PESIGN — page 50

LOMPUTERIZED SOUND
'YSTEM DESIGN — page 40

[LECTROTEC SYSTEM FOR
ROXY MUSIC — page 58

\BBA DIGITAL SESSIONS — page 74

S TEREO MIKING TECHNIQUES — page 98
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Motionpicture \

Recording, Inc.
Hollywood, CA
(213) 462-6897

For35/70 mm
_and Video Sweelening

-

MIXING

In the US:

AMEK CONSOLES, Inc.
11540 Ventura Boulevard
Studio City, California 91604
(213) 508-9788

bbing

A s designed for Motionpicture
Recording, Inc. in Hollywood, the
AMEK M-4000 CINEMA console offers
simultaneous dubbing to mono, stereo 3
track, 3into 5, 4 track, 6 track Dolby
stereo, and 8 track Omnivision, with
additional 24 track output assigns and
mic inputs for Foley recording.

Dialog, music, and effect sections
are three separate consoles with any
section having the ability to control all
three in any combination. Metering is a
combination of 46 segment three-color
LED light meters and true ballistic-
reading VU meters; light meters reading
all inputs and VU meters reading all
outputs per each section.

Full automation functions include:
Fader level, 10 subgroups per section

CONSOLES

In the UK:

AMEK SYSTEMS & CONTROLS, Ltd.
Islington Mill, James Street

Salford M3, 5HW, England

061-834-6747

with sectional link capabilities (D, M,
Fx), auto mute, aux send/return levels,
and auto-graph equalizers in pre or final
dub mode (controllable via a DEC 16-bit
twelve-inch hard disk micro-processor
with dual floppy back-up).

Other exclusive features include:
Variable divergence panning, variable
bandwidth parametric equalization, high
and low pass parametric filters, a unique
tri-color calibrated LED-ramp adjacent
channel faders for VCA level indication
while in automated mix mode, and totally
comprehensive LED routing matrix indicat-
ing the exact signal path of the entire
console at a glance. Optionally available: a
compressor, limiter, expander noise gate
may be fitted on each input and output.

AMEK SYSTEMS AND CONTROLS
has been building major project one-off
consoles since 1970. We build consoles
for motion picture dubbing, video
post-production (off-line or on-line), and
on-the-air audio for television. We can

build a custom console in any con-
lﬁt figuration to precisely suit your
mixing and dubbing needs.

For additional information circle #1
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LOW COST,

FULL BANDWIDTH,
HIGH PERFORMANCE,
DIGITAL DELAY.

The EFFECTRON™ IT is an enhanced
EFFECTRON. We have added many features
per our customers suggestions. These fea-
tures depend on Model and include increased
flanging range, extemal Infinite repeat,
Increased input range, stereo output and even
lower prices!

The EFFECTRON II series Is still the only low
cost, full bandwidth (16KHZ), high perform-
ance line of digital delay processors. Visit your
local dealer and check it out 1!

Listen and Compatre . . . .

vl hpuy

ADM-1024 - Vi
Full ‘- i

Second Dalq‘ : ,
O X .
9% 3599 - v o8 T uns

: ] LEVEL
INPUT
v 1
ADM-64
Flanger/Doubler LT f
$299* | L K
MN=S -NAx AN U < _‘n ol
ACTVE - LEVEL FEEDBACK DAL DELK fll
e |
' INPUT ¥
. {9 !
: X A
ADM-256 . Y |
Y4 Second Delay i of | o
) | . J
$449° | plDaalab ‘ - -
T . o

*Manufacturer's Suggested Retall Music & Electronics . . . Naturally!
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X-80 TRANSPORTABLE VERSION

MAIN COPY AND TRANSEER STUDIOS:

The following major studios are equipped to perform
digital-to-digital copying and transfer services,
digital-to-analog production of masters, and digital
recording and mixdown services:

Los Angeles: Lion Share Recording Studios (213) 658-5990
New York: The Power Station (212} 246-2900
San Francisco. Fantasy Recording Studios (415) 549-2500
Miami: Criteria Recording Company (305) 947-5611

With a dynamic range in excess of 90 dB, the X-80
beats the new %" analog master recorders by about
20 dB. That'’s a reduction in background noise level by
a factor of 100. And you can make multiple genera-
tion copies where the last copy is as good as the first.
Consider tape costs, both in the studio and in the propa-
gation of master copies: The X-80 uses ¥4" tape at 15

DIGITAL RECORDING AND MASTERING FACILITIES:

New York area:
ERAS Recording Studio (212) 832-8020
Sterling Sound (212) 757-8519
Digital Music Products (914] 725-3519

Los Angeles area:

George Duke Enterprises (213) 467-0828
R & B Digital (714) 980-4106
Rentals:

Audioforce Rentals, NY (212) 741-0919

IPS (one hour record time on 10.5" reel) while the ana-
log master recorders use %" tape at 30 IPS. That'’s four
times the tape consumption — with 20 dB less dy-
namic range (or worse). Believe it. Studio digital audio
makes a lot of sense, both technically and financial-
ly. Please call or write to secure your future in digital
audio.

DIGITAL ENTERTAINMENT CORPORATION

A SUBSIDIARY OF MITSUBISHI ELECTRIC SALES AMERICA INC.

Headquarters: 69 North Street ® Danbury, Connecticut 06810 @ Tel. {203} 744-322.6 ® Telex 703547
New York City: Suite 1530 ® 555 W. 57th Street ® New York, NY 10019
Los Angeles: 733 N. Fairfax Avenue @ Hollywood, CA 90046 @ Tel. {213) 651-1699 or 468-0817
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f you're banking on professional audio for your future suc-
cess, you’d better make a commitment to digital audio.

It’s clear that digital audio is the future of entertainment au- |

dio production. As a U.S. affiliate of Mitsubishi Electric
Corp., Digital Entertainment Corporation has the technologi-
cal and financial resources to make sense of your digital au-
dio investments. Your first important step is to evaluate the
equipment and systems available. We’re certain you will
find the X-80 to be superior from all points of view. Just check
the following features:

X-80 IS AFFORDABLE
While the other professional digital audio 2-track recording
systems require video tape recorders and complicated out-
board systems costing as much as $100,000 (for a practical
system), the reel-to-reel X-80 is available for about $25,000.
And it is as simple to operate as a regular tape recorder. And
more reliable.

BEST DIGITAL SOUND
The X-80 is regarded as the best sounding digital audio record-
er in the businesg. One reason is the wider frequency band
available compared to the video cassette based systems,
yielding a natural and more desirable sound.

EASY EDITING

The powerful error correction system provides for click-free
performance even after a conventional cut and splice opera-
tion! Yes, the X-80 is the only digital audio studio master ma-
chine on the market that allows you to do razor blade edit-
ing. No need for an expensive electronic editing system to per-
form simple edits. Cut, splice and listen. No need to play
through an entire tape reel to perfect the edit point as you
need to do with the other expensive video cassette based sys-
tems. No special training is needed to operate the X-80. You
use it just like an analog machine, but it’s digital.

MONITOR IN RECORD

The X-80 reads after write, allowing continuous monitoring

of what has actually been recorded. Try that with the video
cassette based systems.
ANALOG CUEING TRACK

The X-80’s additional analog cue track allows you to listen
to the tape at any tape speed for editing and cueing purposes.
{Remember that digital tracks can only be decoded and mon-
itored at nominal tape speed.} Try that with the video cas-
sette based systems.

SMPTE/ADDRESS TRACK
A separate address track is provided for easy interface with
other audio and video systems under synchronizer control,
without “stealing” one of the audio tracks.

DIGITAL TRANSFER AND COPY FACILITIES
X-80 digital-to-digital copy and transfer facilities are avail-
able in New York, Los Angeles and San Francisco right now.
Nashville and Toronto will follow shortly. Standard con-
verters will be available for all significant formats by the
end of 1983 to assure full compatibility with compact digital
audio disc master requirements, Also, we would be delighted
to assist in the transfer of “old” digital audio libraries to the
X-80 standard.

THE RIGHT DEAL FOR YOU

We want to help you prepare your future in digital audio,
whether it is stereo master or 32-channel multitrack record-
ing, or electronic editing systems. As a member of the Mitsu-
bishi Electric Corporation {$6 billion world-wide sales in
1982), our commitment to you is substantial and meaning-
ful. Discuss your plans with us before you make an invest-
ment in analog or digital audio tape storage or console sys-
tems. Invest your dollars carefully, especially in analog.
Call Bill Van Doren, Lou Dollenger or Tore Nordahl. You're
assured straight answers, fair dealings and long time audio
production equipment expertise. And we’ll do our best to tai-
lor the right equipment and financial package to your
situation.

MITSUBISHI

DIGITAL AUDIO SYSTEMS
For additlonal information circle #3
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GINEER | PRODUCER

— the magazine to exclusively sarve the
RECORDING STUDIO anci COMCERT 50UND
industries those whase work irvilves the
engineering and production ol cammercialty
marketable product for

— Records and Tape
— Film

— Live Performance

- Video and Broadcast

-

— the magazine produced to relate recording
ART ... torecording SCIENCE . .. to recording

EQUIPMENT.

Editor/Publisher .. ...... MARTIN GALLAY
Managing Editor . ........ MEL LAMBERT
Feature Writer . ......... ROBERT CARR

— Consulting Editors —

ROMAN OLEARCZUK ... Technical Operations
DOUGLAS HOWLAND ... Broadcast
STEVEN BARNETT ... Film
DAVID SCHEIRMAN . . . Live Performance

Assistant Editor ...... SANDY ST. CLAIRE
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Advertising Service

Manager ........... LAUREL CASH
Business Manager . . ....... V.L. GAFFNEY
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"RECORDING Engineer/Producer”

(USPS 768-840)

is published six times a year by GALLAY

COMMUNICATIONS, INC., 1850 Whitiey

Avenue, Hollywood, California 90028, and is

sent to qualified recipients in the United States.

One year (six issues) subscriptions may be

purchased at the following rates:

United States (Surface Mail} ....... $18.00
United States (First Class) ........ $23.00
Canada . . ...ttt i e $23.00
Foreign . . ............. . ..., $35.00

(Foreign subscriptions payable in U.S. funds
only by bank check or money order.)

RECORDING Engineer/Producer is not
responsibie for any claim by any person based
on the publication by RECORDING Engineer/
Producer of material submitted for publication.

Material appearing in RECORDING
Engineer/Producer may not be reproduced
without the written consent of the publisher.

H [

Controlled Circulation Postage
paid at
Los Angeles, California
Postmaster: Send form 3579
Address correction to:
RECORDING Engineer/Producer
P.O. Box 2449
Hollywood, California 90078
(213) 467-1111
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Production Viewpoint —
Making the transition from songwriter and performing artist to
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bands ... production techniques in Australia and the U.S.
by Robert Carr page 26
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Controlled Travel Path Acoustics Design Philosophy
by Mel Lambert and Paul Laurence page 50

Live Performance Sound —
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the San Diego State University Amphitheater

by David Scheirman page 58
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MULTITRACK RECORDING AND PRODUCTION
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Using the 3M Digital Mastering System

by Michael Tretow page 74
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— The Cover —
Interior of Westlake’s new Studio C control room, featuring an electrically
operated skylight, and innovative Controlled Travel Path™ acoustics design,
described in a feature article on page 50. Photography by Kathy Cotter.
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Neve. You'll begin to understand why Neve is far and away _ A’- ' ycho- 2 's of voic '_ music
the most respected nameiin a&l-;n mixing. W the f bal "» ce engineers.
The Neve sétind is so pure and natural, one might suspect )th -perf u 'nce, novel
that ns lfhad‘a hand in the design. Perhaps. - cire A/ W

Not m:[umment can be explained away.  All thi d at its purest, aspire
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DO SOMETHING GOOD
FOR YOURSELF

The creation of the Audioarts Engineering 8X Series con-
sole marks a new turning point in the technology accessible to
the 8, 16 and 24 track recording profession. This console
series affords the features and technical excellence previous-
ly available only in larger track formats — features like three-
band sweepable frequency semi-parametric equalization, full
24 track monitoring capability, mixdown subgrouping, stereo
monitor sends, electronically balanced inputs and outputs,
truly flexible effect send and return functions, and fully modu-
lar plug-in construction.

The features don’t stop here; 8X Series consoles also
include super solo sections (giving instant access to pre-
fader, post-fader and tape solo), comprehensive slate and
talkback systems, a built-in calibration oscillator, and a high
speed LED metering array in an easy-to-read meter bridge
assembly. Standard module features include XLR balanced
inputs (both mic and line), XLR balanced outputs (buss and
stereo master outs), continuously variable mic and line input
gain controls, switchable phantom power, phase reverse,
pad, 12dB/octave high pass filter, EQ bypass switch, channel

on button (w/LED indicator), channel peak clip LED, and the
exclusive Audioarts Engineering M-104 precision conductive
plastic linear fader.

The 8X is an excellent choice for the small studio in need of
upgrading performance or expanding format. For the large
studio the 8X is an ideal system for your Studio B or 24 track
mixdown room. Because it is compact the 8X is also ideally
suited to video and remote recording applications.

Whatever your application, the Audioarts Engineering 8X
recording console comes loaded with features previously not
found on medium format systems. The mixing engineer is
afforded maximum control and creative freedom. The tech-
nical excellence of this console approaches the theoretical
limits of today’s technology. If you demand sonic excellence,
meticulous craftsmanship and flexible control take a good
look at the 8X.

=5 i AUDIOARTS® ENGINEERING

= A DIVISION OF WHEATSTONE CORPORATION

5 COLLINS ROAD, BETHANY, CT. 06525 (203) 393-0887

In stock at Professional Audio Services & Supply Company, Burbank, CA. (213-843-6320)
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THE PRICE OF BEING
A PERFECTIONIST IS HIGH.

We're not out to sell TAD professional
loudspeaker components to everyone.

Only those who can afford to eliminate the
word “compromise” from their vocabulary.

Obviously, you won't hear that word bandied
about amongst the engineers at TAD.

Because our entire existence is dedicated to
the perfection of audio. To accomplish this you can't
be willing to skimp, to cut corners, to make sacrifices, |
to settle for less than the best. ‘

That's why every device we make is assembled
entirely by hand. With the precision youd expect of a |
watchmaker. Our diaphragm assembly, for instance, |
IS mounted with a gap precision of =1 millionth
inch to ensure high reliability.

We use tremendously expensive evaluation \
and testing techniques with the aid of computers
and esoteric acoustical equipment like a Doppler
Laser, a Laser Holograph, an Impulse Generator, and |

S

an Anechoic Chamber, to mention just a few.

Finally, we feel to make first-rate products you
cant settle for second-rate materials. So we use the
finest money can buy. Such as Beryllium diaphragms
and Alnico magnets.

Consequently, the sound we produce is totally
uncolored, uncluttered, and unmatched.

Which is why our professional loudspeaker
components are preferred by musicians, audio-system
designers and recording engineers who are
perfectionists when it comes to sound.

Andwho feel that the price of notbeinga
perfectionist is high.

/T\?l[l:jillg iﬁg{/ices

Professional Products Divisian cf Pioneer Electronics (USA) Inc.
4201 Long Beach Blvd., Long Beach, CA 90807. i%13),639-5050. Telex 656431
-e/p 11 O August 1983
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AUDIO ARCHIVE UPDATE

from: Bill Storm, director
Belfer Audio Laboratory
and Archive
Syracuse, New York

The article entitled “A Perspective on
Recorded History — The Audio Archive
and Laboratory at the University of
Syracuse,” by David Moore, published
in the April 1983 issue of R-e/p, was
appreciated, and has stirred a lot of
interest.

A reader and colleague has asked that
we clarify two points:

1. Aluminum disk reproduction. Prop-
erly fitted diamond styli can reproduce
sound from aluminum disks; however,
at risk to both stylus and disk. Unless
yvou're prepared to invest in the proper
styli, and understand theinherent prob-
lems, we would not generally recom-
mend diamond. Fibrous or thorn styli
would be safest.

2. Cylinder record composition. The
earliest record to use a tube coated with
wax was the Bell-Tainter graphophone
cylinder. This was basically an experi-
mental medium demonstrated primar-
ily for dictating purposes. The first
general-usage cylinders were homo-
geneous wax, and not “coated” tubes.

A cardboard insert was later used by
Indestructable Records of Albany, New
York. These records used the cardboard
insert with metal rings at each end
inside, not a wax, but a celluloid com-
pound originally patented by Lambert.

A celluloid material was also used in
the famous Edison Blue (and later Pur-
ple) Ambersol cylinders, but without
cardboard inserts.

Another point we would like to clarify
is that the variable acoustics system in
the[laboratory’s] studio is used primar-
ily to vary reverberation and absorption
characteristics for experimental pur-
poses. Simulating different listening
environments is but one small facet of
the system’s use.

Again, thank you for a job well done.
In two such subjective fields as music
and sound recording, we hope we can try
to stay objectivein the way we save and
protect this material for posterity.

ON THE RIGHT TRACK

from: Charlie Morgan, president
Morgan Sound, Inc.
Lynnwood, California

I thought I'd take a few minutes to

write and tell you that I really appre-

ciate thefine articles you are running on

live concert sound in R-e/p. As you are

well aware, the recording industry is

R-e/p 12 0 August 1983

setting new goals and presenting new
challenges for those of us doing live
audio on the road. A good recording dic-
tates the necessity for comparable qual-
ity audioin live performances. The need
for idea sharing, and an open approach
to techniques, has never been more
importantthan nowin helping to stimu-
late the live performance aspect of our
business.

I just finished reading the latest arti-
cle on the new Audio Analysts system
out with Styx [written by David
Scheirman], and have to say: “Well
done, Dave!”

AUDIO MYTHOLOGY:
BACKWARDS TAPE DUBBING

from: Douglas Pomeroy
Pomeroy Audio
Brooklyn, NY

In John Robert’s column, “Exposing
Audio Mythology,” published in the
April 1983 issue of R-e/p, he lists as one
of many possible topics for examination
the assertion that dubbing tapes back-
wards improves transient response of
the copy. Perhaps he has seen J.W.
Beauchamp’s letter in the Journal of the
AES (1968, page 112), which states that
“the Fourier transform of a time-
reversed signal is the complex conju-
gate of the signal in forward time.” The
requirement is that the tape recorders
used be as nearly identical as possible
with regard to frequency response, etc.

The procedure, as I understand it, is
as follows:

TAPE DECK
A

SIGNAL

(FORWARD) ] RECORD

FLIP

TAPE
PLAYBACK
(COPY #1)

QuUTPUT *REPLAY TAPE

BACKWARDS

TAPE DECK

INPUT B

RECORD

FLIP
l TAPE

PLAYBACK
(COPY #2) —H» FORWARDS

As can be seen phase correction can
take place only at the expense of an
additional generation of tape copying;
the other degradations of quality asso-
ciated with dubbing would, of course,
continue to multiply.

Tocomplete allthe steps necessary for
maximum phase compensation, final
(forward) playback must be via one of

wWwWWwW americanradiohistorv com

the identical tape recorders, and this, if
true, seems to me to greatly reduce the
practical usefulness of the whole
procedure.

Never having puttheschemeto a test,
I'd be very interested to hear from any
engineers who have seriously tried it. (I
believe that Tony Faulkner, working in
England, is one such person.)

Meanwhile, I found excellent your
discussion of the matter of absolute
polarity.

John Roberts replies:

Thank you for your kind comments.
On the subject of “backwards dubbing,”
I must admit I am not very enthusiastic.
I suppose if you happen to have a few
tape recorders lying about that don’t
mind running backwards, and you need
dubs for playing back on the same
model machines, then by all means go
for it. (Note: don’t use your noise reduc-
tion — the attack and release times will
be scrambled.) Backwards dubbing in
this controlled circumstance does
appear to offer a first-order phase cor-
rection. However I wouldn’t suggest
rewiring you high-speed cassette dupli-
cators to run backwards just yet.

It might be interesting to see what
this technique could do for the rather
severe low-pass filtering found in con-
sumer digital players. While there is no
standardization of filtering between
players, I expect some de facto stand-
ards could arise should this technique
actually do something audible. If some-
one out there has some first-hand expe-
rience with this, or has any observa-
tions to make, please drop R-e¢/p a line
with your comments. I wonder if I could
get the Hartford symphony to play
Tchaikovsky backwards?

ABSOLUTE POLARITY

from: Norm Laramee
Director of Engineering
KLAZ-FM/KOKY-AM
Little Rock, Arkansas
Regarding John Robert’s article on
absolute polarity[published in the April
issue]: I have yet to encounter any
noticeable negative effects resulting
from not observing absolute polarity — .
with one exception, however, that being
the effect mentioned by Don Hobson of
KJQY-FM in your Juneissue (“Letter to
the Editor”]. In the broadcast environ-
ment, it is essential that absolute polar-
ity be observed if the anouncers are
going to monitor their broadcast via a
receiver. The reason is quite simple
[since] the announcer is hearing his (or
— continued on page 16 . . .
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THE MCI PROMISE.

When MCI engineers set out to design the ! one of Sony’s four flexible MCI JH-600 conscles
world’s finest recording/remixing console, they can move right with you. You have our word on it.

promised to pack every one with more performance
and more features than ever before. And they kept For further information contact:

their promise. So well, in fact, that MCI consoles Professional Audio Products,

have become the choice of leading recording studios. Sony Communications Products Company, -
Now Sony is making a promise. The same Sony Drive, Park Ridge, New Jersey 07656.

versatile MCI JH-600’s that turn out hit after hit

can tackle every new mixing and sweetening job you

have, head-on. Audio production for broadcast, S ONYé

teleproduction, or wherever your studio is moving,

©® 1983 Sony Corp. of America. Sony is a registered trademark of the Sony Corp.
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Muakmg the Best Fven Better

Roland GR Guitar

<

Sruclavicr 1

Optional Ebony Mode! Synclavier || Keyboard

* Roland GR is a registered trademark of Roland Corporation, Japan

New England Digital Anonces
Fxatmg New Syndavier I Options

New England Digital Corporation is pleased to announce
exciting new options to be available as additions to all
Synclavier Il's.

Once again, with the release of these options, New
England Digital honors its commitment to steadily up-
grade the Synclavier II.

This consistency could only be possible from a company
whose product incorporates tremendous hardware/soft-
ware flexibility and power. The Synclavier Il has them
both!

@® DIGITAL GUITAR OPTION

Guitar Players - welcome to the world of computer
music! The synthesis power, creativity and flexibility of
the Synclavier Il can now be offered to guitarists using
New England Digital’s revolutionary new digital conver-
sion process. Complete access to all of Synclavier II's
capabilities, such as digital synthesis, automated music
printing and Sample-to-Disk™ are now yours. A unique
16-button LED panel attaches simply to all Roland GR*
guitars to allow convenient access to important
Synclavier |l real-time features. (Available August 1983)

Synclavier® Il is a registered trademark of New England Digital Corporation

wwWwW americanradiohistorvy com
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@ STEREO OPTION

Now any Synclavier II can be simply upgraded to pro-
duce fantastic live stereo results. Many elaborate stereo
control modes never before possible from any system or
recording environment come standard with Synclavier
iI's new Stereo Option. Increase your Synclavier II's
sonic capabilities, plus save valuable production time
and expense by going direct from Synclavier 1I's 16-track
digital recorder to 2-track tape!

