacitance may be written; C
Q/V.
For a parallel-plate capacitor, as in the case of a condenser microphone, capacitance may be expressed in
terms of the dimensions and material of the capacitor.
Specifically; C = EA d. Here. E is related to the dielectric

UNDERSTANDING THE ELECTRET
To understand just what an electret is and how it can
be used to bias a condenser microphone, consider the
electret materials shown in Figure 1, where two samples
of an insulating material with electret properties are
shown. One is in its normal uncharged state and the other
is charged. In the charged state, the material has been
altered so that an excess of positive and negative charges
exists on opposite surfaces. As a result of this charge redistribution—and dependent upon its magnitude—an effective bias voltage (V,.•) can be considered to exist across
the electret.
Now. if the material is sufficiently thick and a very
good insulator, it should be difficult for the charges to
drift back toward each other, which would return the
material to its initial uncharged state. It is this particular

Figure 4. A simplified cross-sectional view of a
uni-directional condenser transducer.
SPACER
BACKPLATE

AIR FILM

DIAPHRAGM

REAR
SOUND ENTRY

TRANSDUCER
HOUSING

Exploded view of a condenser transducer using an
electret charge layer.
decay process—strongly influenced by temperature, humidity, and various forms of contamination—that has received so much attention since the early electret experiments of the 1920s. The best electret materials are, of
course, those in which the charge migration process occurs very slowly, and those which are not seriously influenced by high temperature or humid environments.
In Figure 2. we have taken a charged electret layer and
made electrical contact with one surface (conductor B).
The opposite surface is placed in close proximity to conductor A. A capacitor is thus formed. Now, if a resistor
(R) is connected between the two conductors, a condenser-transducer, with output voltage V(, is defined. Just
as KirchhofF's Voltage I aw can be used to determine unknown voltages in electronic circuits, it can be shown
that a potential difTerence of VA (the bias voltage) exists
across the air gap in the condenser-transducer. In the
steady-state condition, no current will flow through resistor R. and therefore the potential difference between conductors A and B will be zero. Consequently, the potential
difference across the air gap (VA) must be equal, but opposite, to that of the effective voltage across the electret
material (VE).
If a relative motion is now imparted to the capacitor
plates (by moving conductor A, for example) there will
be a tendency for the steady-state charge condition to
change. On the other hand, if resistor R is very large (say
2,000 Megohms), the charge on the capacitor will not
have sufficient time to change value. Therefore, our arrangement of two conductors and a charged electret material satisfies the necessary conditions for a condenser
microphone. In addition, the bias voltage (V^) is directly
determined by the magnitude of the charge stored in the
electret.
At this point, a parallel can be drawn to an externallybiased condenser microphone, as shown in Figurf. 3. Here,
the bias potential is supplied by the battery V^, and consequentlv the charge situation is similar to the example
of the electret charge layer.
Based upon this analysis, it is interesting to note that
regardless of how the bias voltage is supplied, an output
voltaae will be generated whenever there is relative motion between the two transducer sections. Therefore, either
electrode may remain fixed. This is of particular significance in the case of the electret transducer, for it indicates that the electret material could iust as well be placed

aeainst the stationery electrode, or backplate. as on the
diaphragm itself.
This design option was recognized by Eguchi, who had
little choice but to place his wax electret layer on the
backplate, due to the difficulty of fabricating a wax diaphragm. The same option still makes sense today, based
upon the electrical and physical properties of the best
diaphragm and electret materials available. For example.
Teflon and Aclar make excellent electrets, but are not good
as diaphragms.. In fact, our tests indicate that a Teflon
diaphragm with an electret charge layer would have to be
at least 1 mil thick to provide a stable charge. But a diaphragm of this thickness would result in a definite performance compromise. Its excessive mass would create an
unacceptable roll-off of high frequency response.
Other materials, such as polypropylene and polyester
terephthalate (Mylar) make much better diaphragms, and
consequently permit a more nearly optimum design. However, despite the design advantages of placing the electret
material on the backplate, most of today's electret microphones are not manufactured this way. The task of attaching the electret material to the stationary backplate is
complicated by the fact that this element is perforated
with many holes, as part of the microphone's acoustical
design. Not only do the holes in the backplate serve to
control frequency response, but in addition they give the
microphone its directional properties. Therefore, a properly-applied electret layer must precisely conform to this
hole pattern, requiring a sophisticated and well-controlled
manufacturing process.
ELECTRET ADVANTAGES
So far, we have seen that the electret form of biasing
produces the same results as an external bias supply. To
many users, this may be of minimal interest, for the advantages of the electret system may not yet be apparent.
There are however, several important performance advantages associated with the electret approach.
The sensitivity of a condenser microphone is directly
related to its bias voltage which, with today's electret technology, is inherently stable. Designs that do not incorporate an electret require some other very stable source of
external bias or the added complication of a voltage regulated d.c.-to-d.c. converter to maintain constant sensitivity. Also, the electret condenser microphone can be more
easily designed to work over a wide range of operating
voltages and impedances, and at the same time maintain
consistent performance. This is particularly important in
field applications where standard simplex (phantom) powering voltages may not be available. In addition, present
UI. (Underwriters' Laboratory) standards specify that
voltages greater than 42.4V peak or d.c. are not permitted
at the terminals of connectors, such as those used with
professional microphones. Consequently, those condenser
microphones requiring a 48V d.c. simplex supply may not
be allowed in some applications where UL approval is
needed.
Beside powering considerations, the electret offers the
advantage of design simplicity, consequently increasing the
reliability of the microphone's impedance-conversion electronics. Because of the high-impedance requirements of
such circuits, it is important to minimize the number of
components required, since each one represents a potential noise source, which may be aggravated by adverse
conditions of temperature and humidity. (For more on
this subject,see Input Noise in Microphone Preamplifiers
in this issue.—Ed.)
ENVIRONMENTAL STABILITY
As previously indicated, the primary hesitation among
designers in using electrets in professional condenser
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microphones has been a concern for stability in the presence of extremes in temperature or humidity. With a
solution to this problem in mind, an electret biasing technique was formulated in our laboratories about seven
years ago. This involved materials and construction methods designed to produce the required ultra-stable charge
layer. To evaluate the design performance, a large quantity of microphones was constructed, and a variety of environmental tests were carried out. As a control, one group
of microphones was stored in an environment approximating normal studio conditions, and these were evaluated periodically. During the seven year test cycle, the
average decrease in sensitivity due to charge decay was

0.15 dB. If this is extrapolated over a ten year period,
the average decay will be 0.23 dB.
Other microphones were given accelerated life tests, in
which they were subjected to temperatures as high as 165
degrees Fahrenheit, and humidity levels of nearly 100 per
cent. Under these conditions, charge decays of about 1
dB per year were observed. Of course, these conditions
represent an extreme, never (hopefully!) reached in actual
practice.
These data should be compared with that obtained
from some of the first electret microphones, manufactured and sold in the early 1970's. Most of these are no
longer commercially available. Under the same accelerated
life test conditions, these microphones lost all of their
charge in less than one week!
OTHER CONSIDERATIONS
Thus far, our discussion has been limited to the electret
charge layer with emphasis on principles of operation and
stability. Only the basic aspects of the electret charge
layer have been discussed. However, there are many other
factors that must be dealt with in manufacturing a stable
electret layer. For example, it is necessary to insure a
uniform charge distribution on the surface of the electret
layer. This problem is unique to electrets, where improper
charging techniques can result in a non-uniform charge
distribution. If, for example, the charge density is too high
in the center of the backplate, a condition of instability
may result in the collapse of the diaphragm. Fortunately,
this is an unlikely occurence if a uniform charge distribution exists. Consequently, it has been found necessary to
develop special techniques of charging and charge stabilization.
The diaphragm, or moving electrode, also plays a significant role in the stability of a condenser microphone, regardless of the technique employed to establish a bias voltage. Stable diaphragm performance must be achieved,
and constant diaphragm tension must be maintained, at
temperatures as high as 165 degrees Fahrenheit (74° C) in
order to guarantee reliable performance under the most
demanding professional conditions. To meet these requirements. the diaphragm structure is coated with gold on both
sides, and stabilized prior to assembly by a controlled sequence of exposures to high-temperature wet and dry
atmospheres. Figure 5 is a detailed close-up view of such
an assembly.
A professional condenser microphone is, of course, more
than just a transducer. In order to adapt the high-impedance output of such a device to the user's microphone
input preamplifier, a carefully-designed electronics section
is also required. Here, the requirements are the same as
those of a conventional condenser design. The microphone
must not only operate with minimal noise and distortion,
but must also be unaffected by radio frequency interference, stray electrostatic and electromagnetic fields, as well
as the unavoidable physical abuse often suffered in the
field.
IN SUMMARY
Studio condenser microphones have undergone continuous refinements over the past sixty years in nearly all
aspects of their design. In each case, improvements have
been directed not only toward better performance, but toward reduced complexity and increased flexibility. Today,
the technology exists to eliminate the need for an externally supplied bias voltage. Modern electret technology
can be applied to studio-quality condenser microphones in
a no-compromise fashion, not only to reduce complexity,
but to provide the user with a more versatile product. ■
Trademarks of E. I. du Pont de Nemours & Co., Inc.
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J. HOWARD SMITH

The Sound Field

Microphone

Four cardioid condenser capsules arranged on the
faces of a tetrahedon, through in-phase and out-of-phase
matching, reflect true ambience.