@ MUSIC PRINTING “Enhanced”’

In March of 1983, New England Digital released a new,
enhanced version of software for Synclavier II's Music
Printing Option. Now, important aspects of western
music notation such as random changes in time signa-
tures and key areas are available, along with tuplets of
any kind. Plus, you will have instantly accessible editing
capabilities along with dynamic markings to enhance
your finished complete score or individual parts (see ex-
ample below). Yes, there is an automated commercial
music printing system which is available today . . . and
WOrKS.
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Actual Music Printing Sample, Reduced
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@ SAMPLE-TO-DISK “Polyphony’’

The company which offered the only high fidelity sampl-
ing system worldwide with a sample rate of 50kHz, 16-bit
data conversion, and extended sampling time to Win-
chester Disk (pictured below) is planning an exciting new
enhancement for the Synclavier II's Sample-to-Disk op-
tion... POLYPHONY. New England Digital engineers are
now working to expand the sampling capability to be
completely polyphonic. The same high-fidelity sonic
capability and high resolution presently offered will be in-
corporated. The new polyphony option promises to add
one more amazing capability to the Synclavier |II.

@ Z-80/C.P.M. OPTION “Personal Computing”

Available for all Synclavier Il systems is the convenient
Z-80/C.P.M. option. This simple retrofit option allows all
users to purchase computer industry standard C.P.M.
software programs to aid their personal or company
computing needs. Whether it is accounting, word pro-
cessing, or computer games, New England Digital’s
Z-80/C.P.M. adds another dimension to the remarkable
Synclavier II.

To New England Digital these additional options are just
steps along the path to the ultimate instrument. Some
day we believe the Synclavier Il will be a complete music
production facility. We also know that it takes a series of
developments to achieve this goal, especially in this
highly technical field. Using New England Digital's ad-
vanced hardware and software, along with creative input
from customers, will ensure the longevity of the
Synclavier II. We invite you to start with the best and
grow from there, as hundreds of others have! If you
haven't heard a Synclavier Il lately, you haven't heard it
at all!

Synclavier Il Instruction Manual
A complete and descriptive Instruction Manual is available
for $85 (USA & Canada) and $100 US (elsewhere).

For more information
please call or write: New England Digital Corporation
Box 546 Attn: R
White River Junction, VT 05001
802/295-5800
or one of N.E.D.’s only
authorized distributors:  New York: Digital Sound Inc
212/977-4510
Los Angeles: DJCS
213/274-8512
London: Turnkey
202-4366
Brussels: Trans European Music
569-1823
Montreal: Sound Box
N a 514/489-6851

'--'.i’.'. Johannesburg: Sunshine Records
new engiand digital 793-2913

1983 NE.D
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~ LETTERS

... continued from page 12 —

her) voice from three sources:

1. Through the bone structure of the
head.

2. Acoustic leakage of room ambience
around the headphone cups.

3. Electrically through the headphone
transducers via the receiver.

The first two sources are always in
phase; it’s the third source that can be a
problem. Naturally, if the received sig-
nal is out of phase with the first two,
there will be some degree of cancellation
perceived only by the person speaking.
I've had it happen to me simply by
changing microphone or a mike cable
or, more commonly, [while] experiment-
ing with equipmentin the audio chain.I
have found that some audio processing
devices will give an output signal that is
inverted from the input. Looking at the
schematics, it’s easy to pinpoint the
[signal]inversion.In fact, on some devi-
ces that I have observed the polarity is
flipped two or three times before being
cutputted.

Thereasons for this are obviously due
to a necessity in circuit design, and do
nottake away from the equipment’s per-
formance. This effect, by the way, is not
exclusive to FM. The potential for abso-
lute polarity reversal is just as great on
AM stations; the effect is identical. I

remember when it was popular to use a
devicecalled “Symetripeak” on AM sta-
tions. Its function was to constantly
switch polarity of the audio signal to the
transmitter, to transform naturally asym-
metrical voice to a symmetrical form. It
caused all kinds of headaches (literally)
for announcers. Most engineers at the
time, I recall, could not figure out why!

There are some other devices still in
use today that feature some form of
dynamic phase reversal: the BL-40
Modulimeter, for instance. Since I do a
fair amount of on-air testing of new
types of audio processing equipment,
about four years ago I installed a polar-
ity reversal switch in the microphone
linein the Control Room. So, wheneverl
install a new piece of audio gear, and the
announcer has difficulty hearing, they
just flip the switch and are back in busi-
ness again.

GRATEFUL DEAD
SOUND SYSTEM DESIGN

from: Dave Trautman

CTEN

Edmonton, Alberta

Canada

There’s a story [ love to tell my friends

aboutatripl madeto Vancouver when I
was younger. An acquaintance had laid
a free ticket on me for the Grateful Dead,

with the only hitch being that I had to
get to Vancouver to hear them. Spend-
Ing my last hard-earned dollar, I man-
aged to appear at a packed PNE Colli-
seum to be at my first Dead concert. 1
have been a devoted fan ever since.

I bore my friends with my enthusias-
tic descriptions of the sound system that
I heard, and the unbelievable clarity of
that performance. I have tried to des-
cribe to them what I thought I saw on
stage, but did not understand — itwasa
“wall” of speakers 40 feet high. It wasn’t
loud, but incredibly clear; I swore that I
could hear whispering on stage during
quiet passages.

For 10 vears I have wondered how it
was that the Grateful Dead could have
such a magnificent sound, and nobody
else could. After reading David Gans’
story about 20 years of experimenting
with the Grateful Dead|June 1983 issue,
page98 — Ed.], I finally was able to find
out just what was so special about that
PA system.

I want first to thank Recording Engi-
neer/ Producer for publishing the story,
and artist Mary Ann Mayer for the
sketch, sothat one of my life’s little mys-
teries could be cleared up.

Upon finishing the article, I couldn’t
help wondering why more groups don’t
use the same system. It appears much
more simple to operate; it is artist
friendly; logical, free from monitors;
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and, above all ¢lse, truly transparent.

David Gans explains that the Dead’s
mixer, Dan Healy, found the system too
big, too cumbersome, and too labor
intensive to continue with, and adds
that newer designs have improved on
conventional PA systems. But after
watching Supertramp assemble a huge
stage, lighting, monitor, projection, and

system, [ can’t help wondering if the

PPA wouldn’t make them happ-

ier. [ think that it was the fast pace at

which the group was tryving to perform
that killed the idea.

[ hope that some of the better ideas
from that “wall of speaker” system,
with its microphone-pair vocal concept,
will be picked up by others and used,
because | for one am very tired of not
hearing the band at a concert.

WHO MULTIMEDIA

from: W. Mark McKibben
VP Engineering
Wold Communications, Inc.
Los Angeles, California
I was very interested to read Paul

Lehrman’sarticlein the June 1983 issue
of R-e/p, concerning the Who concert
broadcast on December 17 of last year.
As he stated in his author’s note, this
was an extremely complex network.

In reading the article, I did note one

TOA TRANSDUCER TECHNOLO

PRECISION-ENGINEERED TO DELIVER

minor erroron page94. Atthe bottom of
column one, the author refers to
“AT&T’s Westar IV.” Naturally, I'm
sure he meant to say Western Union’s
Westar [V.

I would also like to point out that Wold
Communications was the prime con-
tractor for the communications ordered
in connection with this event. Although
the author mentioned Wold many times
in the article, it does not convey the
extensiverole played by our company in
designing and accomplishing the net-
work. In putting this together, the fol-
lowing entities were simply sub-
contractors to Wold: Canadian Telecon-
ferencing Network; Telsat Canada;
Canadian Bell; Satellite Signals Unlim-
ited; AT&T; and several other entities.

On page 95, column one, paragraph
two, the fact that Wold was a central
focus point for this event was alluded to
in the article.

NEW AUDIO SERVICE
FACILITY FORMED
Hy James, Inc. and DLC Design, of
Farmington Hills, Michigan, have
jointly formed a professional audio ser-
vice facility, to be known as Electro-
Media Service. Located within the Hy

James complex, EMS will offer ber
and field recording equipment repai
and complete studio maintenance pro-
grams. The new facility will be headed
by former U.S. Pioneer service man-
ager, Jim Pashkot.

For further information contact: Elec-
tro Media Service, 24166 Haggerty
Road, Farmington Hills, MI 48018.(313)
477-6502.

DATATRONIX TO BEGIN

DIRECT MARKET STRATEGY

The company will now market its
audio and broadcast product lines
directly from its manufacturing facili-
ties in the greater Washington, D.C,,
metropolitan area, rather than through
the distributors Datatronix has used in
the past. According to Datatronix gen-
eral manager George J. Ripol, “We
believe we can afford faster and more
comprehensive services to our custo-
mers through direct contact with our
engineers and audio/broadcast special-
ists who aresensitive to the needs of the
industry.”

The company, which manufactures
API mixing console, TELEPATH inter-
com systems, and a complete line of
modular components, is retaining the
services of Studio Consultants, New
York, and Nissho Iwai, Tokyo, and is
actively seeking additional foreign
representation.

FORMIDABLE PERFORMANCE.

Technical data available on request.

Professional Sound & Communications

TOA Etectronics, Inc., 480 Carlton Court
South San Francisco, CA 94080 (415} 588-2538

In Canada: TOA Electronics, inc., 10712-181 Street
Edmonton, Alberta 155 1K8 (403) 489-5511

© 1983. TOA Electronics. Inc.

— News continues on page 129 . ..
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AL INTERFACE UPDATE

itudio Applications of the RTW
Analog-to-Digital Interface Unit for

Sony’s PCM-F1 Digital Audio Processor

by Larry Lamoray
International Marketing Manager, Auditronics, Inc

There appears to be a certain degree of
confusion in the pro-audio marketplace
regarding the intended use and function
of the recently introduced RTW Studio

ProcessorSet, currently being marketed
exclusively in the U.S. by Auditronics,
Inc. While, to date, the interest shownin
the unit far exceeds the manufacturer’s

For additional information circle #10
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expectations, some misuderstandings
exist as to what the RTW Processor
does, and does not do.[For a description
of the unit’s main features, see the “New
Products” item on page 115 of the June
issue — Ed ]

While the Sony PCM-F1 Digital Audio
Processor is an excellent piece of equip-
ment (and an exceptional value), it is
unfortunate that the unitoriginally was
designed for, and targeted at, the con-
sumer market. As a result, the digital
code format of the F1 is similar to, but
non-compatible with, that of Sony’s
larger professional digital audio sys-
tems, including the PCM-1610. So,
although interest in using the F1 as an
inexpensive vehicle for high-quality
audio grows, the facts that there are no
editors currently available for the F1
format, and that Compact Disc master-
ing requires that U-Matic master tapes
be prepared to the professional 16-bit
format with accompanying timecode
tracks, dictate that use of the PCM-F1 be
limited, or at best compromised, by a
lack of available compatible hardware.

The RTW A/D Interface was deve-
loped originally at the request of a few
European broadcasters that possessed
Sony PCM-1610 Digital Audio Proces-
sors with accompanying editing sys-
tems, and who wished to utilize the Fl
for Electronic News Gathering or Field
Production, and then be able to edit and
assemble in-house on their larger sys-
tem. It so happens that this same philo-
sophy of use is applicable to recording
studios wishing to enter the digital
audio age, and master for Compact
Disc. However, the RTW unit is not a
panacea for all of the problemsinvolved.

The RTW unit will translate PCM-F1
14- or 16-bit data to PCM-1610 format
within the digital realm, for direct dig-
ital copying and subsequent editing; no
conversion to analog formatis required.
However, a PCM-1610 Processor must
still ultimately be involved to edit, or to
master for Compact Disc.

The unit will provide balanced, line-
level analog inputs and outputs via XLR
connectors, and 10 dB of headroom
optimization by inverse gain control in
2 dB steps. The PCM-F1 alone has
unbalanced inputs and outputs, at -10
dB, via phono-type connectors. The
RTW Interface also will provide DC
powering for the PCM-F1 and up to two
VCRs, such as the Sony SL-2000
Betamax, and will interface between
them for direct digital-to-digital copy-
ing. In addition, it will provide a more
comprehensive display of the error cor-
rection taking place within the PCM-F1,
together with manual control of the F1's
pre-emphasis function.

The RTW unit is similar in physical
size and appearance to the Sony PCM-
F1, and is available with transformer-
isolated or active-balanced differential
inputs and outputs. An accompanying
modification is required to the F1 being
used with the unit, and it should be
noted that this modification will void
the warranty. sss
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When you know exactly what you want but
your console keeps saying, ‘‘You can’t get there R BY-

from here”, there’s something you can do
besides screaming and pounding your fists. Haul N T AT
yourself down to your TASCAM dealer and take -
a hard look at our M-16.
For production requiring 16 to 24 inputs,
you'’re not going to find a faster board anywhere.
With the M-16 you don’t need fingers the size
of pencils, arms as long as your legs and a
photographic memory. . . you just need to know
what you want to hear.
Our M-16 has the most sensible layout, most
versatile EQ and monitor sections and the most
flexible signal routing of any board at the price.
Whether you're cutting radio spots, doing
production/post-production for film or video, making
demos or building multi-image audio, the M-16
has both the features and price to keep your bottom
line black and your toughest clients happy.
Relax. Get a grip on yourself and give our
M16 a good hard look. See your TASCAM dealer

or write TASCAM Production Products, s . ¢ & I
7733 Telegraph Road, Montebello, California y 2 e
90640, (213) 726-0303. TEAC Production Products

Copyright 1983-—~TEAC Corporation of America.

Re/pl190A
For additional inforg)ati.on circle #11 12 Reegls
WWW americanradiohistorv com
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The Otari

%" eight channel
MK III-8

Before Producer/Artist Jeff
Baxter rolls into expensive
studio time, he rolls tape on an
Otari machine. At Home. In his
studio, Casual Sound.

“The Otari saves me a great
deal of time and money. A
recording studio was never
intended to be a $150.00 per
hour rehearsal hall, so I work
out ideas and refine the tunes
before I go into the studio.

All my pre-production
recording for the last several
years has been on my Ofari.
That machine has never left
my studio, —it’s been
incredibly reliable.

There’s a lot of musical
moments that have been
captured on that machine
...some of which have been

directly transferred to the final
multitrack masters. .. Elliot
Randall, Doobie Brothers, on
and on. The Steely Dan
Pretzel Logic album was
mastered on an Otari 2-Track.
And, that’s obviously a
statement in itself. .. how I feel
about the quality of the sound”

Jeff Baxter's always been into
instruments that musicians can
afford. It’s obvious that he’s also
been heavily involved at the
leading-edge of recording
technology.

Besides telling you his feelings
about Otari tape machines, there’s
just one other tip Jeff would
like to leave you with:

“Try anything and every-
thing and always roll tape.”

(/L -,-.IEI-".'o Technology You Can Touch.

Otari Corporation, 2 Davis Drive, Belmont, CA 94002

Tel: (415) 592-8311 Telex: 910-376-4890

For additional information circle #12
wWWW americanradiohistorv com

© 1982 Otari Corporation
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EXPOSING AUDIO MYTHOLOGY

Laying to Rest . .. or at least
exposing the false premises upon which
they are based . . . some of the Pro-Audio
Industry’s more obvious “Old Wives Tales”

by John Roberts

m n response to my column in the
April issue dealing with “Golden
Ear” terminology, [ have received the
following “Not-quite-so-GE-Glossary’”:

1. Imaging: Hallucinations caused by
too much Tequila.

2. Soundstage (soundspace): A
straight line between the speakers.

3. Brittle metallic sound: One of the
tweeters is rattling; the back panel of
the console is loose, and about to fall on
your toes.

4. Coloration: Pure, regular distortion.

5. Hard, Edgy: Regular distortion
made nastier by higher level; the pro-
ducer is deaf at 3.6 kHz.

6. Tonal purity: You've left the desk
line-up oscillator on; you are playing the
master tape before the first track where
the tones are.

7. Hard, hardening and coarsening of
texture: The producer is going deaf at 3.6
kHz; you hit your head on the ceiling
slung monitors; the vocalist is pulling
rocks out of the acoustic treatment, and
throwing them at you.

8. Thicken texture: Put back the front
covers on the monitors.

9. Definition: Ability to identify accu-
rately which of 16 drum mikes you're
listening to.

10. Weight: One of the monitor has
worked loose, and fallen through the
floor into Studio Two.

11. Congestion: Youhave leftupin the
mix at least one of the badly-recorded
guitar solos on tracks 14, 17, 21, 22, 23,
and half of 24 (with the second part on
track 2), along with the real one (which
is on tracks 13, 16, 20, and the first half
of 24) by mistake, and it (they) is (are)
getting in the way.

12. Cool sound: You are working on a
Jazz album; you just walked in from the
Jacuzzi; it is winter here in Boston and
you left the studio door open — snow is
piling up on the console, and the heating
system is about to burn out.

13. Harmonic richness: Nice distor-
tion (see #4).

14. Dynamic contours: The producer
is messing with the master fader; the
compressors are not working; the VU
meters move more than 0.1 dB during
the track.
©15. Tube-like roundness: Fashionably
nice distortion (see #13).

16. Character: A room that wasn’t
designed by an “acoustic consultant.”

17. Softness: Responseis5 dB down at
10 kHz: you can hear yourself think in

the control room; the monitoring amps
and/or speakers have blown up or
melted; the session ended 3 hours ago,

and you are wondering exactly where
you are.

18. Blurring: Precursor to #1.

19. Nasal: The tweeter and bass unit
have blown; you have patched in a com-
pressor with pin 3 hot to your board,
which has signal on pin 2.

20. Glare: Finishing a vocal overdub
session at 10 a.m., and going out on to
Sunset to get a beer.

21. Eveness: Tightly controlled sib-
ilants (‘“even-ess”); reciprocal of #14.

I would like to thank the British engi-
neer/producer who sent me these rather
‘interesting” GE definitions; now if I
can only get him to send me some
straight questions ... We will be putting
the real Glossary together later on this

There are many ways

to split a mic,

but only one way

is best

Jensen MB-series Mic Splitter Transformers

When you need to split a mic, you should use a trans-
former because it provides a balancad, isolated signal to
the input of each mixer; none of th2 mixers’ grounds
need be connected to each other (v a the mic cable) so
ground-foop induced noise is easily avoided. There
must be a Faraday shield on each winding so that the
transformer will not provide a path for capacitive

coupling of common mode noise.

JENSEN TRANSFORMERS are best oecause, in
addition to meeting these requirements, they
minimize degradation of the mic signal’s fre-

quency response, phase response, and distortion
characteristics. To prevent common mode noise
from being converted to a differentaal signal,

each end of every winding in a JENSEN
TRANSFORMER has its capacitance
precision-matched to that

winding’s Faraday shield. These

are just a few of the reasons why

most engineers end up using

JENSEN splitter transformers.

The JENSEN JE-MB-C, JE-MB-D
and JE-MB-E microphone bridg-
ing transformers will split a mic
signal to 2, 3 or 4 mixers.

nsist on the best...
insist on a JENSEN.

jensen transformers

By REICHENBACH ENGINEERING

10735 BURBANK BLVD./N. HOLLYWOOD, CA 91801
(2131 876-3059

www americanradiohistorvy com

Visitors by appointment only.
Closed fridays.
0
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year. There is still time to send in your
definitions, so please share them with
us.

From the definitions received so far, [
think I canidentify atrend. Many of the
GE terms describe subtle differences in
spectral balance (frequency reesponse).
In some cases two or more words des-
cribe the same effect, depending upon
the viewer’s positive or negative percep-
tion of theresult. To help quantify these
terms, please include specific frequen-
cies (guess), and antonyms if you know
of them. Wouldn’t it be great if we could
line up all these terms to a frequency
chart?

More Absolute Polarity

In the April issue I made the sugges-
tion that, for archival purposes, we
should attempt to maintain absolute
polarity through our recording chain,
based on the expectation that playback
equipment will continue toimprove, and
polarity someday may be more audible
than it is now. I would like to point out
another way that polarity can get mixed
up, and which isn’t always obvious.

In 1975 the IEC issued Standard #268
part 12 covering three-conductor, XLR-
type connectors. As defined by the
standard:

Pin 1: Shield
Pin 2: Signal (+)
Pin 3: Return (-)

However, there exists another infor-

mal standard — sometimes called the

“American” standard — which uses:
Pin 1: Shield
Pin 2: Return (-)
Pin 3: Signal (+)

There has not been a stampede among
non-conforming manufacturers to
comply with the IEC standard, since a
polarity reversal at both the input and
the output will tend to correct itself, and
there is no problem interfacing bal-
anced lines. It does get a bit messy with
unbalanced lines though, and some
quick cable rewiring often is required to
get the system working. To the best of
my knowledge, most microphones con-
form to the “pin 2 hot” standard, but
polarity varies with mixers and other
high-level gear. If the manufacturers
will let me know which standard they
are wiring to, I'll endeavor to print a list
of who is doing what. In the meanwhile,
check the small print and good luck.

Also on the subject of polarity, if you
have added transformers to your sys-
tem, note that there will be a dot on the
secondary lead thatis in phase with the
dotted primary lead.

New Business: ‘“Distortion Boxes”’
In this month’s column I would like to
examine why perfectly sane people
spend up to thousands of dollars to add
distortion to their audio product(record-
ings, broadcasts, etc.).
Fuzz: Probably the largest (intentional)
source of distortion is the guitar effect
known as “fuzz” or “fuzz-tone.” With a

name like “fuzz” you wouldn’t expect it
to sound clean, and no surprises here; it
doesn’t. Instead, to my ears at least, it
sounds rather like a severely clipped
amplifier. The effect usually is created
by clamping a signal with a diode, or by
overdriving a pre-amplifier, which is
how I expect the effect was created.

Why do people use it? Well, because
the effect sounds good. Guitars/
amps/speakers are not known for their
wide frequency response. Processing
the signal with a fuzz box adds many
higher harmonics to give the signal
more “edge” [1] to help cut through the
mix, and “sustain” [2] to smooth the
dynamics.

[1] Edge: Refers to the balance between
fundamental and higher frequency
components of a given signal. More
emphasis on the higher components
will give a signal more edge. Sometimes
referred to as “bite.”

[2] Sustain: The ability to hold a note
beyond it’s normal decay. An instru-
ment’s natural sustain will be affected
by playing style, body rigidity, and
string termination. Sustain can be arti-
ficially extended by adding compres-
sion, or fuzz, and/or allowing the
speaker to feedback to the strings.

The fuzz effect I’ve been describing is
usually found in under-$100 floor boxes.
There is another type of distortion box

FIRST YEAR,

Gotham Audio Corporation revolutionizes
the stereo disk recording industry and significantly upgrades
the American studio scene by offering, in one place,
the world’s most sophisticated audio equipment

and engineering backup.
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invading the studio with a price tag in
the thousands of dollars. As you might
expect, these studio boxes don’t sound
like a clipped amplifier. What they do
sound like is a bit difficult to explain, so
I won’t, at least not now.

For obvious reasons, the manufactur-
ers of these “studio-quality” boxes do
not call their effects “distortion.”( Can’t
you just hear the producer saying to the
mix engineer, “Could you put a little
more distortion on the lead vocal!”)
Instead, they call these effects “exci-
ters,” not to be confused with the exci-
ters found hooked up to radio station
transmitters (they are not inter-
changeable).

How Do They Work, Why Do They
Work, And Do They Work?

These studic “exciters” are much
more sophisticated than their fuzz-box
relatives. First of all the effect, when
properly executed, is subtle. The output
just sounds better. It is a serious
paradox that adding distortion can
make a signal sound cleaner, but that is
exactly what happens.

Any classical definition of distortion
would label the signals being intro-
duced by these “exciters” as distortion.
[The office Webster’s, for example,
defines distorticn as: “falsified repro-
duction caused by a change in wave-
form of a signal” — Ed.] Our ears, how-
ever, do not alweys agree.

The reason these effects sound as

good as they do is because they specifi-
cally create only the second harmonic
or,in some cases, are adjustable between
the second and third harmonic.
Secondly, they do not operate on the
whole spectrum, but rather a limited
band of frequencies where signal fun-
damentals typically occur. This has the
effect of reducing unpleasant intermod-
ulation distortion by very high or very
low frequencies, and also limits the
created harmonics to frequencies where
they alreadv are naturally occurring.
Signals rich with low-order harmonics
are often describec as “warm” [3].