The Calrec Type CM 4050 Sound Field Microphone is based on an application of the mathematical theory of Sampling, in which a closelyspaced array of capacitor capsules and associated
matching electronic circuitry completely characterize the
first-order directivity of the sound reaching the microphone. (The term, 'first-order" refers to the mathematical
derivation of various polar pattern formulae. Most practical microphones exhibit first-order polar patterns. Ed.)
The Sound Field Microphone's output may be mono,
stereo, quadriphonic or Ambisonic, and can be rotated
continuously through 360 degrees horizontally, and tilted
± 45 degrees vertically.
CARDIOID OPERATING PRINCIPLES
Before explaining the operating principles of the Sound
Field Microphone, let us examine the principle factors
governing the operation of a standard cardioid microphone.
It may be worth noting that the earliest cardioid microphones (c. 1933) contained two transducers whose outputs
were combined within the microphone housing; one was
omni-directional (usually a moving coil)—the other, bidirectional (typically, a ribbon element).
In fact, today a "theoretically perfect" cardioid microphone may be thought of as operating in these two modes
simultaneously: first, as a pure pressure-sensitive device
with an omni-directional polar response, producing a positive-going signal for an increase in pressure level, irrespective of direction (Figure 1). At the same time, it functions as a pressure-gradient (i.e.. sensitive to the direction
of pressure flow) device, with a figure-8 polar response
producing a positive-going signal for pressure flow from
0 degrees (front), no signal at all for pressure flows from
90 degrees or 270 degrees (sides), and a negative-going
signal for pressure flow from 180 degrees (back). (Figure 2)

J. Howard Smith is the Managing Director of Calrac
Audio. Ltd., oj Hehden Bridge, England.

As these signals are produced around a single diaphragm, the resultant output of the microphone is a 50-50
mix of the two which, with addition of the in-phase information (from the front) and cancellation of out-of-phase
information (from the rear), gives the familiar first-order
cardioid polar pattern. (Figure 3).
Unfortunately, in real life the two apparent systems
vary both from each other and/or from theoretical norms
of frequency response, sensitivity and polar pattern. Consequently, their summation does not produce the perfect
cardioid pattern, or a level frequency response over the
entire audio spectrum.
By skillful design and scrupulous manufacture, it is possible—particularly in capacitor capsules—to keep these
variations to a minimum, and so produce the excellent
performance specifications of the modern condenser
microphone. But even these are some way below theoretical perfection, and must always be so, because corrections
that improve the performance of one system will adversely
affect the other.
THE SOUND FIELD PRINCIPLE
The Sound Field microphone monitors the three-dimensional sound field around itself, using four very high
quality, well-matched cardioid condenser capsules on the
faces of a regular tetrahedron (Figure 4). The technique
allows the component parts to be isolated, individually
corrected, and re-combined to produce an output (or outputs) that its designers consider to be as close to the theoretical ideal as it is likely to achieve, for some time to
come.
Figure 5 is a graphic representation of the four-capsule
array, with the nominal front looking straight out from
the paper. Figure 6 shows the Sound Field Microphone
suspended in the middle of a room. The faces of the
tetrahedron have been "exploded" to clarify their relative
orientations, which are:
Capsule 1—Left-front, up (Lf )
Capsule 2—Right-back, up (Rh )
Capsule 3—Right-front, down (R, )
Capsule 4—Left-back, down (L,, )
If the cardioid outputs of capsules 1 and 2 are combined
out-of-phase, the result is a figure-8 which is free of any
distortion caused by the addition of the original omnidirectional and figure-8 components within the capsules.
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FRONT
0°

RIGHT-BACK, UP

180°
Figure 1. An ideal omni-directional polar pattern.
FRONT
0°

Figure 4 (A) A regular tetrahedron (in effect, a
three-sided pyramid.) (B) The same tetrahedron,
oriented so that its sides face in the directions shown
by the dashed lines. (The fourth side laces rightback, down).
We now have the four signals required to construct any
first-order characteristic—from figure-8 through cardioid,
to omni-directional—looking in any direction through
360 degrees horizontally and vertically. At this stage,
phase correction is applied in order that any two or more
microphone patterns so constructed are truly coincident.
That is. they apparently occupy the same point in space.

180°
Figure 2. An ideal bi-directional polar pattern.
FRONT
0°

180°
Figure 3. Cardioid polar pattern, produced by
combining the polar responses seen in Figures 1 and 2

as these are equal and, combined out-of-phase, will cancel
out. The axis of the resultant pattern is 45 degrees to 225
degrees along the horizontal. The same procedure with
capsules 3 and 4 produces 315 degrees to 135 degrees horizontal. Both combinations are shown in Figure 7.
Repeating the process with capsules I and 3, and 2
and 4, gives patterns at 315 degrees to 135 degrees (1 and
3) and, 45 degrees to 225 degrees (2 and 4) vertical, as
shown in Figure 8. Note that, at this stage, the positive
lobes of each of these patterns is angled either forward
or upward.
FURTHER COMBINATIONS
The next stage of the process is to add the forwardoriented horizontal patterns in-phase, to produce one figure-8 pattern on a horizontal (front-to-back) axis of 0
degrees to 180 degrees. The same patterns are combined
out-of-phase, to produce another figure-8 at 90 degrees to
270 degrees (i.e., left-to-right). A similar single in-phase
treatment of the two vertical components produces one
vertical figure-8 pattern.
Throughout all combinational processing stages, great
care must be taken to maintain the relative gains accurately, in order to guarantee optimum pattern shapes.
There now exists three pressure-gradient (bi-directional)
signals, representing the three basic components of direction; front-back, left-right, and up-down. Finally, it is only
necessary to add the outputs of all four capsules in-phase,
producing a single omni-directional pressure signal.

THE "B" FORMAT
These four signals, known as "B" Format, and designated W (omni-directional), X (front-back), Y (leftright), and Z (up-down), may be directly recorded on
tape for processing later on. This allows experimentation
with capsule angle, pattern, pan. and tilt, without in any
way affecting the actual recorded "B" Format signals.
Naturally, in a live broadcast situation this facility would
not be practicable, but would create unprecedented freedom for experimentation during pre-broadcast rehearsals.
THE SOUND FIELD CONTROL SYSTEM
Since the European debut of the Sound Field Microphone at the 59th convention of the Audio Engineering
Society (Hamburg, Germany, February 28 to March 3.
1978), additional development work has taken place, and
the complete system now comprises two units—the actual
microphone, and the Sound Field Control Unit. The Control Unit provides the following facilities:
1.
2.
3.
4.
5.

Input gain switching, over a 50 dB range.
Capsule mute switching (test purposes only).
Microphone normal/inverted switching.
Master fader (rotary).
Metering (PPM or VU) switchable to W, X, Y
or Z.
6. Rotate—360 degrees of continuous horizontal rotation.
7. Tilt—± 45 degrees of continuous vertical rotation.
8. Vertical Dominance. If the sound field is imagined
as a sphere, the Vertical Dominance function will

Figure 5. The four capsules of the Sound Field
Microphone.
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BACK (TOP)
TOP
0°
315°

45°

225°

135°
180°
BOTTOM

Figure 6. "X" marks the spot where the Sound Field
Microphone is suspended in the middle of a room.
The faces of its tetrahedronal shape have been
"exploded" to clarify the relative orientation of the
four capsules on the single tetrahedron.

9.
10.

11.
12.

extract a cone of information, the apex of which
is at the center of the sphere, and whose angle is
determined by the rotary potentiometer (45 degrees
maximum, up or down). The feature is useful for
getting rid of the unwanted sounds of ventilating
systems or audience reactions, while maintaining
an otherwise-spherical sound field.
Output Mode Selector—mono, stereo, quadriphonic
or Ambisonic.
Angle. In the stereo mode, this function controls
the capsule angle of a virtual pair, ranging from
0 degrees (mono) to 180 degrees. Similarly, in the
quadriphonic mode, the virtual four capsules may
be sciasorcd between 0 degrees (both pairs on a
0 degree to 180 degree axis), and 180 degrees
(both pairs on a 90 degree to 270 degree axis). In
the Ambisonic mode, the control relates to loudspeaker position; it should be adjusted to the angle
subtended by the left-front and right-front speakers at the central listening position.
Polar Patterns—Variable through all first-order
characteristics, from figure-8 through cardioid, to
omni-directional.
Gain Acts as master monitor gain during "B"
Format recording.

Figure 7. Dashed line: combination of capsules 1 & 2.
Dotted line: combination of capsules 3 & 4.
180°

CP
FRONT

Figure 8. Dashed line: combination of capsules 1 & 3.
Dotted line: combination of capsules 2 & 4.

The Calrec Sound Microphone, and the NRDC (National Research and Development Corporation) Ambisonic System are the subject of United Kingdom Patent
No. 1494751 and United States of America Patent Nos.
3997725 and 4042779, together with all corresponding
patents in other countries, and all other patents pending. ■
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Plotting Polar Patterns
directional microphone with the same
zero-degree sensitivity. At these relative distances, the signal-to-noise ratios
for the two microphones are the same.
Remember, this is all theory—in
practice, you may come up with somewhat different results. And, to get
more separation on the acoustic guitar,
don't rush off in search of a sixthorder cardioid microphone. In the real
world, most—if not all—microphones
are first-order. Sorry about that!

• In this issue of db. author J. Howard
Smith refers to "first-order" directivity
characteristics. For our mathematically-inclined readers, we asked Shure
Brothers' R. Schulein to supply the
formulae for an assortment of theoretical polar patterns, from first- to
sixth-order. These are given below,
along with our quick sketches of the
patterns.
Also given are Distance Factors^—
an indication of the permissable increase in working distance of various
microphones, as compared to an omni-
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JOSEF W. DORNER

Input Noise in

Microphone

Preamplifiers

Thermal noise is a factor which must be accounted for in
determining the efficiency of preamplifiers.