[3] Warm, Warmth: I don’t know.
Sounds like a lot of low-order distortion.
Note: some tube designs noted for their
warmth have overload characteristics
that favor the lower harmonics.

With the possible exception of the
flute, which is almast pure (pianissimo
95% fundamental), most musical sounds
are made up of complex combinations of
fundamentals and overtones. On paper
at least thereis nodifference between an
instrument’s first overtone and that
fundamental’s second harmonic. Prop-
erly introduced low-order harmonic dis-
tortion can sound quite musical; get a
bit too heavy with the third harmonic
and it starts sounding like distortion
again.

While I don't see these boxes displac-
ing proper recording technique, they do

create interesting and useful effects. So
next time you're mixing down and the
vocal just isn’t cutting through, you
may want to ask the engineer to add a
little distortion!

Reference: Patent # 4, 150, 253. Curt
A. Knoppel; “Signal Distortion Circuit
and Method of Use.” April 17, 1979.

PS: If you are interested in figuring
out how equipment works, patents make
very interesting reading. Contrary to
popular belief, the Patent System was
not set up to enrich inventors. The
government makes a deal with the indi-
vidual inventor: in exchange for com-
plete disclosure of the invention, he or
she has protected use of it for a fixed
period of time. The intention of this sys-
tem is to discourage inventors from kee-
pign their good ideas secret. As one gocd
idea can often generate another, much
can belearned from studying patents. If
you are interested in how a device
works, and there is a patent number
printed on the back of the unit, or in the
literature, you can send away to the
Patent and Trademark Office, Wash-
ington, D.C. 20231; enclose $1.00, and
the number of the patent in which you
are interested, and in a few weeks you
will get the copy(s) in the mail.

Make sure you copy the patent number
correctly, or you may end up with a pat-
ented doggie umbrella, or other such
useful article! [ 1]

- TWENTY-FIFTH

DITTO.

SEE OUR EXHIBIT AND CELEBRATE WITH US AT THE WARWICK HOTEL DURING THE NEW YORK AES CONVENTION, OCTOBER 9-12, 1983.
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For additional information circle #16

FEATURING

mE“ AND SONYa PROFESSIONAL AUDIO

A Division of Sony Corporation of America

AB SYSTEMS @ A/DA ® AKG ® AMPEX RECORDERS ® AMPEX MAGNETIC TAPE ® ANVIL
CASES @ APHEX ® A&S CASES @ ATLAS SOUND e AUDIOARTS ENGINEERING @ AUDIO
ENVELOPE SYSTEMS e AUDIO TECHNICA e AUDIO TECHNOLOGY @ AUDIOTRACK
® AURATONE @ BAG END ® BEYER ® BGW o BIAMP @ BOSE @ BUD e CALIBRATION
STANDARD INSTRUMENTS @ CERWIN VEGA ® CETEC GAUSS e CETEC VEGA e
COUNTRYMAN @ CROWN® DBX ® DELTALAB RESEARCH ® EASTERN ACOUSTICWORKS®
EDCOR @ EDIT ALL/X-EDIT ® ELECTRO-VOICE ® EMILAR @ EVENTIDE ® EXR ® FURMAN
® GALAXY AUDIO ® GOLD LINE ® HAFLER ® HARBINGER AUDIO @ IVIE ® JBL ® KLARK-
TEKNIK @ LEX!ICON @ LINN ELECTRONICS ® LOFT @ MCI ® MICMIX/ MASTER ROOM e
MONSTER CABLE ® MRL ® MXR® NADY SYSTEMS @ NEUMANN @ OMNI MOUNT @ ORBAN
® PAS ® PEAVEY ® PENTAGON ® PRD CO/LIFELINES ® RAMSA ® RENKUS HEINZ e
RUSSOUND ® SAMSON @ SCOTCH 3M @ SENNHEISER @ SESCOM ® SHURE ® SONY
® PROFESSIONAL AUDIO PROOUCTS @ SOUNDCRAFT ELECTRONICS @ SOUNDCRAFT
MAGNETICS ® SOUNDOLIER ® SOUND TECHNOLOGY ® STUDER REVOX e STUDIO
MASTER ® SUNDHOLM ELECTRONICS ® SWITCHCRAFT @ SYMETRIX @ TAD ® TANNOY
® TASCAM ® TASCAM PRODUCTION SERIES @ TAPCO @ TDK ® TECHNICS/PANASONIC
® ULTIMATE SUPPORT SYSTEMS @ UREI ® VISONIK ® WHITE INSTRUMENTS @ YAMAHA

Everything You Need
For Stage or Studio?

v 10
@/ DRUFESSIVNAL AUDIY

5447 TELEGRAPH AVE.,, OAKLAND,CA S46098 (415) 652-1553
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INDUSTRY
INVENTIVENESS
IN THE EIGHTIES

A Profile of Film and
Television Mixer
BILL GAZECKI

by James Riordan

As sound recording techniques and
applications continue to expand, it
is predicted that a whole new horizon of
related careers will materialize. Many of
these new careers will be explored in
future columns, but for thisissue I'd like
to look at what I consider to be a classic
transition. At first sight, moving from
recording music to recording all types of
sound may not seem as though it would
require a lot of new training. But when
we consider the transition one makes in
leaving the world of the record business
for the world of television and film, we
are talking about quite a transition
indeed.

Bill Gazecki

Probably the most common “new”
career fortoday’s music engineer will lie
in TV and film recording. Ourinterview
this month is with Bill Gazecki, a man
who after achieving a good deal of suc-
cessin the music business as a producer
and engineer saw that a future in film
and televison sound could even be more
fulfilling.

Gazecki is probably best known as
associate producer of The Rose sound-
track, and as the engineer who helped
Paul Rothchild put together The Door’s
Greatest Hits. He also has worked with
such artists as Fleetwood Mac, Nick
Gilder, Leo Sayer, Pure Prairie League,
and Joe Cocker. Gazecki also designed
and built a private recording studio for
David Holman, which later was used to
record the Xanadu soundtrack album.

Gazecki grew up in San Francisco
during the Sixties, and by the age of 15
had secured the interesting job of select-
ing the music for an experimental
encounter group specializing in psycho-

— continued on page 127 . . .
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The 6120 is an original — not just ! B EASY AUTOMATED

a warmed-over copy of some other | \ Y/ L
duplicator. It's brand new, and offers o : OPEBA.NON
you more time-saving, quality bertl The 6120 practically runs itself. The
features in one compact package : s a System features automatic end of-tape
than any other duplicator on the 1 o A | B P N stop and auto recue on the reel
market today. ! V'S e 7 master, and a choice of manual or
. [ __ __on3 auto rewind on the cassette master,
FAST - an 1 Y4 & » providing virtually uninterrupted

operation. Changes in equalization are
made automatically when you change
speeds on the reel master, thereby

16-to-1 copying speeds from reel or

cassette. Reel moduies run at either =
60 or 120 ips and cassettes run at : '} . . e
30 ips, which means you can copy (Lo v reducing setup time and avoiding

. errors.
up to eleven one hour programs in |

less than two minutes! I Ihe new EXPANDABLE
EFFICIENT The modular, building block concept
] 3 lets you buy just what you need

183 §222§7aricr§)p 5252“227 o(u1 Zj?)r:qm) s I I x 1 o today and expand the system to
2 p O meet your growing needs tomorrow.

waste time rethreading from one reel Modules simply plug together.
format to another. All key setups and ,

. . There's no need to add people or
adjustments are made easily from the space as the system grows
front of the system, so you dcn’t have because the 6120 is so compact

to waste time moving or disassembling
the 6120. Accurate monitoring and = e\(/)f)r; r;g’é' ;;s(t)?‘r; g;r; (?r?

precise adjustments of audio and bias
QUALITY TRADITION

levels are made possible even at high
speeds, because of quick response
For over 20 years now, Telex has been the
choice of those who are fussy about the

LED level indicators. All cassette slaves
quality of their duplicate tapes. The brand

are independent, so a jammed tape

won't shut down the entire system, and - 3 :
new 6120 is made in the U.S.A. in the
Telex tradition of quality, so parts and

a LED indicator warns you of an

incomplete copy in case a cassette tape . A
jams or ends before the master. service are always available. To learn more
about the 6120, write today for complete
specifications and production capabilities.
You can produce eleven C-60 cassette tapes While you're at it, make an appointment to
in less than two minures! see our special 6120 video tape
presentation entitled “Beating Real Time".

TELEX COVIMUNICATIONS, INC.

96C0 Adrich Ave. So., Minneapolis, MN 55420 U.S.A.
Europe: Le Bonaparte—Office 711
Centre Affaires Paris-Nord, 93153 Le Blanc-Mesnil, France.

Zall Te! Free in US. 800-828-6107
In Minnasota Call (612) 884-7367

' 'v ' - E S SR B D D D D D D B D S S
{

4 D Send me literature

D | want an appointment to see the special
6120 video tape presentation.

Mail coupon to:

Telex Sales Information Center
P. O. Box 480 Cathedral Station
Boston, MA 02118

- Y
-

Name

Title

Company/Organization

Address

City State Zip

B A S s s XY

Best time to contact

For additional insormation circle #1

Phone No.
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eter Mclan’s career has included virtually every role in the recording industry: engineer, producer, studio manager, A&R
p staffer, songwriter, and recording artist; his reflections on today’s music business are uniquely qualified. He first gained
preminence with his solo album, Playing Near the Edge, which Mclan wrote, arranged, and produced. A single culled from the
album, “Solitaire,” became a Top 40 hit in 1980. From there he went on to produce Franne Golde, and one of the songs they
co-wrote, “Looking for a Stranger,” is Pat Benatar’s current hit. Following his success with Golde, Mclan was introduced to
Peter Karpin, who served as A&R man for CBS Australia. What had been planned as a five-week stay turned into an Aussie
Odyssey. Karpin had just signed a band from Melbourne, Men At Work, and Mclan dropped in at their first gig in Sydney.
Inspired by their inventiveness, polished performance, and the unusual vocal qualities of Colin Hay, McIan and the band went
intothestudio and emerged six weeks later with Business As Usual. The album went multi-platinum worldwide, produced two
number one singles, and is said to be the most successful record in Australian history. The group’s second album, Cargo, also
produced by Mclan is selling like vinyl hotcakes. R-e/p caught up with this hard-working engineer/producer at Sunset Sound
in Hollywood during sessions with an Australian band, Dear Enemy. What underlies his straightforward approach to

recording and producing? What’s it like to work down under? Pull up a fader and listen to the soft-spoken Mclan tell his story.
R-e/p (David Gordon): Do you feel that
then, by remaining as objective as pos-
sible, he creates a perspective. The
lyric of the music is.
In terms of dealing with the personal-
mix right; trying to make it as pleasant
and run as smoothly as possible in the
for me it’s the best job in the world. You
handle large creative elements as well

the producer’s role is active like a direc-
PRODUCTION VIEWPOINT — U.S. &§ AUSTRALIA tor, or is he or she more of a babysitter?
directorial element is also involved.
What I try to doin every song is to find
itiesinvolved,I think part of production
is trying to make it as easy as possible
studio. After all, the main objectis to get
a performance on tape, and that’s what
as the problem-solving side of it, which
is constantly changing. On each and

Peter Mclan: I think the producer is a
“facilitator.” He takes the audience
the core of the material and bring that
Interviewed by David Gordon out, so that there’s an atmosphere of
for those performers to perform. And, of
course, it’s important to spend a good
we'rein there for. So there’s a lot of jack-
of-all-trades involved in producing. As
every project there are different prob-
lems that arise, so it keeps you on your

viewpoint and expresses it to the band;
creativity that supports whatever the
deal of time trying to get the headphone
far as the creative elementis concerned,
toes!

R-e/p (David Gordon): How did you feel
atthe time youleft the States to workon
sessions in Australia?

Peter McIan: The opportunity to go to
Australia was terrific, but there was
also a push from here. I was so bloody
bored with American radio at the time.
It seemed like all the records sounded
the same — the “L.A. Sound” — which
when it first started was innovative, but
it had just been driven into the ground.
A lot of people blame that on the session
players and say that they’re using the
same musicians. But that’s simply not
the case. Those players, in most cases,
are tremendous musicians, who are
innovative themselves. The problem
has been that the requirements of radio
and production were to play it safe, and
whenever you dothat you automatically
squash any innovation that’s going to
take place.

So I went to Australia and suddenly
was exposed to music that [ simply had
never heard before, but which has since
become successful here with bands like
Duran Duran, The Human League,

R-e/p 26 O August 1983
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The ComposerPackage

Paul Bliss bought his first Soundcraft console in 1978.
As a song writer and record producer, he has always
enjoyed the benefits of composing straight onto tape —
that’s why so many of his songs have been hits for
performers as varied as Uriah Heep and Olivia Newton
John.

But we amazed him with the Producer Package. With
the Series 1600 console and Series 760 multitrack, Paul
found he could take an affordable leap from 8 to 24
track recording. And that took him from the realm of
demos to top quality masters, all in a home studio
facility.

"I recorded the master of ‘Casualty’ for the Hollies in
my studio, and we overdubbed the vocals with Graham
Nash over in the States. The engineers in the studio in
LA were quite amazed at the quality of my recording.

“"Where the Series 1600 really scores for me is the
patchbay. That lets me connect up my keyboards,

MWW ameri

synthesizers and drum machine to the console and tape
machine with just 5 multicore cables. And lets me patch
anything to anything without leaving my chair.

“Soundcraft call the T600 and 760 the Producer
Package. It really feels like it was designed especially
for me. So perhaps they should call it the Composer
Package too.”

Soundcraft

The Producer's choice

Soundcraft Electronics Limited, 5-8 Great Sutton Street,
London, EC1V 0BX, England. Tel: 01-251 3631. Telex: 21198.

Soundcraft Electronics USA, 1517 20th. Street,

Santa Monica, California 90404. Tel: (213) 453 4591. Telex: 664923.

Soundcraft Canada Inc. 1444 Hymus Blvd. DORVAL

Quebec Canada HIP 1J6 Tel: (514) 685 1610 TIx: 05 822582
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To the audio professional, when a
compressor or limiter is needed to
tame the potentially disastrous
consequences of uncontrolled level
or to create special effects, one
name stands out as the best: UREI.

Studio Standards for more than
a decade, the compressors and
limiters from UREI have earned their
way into thousands of recording,
mastering, and broadcast installa-
tions around the world.

Because we built our reputation
for unparalleled professional
performance and quality with our
compressors and limiters, we have
continuously advanced their
engineering and technology to offer
more reliability, features and
performance. When you need the
fastest, quietest and most flexible
gain control instruments available,
you can be totally assured that these
products will prove to you why
they’ve earned the title — Studio
Standard:

The Model LA4

stereo coupling. The 1176LN is the

most widely used limiter in the world.
The Model 1178

A two channel l z E;
version of the The U I
1176LN in a

compact

emet  Compressor/Limiters

mounting design. Featuring perfect
tracking in the selectable stereo
mode, it additionally offers
selectable VU or Peak reading meter
ballistics.
From One Pro To Another — trust all
your toughest signal processing
needs to UREI.

A single channel, half-rack unit with
patented electro-optical attenuator.
Featuring smooth, natural sounding
RMS action, it offers selectable
compression ratios, a large VU
meter, adjustable output and thresh-

old levels and stereo colipling.
The Model 1176LN
A peak limiter which features

adjustable input and output levels; ,/ ' ,4' h !
individual attack and release time ’
controls; selectable compression r*
ratios; switchable metering;and S

.

| r[

P

5 . P e
@FD From One Pro To Another

United Recording Electronics Industries

]

8460 San Fernando Road. Sun Valley, California 91352 (213) 767-1000 Te|ex 65-1389 UREI SNVY
Worldwide: Gotham Export Corporation, New York: Canada: E.S. Gould Marketing. Montreal

WA americanradiohictoryy cam

© UREI 1980

See your professional audio products
dealer for full technical information.
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PRODUCTION VIEWPOINT

PETER McIAN

Stray Cats. There were a number of
records by English and Australian
bands that were being played regularly
on the radio there, and having hits. [n
the last year that music has finally
broken through in the United States,
and to meit’s a really exciting time here
for new music. [t’s taken some doing on
the part of the more innovative radio
stations around the country, like KROQ
in[L.A.,MTV, and those program direc-
tors courageous enough to put the
numbers on the line and try something
different — as opposed to the same old
“chainsaw music,” or the L.A. sound
that has been going on for years.

R-e/p (David Gordon): What effect has
the huge success of Men At Work had on
vour producing career, and your
creativity?

Peter Mclan: Well, to behonest,inalot
of ways I haven’t had the chance to dig-
est it! We’ve gone from the Men to other
projects, and the obvious change is the
ability to work more often. I now have
the chance to do a record with a new
band if 'm interested in them, whereas
before it was a process of doing demos,
and the usual chain of events that go
into getting an A&R department to say
((yes.))

Now [ have a bit more credibility, so
that when I walk in the door there is at
least an ear to hear whatever it is I'm
playing. That has been the main
change, andit’s been the onethat’s most
exciting because my principle interest
has always been new bands. I find it
much more interesting, much more
exciting, to work with a new band than
todothe11th album by somebody who’s
established. This isn’t a question of
musical validity, it’s just a personal
preference.

To me it’s really exciting to go
through the pre-production period of
rehearsal and so on, and then come out
the other end with a band that has a
little bit different identity, or a more
solidified identity, and to hear the way
the songs change. It’s a very exciting
process, and now [ havethe opportunity
to do it more often.

R-e/p: It’s our understanding that
bands in Australia survive by their live
gigs, and that they need to have a con-
stant flow of fresh material in order to
keep their audiences interested. Men At
Work is reported to have had hundreds
of songs in its repertoire. In your role as
producer for the band did you take the
best parts of various material and com-
bine it, or was it a matter of focusingin
on songs that you thought were strong,
and then developing them?

PM: More the latter. It was a great posi-
tion for a producer to be in, because they
had a lot of really good songs. In fact,
some of the songs on Cargo were written
four years ago, although many of them

are brand new. In working with them we
picked what we thought werethe 12 best
from the standpoint of coherency in
terms of an album. Then we went to
work developing those songs and devel-
oping a sound, which I think is a key
part of the pre-production process. It’s
not just the arranging and rearranging
and rehearsing of songs. It also gave me
an opportunity to hear the band, and
begin to get ideas of what the record
should sound like to support those
songs. That’s basically the way it came
about. We probably rehearsed 20 songs,
and chose 12 to record.

R-e/p: Many of the Men At Work songs
start off with a very distinct introduc-
tion, almost a musical logo. Is that
something that you put into the sound,

MEN AT WORK

“The marketing

ance of video is just begin-

ning to come into its ownin

this country, and when it

does I think that it’s going
to explode!”

import-

while shaping them, or is it something
that was already there which you
brought out?

PM: I’'ve always considered intoduc-
tionsto beextremely important; they set
up the mood of the song, and there’sa lot
you can do with anintro. You cando the
old “sucker punch,” where the intro is
quiet and when the actual body of the
song comes in you hit them over the
head with it. Or you can establish the
mood for the vocal with the intro.

In most cases, whenever we work on a
song it’s a cooperative effort and the
intros are usually not the same as they
were before we started working together.
I’ve always considered them to be a key
part of any song. I think to attract the
listener’s attention as early as possible
is a pretty good idea, and with a strong
intro that’s what you do. In addition, we
usually try to find a way to relate the
intro to some portion of the song that
occurs later in the instrumental section.
But the main idea is to set an atmos-
phere for the vocal.

wwWWwW americanradiohistorv com

R-e/p: Isn’t the flute riff on the song
“Down Under” derived from an Aus-
tralian folk song?

PM: That’s right. “Kookaburra sits in
the old gum tree,” which is an Austral-
ian children’s song. [t was actually a bit
of amusical joke that Greg[Ham] putin;
in fact,in the video he’s sittingin agum
tree while he plays it. The character of
“Down Under” was Australian, and
they felt that was very Australian. It
was either that or “Waltzing Matilda,”
which wouldn’t have fit!

R-e/p: Was the style of production and
the way you set up Business As Usual
sessions the same as with all the artists
you work with?

PM: No, in fact it’s very different. One
of the things that I think is a case of
misproduction is when the producer
stamps [his style on] every record he
does. It’s the artist’s record, not the pro-
ducer’s. It’s something that I feel very
strongly about. The producer should
listen to each band as a separate entity,
and the way he records that band has
gottobedifferent. Inthe case of Men At
Work, for instance, the echoes that we
use are echoes that I thought were suited
to them, to Colin Hay’s voice in particu-
lar. On some of the mixes there are as
many as 12 different kinds of echoes.

R-e/p: On the subject of using multiple
echoes, how were theyused on a particu-
lar song; say, “Who Can it Be Now?”
PM: “Who Can it Be Now” was a
simpler mix, but on that one there’s a
slap echo on the voice; there’s a gated
echo on the snare; there’s a delayed
chamber; and a straight chamber set at
different decay times.

My personal approachisecho mixing,
more than level mixing. What I try and
do is visualize a room in which all these
people are standing and playing, and
then to create as much as possible a bal-
ance between the instruments by using
echoes that are further or closer apart.
“Down Under” was a bit more compli-
cated. There was a phase chamber, a
delay chamber, straight chamber, a
Roland 555 [Space Echo|, and a short
echo on the snare.

For the mix we used EMT 140 [echo
plate] chambers, and one EMT 250 [dig-
ital reverb]. We used a long decay time
on the chamber for the drums. On the
snare we used adelayed chamber with a
gated echo return. On the backing
vocals we used a phased chamber; on
the synth we used a short echo; and on
the vocal the Roland 555, an analog
tape, “space echo-type” device, which
we split off to stereo using a delay line.
All the echoes are fairly subtle in the
mix so that they wouldn’t sound like
discrete echoes, but instead as if they
were all part of the same environment.

R-e/p: The sound of the Men At Work
albums is different from prevalent pro-
duction styles these days. There is a
presence of the band up front and effects
which wash back, ratherthanthe whole

R-e/p 29 O August 1983
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RECORDING IN AUSTRALIA

In Peter Mclan’s experience with Men At Work and Mondo Rock, were there any main
differences between recording in the States, and recording in Australia, we asked.

“The principle difference is maintenance and the equipment that is available in the studio,”
he offers. “Australia is at the end of a 12,000 mile pipeline, but there are several state-of-the-
art studios. Paradise in Sydney is an excellent facility, and has a Sierra/Eastiake room. The
guy who runs it, Billy Field, is a major star himself in Australia, and he's extremely conscien-
tious about the operation of the studio. AAV in Melbourne is taken from Westlake drawings,
and modified; it also is state-of-the-art. The problem, however, is that if something breaks,
spares are hard to come by. You can really be up the creek if your pitch shifter, for example,
goes south — getting another one can be difficuit.

“ldid the Men At Work album at a little studio in Melbourne called Richmond Recorders,
and the console it was recorded on was a little MCI JH-400B with fixed-position EQ. | begged,
borrowed, and stole every piece of outboard gear | could get my hands on in the city. The
showrooms were empty when | was mixing that record, and we own a lot of favors to the
various equipment people there!

“But the biggest difference is maintenance. The really good studios there are booked i

solidly, and there isn’t an attitude of preventative maintenance the way there is here. Because
the studios are so busy, to go down and do preventative maintenance isn't a realistic

alternative for them. Maintenance there takes the shape of fixing things, rather than keeping |

them from breaking.

“The other thing that's a real factor is that the community of engineers and maintenance

people is quite small. It's a country of 14 million people, which is equivalentto the population

of New York City. So the interaction within the engineering community is limited relative to

the United States or England, where there are skedillions of engineers and maintenance
people around and, as new ideas emerge, those new ideas are thoroughly hammered home.

“In Australia it's oftentimes a trial and error process. They simply aren’t allowed the luxury
of experimenting. The studio’s going all the time so they can't take a chance on biasing a
machine a different way to see how it works out. They have to pretty much stick with what
works."

Is the new popularity of Australian music helping to cause growth in the recording
industry?

“Yes, it is, very definitely,” Mclan replies. “But when you consider that the Men At Work
album was done for about US $30,000, compared to what would be a normal budget in the
United States, studio budgets are related to population size. If your market is only 14 million
versus 250 million, then the amount of money you can spend recording a record is limited.

I'd say the average budget in Australia had been 20 to 25 thousand dollars to do an entire

album. That means that studios obviously haven’t been able to expand their facilities because
there just aren't that many dollars coming in the door. You don’t have the luxury of having 14
Harmonizers and 22 DD1s, and so on.

“That's changing because more and more Australian albums are being released overseas,
and there's a much broader acceptance. Traditionally, American record companies have
been extremely chauvinist about what kind of records they accepted. One of the big
problems that acts in Australia faced was the fact that international AGR departments in the
United States didn't have a lot of clout with the domestic AGR departments. A lot of good

records just never saw the light of day. Now there's a much broader acceptance at record
companies of music that comes from places other than the .S. and England. This means
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production being enveloped in one
sound . ..

PM: That’s all echo mixing. Clarity is
something [ really shoot for. I figureifa
player is playing something that is
worth hearing, it’s important to be con-
scious oftheinterplay between all of the
various parts. A songisalotlike ashort
film, and you can create an ambience
and an atmosphere with echoes the
same way you would with [lens] filters
while shooting a film.

[tend to use echo as color, and try and
create an atmosphere that’s suited to
the song being performed. We start from
scratch and set up the echoes differently
in each and every case. One of the
things that ’ve never been a big fan of is
the “wash” of echo that blurs every-
thing into one mass. It’s more time con-
suming in the mix, but [ try to end up
with an atmosphere, as opposed tojusta
song.

R-e/p: How do you set up for the basic
tracks?

PM: I try and record as complete a song
as [ can. I don’t like to do a lot of over-
dubbing. In that respect, going to Aus-
tralia was a real education for me,
because it gave me the opportunity to
work with bands who play live con-
stantly. It’s very important tothem, and
it became very important to me, that
they be able to translate what’s on
record in a live performance. To do a
whole lot of overdubbing and create a
song that way, or create theimpact that
way, is self-defeating where they’re con-
cerned, because they hit the stage and
can’t duplicate it. So when we go in to
record, what we try and do is set up so
that as close to a finished song as possi-
ble is going to come out of the basic
tracks. Then the overdubbing is left for
things like final vocals, guitar solos,
those sorts of things. Therereallyisn’ta
lot of overdubbing on those records, and
inthe case of Dear Enemy, the band I'm
working with now, the same is true.
We're just about finished with the basic
tracks, and the overdubs will consist of
the percussion part, lead vocals, back-
ing vocals, and guitar solos. I try and set
it up so that we can end up with a fin-
ished song.

R-e/p: Do you isolate the drums while
tracking basics?

PM: No.Itend toliketo usethedrumsin
as big aroom as I can, and will try and
get the amps away from the drums
because of the overhead miking tech-
nique I use. When I was in Australia I
developed a miking technique for drums
thatis flexible and fairly quick.Ican go
into almost any room and setit up using
a triangle miking method combined
with close miking. Beyond that I can
collapse or expand those triangles as
the size of the room allows.

R-e/p: Which microphones do you use
on the kit?

PM: Over the drums and behind the
drummer I use two [Neumann] 87s, so
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that I catch the toms and cymbals. On
the tom-toms themselves I use 87s
again, and they’re miked usually two or
three inches off the drum head. I never
dampen drums; I always leave them
wide open. There’s a certain kind of
drum head which I use all the time,
known as Ambassadors. The only
damping I ever use is on the kick drum,
and I use a bit on the snare if there’s
really a horrible ring. Then in the mix, I
gate the toms, because I figure if you’re
damping the drums and you spend all
day going for the perfect tom, you end up
with a very tired drummer. The object of
the exercise is not to get the perfect tom,
but to get a great performance.

With that in mind, I try to develop
techniques that are quick and I know
are going to get me a certain result, and
then in the mix I can make alterations
as need be by using gates, echoes, EQ,
and so on. By using this technique I get
a certain consistency that allows the
drummer to make the difference. His
playing makes the difference.

I know the kitis going to sound pretty
good, and there’s also a tuning approach
that I adopted where I generally tune
the toms to the key of the song. I tune
them fairly high, and then tune the bot-
tom heads so that they don’t resonatein

sympathy with the top head. I try to
eliminate that as much as possible, so
that we get the bang out of the toms
without a whole lot of over-ring, because
there’s no damping at all.

R-e/p: Snareisreally prominent in your
productions. How do you mike the snare
drum?

PM: A [Shure] SM-57 on the top, and
then a[Neuman] KM84 on the bottom, if
I have one available. The problem is
that in Australia, as in a lot of studios,
rather than adopting a wide range of
microphones a facility will have its own
style,and may favor a particular kind of
microphone. So sometimes I've used
Beyers because the studio will have
bought a lot of them. Knowing what
your chosen microphones do, you try
and compensate. But generally it’s
mostly Neumanns and aShure57 on the
snare.

R-e/p: And on the kick drum?

PM: I use a[Sennheiser] 421 on the kick,
which I'm told is not the mike to use.
But, then again, I usually do things in a
fairly unorthodox way! When I record I
horrify second engineers because I satu-
rate tape a lot — deliberately — for an
effect on certain instruments.

R-e/p: How do you mike guitar amplifiers?
PM: I've used all sorts of mikes on gui-
tars. For power stuff I tend to use a

RECORDING IN AUSTRALIA

that studios in Australia are able to grow, and bands are able to spend a little more time doing
arecord, instead of having to mix an entire album in two or three days.

“It's areal testament to the ability of Australian producers that they have been able to come
out with really good sounding records with that kind of time pressure.”
What advice would he offer to a producer or engineer planning to record a project in

Australia, we wondered?

. .. continued —

“First of all,” he suggests, "if you want any exotic gear, like valve microphones or rare
equalizers or that sort of thing, you'd better plan on bringing it in yourself. It's getting better
there, but it's still at the end of that 12,000-mile pipeline.

Td also say that if you want your machine biased in a particular way, or if you want it
aligned a certain way, you'd better be able to do it yourself. In each studio there is usually a
definite way of doing things; if you want it done differently you should plan on doing it
yourself. Other than that, for the most part, they have state-ofthe-art studios.

“I would suggest taking a good reference monitor, something that you know, like a JBL
4311. | carry my own monitors with me wherever | go — the new Westlake BBSM-6s. | also
carry my own outboard equalizers, and two dbx Over-Easy compressor/limiters that l use a
lot. Theyre a real gentle compressor, and they aren't terribly popular with studios [in
Australia], so | carry them with me. | also carry a couple of Roland 555s.

"So if you have preferences for certain things you should bring them in with you, and that
you also have a set of monitors that you're familiar with to judge the monitors in the room by.
There can be pretty radical differences from one studio to the next.”

The band you're working with now, Dear Enemy, is an Australian group that you plan to
record at Sunset Sound in Hollywood. Why here rather than in Australia?

“Because the studios were booked up in Australia,” Mclan confides. “We had time
reserved, but there were some administrative delays and we lost our time.

“Australia is a country that has looked at the world's music through a telescope from
12,000 miles away. The brightest elements from various countries become the influences in
Australia and Dear Enemy really typifies that. There's a lot of the English quality to them in
terms of the use of synthesizers, and then there’s a lot of the American influence in terms of
the vocals. The lead singer, Ron Martini, is an extremely powerful singer, and there’s five-part
backing vocals — they all sing. At the same time, they're uniquely Australian. One of the
delightful things about Australian music is caused by the live situation there. The bands
develop a unique flavor that only playing live regularly can give you, and the same is certainly
true of Dear Enemy. ann
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dynamic. For quieter things, for cleaner
[sounds], I'll usually use an [AKG] 414
or an 87. I set it usually 30 degrees off
axis, and that’s pretty much it.

R-e/p: Do you print echo while tracking
basics?

PM: No, unlessit’s a situation where the
guitaristis using echo through his amp.
Then it gets printed. But generally, I use
[the bands’ echo unit] in the mix, and
then take it off the amp, so the “air” is
actually echoed. A bit of the ambience of
the guitar is echoed, rather than trying
to echo in the amp itself.

R-e/p: How do you record electric
keyboards?

PM:I usually take the keyboards direct,
unless we’re looking for an effect. In
that case we’ll go through an amp. But,
generally speaking, they come in direct.
I’ve found that I don’t like to use a lot of
EQ on keyboards, so I just try and get
rid of the garbage at the extreme top-
end, and that sort of thing.

In every song there is usually a key
instrument that is the energy source in
the song. In some cases it might be the
drums; in some cases it’s the guitar or
keyboard part, and in others the vocal.
What I do in terms of miking technique
— and in terms of whether to use a clean
guitar sound, a distorted sound, or what-
ever — is in rehearsal to try and find
whatever that energy center is, and
build the rest of the song around it. For
instance, in that triangle miking tech-
nique that I was talking about, I have
two room mikes and two overheads that
are both in triangles in different dimen-
sions from the snare. Ifit’s a song that’s
a ballad, or slower-paced, I'll tend to col-
lapse the triangle a little bit. Ifit’s some-
thing that’s a real rock ‘n’ roll song, I
expand them, but the distance remains
proportional as much as possible. The
size of the triangle will change depend-
ing on the song, the amount of room
ambience, and all that sort of stuff. It’s
the same with guitars. For some guitars,
I might use a close mike and a distant
mike as well, and mix the two together.
And then for other songs I might use
only the close mike.

R-e/p: How about vocals? Is there any-
thing special you might use to capture
the vocal quality you’re after?

PM: I usually use two microphones on
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vocals. I use a 414 set back three or four
feet, and then in front, depending on the
singer, I'll use either an 89 or a tube 47;
those are the two I use the most. In one
case, for a distant mike I've used a
[Crown] PZM instead of a 414.

Basically, what I try and do is get the
warmth out of the close mike, and get
the breath in the top-end of the distant
mike. In Colin Hay’s case that was par-
ticularly important, because he’s got
that wonderful throaty quality.

R-e/p: At times his voice almost seems
like a reed instrument.

PM: Yes . . . and it was difficult to cap-
ture. We had to work quite a lot in terms
of finding the right miking technique
for him.On“Who Can [t Be Now” I used
a PZM mounted on a mike stand, and an
89.On therest of the album, and also on
Cargo, I used a 414 and an 89, and we
had to fool around with distance
because of phase cancellation.

The two mikes were equalized com-
pletely differently. The distant mike
was EQ’d for the top end of his voice
—for the “air’” — and the 89 for the body
of his voice. The two were mixed differ-
ently for each song, depending on how
loudly he was singing, and the compres-
sion we had to use. Butin every casethe
89 was the dominant of the two
microphones.

Colin [Hay] is a terrifically creative
singer, but he’s also a very professional
singer and is willing to putin the time to
find the right approach to get the sound
of his voice. It’s a bit of a problem voice
to record — he’s a very powerful singer.
It seemed to me thatifI used just the one
mike I'd get the point of the voice, but I
wouldn’t get that wonderful “reedy”
quality. That’s why we went to the two
mikes. And, of course, those are mixed
down to one track and recorded.

R-e/p: Whatis your general approach to

the mixing process?
PM: Generally, the night before I set up
the mixIdoarough. Thenthe nextdayI
come in and take it after I've had a
chance to sleep on a particular mix, and
fine tune it. I usually get a mix a day.
Most of the time is spent in setting up
the multiple echoes, and how we're
going to use them.

To me, the mixislike the final editof a
film. I think it has a great deal to do with
what kind of atmosphere you create for

the song. We spend a lot of time getting §

that atmosphere, and I usually map out
the mix well in advance. I know what
I’'m going to use as a starting point, and
then from there we make changes as [
listen to it. But there’s definitely a con-
cept of what the mix is going to be before
we start on it.

R-e/p: There seems to be a darker mood
to the sound on the second album,
Cargo. Can you imagine “‘overkill”
being a single that could have broken
the group into the charts, the way that
“Who Can It Be Now” was a huge hit?

PM: No, not the way the other songs
did. I can imagine it being a record that
got a lot of airplay. “Overkill,” to me, is
areally effective song, and I thinkit’'s a
terrific piece of songwriting.

R-e/p: What I meant was thatas a group
becomes more successful they have the
opportunity to stretch out a bit, in terms
of songwriting and possibly production?
PM: Exactly. The approach we adopted
on the second album was to sit down
before we started, have a series of dis-
cussions, and listen to material. What
we felt was that a second album is an
opportunity to get to know the band bet-
ter. If you look at the first album as a
first impression, then just like meeting a
person — as you get to know them you
find other sides to them — that’s what
we wanted to try and do with the second
album. The approach was to place less
emphasis on the more accessible things,
and place a bit more emphasis on songs
that, for lack of another word, have
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Peter Mclan with associate
engineer paul Ray

more “meat on the bones.” An act that’s
successful has the ability to take that
little extra bit of privilege.

R-e/p: In terms of production, the
second album seems to be more
“layered,” to have a less sparse sound.
Did you have more time to spend on the
second album, and which resulted in a
different sound?

PM: Actually, the second album took
about as much time as the first; there
might have been two or three days dif-
ference. Believe it or not, there aren’t
that many more overdubs on the second
album.

The parts themselves are more com-
plex;there’s more interplay between the
various instruments, and we deliber-
ately went for a “warmer-sounding”
record, because of the music itself. The
music has a bit of a richer quality to it
than the first one did. It’s a bit moodier,
and a bit darker. What we attempted to
do was to support that music with the
sound of the record.

Generally speaking, we used less of
the slap echo on Colin’s voice for the
second album. We tried to make the col-
oration of the echoes a little richer,
because we felt it suited the mood of the
music. We used longer decay times, and
there were more delayed echoes. The
mid-range is slightly less prominent in
the second album because we wanted a
“translucent” quality to the mix. If the
first album has hard edges, the second
album softened those edges. Also, we
wanted the second album to be more
“atmospheric.” Consequently, the echo
usage on the second album is fairly
complex.

R-e/p: Can we pick one song to serve as
an example of that difference? Maybe
“Ouerkill”?

PM: “Overkill” is a good example. I
think there are 12 different kinds of echo
on that song. The sax has a slap on it
that’s a different time [interval] than
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the vocal slap. The drums have both a
delayed and a straight echo on them, as
well as a gated snare echo. There’'s a
phased echo on the [Roland] vocoder
which is used in certain places in the
bridge. Actually, the vocoder is used as
an echo

R-e/p: You have an unusual way of set-
ting up the console during a session.
Could you elaborate on that?

PM: It’s a bit easier on a Harrison than
on an API, which is the one I am using
here |at Sunset Sound, Hollywood]. We
were talking earlier about creating an
atmosphere for the performers to per-
formin. Having been an artist for a long
time, I know that a big component of
creating that atmosphere is getting the
right headphone mix, so that it sounds
like a record in the cans when you're
cutting a track. The way that most mon-
itor sections areset upisthatthe feed to
the cansis not EQ-able. Basically you’re
getting what’s going on tape with the
same EQ. Well, alotof the timethatisn’t
suitable for headphones; it ends up
sounding muddy and the clarity isn’t
there.

What [ doisI mult|parallel] the|tape
machine| inputs to other channels as
returns, and then send it out to the cans
with different EQ than what goes on
tape. We EQ a return so that in the
headphones they get an EQ that’s more
suitable for performing. For instance,
we can use things like Harmonizers in
the headphones so that the musician
can hear the [pitch shifter] guitar. And
we can get a fairly suitable EQ, so that
the bass player doesn’t hear just a wall
of mush at the bottom; he can actually
hear his pick. Guitar players can hear
what they’re doing, and their finger-
ings, and the vocalist can hear what
he’s doing.

One of the few complaints about
| some consoles] is that the monitor side
is the weak link in the chain. You're get-
ting what’s going on tape, with a little
echo on it. In some cases panning is not
as accurate as it is on the channel
returns, and so on.

R-e/p: Did vou develop this technique
yourself?

PM: Yes, in Australia. Working in Aus-
tralia gave me an opportunity to grow
as an engineer. I've always been fairly
unorthodox and there are a lot of things
that I've always felt would work in the-
ory, but have never been able to try.
When I went to Australia I was sud-
denly confronted with a situation where
I had to do unorthodox things to get
around certain limitations that were
presented to me. The first Men At Work
album was done at Richmond
Recorders, which is a lovely little studio
but very limited in terms of the board.
Their console sounds really good, but
the EQ is very limited. We had to find

ways around that. [t gave me the oppor-
tunity to develop a style of engineering
that was flexible, but with a good bot-
tom line. So I knew that when I walked
into any room I could use the same set-
up as a starting point, and then vary it
and know that at least I would get con-
sistentresults. I was ableto hammer out
some formulas while working in
Australia.

R-e/p: You still engineer your projects,
but you also work with someone else
these days.

PM: I work with Paul Ray, who is an
excellent engineer and a first himself.
We work cooperatively, and my main
functionis as producer. Engineeringisa
tool to get the sound that I want to hear
on tape. It gives me the luxury of going

“l tend to use echo as ‘color’, and

try and create an atmosphere

that’s suited to the song. It’s more

time consuming, but 1try to end up

with an ‘atmosphere,’ as opposed
to just a song.”

one-on-one with a musician, where it
can be just me in the control room and
him in the studio. I find that’s particu-
larly useful with vocals.

I first met Paul while working on my
solo album, when Mick Gauzauski was
engineering. Mick now works with
Earth, Wind, & Fire. He is a brilliant
engineer and the guy I really learned
from. I not only learned the manipula-
tions of the console, but also ear train-
ing. I learned to hear things that I took
to be background noise before! It’s a
blessing and a curse, because now if I
listen to my car radio [sometimes] the
static drives me nuts, whereas before it
never bothered me.

A lot of it is ear training; a combina-
tion of the musical side versus the engi-
neering side. I think a lot of producers
don’t know the instruments they’re
dealing with. They come into the studio
and they know their own instrument,
which is the console, and they’re bril-
liant at that. But they don’t know how a
drum works, or how a guitar works —
which fingering is the right fingering,
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and which position is the right position
for a guitar player to get the voicing that
seems to suit the song. These are things
that should be really basic. It doesn’t
mean that you have to play the instru-
ment,; it just means that you have to
have an understanding of how the
instrument works, just as you have an
understanding of the microphone and
the console.

R-e/p: Howdid youacquirethat musical
understanding?

PM: Well, I was a musician first — key-
boards and guitar. And I've been a
songwriter for years, an A&R director,
and I had a 21-piece rock band — all
sorts of various things. I’ve been very
lucky to have kicked around the indus-
try for a long time picking up those
things!

R-e/p: How is it different being the guy
behind the scenes, so to speak, rather
thantheartist who’s got hisor hername
out front?

PM: I can relax! I will do another solo
album but it’ll be much more of arecord,
as opposed to building an act to go on
theroad.Ilove writing, and I love being
in the studio. I've got the best job in the
world, and I much prefer being behind
the scenes. I prefer working with bands
because it’s the collaborative effort that
Ifind exciting. After thefirsttime that [
walked into a studio I didn’t want to
leave.I became the archetypical “studio
rat,” and at one point I also managed a
studio — that gave me the chance to see
how the business side of it worked.

R-e/p: What is your background as a
musician?

PM: When you start out you're doing
classical things, and once you develop
the technique you have to forget what
the boundaries were. When I had a big
band I taught myself to read and write
music. [ would get a classical score out
ofthelibrary, listen to the record, follow
each instrument all the way through,
and learn that way. Then I started writ-
ing for orchestras, and a man by the
name of Carrol Hurak, who had been a
second generation protege of Antonin
Dvorak, took me on as a composition
student. I was writing all sorts of bizarre
things and oneday Mr. Hurak, who was
90 at the time, asked me why I was writ-
ing things like parallel ninths, which
are a no-no. I said I liked the way they
sounded and he said, “Good, that’s the
best reason to write them.” It was
almost like having a sanction to break
the rules! Sometimes ignorance is bliss,
andifyoudon’tknow what therulesare
in the first place, they’re a lot easier to
break.

R-e/p: What aspirations do you have
now as a composer?

PM: I would like to work with synthes-
izers. [ just bought an instrument called
The Wave, which is a second-generation
digital synthesizer. It has all the facility
of a [Sequential Circuits] Prophet and
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the sound quality is something like a
Fairlight, or an [E-mu Systems] Emula-
tor. It’s very easy to use. When this
record’s done I'm afraid I'm going to
become the mad scientist and lock
myself away and just play with it!

R-e/p: Are you using it on the Dear
Enemy sessions at Sunset Sound?

PM: Yes, I just got it about two weeks
ago. It's the synth that Thomas Dolby
[“She Blinded Me with Science”] has
been using, and his work is certainly a
high recommendation for almost any
synthesizer.

R-e/p: Have you had any experience
with digital recording?

PM: Well, we did the first rock ‘n’ roll
tracks ever done on a prototype 3M 32-
track digital machine for my solo record
at Westlake (Studios, Los Angeles). The
bottom end was amazing — it sounded
tremendous, but the top end wasn’t par-
ticularly good. I haven’t used any of the
newer digital machines because I tend
to like analog tape.

R-e/p: What about the deterioration of
analog master tapes during storage?

PM: That is the one big problem. The
ideal situation — and it’s something
that I hope to do in the not too distant
future — is to lock up a digital machine
and an analog machine for recording.
Certain things are better suited to
analog, like cymbals and material with
a lot of top-end information, or things
where you want intermodulation to
soften the sound. For instruments
where you want punch and clarity, the
digital machine is the answer. To be
able to lock the two of them together,

Mclan with members of the band Dear
Enemy, during remix sessions.

I
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[analog and digital], which you can do
easily with SMPTE timecode, would be
the way to go, and then to mix. I’'m now
mixing to half-inch at 30 IPS and then
to transfer to digital you would get the
warmth of analog tape. By transferring
to digital you avoid the deterioration
problem, and you have no generation
loss.

R-e/p: It must be great to have access to
all of this recording technology now . . .
PM: Youbetitis. There are alot of ideas
I’ve had in the past, and now I have the
opportunity to try them out. Obviously,
the financial side of things is terrific
but, for me, the most exciting partis the
fact that I get to work with people that I
enjoy working with and I gettotry ideas
and continually expand on them in a
way that doesn’t jeopardize the quality
of the record. I have the freedom to try
out new noises and see what’s going to
work.

R-e/p: Were you involved with the pro-
motional videos for Men At Work?

PM: No, notatall, they generated those
themselves. That’s another one of their
talents, and I think we’re just beginning
toseethetip of theiceberg. I think “It’sa
Mistake” is the best video I've seen in a
long time. Men At Work is one of the few
bands capable of generating videos
exclusive of the music. They played an
instrumental piece for me when we were
doing Cargo, called “Picnic in the
Park.” It’s not a hit record, but a terrifi-
cally fun piece of music and they had a
video script forit. They’re one of the few
bands that can do music specifically for
video that would be in and of itself an
entertainment. It’s a field that I'm sure
they’re going to get into in the future.