Anyone familiar with audio electronics knows that
a microphone preamplifier is required in order
to amplify the low level signals which arrive
_ from the microphone. Of course, this must be
done with a minimum of distortion, and a maximum signal-to-noise ratio.
What else needs to be said? Well, perhaps a bit more,
since now and then even technical reviewers have been
seen to come to conclusions which depart considerably
from the actual facts.

THE NYQUIST EQUATION
Some fifty years ago, H. Nyquist developed a formula
for calculating thermal noise. The following simplified
version of the equation lets us determine the thermal noise
voltage in a resistor at room temperature (20° C = 68°F).

THERMAL NOISE
As every technician knows, the laws of physics set limits
in all areas of science, and it is impossible to go beyond
these limits, one of which is thermal noise. At temperatures
above absolute zero ("273° C), thermal noise is generated by
the continuous random motion of electrons within an electrical conductor. The voltage so generated has a uniform spectrum level—meaning that it contains all frequencies at equal
levels over a specified bandwidth (white noise). It increases in direct proportion to the temperature of the
conductor and to its electrical resistance.

If we calculate the noise voltage for a 600 ohm resistor
and a bandwidth of 20 kHz, we obtain:

Josef W. Dorner is an audio engineer in
Zurich, Switzerland.

En = 1.27 • lO10 yW *
E,, = Noise voltage, in volts, rms
R = Resistance, in ohms
B = Bandwidth, in herfz

En = 1.27 • 10 "10 -\/600 • 2 • 10' = 0.44 microvolts
This represents the noise voltage presented to the input
of an amplifier when it works from a 600 ohm source,
since any 600 ohm transducer will produce this noise
voltage due to thermal agitation of the electrons in its
signal-generating conductor. Relative to the 0 dB reference
of 0.775 volts, the absolute open circuit noise voltage of a
600 ohm source can therefore be expressed as having a
level of
- 20 log6 0.44
„ 0'775
• lO'6, = ~ 124.92, or - 125 dB

VOLTAGE AMPLIFICATION
In order to evaluate the quality of a preamplifier with
regard to its noise performance, one measures its noise
output after having established its voltage amplification.
Voltage amplification (as described in ASA C 16.29 1957/
1.2.3) is the ratio of the voltage across a specified load
connected across the transducer's output, to the voltage
across the input to that transducer. In order to obtain the
amplification factor in decibels, we apply the following
equation:
20 log ^
IN
For the purpose of demonstrating this measurement on
a piece of well-known recording equipment—designed to
work with microphones of the rather unorthodox impedance of 600 ohms, an audio millivoltmeter was connected to the output of the microphone preamplifier, and
with its gain control fully open, a low-level signal was fed
into its input, from an audio signal generator. By adjusting the input level, the output was set to read +6 dB,
with reference to 0.775 volts, or, expressed in other terms—
1.55 volts.
The input voltage for this condition was found to be
0.16 millivolts. By entering these figures into the abovementioned equation, a ratio of almost 10,000 (actually,
9687.5:1 ) is obtained between the two signals, and this
stands for an amplification factor of about 80 dB (79.72
dB). Of course, one might set the amplification to some
other easily-measured value by adjusting the amplifier's
gain.
With the voltage amplification thus established, the
signal source was disconnected, and the input terminated

The

with a 600 ohm resistor, so as to simulate a 600 source.
The noise voltage now appearing at the amplifier's output
is a combination of the resistor's thermal noise, plus the
noise which is generated in the amplifier's first stage.
In our test case, a noise voltage of 5.46 millivoits, or
43.04 dB was measured. In order to be certain that a
true rms reading is obtained, one must know that for the
widely used average-responding rms calibrated meter, a
correction factor of 1.127 ( + 1.04 dB) must be applied
to the meter reading. By applying this rms correction, the
level rounds oil' to 42 dB. Now, by subtracting the 80
dB amplification factor ( 42 — 80), the figure of —122
dB. or 0.615 microvolts is obtained—a value which stands
for the amplifier's equivalent input noise (EIN). It differs
by only 3 dB from the theoretical minimum value—truly
an excellent figure, which expresses at the same time the
Noise Figure of that amplifier.
It goes without saying that the above-developed calculations apply equally well to any other combination of
amplifier gain and source impedance.
■

*ADDENDA
The complete Nyquist equation is:
En = V4kTRB
k = Boltzmann's constant (1.38 10'23 joules per "C)
T = Absolute temperature, in °K (= °C + 273)
R = Resistance, in ohms
B = Bandwidth, in hertz
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The Orban 622 Parametric Equalizer is a highly refined second generation design. It includes
the features which make a professional's life easier; overload monitoring, RF suppression,
balanced inputs (with a balanced output option), 115-230 volt AC power supply, "ConstantQ" curves (use the equalizer as a notch filter too!) and a host of others.
Your Orban Dealer can show you why the Experienced Parametric
is the professionals choice. Ask him for a brochure with
the complete 622 story and our "How to
Choose Equalizers"
booklet.

Orban Associates, Inc.
645 Bryant Street, San Francisco, CA 94107 (415) 957-1067
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JOHN M. WORAM

The

60th Audio

Engineering Society

Convention

The words out—digital!

FROM ANALOG TO DIGITAL
Mitsubishi, 3M, Technics, Soundstream, JVC. What do
these five companies have in common? Why, digital tape
recorders, of course! And all were at the recent 60th
convention of the Audio Engineering Society (2-5 May),
demonstrating their various versions of the tape recorder
of the future.
How far off is that future? Well, that depends. Digital
recordings are already being made in this country, with
Soundstream probably the first to have its machines used
for regular commercial releases.
With Soundstream first, 3M certainly qualifies as biggest.
Their Digital Audio Mastering System records 32 audio
channels on Scotch 265 one-inch digital tape. The system includes an auxiliary 2-or 4-channel digital tape
recorder for mixdown.
How much will all this cost? Probably "under $150,000"
($149,999.95?) according to 3M. But for now. the system

The 3M Digital Audio Mastering System.

is not for sale. Instead, 3M promises to have three systems available later this year on a lease-rental basis only.
Much to their credit, the company acknowledges the stillevolving nature of digital technology. With standards still
in a state of flux (or whatever the digital equivalent of
flux is), it is a certainty that there will be significant updates required on any digital recorders delivered within the
next few years. Therefore, the lease-rental route seems
to make the most sense, at least for the present.
Soundstream may be thinking along the same lines,
since it is now offering its four-channel digital tape recorder on a contractual basis. Soundstream supplies equipment and personnel for on-location recording, plus editing
services at its Salt Lake City headquarters.
The company has recently perfected its half-speed playback capability, and has taken advantage of the JVC
Cutting Center's ultra-modern half-speed disc mastering
facility to produce some "super discs" which may become
the ultimate high-fi demo. At the recent convention, at
least one such system was partially demolished when it
couldn't handle the Soundstream/JVC test pressing. And
that conjures up a mind-boggling prospect: After all these
years of complaints about lousy pressings, wouldn't it be
a laugh if fin the distant-but-rosy future) the Ip record
finally became one of the strongest links in the audio
chain?
An interesting feature of Mitsubishi Audio Systems'
two-channel PCM recorder is that two analog tracks are
also recorded on the same piece of quarter-inch tape,
along with the digital program. Why? Well, at this stage
in the emerging state-of-the-art, some features of conventional analog tape recorders are not yet possible on digital
machines. For example, one cannot "rock" the tape back
and forth slowly, to find a particular spot. Even if this
were possible, digital tapes usually require electronic
editing anyway, so there would be little point to doing so.
However, it would be nice to high-speed fast-forward (or
rewind) to find (by ear) the middle of take 3, or what-

ever. Not possible with digital (yet). So, the analog tracks
are used for these purposes..
And, it happens that the Mitsubishi system does indeed permit traditional "cut-and-splice" editing. That
means the analog tracks can be used to find convenient
edit spots, as just noted. It also means you can do the
editing on any convenient analog tape recorder, keeping
the digital machine free for recording purposes. But just
remember to make those edits 90 degree butt joints. The
PCM system doesn't like the traditional 45 degree cuts.
Perhaps it would be proper to view the analog + digital
convenience of the Mitsubishi system as an "interim"
system, very handy until the entire audio world is digital
(when and if). By then, electronic editing (and other
digital goodies) will be commonplace, and there will be
no need for analog assistance. But in the meantime, those
two analog tracks can certainly be helpful.
With minimal fanfare. Technics quietly demonstrated
their version of a PCM two-channel tape recorder. At
first glance, the machine appears to be merely another
variation of their RS-1500 isolated loop analog tape
recorder. In fact, it uses the same transport system as the
RS-1500, but there the resemblance ceases. As of this
writing, Technics has not announced its formal entry into
the digital arena, and this machine is probably best
viewed as an advanced laboratory prototype.
Likewise, JVC presented a prototype of its digital system—in this case, an add-on unit for use in conjunction
with the company's VHS format videocassette recorder.
What about Ampex? So far, they haven't shown anything digital. But it's a pretty safe bet they've got something up their sleeve. When their sensational ATR-100
was introduced a few years ago, it took the audio press,
and others, by complete surprise; previously, there hadn't
been so much as a whisper. Now, when you query them
about things digital, you get a broad smile and something non-committal like, "Hmm," or "We'll have to look
into that." So, all you digital watchers, be prepared.