R-e/p: Do you have any plans to become
further involved in the increasing mar-
riage of audio and video?
PM: Again, Australia was a tremend-
ous eye-opener for me. Video in Austra-
liais keytothe success ofarecord. Asan
A&R guy I was fascinated by the oppor-
tunities that television affords for
music, particularly where new acts are
concerned. My background was origi-
nally in theater, where I acted in
summer stock and did some directing.
I'm starting to read the books and get-
ting involvedin video. I don’t know how
active I will be in actually generating
the videos, but I certainly want to be
involved in the coordination of the
videos with the records I’m producing.
The marketing importance of video is
just beginning to come into its own in
this country, and when it does I think
it’s going to explode. There’s a limited
market at this point for selling videos to
consumers because the “burn-out fac-
tor’” is so great. There aren’t a lot of
people around who can generate a 60-
minute video that is going to be interest-
ing after two viewings. Also, the new
technologies that are developing are
going to bring down the cost of video.
I’m waiting with baited breath for the
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The production team of Mclan and
associate engineer Paul Ray.

Compact Disc. The idea of a needle
scratching across a piece of plastic is
pretty bloody primitive! When the CD
comes along and penetrates [the con-
sumer market] it’s going to be delight-
ful. I’m sure the same thing is going to
happen in video. We're going to end up
with new technologies that make it
more realistic and bring the cost down.
So I hopeto beinvolved in that when it
happens.

R-e/p: You also were involved as pro-
ducer with another Australian band,
Mondo Rock?

PM: Yes, Mondo is a band that is
fronted by a fellow by the name of Ross
Wilson, whois alegendin Australia. He
was the producer of probably the most
successful band in Australian history
before Men At Work, a band called The
Skyhooks, and as an artist Ross was the
lead singer and key writer for Daddy
Cool, a hugely successful band. A song
he wrote called “Eagle Rock” is sort of
the Australian classic rock ‘n’ roll sin-
gle. They were a delightful bunch of
guys to work with, and we did an album
called Nouveau Mondo together that did
quite well for them. From what I under-
stand it’s going to be released here at
some point in the near future.

R-e/p: Will you be producing the third
Men At Work album?

PM: Well, it’s a year away, so we'll see
what happens. As people we get along
real well, and they’re an amazing group
to work with. [ can honestly say that I
can’t imagine enjoying sessions more
than I did with them. They’re funny,
witty guys, and being in the same room
with them is a real pleasure.

R-e/p: Do you think that record compan-
les are going to start sticking your name
on albums, saying: “From the Producer
of Men At Work™?

PM: I hope not. No, they won’t — [ can
tell you they definitely will not. That’s
exactly what I was talking about before.
The record that I make with an artist is
the artist’s record, not myrecord. [ don’t
think I'm doing my job if there’s a
“Mclan stamp” on the record. If they
start stickering them I think I'm in big
trouble because that tells me that I
didn’t do my job very well, and the
record isn’t as good as it should be. nm®
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condensor microphone is
designed for applications
requiring the widest dynamic
range. With its low self-noise
(15dB SPL), the C4608
captures sounds from silence
to the most demanding sound
pressure levels (140dB) with
no change in THD even with
selectable attenuation. For
information on additional
unique features, write to us. |

acoustICS

77 Selleck Street
Stamford, CT 06902
203-348-2121
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COMPUTERIZED SOUND SYSTEM DESIGN

APPLICATIONS OF THE
CENTRAL ARRAY DESIGN
PROGRAM FOR COMPUTER-
ASSISTED OPTIMIZATION OF
LOUDSPEAKER SYSTEMS

by John Eargle, JBL, Inc.

he design of central loudspeaker

arrays or clusters for sound rein-

forcement often has not been a
direct process, and much time needs to
be spent in the field re-aiming compo-
nents after the system has been
installed. In recent years, some manu-
facturers and sound contractors have
developed their own mapping schemes,
in which transparent overlays of horn
directional contours can be placed over
a mapping of the seating plane, thus
indicating the horn azimuth, rotation,
and elevation angles for best coverage.
Two-dimensional mapping of three-
dimensional space always will result in
some degree of error, however, and the
user of such systems must allow for
these inaccuracies.

During 1982, JBL began the develop-
ment of an ambitious microcomputer-
based program for solving such prob-
lems directly; the Central Array Design
Program (CADP) is the result of this
work. Because of its graphics capabil-
ity, the IBM Personal Computer was
selected as the computer system for pro-
gram development. The standard IBM
Personal Computer with 96 kilobytes of
memory and two disc drives is required
torun CADP, along with a color monitor
(preferably high-resolution), and a dot
matrix printer for hard-copy printout.

In using CADP, the Cartesian coordi-
nates of a seating area are entered into
the computer, along with the location
and angular orientation of one or more
loudspeakers. In the first part of the dis-
play, the user is able to observe the rela-
tive sound pressure levels existing on
the seating area as determined by
inverse square losses, and the direc-
tional characteristics of the loudspeaker
array. Each point displayed is theresult
of an exact calculation.

When appropriate acoustical data has
beenentered,theusercanobservedirect/
reverberant ratios, as well as estimated
intelligibility at all displayed points on
the seating area. The mechanical design
portion of the program produces front,
top, and side views of the loudspeaker
array, with an adjustable scale.

All calculations made in the program
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are based on standard equations which
have traditionally been used in sound
system design; more on this later.

Program Format

The CADP program is contained on
one single-sided, 5%-inch floppy disk-
ette, and has been compiled from a
PC.DOS BASIC source code for speed of
operation. A data diskette also is pro-
vided, and contains polar and mechani-
cal information on various JBL HF and
LF systems that are commonly used in
system design. Polar data on each
loudspeaker unit is read in spherical
coordinates every 10 degrees around the
entire sphere surrounding the louds-
peaker, as measured in free space. [JBL
currently utilize three, ratherthan justa
single, data diskettes to store HF polar
data, LF polar data, and drawing files,
respectively — Ed.]

There also is space on the data
diskettes for storing job information,
and it has been recommended that the

user make multiple copies of data
diskettes for future job use. Ideally,
there should be one data diskette dedi-
cated toeach design project. In addition,
the data diskettes can be used for enter-
ing and storing directional and
mechanical data on any non-JBL HF or
LF elements the designer may want to
use.

CADP has been formatted to be easy
to learn. Being a “menu-driven” pro-
gram, the user simply responds to an
array of options contained in a hie-
rarchy of menus. Figure 1 shows the
basic menu layout for the program, car-
ried down to the second level, and pro-
vides a broad idea of the program’s
structure.

At this point, let’s consider the con-
tent of each second-level menu, and
detail the various equations used by the
program.

Room Menu

This menu asks for all data pertinent
to the room in which the loudspeaker
array is to be located. The following
acoustical data is requested by the pro-
gram (the user can select to work in
either feet or meters):

1. Volume of room.

2. Surface Area of room.

3. Average Absorption Coefficient of
surfaces.

4. Reverberation Time of room.

Only one of the last two items listed
above is required — either absorption
coefficient or RT60; the program will

calculate the remaining one. The
Norris-Eyring reverberation time equa-
tion is used in the following forms:
T = (0.16V)/(-SxIn(1 - &)
a=1-exp(-0.16V/TS)
If the required acoustical data is not
readily available, the Room Module part

of the Room Menu can be used to calcu-

late the acoustical quantities. The Room

MAIN MENU

RETRIEVE DATA
SAVE DATA

NOTAWN =

DEFINE ROOM PARAMETERS

DEFINE LOUDSPEAKER PARAME T ERS
SELECT DISPLAY OF DESIGN DATA
PRINT HARDCOPY OF DESIGN DATA

END CURRENT JOB SESSION

( ROOM MENU

11 ENTER ACOUSTICAL DATA
1.2 ADD ROOM MODULE

1.3 HEMOVE ROOM MODULE
14 ADD SEATING PLANE

15 REMOVE SEATING PLANE
1.6 ADD HEFERENCE LINE

1.7 REMOVE REFERENCE LINE
1.8 RETRIEVE DATA

1.8 SAVE DATA

1.10 RETURN TO MAIN MENU

DISPLAY MENU

3.1 OBLIOUE VIEW OF SEATING AREA

3.2 NORMALIZED DIRECT FIELD

3.3 DIRECT/REVERBERANT FIELD FOR R
3.4 DIRECT/REVERBERANT FIELD FOR R’
3.5 ESTIMATED INTELLIGIBILITY (R)

3.6 ESTIMATED INTELLIGIBILITY (R'}

3.7 MAXIMUM DIRECT FIELD

3.8 MECHANICAL DESIGN

3.9 RETURN TO MAIN MENU

LOUDSPEAKER MENU

2.1 ADD LOUDSPEAKER
22 REMOVE LOUDSPEAKER

24 RETRIEVE DATA
25 SAVE DATA
2.6 RETURN TO MAIN MENU

23 CHANGE OR RE-AIM LOUDSPEAKER

HARDCOPY MENU

4.1 ROOM DATA

4.2 LOUDSPEAKER DATA
4.3 BOTH OF THE ABOVE
4.4 RETURN TO MAIN MENU

Figure 1: First- and Second-Level CADP Menus.
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GREATNESS.

Harrison Systems has always built GREAT CONSOLES.
Harrison Systems has also had GREAT PRICES.

We know that what you have always wanted was a GREAT
CONSOLE, but what you need is a small price.

Now, you get the price, and
you get a Harrison

cHarrison

HARRISON SYSTEMS. INC. « P.O. Box 22964, Nashville, Tennessee 37202 ¢ (615) 834-1184 « Telex 555133

SERIES 4 FEATURES: All transformerless design + Thick-filn resistor networks + 5532/5534/LF353/5532/5534 amplifiers » Minimum

audio-path design + State-variable equalizer » +4 dB (or +8 dB) balanced outputs » Automated fader * Extensive patching »
DIN (Tuchel) interconnects + DIN Eurocard internal connectors » Center-detent panpots * Center-detent + EQ controls « All sends switchable main/
monitor * All EQ sections switchable main/ monitor » 4 mono sends, plus 1 stereo send * Automatic PFL » Optional non-interrupting stereo solo * New high
RF-immunity transtormerless mic preamplifiers - Dual switchable mic inputs to each module * 24 tracks, plus direct outs (MR) « 8 stereo groups, plus 4
stereo programs, plus 4 mono programs (TV) » Extensive internal and external communications » Multitrack interface from stereo groups (TV) ¢ All-
aluminum (lightweight) housing * Internal or external patching « Various meter options * P&G taders.

*Prices shown are for direct factory sales in USA, FOB Factory. installation not included. Commissioning into a prepared facility is included. Prices
outside of the USA are higher due to freight, duty, dealer service support, etc. Normal payment terms are 30% with order, 70% prior to shipment. Price,
specifications, terms, and availability are subject to change and are determined only at the time of sale.

For additional information circle #25
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Producers... Engineers... Performers...

ROCSHIRE Rec
progressive record co

ROCSHIRE is a
no compromise, F
The Lakeside./Robshire acoustic Ma rketing, €

design is exhaustively equipped and appointed
around a NEVE 8128 32x24 (capable of 64 lines in) contral desk; 1

a unigue, instantly interchangeable from the console, system of monitors giving the promOt'o

enineer/producer the choice of TAD/JBL, UREI 813 Time Align™, Tannoy SR12

monitors; the most complete outboard complement including a Publison with keyboard,

and Lexicon 224 X.

Yes. You ought
ROCSHII

Call me: Leste
SYNTHESIZERS & KEYBOARDS:
oo Manager, Laster, Cleipeplitil o ROCSHIRI

OBX-A, OBX-8, DMX Drum Simulator, and

DSX Drum Sequencer, Fender/Rhodes among t 7 1 4 ) '

other keyboards, all of which are accompanied
by Rocshire’'s two on-staff 1 2 40 N or
Anaheinr

programmers.

TAPE MACHINES:
Include the incomparable Studer A-80
MkIIt 2-inch, 24-track, half-inch and
guarter-inch machines, as well as the
Ampex ATR-100 half-inch and quarter-
inch mastering recorder.
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RECORO

ds is the finest, most
PROOUCTION, MARKETING & PROMCTION:
Exemplified by Tony Ca-ey’s premier album . .. carefully nurtured by Rocshire’s
a n v o n th e S C e n e tOd a v- in-house marketing and promotion staff, his first single rose to #1 AOR airplay
(Radio & Records). The second single is currently at 70 with a bullet on the
Billboard chart.

mpletely integrated,
duction, Recording,
»s, and Record
rganization.

be talking to us!
: is listening

=laypool, V.P.
RECORDS
12-5046

Van Buren
YA 92807

THE RECORDING ENVIRONMENT:

Rocshire's warm, multi-acoustic, carpet and walnut
- floored studiois fully equipped with a performer famous 1910 B Steinway grand; custom
made studio-compatible Charvel/Jackson Guitars and Bass; full Simmons synthesizer

drum kit, in addition to Ludwig and Tama kits. The microphone complementincludes a large
variety of classic tube types, including the Telefunken 251, Neumann U47s, M155s,
M269, KM86, U67s, and stereo SME9s. For additional information circle #26
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WGBH in Boston is famous for high-fidelity
audio productions for radio and television.
For years, WGBH has originated live, on-
location simulcast spectaculars. Now GBH
Production Services offers Unit Four, a new
mobile audio facility for commercial
projects.

Unit Four is carefully designed to meet
the stringent demands of remote tele-
production. It is superbly equipped, from
the custom 40 x 40 x 24 mixing console to
the unigue a.c. power
and audio multicable
systems. It performs
48-, 24- and 4-track
recording with provi-
sions for simultaneous
independent stereo
mixdown. Audiophile

WGBH'’s Unit Four was
outfitted with the help
of Cramer Audio &
Video Systems. Cramer
is a major designer and
supplier of high quality
audio systems. These
vary in size from small
home studias and pro-
duction facilities up to 24-track rooms,
broadcast studios, large theaters, touring
sound systems, OB and recording mobiles,

Cramer provides everything from equip-
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GBH PRODUCTIONS

125 WESTERN AVENUE, BOSTON, MASSACHUSETTS 02134

{617) 492-9273

PROFESSIONAL AUDIO

120 HAMPTON AVENUE, NEEDHAM HEIGHTS, MA 02134

{617) 449-2100/(800) 343-5800 (OUTS. MA)

and university and corporate media centers.

monitoring options include Bryston-
powered Urei 811As. Signal processing
aboard includes Dolby noise reduction, dbx
compressor/limiters, and the Lexicon 224
Digital Reverb. Critical communications and
audio distribution requirements are met by
RTS intercom and D.A. equipment.

Perhaps most important, Unit Four’s engi-
neering staff is experienced. They handle
mobile recording and live broadcast of
dozens of concerts by major musical artists,
from top rock bands to
world-class symphony
orchestras.

Interested? Call
for more information.
Ask for Steve Colby,
GBH'’s Remote Audio
Specialist.

ment to room design,
installation and service.
In addition to the
product lines included
in WGBH’s system,
Cramer carries over 100
others: Studer, Trident,
Tascam (16-track; Series
50, 40 and 30), Quan-
tum, Revox, JBL, Audio & Design, Orban,
Ecoplate, AKG . .. almost all major manu-
facturers. Prices are low. Delivery is effi-
cient. Financing is available. Les Arnold or
Mark Parsons can give you all the details.

For additional information circle #28
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CADP PROGRAM

.continued from page 40

Module is a rectangular approximation
of thespace, and the user enters its three
dimensions, along with absorption coef-
ficients for the six sides. The program
then calculates the acoustical data for
the specified space. More than oneroom
module can be used in approximating
more complex spaces.

Working from a floor plan, the user is
asked to enter the Cartesian coordinates
for a seating planeor planes, thus allow-
ing complex surfaces to be entered.

Loudspeaker Menu

Having entered the location of the
seating plane or planes, together with
acoustical information for the space
being studied, the loudspeaker parame-
ters now can be specified. In this menu,
the following are requested:

1. Loudspeaker type.

2. Frequency band.

3. Mounting location (x, y, and z
coordinates).

4. Rotation angle.

5. Azimuth angle.

6. Elevation angle.

7. Relative drive level.

Up to 20 loudspeakers may be speci-
fied, and independently aimed and
powered. Each loudspeaker in the array
is given a working name, such as S1,S2,
etc, sothatindividual loudspeakers can
be deleted or re-aimed as desired.

Display Menu

At this point, all pertinent data on the
array and its location with respect to the
audience in a given acoustical environ-
ment has been entered into the program.
We are now ready to look at the system’s
performance. Figure 2 shows what
happens when the program examines
the normalized direct-field response on
the seating plane. Displayed on the IBM
video monitor will be the seating areain
plan view, scaled by the program to
make the best fit into the available
screen space. The program calculates
the inverse square losses at points on
the seating plane, as seen through the
horn’s polar pattern. Such parameters
arecomputed for as many “slots’’ as are
available on the screen; typically, there
will upwards of 100 points read out on
the monitor.

The numbers displayed on the moni-
tor have been normalized by the pro-
gram — thatis, the highest value will be
zero dB, with all other values negative
with respect to it (see accompanying
sidebar).

Merging of multiple loudspeaker
directional patterns is carried in two
ways, which will be discussed in detail
later.

The direct-to-reverberant ratio at the
seating area can be examined, since it is
simply the difference in the direct field
levels and the reverberant field level as
calculated by the following equation:

HORN POLAR
~ PATTERN
N g
4
NS X
( & /\ N\
/ 7/ A
AV 1) SEATING PLANE

LEVEL AT SLOT = SENSITIVITY + DRIVE LEVEL + INVERSE SQUARE LOSS + PATTERN LOSS

Figure 2: Horn Aiming and Direct-Field Calculation.

Reverberant Level (dB)
=126 + 10 log (W/R)

In this equation, W, the total acousti-
cal power output of the array, is calcu-
lated from the drive levels of the compo-
nents, and the efficiencies of the
transducers. R, the room constant, is
given by the following equation:

R=8a/(1- 49
In sound reinforcement systems, most

of the sound from the loudspeakers is
first incident on the audience, with its
relatively high absorption coefficient.
This tends to diminish the level of the
reverberant field, and generally
improves intelligibility. In the CADP
program, the assumption is made that
roughly two-thirds of the sound from the
array is incident on the audience, while
one-third strikes the walls. Thus, a var-

m:crophon’

your free copy

of PZM APPLICATION NOTES."
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iant of the room constant is used, called
R’, defined by the following equation:
R’=Sa/(0.4 - a/3)

This equation is a modification of the
equation for R’ as developed by George
Augspurger (see: JBL Sound System
Design Reference Manual; pages5-18 to
5-21), and assumes that the absorption
coefficient for the occupied audience
areais 0.9 in the 1l to 2 kHz range.

A choice is offered of viewing a dis-
play of the direct-to-reverberant ratio
using R’ or R. The display using R’is a
more accurate picture of the direct-to-
reverberant ratio at the seating plane
when the seating area is fully occupied.

We can then move on to consider the
display of estimated intelligibility.
Here, the direct-to-reverberant ratio cal-
culated by using either R or R’ is com-
pared, point by point, with the reverber-
ation time. The graphs shown in Figure
3 are derived from Peutz’ data on intel-
ligibility, as shown in the JBL Sound
System Design Reference Manual,
pages 6-14 and 6-15. The display shows
the estimated intelligibility in four
zones: EX (Excellent); GD (Good); OK
(Acceptable); and QU (Questionable).
These zones correspond to intelligibility
estimates as follows:

Probable Articulation Loss
of Consonants
Excellent: Less than 5%
Good: 5% to 10%
Acceptable: 10% to 15%
Questionable: Greater than 15%.

-
o

PROBABLE ARTICULATION LOSS
OF CONSONANTS
15%

10% 5%

[ee]

REVERBERATION TIME IN SECONDS
IN)

5 .

EXCELLENT

| 1

-15 -10

-5 0 +5

DIRECT-TO-REVERBERANT RATIO IN dB
Figure 3: Calculation of Estimated Intelligibility.

The maximum direct soundfield also
can be examined. This parameter is
simply the direct field levels read on the
seating plane when the array is powered
to its normal limit.

The mechanical design display pro-
vides front, side, and top views of the
array, arid a small red dot on the moni-
tor indicates the center of gravity of the
array as an aid in designing rigging.

Other options in this part of the pro-
gram are variable scaling of the views,
and views of the individual elements in
the array.

The Hard Copy Menu prints out all
room dimensional and acoustical data,
as well as all mounting data on each
element in the array.

At several points in the program’s
menu structure there are Retrieve Data

QUIET ...
PROGRAM EQUALIZATION

L-C ACTIVE

THE WHITE INSTRUMENTS ADVANTAGE—

2 Channel Octave Band
Graphic Equalizer
4100A

The mode! 4100A features Active, Inductor-Capacitor
(L-C) Tuned Filters. The resonant frequency of each
filter is derived PASSIVELY by a Tuned L-C Pair. This
drastically reduces the number of active devices nec-
essary to build a Ten Band Graphic Equalizer. Only
seven operational ampiifiers are in each channel’s sig-
nal path: THREE in the differential amplifier input;
TWO for filter summation; ONE for input level controt;
ONE for the output buffer. The result . . . the LOWEST
“Worst Case” NOISE of any graphic equalizer in the
industry -90dBv, or better.

CRAFTSMANSHIP

« Hand Tuned Filters

« Brushed, Painted Aluminum Chassis

« Captive, Threaded Fasteners—No Sheet Metal
Screws

« Integrated Circuits in Sockets

« Glass Epoxy Circuit Boards—Well Supported

« High Grade Components

- Highest degree of Calibration in the Industry

+ 100% Quality Control Throughout the Manufactur-
ing Process

« Instant Above and Beyond the Call of Duty Re-
sponse to Field Problems.
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instruments, inc.

P.O. Box 698 Austin, Texas 78767
512/892-0752
TELEX 776 409 WHITE INST AUS
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SAMPLE PRINTOUTS PRODUCED BY THE CENTRAL ARRAY DESIGN PROGRAM

Shown below are sexeral hard-copy program printouts to illus:rate the flexibility of CADP. The space analyzed was aroom with a 16- by
40-meter seating area, and height of 20 meters (approximately 52 by 130 by 65 feet). The loudspeaker array is located in the center of the
left wall at a height of 20 meters. The hard-copy printouts cetail the room’s dimensional and acoustical characteristics, along with details of
loudspeaker type, loca-ion, orientation, and powering.

In Figures A througt E, the merging program that assumes coherent radiation from all the elements in the array was used. Figure A
shows the Normalized Direct Field; Figure B the Maximum Direct Field; Figure C the Direct-to-Reverberant Ratio for R’; and Figure D and

i i i - Maximum direct field. Press Enter-—
Noemalized divect field. Fress Enter Tur w7/ lug 1oy 1us 1vd 1ve Tue 195
-5 -3 -3 -1 -1 -3 -4 -4 -5 185 1086 1087 109 109 1067 1686 1686 165
-4 -2 -2 -1 -1 -2 -3 -4 -6 196 1067 1068 109 109 107 1687 166 104
-4 -2 -1 -1 -2 -2 -3 -4 -5 106 108 109 109 108 187 107 1086 165
e i o3 1 g «=2ie 2L 23 B 2g Ty o5 1 185 187 109 1069 1688 167 1067 10605 164 |
g gl SR S SRt S L g OGRS LEi 196 107 108 109 168 1088 1087 165 1064
33 -2 -1 -1 -1 -2 -3 -5 -5 3195 108 1069 109 109 168 166 165 104
-5 -2 -1 B D T 3 A S 105 198 109 109 169 109 166 106 104
S S S I 20 2e =3 a5 =0 167 107 109 109 168 188 167 1065 164
SR STl s, Boal . ails Qi Sall ISR 5 4 1067 1087 108 1087 1088 107 167 1685 1064 il
L o L e Il I 7 | s 107 169 1069 1068 168 187 1687 166 1065
-3 -1 -1 -2 -1 -3 -3 -4 -9 107 109 1@9 108 109 1067 187 1086 165
-4 -2 -2 -2 -1 -2 -3 -4 -9 196 108 1098 1908 1069 107 107 1086 165
-3 -2 -3 -2 -2 -2 -4 -4 -5 | 187 187 107 108 198 108 186 106 105 A
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CENTRAL ARRAY DESIGN PROGRAM SAMPLE PRINTOUTS ... continued —

E the Estimated Intelligibility (ranging from Excellent to Questionable) for both an empty room (Figure D, using R), and a full room (Figure
E, using R’).