Mitsubishi Audio Systems' PCM Recorder.
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Cybersonics' Disc Master 2002.
OTHER DIGITAL HARDWARE
By now, digital delay lines have been around for ages,
and are well on the way to being taken for granted. When
they were first introduced, they were one input/two (or
more) output devices, with delay times of up to 200 milliseconds as about standard. They were immediately put to
use to supply "tape delay" and for vocal doubling.
At the L.A. show, Lexicon—a pioneer in digital delay
—demonstrated a prototype of the latest generation in
digital delay technology. Their Model 224 Reverberation
Synthesizer does just what the name suggests. Since real
reverberation is, after all. nothing more than a series
(an incredibly complex scries of course) of delays, it
follows that reverberation might be digitally synthesized.
As usual, 'tis easier said than done, since each room
has its own distinctive pattern of seemingly-random echoes,
decay times, and what-have-you. A little feedback around
the delay line just doesn't fool anyone. In fact, you might
need a computer program to develop a convincing reverberation characteristic.
And that's where the 224 comes in. It's set up to accept seven programs, three of which simulate concert
halls of various sizes and shapes. Apparently, additional
programs will become available, tailored to various applications. There is also a depth control which
. . is
similar to adding a time delay before the reverberation,
but is much more complex and natural in its operation."
Still other controls allow separate adjustment of hi-, midand low-frequency reverberation time. Lexicon expects to
make the first production deliveries of the Model 224
during December of this year. The bottom line is $5,000.

DeltaLabs' DI.-l Digital Delay Module is a one input/
two output device with delays variable from 5 to 160 /xsec.
Front panel controls are used to vary two of the outputs,
or these may be disabled (for tamper-proof operation) by
duplicate internal controls. Presumably, the third output
is only adjustable from inside.
Along with the usual applications of digital delay, the
Dl.-l spec, sheet suggests "Haas Effect Stereo Panning,"
for better localization. For example, a signal to originate
at, say, the extreme left, is also fed to the right, via a delay
of about 20 ^sec. Since the signal arrives at the left
speaker first (no delay), the listener localizes the sound
as extreme left. The delayed right channel "helps" reinforce this impression. Try it yourself, and experiment with
different delay settings.
UREI's Model 927 Digital Delay Line has four outputs, each adjustable in 1 ^sec. increments up to a maximum of 127 ^sec. Each delay time is set by thumb-wheel
switches, with a separate toggle switch for delay in/out.
In addition, there are separate level controls for each of
the four outputs. To keep busy fingers away, there's a
screw-on see-through face plate security cover.
A SPACE STATION AT URSA MAJOR
No, we haven't been done-in by the typesetter again.
Ursa Major is a new outfit, and the Space Station is their
entry into digital audio. According to the catalog sheet, it
was designed by an engineer with a broad knowledge of
analog and digital technologies hut ". . . obviously, not
a hell of a lot of modesty." Another one of his shortcomings seems to be a penchant for telling the truth.

The control panel on Lexicon's Model 224 Reverberation
Synthesizer.
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The innards ol DeltaLabs' DL-1 Digital Delay.
For along with a thorough description of all the strange
and not-so-strange effects that are possible, is the warning
that Ursa Major has
. . not produced a perfect product.
With some sources, especially solos of flute, voice or notes
approaching pure tone, its limitations can be heard in a
form of noise that varies with signal intensity, pitch and
the degree of feedback."
However, from a brief listen at the convention, it seems
as though Ursa Major really has its act together. Now, it
only they could knock oil the honesty.
ANALOG EFFECTS
Although anything with the word "digital" in it draws
attention these days, analog is certainly not dead by any
means.
Neutrik Products from Philips Audio Video Systems
announced its Model AD4 analog Delay Unit with four
discrete outputs. A single potentiometer controls all lour
delays, over a 4:1 range. Thus, at a minimum setting,
the delays are: 12.5, 25, 37.5 and 50 ;tsec. At maximum,
these lengthen to 50. 100. 150 and 200 /xsec. The AD4
will sell for $795.
If you've ever felt the need for Limited Spin. Hall
Effect, Hollowing, Cardboard Tube. Motorbiking or Dalek
Voicing, you'll probably want to check out Audio and
Design Ltd.'s new S24 Time Shape Module. This is another in the company's "Scamp" series, which includes an
assortment of equalizers, compressors and such.
On the off-chance that some of our readers can't tell
a cardboard tube from a Dalek voice, we'll just say here
that the S24 is a Special Effects Generator gone biserk.
(Dalek Voice?) With separate controls for flanging, delay, envelope follower, spin, etc., plus a built-in limiter.
you can probably create any effect that occurs to you, and
a lot of others that don't.
A NEW LATHE
It looks as thoLigh our convention coverage will spill
over into the next month's issue, since there's a lot more
to talk about, but not too much space left. However, we
can't leave you without mentioning the debut of—of all
things—a new cutting lathe!
It seems as though every convention brings with it a
rash of new consoles, but when was the last time you
saw a new lathe? Cybersonics, Inc. drew a lot of attention
with its Disc Master 2002. especially among direct-to-disc
enthusiasts, who were attracted by its compact size.
One of the logistical problems of direct-to-disc work
is the transportation of a fairly massive lathe (or lathes)
to the recording site. The DiscMaster 2002 is only 351/2

in. wide, 27'i in. deep and 16 in. high, and weighs about
as much as a well-fed recording engineer (some 250 lbs.).
According to the Cybersonics brochure, the lathe features a "compact utilitarian design" in which "simplicity
is the key." A quick look at the front panel confirms this;
there arc very few knobs and switches visible. And this
invites the question: is there enough control here to meet
the sophisticated demands of today's tape-to-disc technology? Obviously, the answer will come in time. But
while we're waiting, we wish Cybersonics good luck with
their enterprising new Disc Master, which should sell for
about $46,000.
®

GARNER
TAPE
provide clean erasures in only four seconds —with
no noise residue. Tapes are wiped cleaner than new.
Our simple, safe, continuous belt operation handles
all sizes of reels, cartridges and cassettes. Several
models: Up to 16". Also Video Erasers.
Garner Erasers are now fulfilling the exacting
requirements of many major organizations around
the world...yet are so low priced that the smallest
studio or station can afford one.
User reports ■ "\t is a big improvement over what we
used to use, or anything else on the market today,"
-Ric Hammond. KNX Radio (CBS). Hollywood, Calif.
Call today or write for brochure.
GARNER INDUSTRIES
4200 N. 48th St., Lincoln. NE 68504, Phone: 402-464-5911
Circle 29 on Reader Service Card
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MARSHALL KING

The Technician and

His Union-Part 11

Avoiding the "one armedpaperhanger" syndrome.

Of the three main unions serving our industry—
IATSE (International Alliance of Theatrical
Stage Employees), NABET, and IBEW—the
first of these is undoubtedly the largest, having
established an early foothold when commercial film-making was in its puberty. In addition to sound, it covered
most of the allied arts, such as camera, lighting, makeup,
wardrobe, editing, projection, and stagecraft.
The IBEW. on the other hand, which is just as old
(or older), concerned itself at the outset with electrical
wiring for industry, particularly those dealing with railroads. Thus its name: the international Brotherhood of
Electrical Workers. It was only later that it began to encompass work in radio, motion pictures, television, and
the recording fields. Today it is notable in our industry
for being the bargaining agent for the technicians of CBS
Broadcasting.

Easy Rider. In addition to this, NABET has recently
been able to take advantage of internal strife in other
unions to get a foothold in several motion picture studios.
WHO REPRESENTS US?
Who represents us? has been a primary concern of workers since the very beginning. The record shows that sound
technicians over the years have been approached for organization by the most diverse labor groups, from the
Teamsters to the ACEW and nearly everything in between.
How we choose to go with one group rather than another
is a riddle often based on gut feeling more than reason.
Meanwhile, the alert business agent of any local union is
forever on the lookout for ways to enlarge his ranks.
Thus it was that Jack Coffey, of TATSE's Sound Local
695 in Hollywood, which has traditionally represented film
technicians, began a one-man effort to organize videotape
technicians whenever and wherever he could.

The baby of the trio is NABET, a bargaining unit organized specifically for the work implied in its title: the
National Association of Broadcast Employees and Technicians. A large part of NABET's work today is representing the workers of the other two major broadcast networks, NBC and ABC. However, in the past decade.
NABET has made several successful forays into the making of independent motion pictures, one of which was

Outspoken, controversial, determined, Coflfey's convictions have won him both friends and enemies, neither of
whom docs he consider more important than the ideas for
which he fights. Such fighting has led to his dismissal or
suspension as business agent on more than one occasion,
with the invariable result that his tenacity thus far has
boomeranged him back into reinstatement.

Marshall King is a sound mixer at CBS Television.

Whether Coffey is "in" or "out" at the time this goes to
press, the fact remains that the career of every union business agent is forever plagued by a precarious position. On
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Freelance work often entails being torever on the go
and a willingness to work under fast moving and
difficult conditions.

one hand he is faced with the possibility of a disgruntled
membership, while on the other he has the parent body,
the International Office, constantly reminding him not to
move too fast.

his Local, under the guidance ot a trustee chosen by the
International Office, had ratified a contract with the producers that made provisions for a minimum two-man
sound crew.

To the technician in smaller operations where it is expected that he do everything—yesterday camera, today
audio, tomorrow editing—some of the foregoing issues
may seem irrelevant or amusing. Yet, one of the foremost
goals of the union is the protection of craftsmanship and
the improvement of working conditions. Once gained,
benefits can be easily lost through lack of vigilance when
employers force expediency in honor of the budget. Keeping an eye on this matter is often a full-time job. and every
business agent in the country looks to his membership for
assistance.

Is the union's efforts to enforce a guaranteed number of
technicians on a given production just a form of featherbedding? Or does it have something to do with craftsmanship and better working conditions? In all fairness to the
producer it must be admitted that he would be derelict if
he didn't watch his budget and hire only the number of
people necessary to do the job. Therein lies the dispute;
how many people arc needed to do the job?

MINIMUM CREWS
Pressure from producers' guilds is very strong indeed,
and outside of membership apathy, it's a prime cause for
union gains being subsequently lost. For example, until
recently the minimum sound crew in film consisted of four
men: the mixer, the recordist, the boom operator, and the
cableman, A half dozen years ago the recordist was
dropped, his job going to the mixer. But this was not the
end of it. After being reinstated into office for the second
time. Jack Coffey returned to find that the membership of

Labor's ears are still ringing from a blast appearing in
the Los Angeles Times by a well-known producer whose
outrage was based on his being told, upon arriving at the
outskirts of his desert shooting location, that he could not
drive his own car to the set, but would have to be taken
there in a vehicle operated by a union member. Is this
comparable to the film sound man striving for a minimum
four-man crew?
Technicians who have been there insist that it is not
the same. Most are ready to show that, far from being
featherbedding, a well-rounded crew not only reduces the
pressure on each member but affords some hope for the
best professional product. "Oscars and Emmies may not be
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the uppermost goal of a technician," one mixer has said,
"but his good reputation is. even without the awards. And
that kind of craftsmanship is always tied to good working
conditions."
Its true, he continued, "that we have all jumped in
and performed extra work when the production would
otherwise have been held up at great expense. But sometimes that leads to dire results, (or somone on the production staff will later remember that Joe Blow did two jobs
at once during the emergency, so why not schedule it that
way all the time? Bit by bit. it leads to the one-armed
paperhanger syndrome."
A distinction should be made between the technician's
problems which are a matter for the union and those which
are purely the earmarks of his trade. The union can ensure
that meal periods are properly given and that out-of-town
expenses are paid for, but it cannot be called upon to relieve the technician of the daily dilemmas that result from
a battle of wills, from personality conflicts, or from differences in creative authority.
THEY CRIED A LOT
An example that comes to mind are certain problems
that existed on a well-known soap opera, a program where
the leading actress and the audio mixer cried all the time.
The actress did it because she was paid to, and the mixer
did it because the leading man thought it was sexy to whisper his lines as the boom mic was trapped twenty three
feet above the floor in order to stay clear of the chandelier
which the art director spent the weekend designing in his
elfin workshop.
One of the show s early directors became hysterical
whenever the boom operator deliberately ran his boom
arm through the key lights during rehearsal in order to
find where the shadows were so he could avoid them during taping. The director was affectionately referred to as
Tinkerbell. for he would fly out of the control booth
in a rage without once touching the floor, which surprised
no one at all. for that was his normal way of getting
around 1.000 miles to the gallon on unleaded fairy
dust. He was so excitable that he had to take uppers to
calm down. As slated, these are not matters of concern to
the union; they are incidents that must be dealt with
by the personalities involved.
CHANGING TRENDS
Trends are forever changing in our industry, just as in
others, and a look at certain recent practices in film
sound can show us how conditions can take an unexpected
change, in any branch of our craft, with regard to working conditions and product quality.
One noticeable trend, now that the major studios and
their huge centralized home lots have largely given way
to smaller, independent companies which form and unlorm faster than cumulus clouds on a spring day, is for
the production sound mixer to supply his own equipment.
True, he may pass the expense of this equipment (rented
or owned) on to the producer who will gladly pay it, for
it relieves him of a major headache. But how does this
affect the quality of the sound?
It can mean that the mixer is obliged to put together
an array of rented equipment with which he is not totally
familiar. It can mean that since he is now his own maintenance man. he might be caught with failing equipment
and no time to fix it. It can mean that, since he cannot
own or rent every possible kind of audio device, he may

find himself using whatever he has at hand, when the
situation calls for gear he doesn't have or couldn't find
available. It can mean that he is obliged to own a van
and a dolly, and that he must now deal more with Teamsters and other Locals in order to do his work. It can
mean that he is living under a new kind of pressure, far
removed from the day when he merely deposited his mind,
body and experience on the location site—a new situation whereby working conditions, wages, jurisdiction and
craftsmanship all take on a new meaning. And it is
almost certain to mean that the business agent of his
Local has new problems to deal with.
Jack Coffey mentioned yet another trend in film audio:
the increasing use of rf mics, due to pressure from the
camermen. "The way it works is this," he said. "Cameramen have gotten wise to the rf mics without knowing a
hell of a lot about it. For them it's a new-found freedom.
They don't have to give way to the boom mic and its
shadows, so they press for its use. In older days the soundman would tell the cameraman, and everyone else, to stay
the hell out of his department. But now if the cameraman can convince the director that production will go
faster if the rf mic is used, then that's it. You can see
what effect this can have on the quality of sound."
STAFF VS. FREELANCE
What are some of the distinctions between a staff job
and the freelance technician? While there are many
similarities, there are many more differences, particularly
in the area of hustle. It seems to be a fact that a fulltime, year-round staff job imparts a feeling of security
and long-term thinking which does not always go with
freelance work.
A good freelance mixer, or camerman. or boom operator seldom works for union scale. He can command
more, sometimes twice the going rate, by virtue of his
being able to travel on a moment's notice, by his knowing
all of the equipment of most manufacturers, by his readiness to take full responsibility for his part of the final
product, by his ability to think in terms of how the
producer can get the job done better or more quickly
with no slowdowns or breakdowns.
A staff technician, on the other hand, often finds himself in the role of middleman, whereby many decisions
(and motivations) are taken away from him by his employer who takes on the foregoing responsibilities with
the producer. The result can lead to a tendency where
the staff technician, weary of getting his hands slapped
for going out on a limb, backs off from his own ideas
and turns the proper knob at the proper time.
If there is a creative freedom and a better wage scale
in freelance work, what are the shortcomings? One is the
matter of reciprocity. Is the New York mixer free to
work in the jurisdiction of Las Vegas or Chicago? Or is
he told that he can't touch any of the equipment, that
he must be only an "advisor" to a local mixer of their
own choosing? It's a hassle that's been raked over more
than once. Often it is decided that the freelance technician will be allowed to work in these "visited" areas
provided that a technician from the local union is paid
to stand by. These are possibilities that should be discussed before the show ever hits the road.
Another requirement for the freelancer, which is usually
not faced by the staff technician, is that he must keep
himself in demand and always on the scene. Whether or
not this leads him into a political posture is hard to say,
but if it doesn't keep him alert and affable it does mean
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fK Hollywood sound crew from IATSE Local 695 sets
up equipment for televising a luau at the opening of
Disneyworld in Florida.

that he has some kind of genius that producers will pay
anything to get. Many freelancers, lacking true genius,
have found it better to be alert and affable, and to have
an ellicient phone answering service.
Being forever on the road, living out of a suitcase, is
also a way of life the freelance technician has to accept.
For many, such traveling is the very essence of life, but
for others it's a home-wrecker. Most of all, the technician,
being away from the protective eye of his local union,
shouldn't be obliged to do two jobs when he has contracted for one. Sometimes he is coerced into doing so,
particularly where the true scope of his work wasn t
clearly spelled out during the production meeting back
home. And even when it is, it's sometimes harder to convince a producer that the crew will be short-handed than
to convince an Indian that Columbus discovered
America.
Doug Adam, assistant business agent of IATSE Local
695, cites one recent occasion where a crew was sent to
videotape a show in a New Orleans nightclub. "When they
got there and found they were short-handed," Adam
said, "the mixer informed the producer that he needed
a third man in the audio crew. No cableman or audiotape
man had been provided, and the boom operator was
obliged to walk backward carrying a fishpole during a
50-foot camera move while the mixer held him by the
belt to guide him backward over the cables and around

the furniture, while at the same time operating a Nagra
recorder slung over his shoulder.
"On top of this," Adam continued, "the producer required the playback of an audio tape and suggested that
perhaps one of the stagehands could do it. With that, all
work came to a stop and the business agent was flown
out from Hollywood to set the matter straight. Here's
another case where the guys had to be especially vigilant
when working away from home."
So it may be that the freelance technician works under
a kind of pressure that is subtle in its implications. He is,
by the very nature of his being freelance, in a position
where getting repeated calls for work from producers
is his life's blood. Yet. unlike the relatively secure staff
technician working in a station where the producer does
not pay his salary, he is obliged to be his own watchdog
against careless acts by a producer who will, hopefully,
hire him again and again. It's a paradox to be sure, but
if he fails to demand strict adherence to fair working
conditions he is reducing his professional well-being at a
logarithmic rate.
JOB CLASSIFICATION
A final aspect pertaining to wages, working conditions
and craftsmanship is the matter of job classification. In
smaller local companies it is common for the technician,
especially the beginner, to wear many hats. Today he is
working camera, tomorrow audio, yesterday video. Per-
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"Look at it this way," he says. "Supposing after many
years of pressure in the control booth, which every mixer
has known, there comes a time when you either must or
want to slow down. So you get out of the booth and get
yourself assigned to a less demanding job. Now if you
have classification, this means you're going to take a cut in
pay. I don t think that's fair. It seems to me that you
should continue to be rewarded for all your years of
work by getting the same pay when you have to pull
back and slow down a bit."
But advocates of classification see this as an unsatisfactory reward, for, after finally withdrawing to a less
strenuous position, he would find himself alongside technicians who for the same twenty years have been getting
the same pay without once venturing onto the firing line.
"It's very simple," one cameraman told me. "Let me
have the heavy pay while I'm doing the heavy work. If
I can t cut it after all these years then 1 should get less
money."
From another angle, Draghi sees classification as a
possible cause of divisiveness among technicians. But
those who argue in favor ot it point out that since management has created its own star system by "selling" certain
diligent technicians to certain irascible producers, those
technicians should be paid above the norm.
A wireless microphone being prepared to be used in a
field remote where the performer will move across
open ground.