Figures F thru H show the computed layout of the cluster top view, front view, and side view, respectively.

As an example of the more complex merging program, consider Figuresland J. In Figure ], two JBL 2380 horns are placed side by side,
their drivers separated by a horizontal distance of 0.5 meter (20 inches); the test frequency is 2 kHz. Note the appearance of a major lobe
along the axis of the two loudspeakers. The null angles are clearly defined (note dashed lines), and minor lobes can be seen outside the
dashed lines. :

Figure J shows the same two loudspeakers, this time separated vertically by 0.5 meter. Note the appearance on the seating plane of null

and reinforcement zones. A dashed line shows a reinforcement zone, and a dotted line denotes a cancellation zone. [ ] ]
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EX kX EX EX EX EX TEX GD GD tf
GD EX EX EX EX EX GD GD GD E
GD EX EX EX EX EX EX GD GD
GD EX EX EX EX EX EX GD GD
GD EX EX EX EX EX EX GD GD 4 \
EX EX EX EX EX EX EX GD GD
yGD EX EX EX E EX EX GD GD T\‘—
GD EX EX EX EX EX EX GD GD A
EX - EX EX EX EX EX EX GD GD /
EX EX EX EX EX EX EX GD GD 1 L E, s
EX EX EX EX EX EX EX GD GD Yo 24 4
EX EX EX EX EX EX EX GD GD s e e .
GD EX EX EX EX EX EX GD GD BN \ i
EX EX EX EX EX EX GD GD GD 3 N i
EX EX EX EX EX EX EX GD GD ] T i
ot = ‘
- |
1 1 1 1 1 1 1 5. " - —— K e g |l b P = N SRS W -
2kHz 2kHz

Figure E: Estimated Intelligibility for R’ (Room fully occupied). Figure F: Specified Loudspeaker Cluster viewed from above.
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. continued from page 46

and Save Data options, which enable
the user to assign a name to a given job,
and store or recall partial data at any
point in the program. The Main Menu
contains the option for ending the job
session, and committing all dimen-
stonal and acoustical data to the data
diskette.

Other Features

A “Print-Screen” program allows the
data on the monitor screen to be printed
out at any time. When this is requested,
the dot matrix printer prints each pic-
ture element (pixel) being displayed on
the video monitor. This feature is espe-
cially useful in the mechanical design
part of the program, since printouts can
be given directly to a design draftsman
for final drawing of the array.

Merging of Directional Patterns

Since up to 20 elements can be putinto
the array, there must be consistent rules
governing their interaction. In CADP,
the designers have opted for two
pattern-merging strategies. The first of
these assumes that all elements radiate
coherently; it is a reasonable assump-
tion if all the acoustical centers of the
devices are located on a spherical sur-
face, and the drivers lie parallel to that
surface.

The second option is more complex,
and takes into account phase as well as
amplitude relationships at various fre-
quencies, thus allowing linearrays to be
modeled and displayed. Both sets of
computations are made simultaneocusly,
and the program prompts the user to
select one option or the other.

The Horn-Pattern Merging programs
take into account the relative drive lev-
elsofthe horns. In essence, the merging
programs generate a Horn Directional
File of frequency-dependent parameters
for each horn in the cluster, and then
consider the rotation, azimuth and ele-
vation, and drive level contributing
towards the measurement “slot” under
consideration. These contributions are
then summed to provide the resultant
overall pattern. Also, up to 20 single
hornscan beset upinalineararray and
then combined via the phase merging
program to model a line of units
arranged, for example, across the front
of an auditorium, rather than in a cen-
tral cluster.

As will readily be appreciated, the
Central Array Design Program deve-
loped by JBL for the IBM personal
Computer is intended to reduce the
tedious and often time-consuming
computations necessary tocalculate the
coverage pattern and intelligibility of
multiple-array sound reinforcement
systems. Whilethe CADP cannot design
the system for you, careful application
of computer-assisted procedures such as
these can be of great help to the sound-
system design engineer and acoustics
consultant. [ 1]

QUALITY
RELIABILITY
|VERSATILITY

The David Hafler Company has earned a reputa-
tion for producing state of the art power ampli-
fiers at rock bottom prices. The Hafler DH-220
and DH-500 Amplifiers are well known for their
sound quality, reliability and value.

Now, there’s the P-500! The P-500 is a rugged,
full-featured amplifier. It combines the circuit
design and MOSFET output devices of the
DH-500 with extra professional features; an auto-
matic 3-speed fan, barrier strip, phone plug and
XLR connectors, balanced or unbalanced in-
puts and gain controls, to name just a few. And
like other Hafler products, the P-500 is available
in fully or partially assembled form.

For a complete list of features and specifica-
tions, write to:

The David Hafler Company
Dept. RA, 5910 Crescent Boulevard
Pennsauken, New Jersey 08109

MCI/Sonyis now at Lake. New
England’slargest audio/video
dealer has just added the com-

plete line of MCI/Sony tape

recorders and consoles to their

LAKE

LAKE SYSTEMS
CORPORATION

list of caretully selected
products for the profes-
sional. Lake'sservice,
engineering and design

Lake is givingyou a line.

capabilities are there to serve
you whether you need a micro-
phone or a full turn-key system.
Call the pro audio people at
Lake Systems Corporation,
55 Chapel Street, Newton,
Massachusetts 02160
(617)244-6881. Leasing
plans are available.
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STUDIO DESIGN AND CONSTRUCTION
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WESTLAKE STUDIO C

APPLICATIONS OF CONTROLLED TRAVEL PATH DESIGN

By Mel Lambert and Paul Laurence

hen the time came in 1981 for
Westlake Audio to movethe orig-
inal “Mix Room,” located for-

merly at the company’s Wilshire Boule-
vard premises in Los Angeles, it was
considered that the construction of just
a remix facility would not be cost-
effective in today’s competitive studio
market. Instead, the decision was made
to build a state-of-the-art control room
and studio combination — christened
Studio C, to follow in logical sequence
from Studios A and B at its West Holly-
wood facility — in Westlake’s new build-
ing on Santa Monica Boulevard. Ground
breaking for the new studio, office, and
demonstration complex took place in
the summer of 1982, and by Christmas
of last year the new studio was open for
business.

So far the new facility has played host
to several illustrious clients, including
Earth, Wind & Fire, EWF’s producer
Maurice White working with Jennifer
Holliday (star of the broadway play,
“Dreamgirls”), Doc Severinson, and
several Japanese clients.

Compared to previous Westlake instal-
lations — including such noteworthy

R-e¢/p 50 O August 1983

examples as Mr. “C,” Omaha; George
Duke’s and Georgio Moroder’s personal-
use facilities in Los Angeles; Electric
Lady in New York; and Crown Records,
Hong Kong — design of the recently
completed Studio C, company president
Glenn Phoenix would be the first to
acknowledge, represents a less lavish
approach. “Studio C is not as fancy in
terms of finish materials,” he concedes,
“but rather concentrated on the ‘high-
tech/high-resolution’ aspects of record-
ing sound, while still maintaining a
high level of finish and professionalism
to the environment.”

Constructed within one end of a
15,000-square-foot building that for-
merly served as a lighting warehouse,
the new facility comprises a 900-square-
foot recording area, linked to a 500-
square-foot control room; space also is
available elsewhere within the complex
for a second studio, to be known as Stu-
dio D, which currently is still in the
initial planning stages.

Control Room Design and

Monitoring System
The control room itself is large and

wwWwW americanradiohistorv com

spacious (ceiling height varies between
7 and 13 feet), and can comfortably
accommodate up to 10 people — a max-
imum of five behind the vintage API
console; three in the playing/listening
area in front of the board; and a couple
of musicians playing direct elsewhere in
the room. If, on initial impressions at
least, the control-room layout and acou-
stics treatment appears somewhat uncon-
ventional — the walls and ceiling
angles are rather steep, and the pres-
ence of an eight- by four-foot skylight in
the ceiling takes some getting used to —
the unfamiliar look and feel of the
environment can be attributed to Wes-
tlake’s Controlled Travel Path Design.
While an accompanying sidebar to
this article provides full details of the
CTP design philosphy, in essence it
attempts to reduce the number of early
sound reflections arriving at the central
monitoring area. CTP pays particular
attention to the angles of reflection and
refraction of sound coming from the
monitor loudspeakers and secondary
sources, in an attempt to minimize the
number of repetitive travel paths around
the room. This precaution, coupled with

All photography by KATHY COTTER
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HALL & OATES
CONTRBUTE TOA
MOVING EXPERIENCE.

Rescuing deserted housing

in the South Bronx is part of
what tha Erma Cava Fund is
al about. Then it's turned

into comfortable, affordable
housing for the area’s seniors.

Daryl Hall & John Oates
fcund this ongoing project a
worthy one indeed. In fact,
they contributed two one
thousand dollar awards to the
Erma Cava Fund. And the
Ampex Golden Reel Award
made it possible. It's more
than just another award. It's a
thousand dollars to a charity
named by artists receiving
the honor.

For Hall & Oates, Voices
and Private Eyes, were the
albums, Electric Lady and Hit
Factory were the recording
studios, and the seniors were
the winners.

So far, over a quéarter of a
million dollars in Golden Reel
contributions have gone to
designated charities. For
childrer’s diseases. The arts.
Environmental associations.
The needy.

Our warmest congratula-
tions to Hall & Oates, Electric
Lady, Hit Factory, and to all of
the other fine recording
professionals who've earned
the Golden Reel Award.

AMPEX

Ampex Corporation - One of The Sigmal Companies . )|
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close attention to the selections of sur-
face acoustic treatments, and maintain-
ing rigid boundary walls to the envir-
onment, Phoenix says, produces a broad,
high-definition soundfield across the
width of the console monitoring
position.

Given the control room’s large volume,
a loudspeaker svstem had to be custom
designed by Westlake to handle the high
power necessary for adequate monitor-
ing levels. Developed specifically for
Studio C, the new Westlake SM-1 is a
five-way/quad-amplified system housed
In a massive 38 cubic feet enclosure
(making it possibly one of the largest
control room monitors currently in use),
and is capable of delivering an impres-
sive SPL into the room. According to
Westlake chief technician and general
manager,dJim Fitzpatrick, a pair of JBL
Model 2245H 18-inch bass drivers han-
dle the bottom end (and are capable,
Westlake claims, of providing approxi-
mately 6 dB more low-frequency head-
room that dual 15-inch units), while a
single TAD Model TM-1201 12-inch

Above: hinged, double-sided absorbent/
reflective panels line one side of the studio:
Right: view from studio to control room,
with bare brick wall to right; Below: large,
electrically operated skylight.

driver covers the mid-bass region. (RMS
power handling of the low-frequency
woofer system is a total of 1,200 watts
across the four 18-inch drivers, Fitzpa-
trick adds.) Mids and highs are covered
by aJBL.Model 2441 two-inch midrange
compression driver on a proprietary

Westlake Audio — Company Origins

Current company president Glenn Phoenix, who took on the position when Tom Hidley
moved to Europe in 1975, describes Westlake as a full service sales and design company
specializing in studio contracting and design, and which “emphasizes equally the sound of a
room and its physical environment.” In practical terms, the company puts special emphasis
on three main areas: high-resolution monitor loudspeakers that are multi-amplified for low
distortion, and set up in a multiway drive configuration for controlled dispersion, low
distortion, and phase coherence; good design principles, such as the innovative Controlled
Travel Path or CTP™ approach; and good implementation via experienced construction
crews, and the selection of appropriate materials.

Many consider the “Westlake Look and Sound” to be the characteristic studio design of
the Seventies and early Eighties — active trapping utilizing relatively small-size rooms that, in
terms of acoustics, offered controlled dispersion, even RT60, and good sound isolation of
extremely high SPLs. These characteristics also were favored for their consistency of sound;
the original Record Plant studios in New York, Los Angeles, and San Francisco were
designed to have an identical sound characteristic, so that tapes recorded at one studio
would sound virtually identical in any other Westlake/Eastlake room.

Westlake probably is best known, however, for having removed the “institutional feel” from
studios; beyond being just physically attractive and comfortable places in which to work for
prolonged periods of time on a lengthy multitrack project, these studios were intended to
reach out to all the senses. Most of all, the company attempted to fabricate studios in which
an artist and producer could live, create, play, and make high-quality recordings. [ ] ] ]

DETAIL OF ACOUSTIC TREATMENT AT CONTROL ROOM/STUDIO BOUNDARY
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solid walnut horn assembly; a JBIL
Model 2421 one-inch upper-midrange
compression driver on a second proprie-
tary horn; and a JBL Model 076 half-

inch throat compression “Super-
Tweeter,” passively crossed over for the
high frequencies.

Why did Westlake opt for a multiway
speaker system, when the majority of
studio designers and monitor manufac-
turers now are making much of the
sound performance capabilities of two-
and three-way systems, we queried?
“It’s an inevitable fact of physics that
you’ll end up with noticeable distortion
and dispersion problems if you attempt
to drive any speaker wideband,” Pho-
enix offers, “despite what some of the
manufacturers would have you believe.

“But I’ll concede that other multiway
systems have gotten a bad name in the
industry for being expensive, and not
sounding very good. But sound prob-
lems are notinherentin multiway moni-
tors — they are rather the result of poor
design.

“There are two areas, in particular,
where other designs have fallen down:
thespeaker’s mechanical configuration,
which often prohibits a symmetrical
horizontal polar pattern; and crossover
units, which typically produce non-
coincident waveforms throughout the
crossover areas. To our knowledge, the
SM-1 is the highest power, phase-
coherent monitoring system currently
available to studios.”
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Toensure correct multiway operation,
the SM-1 system is configured to operate
with a custom-designed Westlake cros-
sover unit, which has been tuned specif-
ically to suit the room’s individual
speaker components and physical
lavout; crossover frequencies are set at
200 Hz,800 Hz, and 3.2 kHz (passive HF
crossover occurring at 10 kHz). Housed
in a 19-inch rackmount case, the high-
resolution ¢rossover unit contains two
channels of four-way, 24 dB per octave
filters, which minimize driver-to-driver
interferences, and optimize bandwidth
control. (A matching 24 dB per octave
high-level crossover unitin each speaker
cabinet handles the passive high-
frequency transition.)

As Glenn Phoenix explains, “The 24
dB per octave slopes are used for the
crossover because vou need to get the
selected signal band into — and out of
—a speaker driver quickly, while main-
taining complementary phase, both
above, at, and below the crossover
points. This allows for a virtually seam-
less transition of sound from one driver
to the next.”

In addition, appropriate delay com-
pensation is built into each crossover
drive amplifier to suit the geometry and
favout of the particular svstem, and
ensure correct phase operation of the
five drive units.

Also provided in the control room for
center-channel film dubbing and mix-
ing applications 1s a single Westlake
TM-6 two-way speaker, connected to the
monitoring svstem via a custom split
box. “Close-field” monitoring require-
ments can be covered with a choice of
Westlake BBSM-6, Yamaha NS-10,
Tannoy SRM-10B and -12B, JBL 1311,
4312, and 1411 units for close mounting
on top of the console meter bridge.

And the creative atmosphere hasn’t
been neglected either. The control room
offers dimmable incandescent lighting,
florescent work lights, plus a novel
electrically controlled skylight that
enables natural sunlight — or moon-
light, for that matter — to enter the
room. The skylight, a feature of the
original building that Westlake decided
to incorporate into the design of Studio
C, is sealed off from the control room by
a pane of thick glass, which has been
positioned carefully to function as part
of the acoustic design.

Recording and Processing
Equipment

At the heart of the control-room
recording hardware is the original API
32-input console from the Mix Room,
dating back to circa 1974, and which
has undergone extensive modification
and upgrading over the vears. Since an
increasing proportion of the studio’s
sessions now involve 46-track remix
work, the AP[ has been modified so that
the 24-input monitor section can be
patched and routed directly to the stereo
and quad busses, in addition tothe main
32-input section. The board now offers
four independent echo and delay sen-
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d/return busses, with individual level
controls from each input module swit-
chable to the required delay busses. A
passive output level control has been
added to each of the multitrack busses
so that they can be used as additional
sends during complex remix dates; the
multitrack sends also can be selected
pre- or post-channel fader, which
removes the channel VCA from the cir-
cuit during tracking.

Other modifications Westlake has
made to the API board include the fit-
ting of Jensen nickel-core transformers
to certain KQ sections and output
busses, along with Hardy 990 op-amps
to a number of the multitrack, stereo,
and monitor outputs — the idea being,
Fitzpatrick explains, to offer a variety of
sound-quality options to the engineer or
producer, in terms of being able to select
preferred devices and outputs on the

When it comes to pure brute strength, the 430 series

Dyna-Mite™ and Dyna-Mic offer the most s
punch to be found in a %" x 19" case. And

ignal processing
, at an affordable price!

With the Dyna-Mite, you get a precision signal processor capable of

performing several variations of 18 specific o

perating modes, including

limiting, expansion, gating, keying, FM limiting, de-essing, and “voice-
g, p Y y t=31 ¥
over.” You're ensured total freedom from noise and distortion thanks to

the incorporatior. of our patented VCA into

Dyna-Mite’s circuitry.

And, for unparalleled inpur brilliance and output transparency, you

can’t beat the Dyna-Mic. Our revolutionary

™

Trans-Amp™ transformerless

preamp technology packs the punch to enhance a variety of input sources

such as mics, instruments, semi-pro outputs,

and line levels. There’s also

a 3-band EQ with 14 dB boost or cut available in each band, and switch

selectable output level for total tlexibility in

operation.

Make your power play! Call a Valley People dealer today.
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% VALLEY PEOPLE, INC.

P.O. Box 40306/2817 Erica Place ¢ Nashville, Tenn. 37204
615-383-4737 « TELEX 558610 VAL PEOPLE NAS

Export: Gotham Eapart Corporation. NY, NY/Telex 129269
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PHILOSOPHY OF WESTLAKE'S
CONTROLLED TRAVEL PATH DESIGN

Westlake Audio president Glenn Phoenix would be the first to acknowledge that his
innovative design fot the new Studio C at the facility’s Santa Monica Boulevard, Los Angeles,
location is based upon a distillation of the main acoustics theories and practical construction
techniques developed over the last decade or so. But with some interesting and revolutionary
advances and fundamental improvements.

While the recording area purposely features a reasonably live acoustic treatment — a trend
that is appearing in an increasing number of studios these days — it is in the control room
design and implementation that the fundamental differences between the new Westlake and
“traditional” designs lie.

“The philosophy behind our new ‘Controlled Travel Path,’ or CTP design,” Phoenix says,
“is that the angles of reflection and surface acoustics treatment are arranged to restrict early
sound reflections into the listening or monitoring environment. The result is a broad,
high-definition soundfield across the central area of the control room, with a RT60 that is
consistent at about 0.3 seconds within the low- and mid-frequency range, falling to around
0.25 seconds above 8 kHz.”

The underlying key to the new design approach, Phoenix offers, is to minimize the
repetitive paths for sound reflection around the surfaces of the control room, including both
standing waves between parallel walls, floor, ceiling, and other areas, plus the odd reflection
and refraction modes between room corners, etc. By controlling the ways in which sound
waves from the monitor loudspeakers and secondary sources can repeatedly "bounce” or be
reflected and refracted around the room, a uniform, well-behaved environment possessing a
diffuse soundfield with a consistent decay characteristic can be created.

And if there appears at first sight to be a close kinship with at least the fundamental
approach of Chips Davis and Syn-Aud-Con’s Live-End/Dead-End™ design philosophy — in
which, in essense, the console monitoring position defines a line across the control room in
front of which the acoustic treatment is purposely highly absorbent, while behind it is
configured to be reflective — Phoenix would readily agree. But with certain important
reservations, however.

“To me,"” he concedes, “the LEDE design creates a ‘psychological uneasiness' for a
producer or engineer working in the room. It often feels unnatural to monitor in an environ-
ment where there are absolutely no sound reflections coming from the area between you and

board.

Studio C’s pair of 3M M79 Series 24-
tracks also have been extensively refur-
bished. One of the pair is permanently
assigned totheroom, and has had all its
input and output transformersremoved,
ICs upgraded for enhanced slew rate,
and the transport logic modified for
improved interlock with the facility’s
BTX Shadow SMPTE synchronization
system. Since the second M79 multi-
track also serves as a “float” machine
for the rest of Westlake’s studios, and is
available for rent to outside clients, it
still retains its input and output trans-
formers; as Fitzpatrick offers, you often
run into potential ground-loop problems
in a unknown control-room environ-
ment if a machine isn’t adequately iso-
lated via transformer circuitry.

Mastering duties are handled by a
selection of Ampex ATR-102/4 quarter-
and half-inch, two- and four-track decks,
plus Studer A80-VU and 3M M79 trans-
ports. (Also available at extra charge is
a 3M 32- and 4-track Digital Mastering
System, and companion Editing
System.)

To handle the increased demands on
outboards and effects during 46-track
sessions — not to mention covering
today’s complex 24-track mixdowns —
the studio boasts an impressive collec-
tion of sound benders and blenders.
DDLs and effects include a Lexicon
Model 93 Prime Time and Model 97
Super Prime Time, a Publison Fullmost

New . ..
Less Expensive

SYSTEM:

With each of the individual equipment units

selected for
lence, operational efficiency, and above ail, their accuracy and reliability, the Suntronics 8-track

..8-Track Recording/Mixing/Production

their technical excel-

production system has been studio-tested, and packaged in two ranges. The Maxi system to meet the requirements of a
start-up facility . . . or the Mini to meet the requirements of an operator who already has a power and monitoring system . ..

The Maxi System: ¢7,850

BGW 250-D

Tascam Model 38

The Mini System: +6,000

Tascam Series M-50

JBL4312's

The Suntronics Mini Sysfem consists of the new Tascam Series M-50 12-by-8 control console, matched to the newly
introduced Tascam Model 38, 8-track recorder. The Maxi Sysfem adds a BGW Model 250-D power amplifier, and a pair of JBL
5 4312s for an ideal monitoring environment. Both systems include interface cabling.
N,

[T 1620 W. Foothill Bivd. 7127 Balboa Bivd.
—SUNTYRONICS Upland, CA 91786 van Nuys, CA 91406
}T_m'_”m ol 4 (714) 985-0701 - 985-5307 (213) 781-2537 - 781-2604
; R
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NEW HOLLYWOOD
STORE OPENING
SOON!

1151 Pierce Street
Riverside, CA 92515
{714) 359-5102 - 359-6058
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and sound-absorbent wall treatment.

processor (currently being used, Fitzpa-
trick relates, by producer Maurice White
to create some interesting vocal effects),
an Eventide H949 Harmonizer, plus
Sontec and GML parametric equalizers.
Available echo./reverb units include a
pair of stereo EMT 140 plates (one with
tube electronics, and the other solid-
state), plus EMT 250, Lexicon 224X, and
Eventide SP2016 digital reverb devices.
Other signal processors include full
Audio + Design Recording Scamp and
dbx Series 900 racks, Inovonics Model
201, Sontec, dbx, GML, plus UREI LN-
1176, LA-3, and LA-1 compressor-
limiters.

Recording Studio Acoustics

Designed to accommodate between 10
and 25 musicians on its 900 square feet
of usable f{loor space, the studio proper
has an average ceiling height of 12 feet,
making it a suitable venue for string
and horn dates, as well as traditional
sessilons.