haps this is the way it should he when he has yet to find
out where his best inclinations lie. Certainly from the
standpoint of management this is most desirable, for when
anyone can do any job. flexibility in the employee pool
is very high.
Yet, labels do form as a result of our performances
and we migrate into fields of prime activity. Beyond this,
even excellence may prevail in some special area as a
result of talent or extended effort, or both. Now we are
classified. Should we be paid accordingly?
On the surface the answer would appear to be an
obvious "Yes!," coming especially from the achievers
who work alongside those content to just get by. But
how does this work out in actual practice; how is it
regarded by our unions and employers?
Generally speaking, there is a high degree of job
classification (and the varying pay scales that go with it)
in film work governed by the IATSE, but in network
television done on videotape there is a very small amount
of classification in NABET contracts and virtually none
in the IBEW. While the latter condition has not been a
cause for overt internal strife, there have long been
differing opinions regarding its propriety. To oversimplify,
there is no monetary reward for those who extend themselves and no particular penalty for those who don't care
to; there is one pay scale for ail. Advocates of job classification point out that in the absence of monetary rewards
the motivation factor can be of low magnitude.
On the other hand, IBEW's Andy Draghi has serious
reservations regarding the idea of classification and varying pay scales.

Draghi's answer to this is that the existing parity in the
network technicians' pay can be blamed on the company
rather than the union. "We negotiate minimum salaries,
not maximums," he said. "The company can and should
pay above scale for the star system they support while
decrying it out ol the other side of their mouths."
Perhaps it is enough to say that classification or the
lack of it brings its own rewards: a chance for higher
income in the former and the likelihood of greater security
in the latter. Which modus opcrandi pertains to us depends
on where we work and on the structure of our union
contracts.
THE UNION SCORECARD
Is the union doing its job? The answer depends on who
gives it. Every union leader I have spoken to has the
same lament; its not the members' differences of opinion
which wear them down so much as it is their having no
opinion, which is what happens when technicians don't
attend meetings and participate. IBEW's Draghi is relentless in his belief that no Local is better than the members
who comprise it. Prominently displayed on the wall of his
office is a list of "Ten Ways To Kill A Union." Some of
them are:
1. Don't come to meetings.
2. When you attend, arrive late.
3. Never accept an office; it's easier to criticize than
perform.
The face of organized labor has always been changing,
but more so perhaps in the technical electronic field than
any other. This is not strange, considering the constantly
shifting state-of-the-art. Yesterday's breakthrough is today's
cliche. And if some new device replaces it all tomorrow,
who will have jurisdiction over its use?
Fortunately, efforts are still being made between the
various unions in our industry to join forces and share
in the benefits of cooperation.
■
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AUDIO and VIDEO
On a Professional Level
Lebow Labs specializes in equipment sales, systems engineering,
and installation—full service and
demonstration facilities in-house.
We represent over 200 manufacturers of professional and semiprofessional equipment for recording, broadcast, sound reinforcement, and for commercial sound.
Call or write for information and
pricing.
LEBOW LABS, INC.
424 Cambridge St.
Allston (Boston) Mass. 02134
(617) 782-0600
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FOR SALE

DISCOUNT PRICES on fresh namebrand tape. Check our prices in bulk,
reels, boxes, carts, and cassettes. P.B.P.,
4100 West Kennedy Blvd., Tampa, Fla.
33609. (813) 877-7125.
TAPCO and Electro-Voice, mixers, equalizers, amps, mics, and loudspeakers.
Write for low mail order prices. Sonix
Co., P.O. Box 58, Indian Head, Md.
20640.
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AUDIO CONNECTORS
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AST: THE PROFESSIONAL SOUND
STORE. Full line of ALTEC, CROWN,
CERWIN-VEGA, E-V. GAUSS, SHURE.
SUNN, and ATLAS pro sound equipment; factory authorized service on most
speakers. Large stock of ALTEC, CERWIN-VEGA and E-V replacement diaphragm assemblies available. AST, 281
Church St., New York, NY. 10013.
(212) 226-7781.

TEST RECORD for equalizing stereo
systems. Helps you sell equalizers and
installation services. Pink noise in Vs
octave bands, type QR-2011-1 @ $20.
Used with precision sound level meter
or B & K 2219S B&K Instruments, Inc.,
5111 W. 164th St., Cleveland, Ohio
44142.

STAGE / STUDIO / BROADCAST audio
systems: AKG, Allison Research, Amber,
Amco., A.P.I., Audiotronics, Beyer, Cannon, dbx, E-V, Eventide Clockworks, Ivie,
JBL, Lexicon, MicMix, MRL, MXR,, Nagra,
Neotek, Neumann, Nortronics, Orban/
Parasound, Orange County, Otari, Pultec, Robins, Russco, Scully, Sennheiser,
Sescom, Shure, Sony, Soundcraft, Speck,
Switchcraft, Spectra Sonics, 3M, Tascam, Technics, White, UREI plus many
more. For further information on these
and other specialty items from our factory operations contact: Midwest Sound
Co., 4346 W. 63rd St., Chicago, 111.
60629. (312) 767-7272.

NAGY SHEAR-TYPE TAPE SPLICERS
FOR CASSETTE V4 &
V> IN. TAPES
. HAND-CRAFTED
• FIELD PROVEN
. FAST, ACCURATE
• SELF-SHARPENING
NRPD Box 289 McLtan, V*. 22101

FBFF TATAIOf; A AUDIO APPLICATIONS
KITS 1. WIRED
AMPLIFIERS
MIC , EQ ^CN,LINE,
TAPE, DISC, POWER
J OSCILLATOR
i
AUDIO,TAPE BIAS
1033 N SYCAMOH AVE
LOS ANGELES, CA 90038
laOPAMP
vl/ I.ABSIM
(213) 934-3566

MULTI-SWITCH®
SWITCHES
Send lor FREE catalog
A Complele Lme ol Audio Accessor
Immediate Deliver
CALIFORNIA SWITCH & SIGNAL
13717 S. Normandie Ave., Gardens,
1 California 90249 (213) 770-2330

IVIE SOUND ANALYZERS, all models in
stock. Theatre Technology, 37 W. 20fh
St., New York City 10011. (212) 929-5380.
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FOR SALE
CROWN INTERNATIONAL. Complete repair, overhaul, and rebuilding service
for current and early model tape recorders. Reconditioned recorders in stock
Used recorders purchased. Techniarts,
8555 Fenton St., Silver Spring, Md.
20910. (301) 585-1118.

SOUND WORKSHOP mixing consoles,
reverbs and support equipment setting
new standards in the semi-pro industry
available in New England at: K&l Pro
Audio, 75 N. Beacon St., Watertown,
Man. 02172. (617) 926-6100

AMPEX TAPE. Vi in. and wide widths in
stock. Techniarts, 8555 Fenton St., Silver
Spring, Md. 20910. (301) 585-1118.

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, Colo. 80218.

CUTTERHEAD REPAIR SERVICE for all
models Westrex, HAECO, Grampian
Modifications done on Westrex. Avoid
costly down time; 3-day turnaround upon
receipt. Send for free brochure: International Cutterhead Repair, 194 Kmgi
Ct., Teaneck, N.J. 07666. (201) 8371289.

WISCONSIN'S PRO AUDIO CENTER featuring equipment from Tascam, KlarkTeknik, dbx, TAPCO, Crown, AKG,
Revox, Beyer, E-V, Shure, and many
more! Complete professional consulting
available. Large display in-store; in stock
for immediate delivery, Tascam Series
70 Vi" 4-track with 701 electronics and
sync module, $1,995 - new, factory
sealed. Planner & Hatsoos, 2500 N. Mayfair Rd., Milwaukee, Wi. 53226. Call (414)
476-9560, ask for Terry De Rouin, Tom
Luell, or John Loeper.

CANADIANS!
SEMI-PRO MULTITRACK RECORDING HEADQUARTERS FOR:TEAC/
TASCAM, Soundcraft, Sennheiser,
BGW, Altec, Lexicon, dbx, Bi Amp,
Beyer, R.S.D.. Tapco, and more.
Iff/St 6078
Richard's Music Shop Inc.
IlltS#
Sherbrooke W.
Montreal, Canada H4A 1Y1
nchard^(5i4) 487-9911

NEW PROFESSIONAL LINE of pre-assembled mic and patch cables in seven
colors, two thicknesses; not a me-too
copy of existing cables. Further info,
Sound Applications, 342 Lexington Ave.,
Mt. Kisco, N.Y. 10549. (914) 241-0034.

SONY C-77, superdirectional, tele-microphones, @ $200. Larry Godby, 9724 Columbus, Sepulveda, Ca, 91343. (213)
847-3059.

JBL 4350 MONITORS, walnut; excellent;
4 available. $2,150/pair plus applicable
taxes & freight. R. Orban, Orban Associates, Inc., 645 Bryant St., San Francisco, Ca. 94107.
REVOX MODIFICATION, variable pitch
for A-77; in/sync for A-77 or A-700; programmer for A-77; rack mounts, slow
speed 17/a; full track; auto rewind; high
speed 15 i.p.s. for A-77; Slidematic for
A-77. Machines available with or without
mods at low cost (A-77 from $695). All
mods professionally performed by Revox
trained technicians. Entertainment
Sound Services, Inc., 78 N. Franklin St.,
Hempstead, N.Y. 11550. (516) 538-2220.