“Studio C has a more ‘live’ acoustics
feel than most of Westlake’s previous
room,” Phoenix says. “It was designed
to be reasonably neutral in sound char-
acteristic, yet allow medium to long
decay times — between half and one
second — to be set up, should an engi-

“Close-field” monitors atop the console
include Tannoy and Auratone units.

WESTLAKE CTP DESIGN PHILOSOPHY . .. continued L

the loudspeakers, while the space behind you is highly reflective.

“The Controlled Travel Path design recognizes the importance that early reflections play in
the way we perceive a complex soundfield — as does LEDE — butthe practical result is an
environment in which as you move around the room there is an even and smooth transition
from live to absorbent surfaces, rather than a steep and narrow one.

“Our approach is to analyze the directions that a wavefront radiating from the monitors can
take as it travels into the room, and attempt to configure the acoustic design so that the
reflections fall within an area of the room that causes the minimum number of interference
paths due to those early reflections.”

As well as placing a greater emphasis upon the behavior of sound reflections around the
room, Phoenix points out that Studio C is somewhat different from previous Westlake and
Eastlake/Sierra environments. (The former rooms having been designed by both Westlake
founder Tom Hidley and, since 1975, Glenn Phoenix's team, following Hidley's move to
Europe, and the resultant company name change.) The main design departure is the
apparent acoustic nature of the studio and control room, which would be described by most
users, he suggests, as a live-sounding studio area, coupled to a reasonably dead-sounding
control room. While the measured RT60 of Studio C is indeed higher than most recording
studios — a 0.5 to 1 second decay can be achieved, depending on the room setup and
frequency of interest — the control-room reverberation time is practically identical to that
encountered in conventional spaces. The apparent perceived difference in the sound charac-
teristics of the CTP design, he offers, can be attributed to the lack of early sound reflecctions,
and controlled angles in the room, which produce a diffuse soundfield, particularly at low
frequencies.

While calculating the physical geometry of the control room necessary to minimize early
sound reflections into the monitoring environment, Phoenix relates that care needs to be
taken in the selection of materials that eventually will be used as surface treatment, and the
frequency of sound under consideration.

“ A portion of the sounds incident on a surface will be absorbed by the structure; some will
be reflected at an equal but opposite angle — as with light on a mirror; some will be redirected
due to diffraction — depending on the surface and wavelength being considered; while some
may be diaphragmatically reradiated into the listening area — usually the low frequencies,
and possibly parallel to the surface, regardless of the impinging angle. This parallel radiation

— continued . . .
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2B or Not 2B?

You've told us that our HH 2 x 2 Level Matching Interface is the most
cost effective and reliable product to solve the age-old dilemma of inter-
facing — 10 dB equipment to the studio and broadcast standards of +4 dB
and +8 dB.

But, what about those high RF fields, and the need to drive line levels
for longer distances? In response to these situations, we’ve designed
the HH 2 x 2 B. Enclosed in the original, rugged, steel housing, the
HH 2 x 2 B offers electronic balancing for the +4/+ 8 outputs, and
improved RFI rejection.

So, now you've got two options. The highly successful HH 2 x 2, or
the new HH 2 x 2 B. 2B or Not 2B. ... the choice is yours!

> VALLEY PEOPLE, INC.
L. P.O. Box 40306/2817 Erica Place * Nashville, Tenn. 37204

615-383-4737 » TELEX 558610 VAL PEOPLE NAS
Export: Gotham Export Corporation, NY, NY/Telex 129269
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WESTLAKE CTP DESIGN PHILOSOPHY . . . continued —

or diaphragmatic phenomenon is caused by the fact that surfaces never possess 100%
rigidity; if they did, we would be able to presume that all the sound will follow the simple ‘angle
of reflection equals the angle of incident’ rule, and predict the way early reflections behave in
the rocm by simple geometric observations. But, since the problem is more complicated
than that — particularly at low frequencies, because of the long wavelengths involved — a
designer needs to be aware of the diaphragmatic action of the surfaces involved.

“You can do a lot of things to minimize such diaphragmatic action, by adding mass to the
walls, or controlling the way that the mass and wall system work together, either as a
homogeneous unit or not. And these diaphragmatic effects can produce noticeably different
sound characteristics in identical or similar rooms. They can be caused by surface treatment
at mid- to high-frequencies, or by the whole wall system acting as a large diaphragm at long
wavelengths.”

As a result, Phoenix offers, when designing larger rooms, such as the control room for
' Studio C, the walls tend to be more diaphragmatic at lower frequencies, since the larger areas
involved can flex more easily. To help prevent such physical movement, or at least minimize it
as far as possible, another major factor in the CTP design is to strive for a condition of
minimum resonance; in other words, ensure that the outer walls of the control-room
structure are braced and reinforced, so that the result is a rigid set of external boundaries with
which the sound will interface. (And which, of course, also will ensure adequate isolation for
sound both trying to leave and enter the monitoring environment.) Boundary rigidity is
achieved through the use of integral triangulated bracing, and homogeneous, high-mass
wall and control-room glass systems.

It goes without saying that in order to produce a diffuse and even soundfield across the
monitoring area, the primary consideration is one of irregular geometry — so that parallel
surfaces are eliminated — but with equal emphasis, Phoenix points out, on studying very
carefully the physical boundaries and layout of the room shell, and the sound travel paths. By
way of an example, he says, “consider the odd angles in the overhead skylight. Although, to
the casual eye, the extemal geometry may appear to be sufficiently irregular to prevent
repetitive sound reflection paths, we need to take note of the actual angle ‘seen’ by the sound
itself as it is reflected and refracted off each surface on its passage around the room.”

An often overlooked travel path, Phoenix says, is that of structure conduction. To minimize
this phenomenon, which can cause a considerable amount of distorted and out-of-phase
soundto be reradiated into the listening area, several isolation breaks often are employedto
reduce the amount of energy conducted to potential radiators. These breaks usually take the
form of speaker isolation mounts, and wall and floor breaks.

"Once we have worked out the dimensions and angles needed to secure a diffuse
soundfield across as wide a monitoring area as possible, we then look at the absorption
characteristics of the materials in and around the room. The normal materials — fiberglass
and sound blankets, plus membrane resonators and sufficient bass trapping — were
selected, but more important was where in the room they need to be positioned.

“Calculating and designing a CTP room is a slightly more lengthy process than a
‘conventional’ design,” Phoenix concludes, “and cannot be accomplished successfully in
some spaces. It takes more experience on the part of the designer, in terms of having
encountered more rooms, and being able to determine while you're working with pen and
paper where those travel-path errors will occur, so that when the design is implemented you
have accomplished what you set out to achieve — a broad, accurate soundfield across the
monitoring area of the control room.” (] ]

Room length and width are identical and paraliel,
producing continuous repetition until sound
decays, and a maximum null at the resonant
frequency inthe center of the room. Speakers in
corner produce HF travel path errors, and LF
assist by reducing the radiating space.

BAD CONTROL-ROOM DESIGN

Room length and width are varying, thereby pro-
ducing a broad series of resonances, and thus a
diffuse soundfield. Also, travel path errors are
minimized.

GOOD CONTROL-ROOM DESIGN
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neer or producer be after that kind of
‘larger’ sound. The sound characteristic
would be classified as medium to bright,
depending on the setting of the two elec-
trically operated drape systems —which
can be drawn back to expose bare brick
walls along the length of one side of the
studio — and the position of the reflec-
tive panels along the other.”

Several large panels, stretching
almost from floor to ceiling, and covered
with hard reflective wood paneling on
oneside, with thick pile carpeting on the
other, can be swung out from the wall to
create a mixed array of live or sound-
absorbent surfaces. Waist-height gobos,
also treated on each side with wood and
carpet paneling, are available for local
acoustic control around individual
instruments or vocal sections.

“The studio has standard active trap-
ping — in other words, enclosures
within the walls and ceiling containing
hanging acoustic blankets — but is not
overly trapped. This allows the middle
and upper frequencies to be kept at a
higher level for the musicians playing
in the room, to better hear their own
instruments, and to improve communi-
cations across the area.

“Care was taken when calculating the
room geometry —in particular, the var-
ious angles of sound reflection and
refraction around the room — to keep
the soundfield diffuse and true down to
the longest wavelengths. The room has
‘open and airy’ sound which, of course,
is asubjective description of the medium
to long — 10 to 100 millisecond — spac-
ing of the reflections, and the multiplic-
ity of them.”

The studio floor features three large
hardwood sections that cover approxi-
mately 40% of the total working area,
the remainder being covered in carpet
over pad; the entire floor, like the control
room, is laid on a conventional floating
concreteslab design for sound isolation.

As in the control room, versatile
adjustable lighting has been incorpo-
rated into the studio design, and is
somewhat unusual in offering no less
than three types of illumination.

“When warm lighting is required,”
Phoenix explains, “there are three zones
of dimmable incandescent lights. Next,
comes two levels of florescent work
lights, used most commonly when some-
thing needs scrutinizing, such as while
making instrument or miking adjust-
ments, running repairs, or for reading
music charts. Florescent lighting isn’t
generally considered as ‘aesthetic’ as
incandescent lighting, and often is des-
cribed as cold or harsh. But it is more
efficient, both in terms of light/heat
ratio, and power consumption.

“Lastly, and most unusually, the stu-
dio, like the control room, has an eight-
by four-foot skylightin the center of the
roof, which we inherited with the build-
ing; rather than close it off, we decided
to make the skylight a unique feature of
the environment. And if the musicians
prefer not to work in natural lighting
—either sunlight or moonlight — then
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Studio C’s control room is dominated
by a large 4- by 8-foot skylight.

the skylight can be closed with an elec-
trically operated shade that totally
eliminates outside light when closed.”

Video and Film Facilities

Studio C is well equipped with a var-
iety of video and film screening facili-
ties to handle an increasing number of
scoring and sweetening dates. All patch
panels in the control room and most of
the other areas around the studio com-
plex are fitted with video inputs and
outputs, so that monitors, cameras, and
video recorders can be set up wherever
they may be required. A 25-inch color
monitor has been mounted permanently
in a strategic position between the
control-room monitor loudspeakers, and
can be switched to display a live or off-
tape video picture, or console automa-
tion levels during audio-only sessions. A
Panasonic NV9600 professional U-
Matic VCR is on hand to replay video
work tapes, whileit appears to benoidle
boast that the studio’s BTX Shadow
synchronizer can lock up virtually any
combination of video and audio trans-
ports.

In the studio area, an electrically con-
trolled seven- by 12-foot projection
screen can be lowered from the ceiling
for film-scoring sessions. (A projection
room is to be found on the second floor,
directly above the entrance to Studio C.)
A pair of three-way Westlake TM-1 mon-
itor speakers mounted either side of the
projection screen provide studio audio
playback.

Additional Features

Designed to cater to just about every
need of a producer, Studio C has several
additional rooms or areas intended to
make life as comfortable as possible
during long protracted sessions. Two
rooms, in particular, both with direct
access to the control room have been put
at the disposal of the hard-working pro-

duction team. The entire ‘complex’ 1s
purposely laid out to serve as a separate,
practically self-contained studio area,
which can be accessed through its own
street entrance, and isolated as far as
possible from traffic in the rest of the
building during lockout sessions.

A “Producer’s Refuge” — in reality,
an over-sized soundlock between the
control room and studio area — mea-
sures approximatelyv 80 square feet, and
can double as an overdub/isolation
room, or private lounge. It features a
wetbar, refrigerator, microwave oven,
telephone, television, mike- and cue-line
patchbay, plus direct access to its own
restroom. A second area, known as the
“Production Office,” equipped with a
desk and telephone, is intended to serve

as an operations office for the producer,
artist, and production team. It can be
reached from the rear of the control
room via its own private entrance.

In terms of original design concepts,
and the acknowledgement that Wes-
tlake readily makes to ongoing acous-
tics theories — including the Live-
End/Dead-End approach pioneered by
Chips Davis and Syn-Aud-Con, along
with innovative designs from other
leading acousticians — the new Studio

C complex gives ever appearance of

offering an accurate and creative record-
ing environment, and one in keeping
with today’s increasingly complex and
demanding multitrack sessions. RER

FOR LESS

The RCF N-480 High Technology Compression Driver gives
you more power handling, more extended response, less
distortion, and it will cost you at least 50% less than
any comparable driver on the market today.

More Power Handling for 50%
less . ... 150 watts continuous
program, 75w rms long term sine
wave @ 1,200 Hz and up, 100w
program and 50w rms long term
@ 800 Hz and up.

More Extended Response for 50%
less . . .. equal to the finest alumi-
num and titanium compression
drivers in high frequency response.

More Fidelity for 50% less . . . .
with low inherent distortion thanks
to a high dampening composite
material diaphragm.

For more information, contact us today.

EASTERN

AcousTic #

WORKS
PO. Box 111

Framingham, Mass. 01701
(617) 620-1478

wwWw americanradiohistorvy com

More Quality for 50% less . . ..
the RCF N-480 High Technology
Compression Driver features a high
flux {19,000 Gauss| ferrite magnetic
structure, composite type 44 mm
diaphragm and self canceling
surround. The bottom line is

high pcwer, low distortion and
extended frequency response
capabilittes. And you're paying
about 50% less.
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All photography by DAVID SCHEIRMAN

LIVE PERFORMANCE SOUND

oxy Music has not toured in the

U.S. since the late Seventies. The

band actually dissolved in 1979,
and only came together again during
early 1982 to produce Avalon;in April of
this year, the group was on the road to
promote that album, as well as the
recently released, live four-song “mini-
LP,” The High Road. Twenty six shows
were scheduled over a period of 30 days,
in various venues around the country
ranging in size from 6,000- to 16,000-seat
capacity. According to Roxy Music’s
production manager, Chris Adamson,
those 26 shows were very important to
the group as it attempted to re-acquaint
concert-going audiences with its music.
Electrotec Productions, Inc. (formerly
TFA) was selected to handle sound rein-
forcement for the tour, as well as supply
stage lighting. Of particular interest
was the fact that Electrotec’s sound sys-

tem for Roxy Music included the
recently completed Lab-Q™ series
loudspeaker cabinets.

Regarding the group’s choice of sound
companies, Adamson says, “It was bas-
ically a mutual decision made at man-
agement level. Robin Fox, our house
engineer, felt that the new Electrotec
system would be a good vehicle with
which to present the group’s new mate-
rial, and we were particularly interested
in finding a company which could offer
a package deal on sound and lighting.”

As Robin Fox recalls, “At rehearsals,
I used four pairs of the new speakers in
the main room at Studio Instrument
Rentals [Hollywood], and I was favora-
bly impressed with them indoors. This
tour has a lot of indoor dates, but the
outdoor shows are where we will really
tell whether or not a system has what it
takes. So far, I think we made a good

ELECTROTEC SOUND
SYSTEM FOR ROXY MUSIC

New Lab-Q Loudspeakers in Operation at
San Diego’s State University Amphitheater

by David Scheirman
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choice.”

Lab-Q Loudspeaker System

The Electrotec Lab-Q is a three-way
active/fourth-way passive, two-cabinet
speaker system, capable of being
stacked on the ground, or flown in the
air with no additional special hardware.
According to Pierre D’Astugues, Elec-
trotec’s senior vice president, the new
system is the result of more than three
years of research and development.
“The low-end of the system was
computer-designed and manually tuned
so asto offer aresponseto below 40 Hz,”
he says. “Our mid-cabinet is also
computer-designed, and can achieve a
true 60-degree coverage angle. Right
now, the system is at a certain point in
its evolution; this is not necessarily
where we plan to stop with it. The basic
cabinet structuring will be a constant,
but as new transducer and electronics
technologies hit the market we plan to
adapt this system to fit the new
developments.”

D’Astugues feels that the Lab-Q sys-
tem is fully taking advantage of today’s
available technology, but that a 10% to
15% improvement in the system will be
evident by next year, due to engineering
advances. “Feedback from engineers —
[both] our own, and those employed by
the accounts we service — is bringing
about positive changes, and this system
18 exciting in that respect,” he remarks.
“It is an ongoing thing. Crossover cir-
cuitry, transducer manufacturing tech-
nologies, and component alignment are
all three areas where advances will
occur.”

System Low-End

The Lab-Q low-end cabinet, of which
26 were used on the Roxy Music tour,
houses a single 18-inch cone driver cap-
able of handling 600 watts RMS. “The
speaker is not currently available to the
public,” explains D’Astugues. “It has
been developed especially for us by JBL,
and is a bit different from the similar,
commercially available speaker.” When
pressed for details, all he would offer by
way of elaborating was that, “it’s more
expensive, I'll tell you that much!”

The cabinet, which covers the sound
spectrum up to 250 Hz, is a folded-horn
design with center bracing, and cur-
rently is equipped with two round port-
hole vents (Figure 1).

System Mids and Highs

The second half of the loudspeaker
system is a cabinet of identical dimen-
sions designed to stack directly via lock-
ing corner mechanisms on top of the
low-end cabinet, and thus create
columns that tower approximately 8
feet above ground level. The mid/high
cabinet contains two 12-inch JBL E120s
loaded in a deep horn chamber; a new
constant-directivity, bi-radial horn
mounted on a JBL 2445 driver; and two
specially modified JBL ultra-high fre-
quency units that are passively crossed-
over (Figure 2). The system crossover
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New State-of-the-art
Performance and Reliability
in a Classic Format

If you liked Prime Time,
our new Prime Time II will blow you away!

Prime Time II has the familiar features that made the original Prime
Time the world's most popular digital delay processor . . . the preferred
choice of thousands of studio engineers and leading musical entertainers. To
this winning format we've added these new exclusive features:

Dynamic Recirculation Control for dramatic new non-muddying
echo effects . . . Electrcnic/visual, programmable, metronome clock—for
synchronizing repeats and external rhythm devices . . . Extended delay, up to
7.7 seconds, to allow use as a short-term digital reccrder for dramatic new
sound-on-sound layering effects.

All this olus Lexicon's latest high-tech PCM digital audio technology,
which, assures you ultra-clean sound and full power bandwidth to 16 kHz.

If you would like to meet the successor to Prime Time, ask your
leading Pro Aud-o dealer for a demonstration of Prime Time II—you won't
telieve your ears!

exicon

Lexicon, Inc., 60 Turner Street, waltham, MA 02154
(€17) 891-6790/TELEX 923468
Export: Gotharm Export Corporation, New Ycrk, NY 13014
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20 reasons why

the QSC Model 1400
should cost more.

And why it doesnr’t.

Until now, designingf a
premium professional ampli-
fier was seemingly a set pro-
cedure. All that was needed to
introduce a new product was
anew feature, a hot new com-
ﬁonent mare POWer, or per-

aps some complicated circuit
gimmickry designed to
Impress others with “technical
superiority”

The results were almost
always the same: very little-
improvement in real-world

performance or reliability
accompanied by a hefty
increase in price.

But we af QSC decided that
you deserved more than that.

So we went back to square
one, taking a hard look at
professional amplifier design
and construction basics.
We found a lot of room for
improvement. Time and tech-
nology had changed things.
Approaches that had been

out of date.They needed
re-evaluation...and a breath
of fresh air.

With that in mind, we
designed Series One. Aline of
amps thatinclude a host of
features (including many
advancements gained from
our revolutionary Series
Three amplifiers) and the finest
in high quality/high perfor-
mance components. We
examined existing construc-
tion and assembly methods

it could command a com-
parable price tag. But the same
rethinking that made the
Model 1400 technologically
superior also made it less
expensive. How much less?
Like we said, it’s almost
unbelievable: only $698.00*
In all modesty, we feel that
we've created a whole new
price-class of premium power
amplifiers. A look at the fea-
tures we've outlined here will
give you some indication of

and re-engineered them to be——the technology that makes the

much more efficient.
Theresultis almost unbeliev-
able. Take the Model 1400
for example. It's equal to or
better than any premium
power amp on the market in
terms of features, perfor-
mance, reliability, or quality of

faken forgranted foryearswere  components. In terms of price,
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QSC Model 1400 uniguely
superior. Ironically, many are
the same features that make
it so affordable.

To find out more about the
1400, see your QSC Audio
Products dealer. After all, can
you afford not to?
"Manufacturer’s suggested retail price.
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1. Power
A hefty 200 watts per channel @

8 ohms, 300 watts per channel @
4.0hms, 20-20kHz, both channels
driven.

2. Lightweight, Compact Size
Advanced design reduces weight
to amere 27 Ibs.

3. Flow-Through Cooling
High-turbulence heatsink thermally
coupled fo faceplate dramatically
reducesweight.Two-speed fanwith
back-tfo-front airflow also helps
keep rack cool.

4, Case-Grounded Output
Transistors
Provide a 25% improvement in
thermal fransfer increasing reliabil-
ity through reduction of thermai
cycling fatigue and insulation
breakdown.

REMIUM COMPONENTS

5. Large SOA, High Speed,

Mesa Output Transistors
Renowned for their ruggedness
and audiophile sound.

6. 5532 Op-Amp Front End
High speed, low-noise, and low-
distortion op-amp designed
explicitly for high-performance
audio.

7. High-Density,

Low ESR Filter Capacitors

The very latest in advanced foil

fechnology, reduces size and

weight while improving
erformance.

8. FR-4 Fiberglass PCB's
High quality circuit boards.

9. Single Piece 14-Gauge Steel
Chassis with Integra
Rack Mounts
Thicker than normal for extra
strength, no welds to crack or
screws fo loosen.

10. Full Complementary Output
Circuit
For opfimum performance and
OWET.
11. Independent DC
and Sub-Audio Speaker
Protection

Circuit design inherently protects

speaker from DC or sub-audio

. S-.( ‘
ALDIO
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18. Monc-Bridging

surges due fo output failure. Acts
and Input Programming

independently on each channel.

12. Dual Power Supplies Switches
Split power transformer with Maximum flexibility without
separate recfifiers and fiters. Pro- jumpers or patch cords.
vides better channel separation 19. Optional 70-Volt Output
and improved reliability. Transformers
13. Patented Output Averaging™ Mount right on the back for use in
Short-Circuit Protection distributed systems.
Provides superior short circuit 20. 2 Years Parts and
protection without the audio degra- Labor Warranty

dation found in VI limiting.

14. Thumpless Turn-On, Tum-Off
Input muting relay provides fum-on
delay and instant tum-off to pro-
fect sensitive drivers and speakers.

15. Active Balanced Inputs
For superior qudio performance
while reducing cable-induced hum.

COMPREHENSIVE INTERFACE PANEL

16. Octal Input Socket
Accepts active and passive input
modules such as comp/limiters,
crossovers, and fransformers.

17. %" RTS, XLR, and Barrier Inputs
No need for adapters.

A quaiity product backed by an
extended warranty.

QSC Audio Products
1926 Placentia Avenue
Costa Mesa, CA92627

S

AUDIO

CANADA: SF MARKETING, INC., 312 Benjomitt Hudan, Montreal, Cluebec, Conoda HANTJ4
INTERNATIONAL: E AND E INSTRUMENTS INTERNATIONAL, INC , 23011 Moutton Porkway, Building F7, Laguna Hills CA 82653

Write for details and specifications an Ihese and othes products.

MODEL 1400
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For additional information circle #41

provided Fox with an accurate display
of the system’s frequency response and
sound-pressure level. An AKG C451E
microphone supplied signal input to the
analyzer, while an internal pink-noise
source is available for system testing.

Other signal processing equipment in
the house system included dbx Model
160 limiters for the main left and right
outputs, and another pair of the same
device for patching into the kick drum
and bass guitar channels. Four Audio +
Design Scamp Model 100 noise-gates
were patched into drum input channels,
and four Scamp SO1 compressors were
available for processing vocals. Special
effects devicesincluded a Lexicon Model
224 digital reverb, Marshall Time Mod-
ulator, Audio + Design Compex F760X-
RS stereo limiter, Eventide H949 Har-
monizer, and an AMS Model DMX
15-80S stereo digital delay. House pro-
cessing gear was contained in three
identically sized 19-inch rack-mount
cases (Figure 5), and was tied into the
house mix console via dedicated multi-
pair cabling.