MINI-STUDIO package systems from
$2,599, using pro-recording equipment
from Revox, Otari, Lamb Labs, Trident,
Beyer. Write for full details of offers to
Entertainment Sound Services, Inc., 78
N. Franklin Ave., Hempstead, N.Y. 11550.
(516) 538-2220.

BROKERAGE HOUSE for used equipment. Soundesigns has more listings
than anyone else on the gear you need.
List your equipment with us, see it sold
fast. We refurbish your gear for sale if
necessary. Soundesigns, Inc. (212) 7657790.
NAB ALUMINUM FLANGES. We manufacture 8", 10V2", and 14". Also large
flanges and special reels to order. Stock
delivery of assembly screws & nuts &
most aluminum audio, video, & computer reels. For pricing, call or write
Records Reserve Corp., 56 Harvester
Ave., Batavia, N.Y. (716) 343-2600.

ROADSHOW EQUIPMENT. Clearing wide
range new & used items including mixers (from $350 to $3,500), bass & treble
bins (w & w/o speakers, $125 up),
lenses, horns, etc.; limited quantity; be
first. (516) 538-2220. Entertainment
Sound Services, 78 N. Franklin St.,
Hempstead, N.Y. 11550.

dbx RM-157's for sale. 24 channels; sell
in groups of 8 channels; 4 months old;
gone 24 pro dbx. (312) 495-2241.

ONE NEVE 24/16 console with 40 frequencies of e.q. complete with wiring
harness, schematic diagrams, spares
kit; in mint condition. Four each LA-3A
limiter/compressors; one Scully 280-2
with motion sense, in console; complete
with manual & spare heads. One Scully
280-2/4 with motion sense in console.
This machine is convertible between 2track and Vi in. 4-track, with 2- and
4-track heads; has two channels of electronics, but console cabinet will hold
up to 4 channels, complete with manual
and spare heads. All items in excellent
condition and available immediately.
For additional information, call or write:
Benson Sound, Inc., 1046 S.W. 36th
(Grand Blvd.), Oklahoma City, OK 73109.
Call person-to-person, Larry R. Benson,
799-4426 or 634-4461.

TWO ALTEC 803A 15 in. woofers, just
factory re-coned; still in factory boxes,
$100 each. Two Altec 100A bass energizers, extreme low pass filters, $50.00
each. Take entire package for $250.
Marty Bettan, (212) 591-7600, daytime.

SERVICEMEN—Cleaners, lubricants, adhesives, belts for all electronic repairs.
Rek-O-Cut belts, $7. Write for free catalog. Projector-Recorder Belt Corp.,
Whitewater, WI 53190. Tel: 1-800-5589572.

PELCO TV5 motorized zoom lens; White
3900 filter set; H/P 8056A RTA; H/P
8050A RTA; SADELCO 2608 Spectrum
Analyzer. Woodburn Sound, 400 Highland Court, Iowa City, Iowa 52240. (319)
338-7547.

AMPEX MM-1000 8-track recorder/reproducer; excellent condition. Meets all
specs. $6,500. Pan Studios. (303) 4731114.

INTERFACE 200 series, 8x2 board;
Ducan sliders; brand new; list price,
$2,000, yours for $1,250. HewlettPackard/Altec 8050A real time analyzer,
$2,000. Demo UREI equipment; 1176LN limiter; 527 equalizer; other assorted
pieces. Make offer. Ro-Cel Electronics,
Inc., 731 Butler St., Pittsburgh, Pa.
15223. (412) 781-2327, Don.

FOR SALE: 3M professional tape recorder, Model M-23; 4-track; excellent
condition. For information call (313) 6829025.

CONSOLE, Altec 9200A, 16 x 4, $1,500
or best offer. Fairchild Reverbratron,
$200. Eventide flanger, FL201, $400.
(612) 253-6510.

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

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

AMPEX 300. 352, 400, 450 USERS—for
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.
REK-O-KUT drive belts. Specify model.
$9.95 delivered. QRK Electronic Products, 1568 N. Sierra Vista, Fresno, Ca.
93703.

INVEST IN
THE FUND THAT
PAYS THE BEST

FOR SALE; Westrex 3D1IH, $3,495.00;
Haeco SC-2, $4,800.00; Haeco SC-1,
$1,495.00; Grampian D, $385.00; Grampian Bl/D, $325.00; Westrex 2B, $525.00;
all Haeco cutterheads new, other cutterheads reconditioned and in specs. International Cutterhead Repair, 194 Kings
Ct., Teaneck, N.J. 07666. (201) 837-1289.
3M-79 16-TRACK recorder; vari-speed,
complete remote, fine condition.
$16,500.00. (312) 495-2241.

USED 8-TRACK machines; big, small
Scully; 3M; Ampex MM1000-8; playback
only, 16-track, etc. All your used equipment needs, one stop. Soundesigns, Inc.
(212) 765-7790.

USED 24-TRACK machines, all brands,
modifications; guarantees available.
Soundesigns, Inc. (212) 765-7790.

AMPEX, NAGRA professional sales and
service. ATR 100's in stock for immediate delivery. Techniarts, 8555 Fenton St.,
Silver Spring, Md. 20910. (301) 585-1118.

CORNERS, HANDLES, latest pro audio
and disco equipment at big savings.
Price list FREE. Catalog, $1.00. Stillwater, Box 31012, Dallas, Texas 75231.

MAGNECORD 1024-42RX/remote; Revox
A-77 1302/remote/rack, $550. James
Ebbert, 770 Holly Rd., Wayne, Pa. 19087.
(215) 687-3609.

WANTED

DIVIDENDS.
GUARANTEED DIVIDENDS.
The United Megro College Fund hasn't missed a
payment since 1944. Each
year it pays off in more than
7,000 black professionals
from Fund-sponsored colleges, with training in business, social and technical
sciences America's industry
needs today. (JMCF graduates have proved to be profitable for business. And
your investment will guarantee even higher payments in
the future.
PREFERRED STOCK.
By making it possible
for these young people to
attend college, you help increase the number and
quality of tomorrow's class
of professionals.
MUTUAL BENEFITS.

MODERN RECORDING TECHNIQUE, 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. $10.50 prepaid.
Robert E. Runstein, 1105 Massachusetts
Ave., #4E, Cambridge, Mass. 02138.

WANTED: Recording equipment of all
ages and variety; Neumann mics. EMT,
etc Dan Alexander, 6026 Bernhard, Richmond, Ca. 94805. (415) 232-7933.
WANTED. EMT Echo, (707) 528-0304.

EMPLOYMENT

USED 16-TRACK machines: Scully 100,
Ampex MM1000, 3M Model 79, etc. All
brands, at all prices. Soundesigns, Inc.
(212) 765-7790.

GROWING SOUND REINFORCEMENT
company tour/concert work. Pro equipment, two experienced engineers. Priced
very reasonably. Interested? Lobster
Sound, Box 504, Amherst, Ma. 01002.
(413) 549-2810 (Attn. Ken MacLeish).

ALL DIGITAL! Harrison, 3M, Eventide,
MXR, dbx. Soundesigns can make you
go as digital as possible today! Harrison
Auto-Set will run it all. Soundesigns,
Inc. (212) 765-7790.

MAJOR RECORDING STUDIO needs experienced maintenance engineer. Send
resume. Dept. 71, db Magazine, 1120
Old Country Rd., Plainview, N.Y. 11803.

HIGH IMPEDANCE headsets, $14.95.
3000 or lO^OO'--' units available. Please
specify. Headsets come with one year
factory warranty. Scott Phillips Electronics, 92 Beacon St., Lawrence, Mass.
01843.

EXPERIENCED MUSIC MIXER
Major N.Y.C. studio. New automated 24-track. Send resume to
Dept. 83, db Magazine, 11 20 Old
Country Rd., Plainview, N.Y.
11803.

In your business, you
can recruit these eager professionals who return to the
community with fresh ideas
that can help your company
move ahead.
Today, GMCF graduates are making valuable
contributions as computer
experts, engineers, marketing professionals, doctors,
physical therapists and
teachers. Chances are,
you've already benefited
from the Fund. Isn't that
reason enough to make an
investment this year? Send
your check today to United
Negro College Fund, Box B,
500 East 62nd Street,
New York, N.Y 10021.
ho one can do it alone.
GIVE TO THE
UNITED NEGRO COLLEGE FUND.
A m ind is a terrible thing to waste.
A Public&Service
of This Magazine
The Advertising
Council fv*
Comcil
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# People/Places/Happenings

• Assuming responsibility for domestic sales of professional products,
Emory E. Straus has been appointed
marketing manager at White Instruments Inc. of Austin, Texas. Mr.
Straus had previously been a manufacturers' representative in Chicago.

• Serving as chief liaison person with
retail outlets, Paul A. McGuire has assumed the post of sales manager for
national accounts at Audio-Technica
U.S. Inc. of Fairlawn, Ohio, Mr. McGuire came to A-T from ElectroVoice.

• Succeeding recently retired Robert
L. Werner, Eugene E. Beyer Jr. has
been appointed Senior Vice President
and general counsel of RCA. Mr.
Werner will divide his time between
continuing to serve on RCA's Board
of Directors and practicing law in partnership with Shea, Gould, Climenko &
Casey, of New York City.

• Donald E. Prewett has been elected
president and chief executive officer
of the Phase Linear Corporation, of
Lynnwood, Washington. Mr. Prewett
has been with the firm for six years,
his most recent assignment as executive
vice president.

• Marc Sorenson of Cal-West Marketing has been elected 1978 chairman
of the Electronic Representatives Association. Consumer Products/Distributor Division, Southern California
Chapter. Other division officers include Scott Bassett, vice chairman and
program director, and Larry Fiege.
treasurer.
• William L. Fowler has been elected
president and chief executive officer
of the Altec Corporation, Anaheim,
Ca. Mr. Fowler, who has been with
the firm for two years, had been serving as vice president and general manager of the company's Altec Lansing
International Division. Another appointment at Altec is that of Peter K.
More to the position of Far Eastern
regional manager. At Altec Lansing
Sound Products Division, Charles B.
Black has been named chief electronics engineer.
Moving up from the post of sales promotion manager, J. Michael Wood has
been appointed retail advertising/sales
promotion director at Radio Shack, of
Fort Worth, Texas. Mr. Wood is a
former English and Journalism teacher.
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• The position of general sales manager at Electro-Voice, Buchanan,
Michigan, has been assumed by David
Rothfeld. Mr, Rothfeld came to Electro-Voice from Unicord, a Gulf &
Western company. Two other additions
to the marketing staff are Bill Smith
and Greg Silshy. Mr, Smith will serve
as national consumer products sales
manager and Mr. Silsby will coordinate sales of professional microphones
d monitors.

• William Gautreau has been appointed director of materials control, responsible for purchasing parts and materials, at Switchcraft, Inc. of Chicago.
Mr. Gautreau joined Switchcraft last
December after long-term service with
Raytheon.
• Exhibit space for the fall Technical
Conference Equipment Exhibit of
S.M.P.T.E. is now available. The Conference is scheduled for October 29November 3 at the Americana Hotel
in New York City, Contact S,M,P.T,E.
Exhibit Dept.. 862 Scarsdale Ave..
Scarsdale, NY. 10583. (914) 472-6606.
• The entire cutterhead division of
Holzer Audio Engineering Corporation
has been acquired by International
Cutterhead Repair of Teaneck, N.J..
owned by Sharon Rand Burch. Mrs.
Burch was at one time employed by
HAECO, where she received her training as a cutterhead repair technician.

• Robert Dreisbaeh, formerly
director of engineering at Mag
navox Government and Industrial Electronics Company, died
on May 21 in Fort Wayne, Indiana at the age of 71. Mr.
Dreisbaeh was the owner of
twenty patents in audio engineering, encompassing developments in loudspeakers, record
changer, phonograph pickups,
microphones, radios, acoustics,
sound reproduction, and electronics. In his honor the Magnavox Company has established
the Robert E, Dreisbaeh Acoustic Laboratory,

• The Audio Engineering Society has
awarded its gold medal in recognition
of outstanding achievements to Daniel
R. von Recklinghausen, vice president
of research and development forKLH/
Burwen Research. Cited were Mr, von
Recklinghausen's achievements in the
field of f.m, receiver technology. He
had served as chairman of the A.E.S.'s
IEEE subcommittee on frequencv
modulation receivers.
• A new studio complex. Bee Jay Recording Studios, has been completed in
Orlando, Fla, The studio offers not
only a 32-track capacity, but sleeping
accommodations for frostbitten northern visitors. The address is 2500 Silver
Star Rd., in Orlando.

• The official name of lEE/Schadow.
Inc. has been changed to ITT Schadow,
Inc., according to vice president Robert G. Inglis. The plant is located at
8081 Wallace Rd.. Eden Prairie. Mn.

• Long-time musician-engineer Bill
Lazarus has been named manager of
disc recording at the Burbank Studios
in Burbank, Ca, Mr. Lazarus' career includes stints as senior engineer at Paramount Recording Studios, general manager at Angel City, and special projects
engineer for Motown Record Corporation.

• Increased production of consumer
electronic products has led the Markham Company of Van Nuys. Ca. to
retain William Mayhew as sales manager for key accounts and distributors.
Mr. Mayhew comes from Fairchild
Consumer Products.
• Public school involvement with
audio education is underway in Denver, where the Denver Public Schools
sponsor a two-level intensive course in
audio engineering in their Career Education Center. The center is a new
vocationally-oriented school which aims
at providing high school students with
job entry-level skills. The audio department boasts a multi-track recording studio with mixdown facilities and
an electronics lab.

From the publishers of db
J>0
An in-depth manual
covering every
important aspect
f! i. -
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of recording
technology!

The
"John
Woram
has filled a gaping hole In the audio
literature. . . This Is a very
fine book... I recommend It
very highly..- High Fidelity.
And the Journal of the Audio Engine ring
Society said:"... a very useful guide for
anyone seriously concerned with the
magnetic recording of sound."
The technique of creative sound recording has
never been more complex than it is today. The
proliferation of new devices and techniques
require the recording engineer to operate on a
level of creativity somewhere between that of a
technical superman and a virtuoso knob-twirler.
This is a difficult and challenging road. But John
Woram's book charts the way.
The Recording Studio Handbook is an indispensable guide. It is the audio industry's first complete
handbook that deals with every important aspect
of recording technology.
Here are the eighteen chapters:
• Magnetic Recording
•The Decibel
Tape
•Sound
•
The
Tape Recorder
• Microphone Design
• Tape Recorder
• Microphone
Alignment
Technique
• Noise and Noise
• Loudspeakers
Reduction Principles
• Echo and
• Studio Noise
Reverberation
Reduction Systems
• Equalizers
• The Modern Record• Compressors, Limiting Studio Console
ers and Expanders
• The Recording
• Flanging and Phasing
Session
•Tape and Tape
• The Mixdown
Recorder
Session
Fundamentals

Recording

Studio

Handbook
by John woram
This hard cover text has been selected by several
universities for their audio training programs. With
496 pages and hundreds of illustrations, photographs and drawings, it is an absolutely indispensable tool for anyone interested in the current state
of the recording art.
Use the coupon at the right to order your copy of
The Recording Studio Handbook. The price is only
$35.00, and there's a 15-day money-back
guarantee.
SAGAMORE PUBLISHING COMPANY, INC.
1120 Old Country Road, Plainview, N.Y. 11803
.copies of THE RECORDING
Yes! Please sendSTUDIO HANDBOOK at $35.00 each. On 15-day
approval.
Name
AddressCity/State/Zip
Total payment enclosed $
(In N.Y.S. add appropriate sales tax)
Please charge my □ Master Charge
□ BankAmericard/Visa
Exp, date.
Account #
Signature
(charges not valid unless signed]
Outside U S A. add $2.00 for postage

www.americanradiohistory.com

B
J

The deck that separates the pros
from the amateurs.
There is a difference between so-called consumer decks
and professional decks. Several, in fact.
That's why TASCAM SERIES created its Model 40-4
Recorder/Reproducer, While consumer decks are designed
for play, our Model 40-4 is meant for work. Hard work.
It s a tough, heavy-duty deck with (he professional specs,
features and functions it takes to qualify for professional,
in-studio use. But our Model 40-4 costs a lot less than its
in-studio peers.
Our Tascam 40-4 has a suggested retail price of $1600*
That's more than most consumer decks, but it's designed
to do a lot more.
The 40-4 transport is the same as our 80-8 half-inch eight-

track deck. Designed to move heavier half-inch tape, the
40-4 handles lighter quarter-inch tape smoothly without strain.
It's rugged enough to take the constant wind and rewinding to build your tracks to where you want them. The 40-4's
tape transport system is a good example of the mechanical
overkill that separates our 40-4 from lesser decks.
Okay. If you're just beginning, you can buy any consumer
deck; TEAC makes the best around.
But if your commitment is serious enough to require a
four-track recorder/reproducer you can rely on for a long
time and produce studio-quality results, it's our Tascam 40-4.
Check out the details below, then check in at your authorized TASCAM SERIES Dealer.

The impedence roller
is strictly professional
caliber. Along with the
heavy dynamicallybalanced flywheel,
guarantees better
tape-head interface
Therefore, reducing
the possibility of
dropouts during a
critical recording

The heavy-duty
power supply features a pro-quality
toroidal transformer.
This assures that
each deck function
will receive its correct
voltages without any
fluctuations. Even if
your 40-4 runs
constantly for
24 hours a day.

Our exclusive
Function Select
initiates TAPE/
SOURCE, PLAYBACK/RECORD
and dbx ENCODE/
DECODE modes
with just one button.
Additionally, FET
circuits (not mechanical relays) enable you
to punch in and
punch out without
pops.
Heavy-duty motors, bearings and brakes assure you
of smooth tape handling
throughout the long hours
of the multitrack
recording process

Thanks to our single
record/playback
head, you'll hear
existing tracks in
sync with full frequency response
while over-dubbing
at 15 ips.

Individual, removable PC
cards carry the electronics
for record, reproduce and
bias amps. So calibration
or replacement comes
quick and easy. lust swing
down the meter panel for
quick access.

Full IC logic and motionsensing circuit lets you
enter play mode quickly
without risking tape spill
or stretch.

^s The optional dbx module
(DX-4) gives you a dynamic
range of over 90dB.
Because it's integrated, its
electronics are perfectly
calibrated to match the
recording/reproduce
circuits of the 40-4.

*Price subject to dealer preparation charges where applicable

TASCAM SERIES by T E AC.
A new generation of recording instruments for a new generation of recording artists.
C Corporation of America - 7733Telegraph Road: Mon'.ebello, California 90640-In Canada TEAC is disiributed by While Electronic Development Corporation (1966) Ltd.
Circle 12 on Reader Service Card
www.americanradiohistory.com \ -