In the house system, playback of pre-
recorded music was accomplished with
two ReVox two-track reel-to-reel decks,
and an Akai stereo cassette player.

Power Amplifiers
Electrotec has chosen the JBL Model
6233 asits exclusive power amplifier for
both house and monitor systems. The
Model 6233, because of its high-
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Figure 4: A Brooke-Siren system modular crossover with system points at 250 Hz
and 1.5 kHz features built-in limiter circuits on each band.

frequency switching power supply,
weighs only 34% pounds per unit, yet
develops 400 watts RMS per channel
into a 4-ohm load. A total of 63 of these
amplifiers were on the road with Roxy
Music, packed three to a case: 18 for the
monitor system, and 45 in the house.
Each amplifier rack has front-panel

Proven Performers.

Improved.

1365 N. McCan St. « Anaheim, CA 92806 - 714.632.8500 « 800.854.7181 « TWX 910.591.1191
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access to inputs and outputs, and AC
connectors for each rack located at the
base of the front panel (Figure 6). The
6233 amplifier contains one possibly
unique design feature: a front-panel
foam-lined vent provides flow-through
ventilation to cover cooling require-
ments, so that units may be stacked
directly one on top of another to con-
serve rack space with no ill effects.

System Set-Up
The concert that this writer observed
was staged at San Diego State Universi-
ty’s outdoor amphitheater, an open-air
stage below ground level with high-rise

Figure 5: House mix electronics racks
with comprehensive patching access
includes a White RTA.

— continued on page 69 . . .
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NEW plate reverb
at a “spring” price

ECOPLATE Il .. .$1695

Now there’s no reason to pass up that plate
reverb you've always wanted. The Ecoplate 111
is the newest in professional reverb. Its
compact size (56” x 38” x 9") and pretuned
plate allow for easy installation and set-up.

So step up to the smooth bright sound of the
Ecoplate lll. Call AEA, the largest and most
knowledgeable Ecoplate dealer in the world.
We have plates in stock and are happy to
arrange demos.

Reverb Time: Variable .5 to 5 sec.
Signal to Noise: 65 db - :
Fregquencwy Response: 80-20 KHz
Input: - 10 or +4 dbm 10K ohms. unbalanced.
10K ohms

W A M o | audio engineering associates
Size & Waight: 56”x 38”x 9”, 109 lb. 1029 north allen avenue  pasadena, ca. 91104
Equalizat.on: Both Hi and Lo Variable (213) 7989127

wAAN. americanradinhistary icam
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“Beware the woif in

Forover 50 years, Shure has led the industry in microphone products
and innovations. And, in particular, the Shure SM58 has long been
the acknowledged standard for professional performance.

This situation has obviously frustrated our competitors. So lately,
it seems they’ve decided that “if you can’t beat ’em, copy 'em.” As a
result, several have introduced microphones that, lo and behold, look
a lot like our SM58.

But, unless you're going to hang it on the wall, you shouldn’t settle
for a microphone that only “looks” like an SM58. And you should
realize that these competitors have not succeeded in achieving the
performance of the SM58. No other microphone delivers the quality
and consistency of sound that professionals insist upon. And the
durability to make it last.

Consistency. Everv SM58 delivers the same excellent response
and sound characteristics. Sound that professionals know they can
count on, time after time. Our competitors lack our quality control.
So one of their microphones can vary a great deal from the next, in
performance and reliability. If you get a “good” one, it still won't
measure up to the SM38. And, of course, if you don’t . ..

Durability. Superior construction techniques prepare the SM58
for real-world abuse; abuse that would—and in our testing, does—
shatter look-alike microphones. SM58'’s that have been in use for 12
years still pass performance standards our competitors can't meet
when they’re brand new!

You can’t fool Mick Jagger, Eddie Rabbitt, Roger Daltrey, and

hundreds of other top entertainers who have made the SM58 SRR
the preferred stage microphone, by far. But our compet- 9’,;?),’” Rl
itors obviously think they can fool you. Can they? 2 &% /
When a better microphone is built, Shure will build \ % X4
it. Until then, dismiss false claims by other manufac- & N7

turers with a simple word. Baaaaaaa.

“"“®

THE SOUND OF THE
PROFESSIONALS
... WORLDWIDE

For more information on Shure’ line of SM Professional Performance Microphones, call
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or write Shure Brothers Inc.,
For additional information circle #43

222 Hartrey Ave., Evanston, IL 60204, (312) 866-2553.
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Many reverbs come with level controls, but not
the RS-20—it’s tweak free. After all, your mixer
has echo send and return controls, so why pay
twice for the same thing. Just set the rear panel
sensitivity switch, and a pair of bi-color LEDs on
the front panel help you set the mixer’s send
level. That's it.

Limiters ahead of the RS-20 drive amps then
prevent overdrive or “twangy’’ spring sounds
caused by high energy transients inherent in
plucked guitar strings, etc., so the RS-20
remains ‘‘squeak free!’

This exciting new unit incorporates a
proprietary design with three different sized
springs on each channel. Here’s why: Most
conventional single-spring reverbs have poor
high frequency response, and those that don’t
usually compensate by ‘“‘shunting” high
frequencies directly through their reverb with a
capacitor, a short-cut that cheats you of high
frequency delay. The RS-20’s multiple springs
extend the frequency range at least an octave
above conventional units (without a shunt). Also,
three springs let us scale the decay time to the
frequency for superbly natural sounding reverb.

You've got to hear it—sound that rivals high
quality plates and digital systems, for a whole
lot less. Even at twice the price, nothing beats
the RS-20 Dual Reverb.

For additional information, see your TASCAM
dealer, or write TASCAM Products, 7733
Telegraph Road, Montebello, CA 90640,

(213) 726-0303.

Copyright 1983—TEAC Corporation of America

TWEAK
FREE
REVERB.
REVERB.

TASCAM

TEAC Production Products

For additional information circle #44
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... continued from page 64

concrete seating that describes an area
of nearly 140 degrees. To adequately
cover such a venue, the main speaker
stacks must be laid out to provide unus-
ually wide coverage. Electrotec sound
svstem engineer Mike Gibney chose to
set up the system in two stacks of 2]
boxes each. The stacks were given a
slight hemispherical curve out to the
sides, and in towards the center of house
(Figure 7). Low-end cabinets were
arranged in columns of three, and mid.
high cabinets put up in similar fashion.
The center of each stack comprised two
columns of three low-end boxes apiece
—quite a concentration of low-frequency
energy in one spot. Since the distance
between stacks was in excess of 60 feet,
the monitor sidefill stacks were called
upon to do double duty as center-house
fill. Sidefills were placed slightly
upstage of the front mike line, and
angled across the downstage perform-
ing area, with their coverage pattern
hitting the center house seating
sections.

The San Diego concert was only the
second show of the Roxy Music tour.
Since the system was fresh out on the
road from rehearsals, much time was
spent during the afternoon before sound
check carryving out basic road prepara-
tion: cables were labeled, case packing
charts prepared, and loose hardware
tightened. According to Gibney, basic
system maintenance neverends whena
system is on tour. “Every day there are
things to watch for, gear to check on,”
he says. “For instance, right now [ am
tracking down a hum in the house sys-
tem, which is not normally present with
this gear. There seems to be a ground
loop occurring at the interface between
the house and monitor consoles|splitter
box|, and it is a trial-and-error process to

Figure 6: JBL Model 6233 power ampli-
fiers are packed three to a rack, with
front-panel access to inputs, outputs,
and AC power.

DEVELOPMENT OF LAB-Q LOUDSPEAKER SYSTEM
— A Cooperative Effect Between JBL and Electrotec Productions

Assembling a new-generation concert sound system can be likened to building a race
car: sometimes the parts you need are just not available off-the-shelf. Specific hardware
needs for items such as custom-made transducers oftentimes are fulfilled only at great
expense. However, when JBL was approached by Electrotec Productions for assistance in |
developing speaker cones and high-frequency units for the new Lab-Q loudspeaker sys- |
tem, the company was happy to help.

“We offer product development assistance for our major PA company customers,”
explains JBL’s Mark Gander. “When a company is ready to place an order for a significant
number of pieces — usually in excess of 100 — then it can become cost-effective for us to
do a run of speakers or drivers which are slightly different from our normal product line.
Usually, this will just mean putting out a certain driver in a 4-ohm version, when we
normally do not offer it, or perhaps matching up particular components in a horn/driver
configuration which does not appear in our product line. ]

“It’s no secret that we have done special-order runs for most of the major sound
companies: Clair, Maryland, Showco, and so forth. As long as the order is in sufficient'
quantity, we will do what we can to give them the specific components that they feel they|
need.”

Pierre D’Astugues of Electrotec recalls that the Lab-Q system required both high- and
low-frequency components which were slightly different than the commercially available
units in JBL’s line. “As a speaker manufacturer, JBL is very much oriented towards helping
bring about new developments in the PA field,” he says. I feel that companies such as JBL
like to use the concert sound companies to break new ground; to try out new products as
they look into the future. What the PA companies do today, the rest of the business — the -
huge musical-equipment market — will do tomorrow. And, of course, with any new
product there has to be a suffficient demand for a manufacturer to become involved.

“When we wernit to JBL, I told them straightaway that I needed at least 250, maybe 300, of
the particular 18-inch speaker we were after. So, I think it was worth their while. Now;
orders such as this have a positive effect on the industry in a two-fold way. First, it keeps a
good relationship going between the manufacturers and the sound companies. Second, it
benefits everybody else, because new products get off the drawing board and into the
marketplace for all of the rest of us.” ... continued overleaf —

NEUTRIK’
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 DEVELOPMENT OF LAB-Q SYSTEM ... continued —

The low-frequency section of the Lab-Q loudspeaker system was designed with compu-
ter assistance. “JBL has computer programs in existence which help determine the
optimum design features of transducers and cabinetry,” D’Astugues explains. “We then
entered our design parameters into those programs: the size of the cabinet; the conditions
under which it would be used; the expected response . . . that sort of thing. And the box
came out pretty much right on the money. Then we tuned the box manually; adjusting the
ports, that sort of thing. We did that by listening to it, of course, using a variety of different
criteria before finalizing the design.”

JBL’s Mark Gander once again stresses that such cooperation between builder and user
is not unusual. “The past decade has seen many such design projects for us with a variety of
customers,” he points out. “And this sort of thing does bring about a gradual advancement
of sound system technologies. It used to be that people just threw up stacks and stacks of
big black boxes, assembled almost at random. Now we are working with some of our
PA-company customers not only on proper design of the system loudspeaker compo-
nents, but also on correct usage; proper placement of speaker cabinets in mathematically-
correct arced arrays makes a tremendous difference in the sound system’s phasing
characteristics. And, because of it, live sound is getting better.”

Where is PA speaker-system design going from here? “There are still some basic design
parameters which will be with us for some time,” Gander says. “Wood-pulp paper is still
one of the best materials on earth for translating electrical energy into acoustical without
too much coloration. The Japanese are experimenting with new materials such as poly-
proplene for 'speaker cones, but these are generally only working for a full- frequency
application. The typical large concert PA system has the signal split into four or five
different bandwidths, each requiring a specific, well-tailored transducer to most effectively
reproduce those frequencies.”

For horn design, Gander feels that the material used is not so important.as the mathe-
matics of the horn: flare rate, dispersion pattern, etc. “The new materials such as graphite
composites may sound slick,” he concedes, “but really all that is important in a horn is that
the material be able to hold the horn shape in a rigid manner when it’s in use! People who
feel that they can hear a difference between identically designed horns made of wood and
metal are only hearing whether or not the horn’s builder has done a good job of maintaining
a rigid, symmetrical form.”

One area that promises future advancements in the use of metal components. “We have
been moving away from the phenolic-type diaphragms in our compression drivers,”
Gander remarks. “The berylium-titanium compounds have brought about a much better
diaphragm: improved frequency response, and greater durability. And, in magnets, the
ferrite materials currently in use do not degauss so easily as the AINiCo [Aluminum/Nick-
el/Cobalt] compounds used a few years ago. However, the ferrite materials are perhaps
15% heavier. The little ‘walkabout-type’ stereo headphones use an extremely lightweight
selenium-cobalt magent, but this material doesn’t work for the larger transducers due to its
poor heat-dissipation characteristics.”

Computer-assisted design and new materials technology promise further advances in
speaker-system components development in the near future. And, cooperation between
hardware manufacturers and sound reinforcement companies will help to draw these new
developments into the commercial marketplace, making more efficient electro-acoustical
transducers available to the public for a variety of uses. ]

Full Lab- Qﬂown system for Bob Seger concert, Knoxwlle Apnl 1 983
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isolate and correct the problem.”

As Gibney got the main stacks on the
air and hunted down the few inevitable
bugs, Electrotec engineer Chris Amison
tuned the system for the band’s engi-
neer, and then proceeded to start the
stage input hookup.

Stage Miking

Roxy Music features vocalist Bryan
Ferry and saxophonist Andy Mackay,
both of whom worked the downstage
area. Ferry’s vocal mike was a Shure
SM-78, while the sax was picked up with
two inputs: an AKG D224E was fed into
a small Yamaha self-contained 6-
channel mixer, sweetened with a Roland
Space Echo, and fed through Yamaha
speaker cabinets, one of which was
miked. Additionally, a wireless unit was
taken as a direct input for a clean,
unprocessed signal.

Electric guitar amps were miked with
Shure SM-57s, whilethe bass guitar was
taken as a direct input, as were the key-
boards. A Yamaha 12-channel mixer
received signal input from Guy
Fletcher’s two Roland Jupiter synthes-
izers, Solina string synthesizer, Korg
organ, Yamaha CP-80 electric piano,

Figure 7: San Diego State University
outdoor amphitheater was given stacks
of speakers three high, with the stack set
up in a slightly curved array. One pair of
Lab-Q boxes in the center is used as a
sidefill monitor..

and Wurlitzer electric piano. The resul-
tant mix was processed through a
Roland SDE-2000 delay unit, and then
sent to the house and monitor consoles.
Additionally, a direct input was taken
on each individual keyboard instru-
ment to ensure clean signals at the
desks.

Roxy Music’s stage set this time out
contained a generous amount of percus-
sion, as can be seen from Figure 8. Andy
Newmark’s large drum’ set, complete
with gong, was picked up with two
overhead AKG C414EB condenser
mikes. Toms were miked individually
with Sennheiser MD421s, and the kick
received an Electro-Voice RE-20. The
snare was miked from the top with a
Shure SM-57, and hi-hat cymbals given
an AKG C451E. The auxiliary percus-
sionists’ congas, roto-tom, chimes, and
bells were picked up with a pair of Beyer
M160 mikes.

A three-way splitter with individual
ground-lift switching on each input line
passed the signal to the house and mon-
itor consoles, leaving one split available
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for broadcast pickup or recording.
Model 8226 AMP brand connectors on
11-pair multicable carried the micro-
phone signals to the splitter box from
satellite plug-in boxes distributed
around the performing area. These
boxes were designed with an extra
female connector on the end, so that
hoxes could be “daisy-chained” for
additional length when needed.

Monitor System

Stage monitors were handled by hlec
trotec engineer Bill |
Chrysler. The Elec-
trotec Sounderaft 32- &
channel board was
driving 13 separate
stage monitor speak- %
ers, arranged on 10
mixes. “I’'m using
the 10 mixes for
Roxy Music, so that >
still leaves me with _BILL CHRYSLER
six discrete outputs for opening acts,”
Chrysler offers. “After Roxy’s sound
check, I go around to the back of the
board and change my output patching;
that way the levels I've set for Roxy
don’t get touched until they come on
stage again. Six more mixes is usually
more than adequate for most opening
acts.”

Chrysler’s 10 monitor mixes for the
headline band were set up as follows:
sidefills; keyboardist; bass guitarist,
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Figure 8: Stage and Monitor layout for Roxy Music Tour.
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We fly
in the air,

anywhere!
— with Meyers —

. ..and we truck it, too!

Featuring Meyer Sound
Labs Loudspeaker Systems

Stage Sound, Inc.

4708 E. Van Buren
Phoenix, AZ 85008
(602) 275-6060
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For additional information circle #48

lead guitarist; Ferry’s downstage vocal
mix; drummer; background vocals; sax;
stage-left guitarist; and percussionist.
During sound check he was able to
speak directly to each stage monitor mix
area via the console’s built-in talkback
facility.

Monitor speakers were of three types.
Sidefills comprised a Lab-Q stack on
each side. The kevboard mix was heard
through a three-way composite box
measuring approximately 3 by 4 feet.
All remaining mixes were driven
through an Electrotec single-15 floor
slant, which contains a single 15-inch
JBLE130 speakerand a 2441 driverona
2390 horn/lens attachment (Figure 9).
The wooden box has a cutout around the
lens that serves as protection for the
fragile metal lens plates, while offering
unobstructed lateral dispersion at the
same time; it also serves as a useful car-
rying handle.

Monitor Electronics

Electrotec’s monitor system features
Klark-Teknik DN27 third-octave gra-
phic equalizers, into which have been
built the crossover units. Using the
DN27’s power supply, each custom-
designed card offers bi-amp mix capa-
bility with a crossover point of 1.5 kHz.
High and low output adjustments are
located on the equalizer’s front panel.
The system Chrysler was tending for
Roxy Music offered these third-octave
EQ/crossover units on 12 of the board’s

Figure 9: Electrotec single-15 floor slant monitor cabinets, as used by the background

vocal section. Electric fans also were provided for visual effects.

available 16 mixes. Graphics and other
monitor processing gear were contained
in three electronics racks, which he
stacked ontop of his monitor amp racks
for quick access (Figure 10). The racks
included eight sides of Omnicraft GT-4
noise gates for drum use; according to
Chrysler, however, they had not yet

-y
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FAMOUS PRICE GUARANTEE
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40 Main St. ® Danbury, Ct. 06810 ¢ (203) 748-2799
884 Boston Post Rd. ® West Haven, Ct. 06516
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been necessary with this show.

Oneofthe system’s more sensible fea-
tures was a spare power supply for the
monitor console located in the same
road case as the primary supply, pre-
wired and switchable on-line should the
need arise.

Referring to the monitor system at his
disposal, Chrysler says that usually he
will adjust the graphic equalizers dur-
ing Roxy Music’s sound check, and then
leave them set. “I don’t get into chang-
ing things just for an opening act — that
can jeopardize Roxy’s set,” he con-
tinues. “If a mix does not sound right for
the opening act with that EQ in-line, I
can easily switch it out. Our wedges

Figure 10: Monitor electronics racks fea-
ture Klark-Teknik DN37 equalizers with
built-in crossover units.
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The Super TIME LINE® offers basic
simplicity without compromising
performance. Each control on the front
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Now you can store your favorite settings
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The ADM 2048 is a-full bandwidth (16kHz), wide dynamic range (90dB), fully programmable special effects processor that
features flanging, doubling, chorusing and echo effects with up to 2048 milliseconds (2 seconds) of high performance digital
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quality,” because it’s a whole different
ballgame recording with digital, where
the quality is undisputed, as opposed to
analog recording with all its well-
known shortcomings. Good quality is
not the same as a “good sound,” right?

How does a kick drum really sound?
Most of the record-buying public has
never heard a bass drum without tape
saturation. In Germany, 90% of record
buyers have never even heard a bass
drum that was recorded without a
Kepex in circuit. Even I/ don’t remember
what a bass sounds like without modu-
lation noise. WhatI am trying to prove, I
suppose, is that rock music is — and
should be — tape saturated!

For the first couple of sessions for The
Visitors, the first digital multitrack
album to be produced in Sweden, I was
carried away by the sheer sound quality
coming out of the control-room speak-
ers, and didn’t care much for the sound
of the instruments. Every engineer has
experienced the painful situation when
the band comes into the control room to
hear a playback. The drums are always
down 6 dBs after tape, and it’s a whole
different mix you’re hearing. And you
always say: “You guys should have
heard it before it went on tape. Abso-
lutely the greatest sound I've ever
heard!”

With digital, however, what goes in,
really does come out — no noise, no tape
saturation...nonothing. Everybody on
the session is impressed, including you.
And you start to think that you can get
away with anything. Allthathard work
on analog to preserve the sound after
tape is no longer needed. You can start
to live the life of a producer, you think.

What happens when you get home
and listen to the 7% IPS copy? You get
the digital hangover. Those 90 dBs of
dynamic range mean that you’ll actu-
ally loose a lot of the music on your 30-
dB home system. Things that normally
you would have compressed or limited to
keep over the noise level on analog tape
vanish into the background. When the
bass player hits the strings with a
knuckle, it becomes very loud. The kick
drum may vary 10 dBs, so you set your
level on the loudest peaks, and then it
disappears on your car stereo.

Lack of tape noise is actually another
problem, for the analog man, anyway.
Every engineer is familiar with the
psycho-acoustic mystery that occurs
when you’re splicing leader tape to a
fade-out ending of a song. You push the
stop button when the fade is over, and
you can swear that the musicdidn’t stop
until then. But you're always wrong —
the music always stops two turns earlier
on the reel. You're actually hearing
things that aren’t there. In other words,
the sound lingers in your ears, long after
it’s gone.

This effect doesn’t happen in the same
way with digital, however; when it’s
quiet, it’s off. Manufacturers of digital
reverberation actually enhance the last
portion of the decaying echo envelope
with white noise, to overcome such an
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effect. The ear doesn’t regard this as
white noise, but rather that the sound
continuity is undisturbed, asit would be
with a natural echo.

On the 3M 32-track master tape, the
noise in fact was lower than the actual
“live” noise from the studio. Air condi-
tioning rumble and mike pre-amp noise
that was below the 87 dB digital thre-
shold simply wasn’t recorded. So, when
you play back the tape for the musi-
cians, you turn your monitors up a bit as
you would normally do when working
with analog. When the tape starts to
roll, there’snone of that familiar hiss, so
you turn the monitors up some more.
The . . . Boom . .. Kaputt goes your
’speakers.

Microphone Selection

Another thing you have to change
when working with digital is your mik-
ing technique. Most of the time you
choose mikes in respect to what they
sound like on tape, not what they sound
like in real time. You know that the peak
at20 Hz you hear when you’re setting up
the bass drum won’t be there after tape,
so why bother to mike it? In fact, since
you’re so used to what’s going to happen
ontape, youdon’teven hearit any more.

A few years back, I used to work in a
room with a sharp peak in its frequency
response at 40 Hz, and another at80 Hz.
After two years in that room I couldn’t
hear the peak any longer, and didn’t
understand what people were complain-
ing about. I guess it’s the same pheno-
menon when you live close to the rail-
road track; after a while you no longer
hear the trains. The brain prefers not to
take any notice of the sound even if the
SPL makes your ears wiggle.

The 3M digital system picks up every-
thing that is within the microphone’s
frequency response, and nothing is flat-
tened out by tape saturation. Mikes you
thought you could trust start to sound
different. It’s much like the switchover
from the old tube boards to solid-state
consoles. In those days, people believed
in mirror impedances, which meant
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that the mikes were loaded with 200 or
600 ohms. When solid-state boards
arrived on the scene, they loaded the
mikes with 1.5 kohms, and all dynamic
mikes started tochange character. Even
some condenser mikes sounded differ-
ent when connected to solid-state pre-
amps. I remember what the old U-47
sounded like on a tube board; it was
nothing like the “warm’” quality
claimed today. On some singersithad a
“shrieky” quality on particular sylla-
bles, which was just impossible to
remove. Of course, there were no EQ sec-
tions on the boards in those days —just
one knob marked “piercing,” and one
marked “dull.” (And we only had the
Fairchild Conax de-esser; remember the
black boxes that substituted syllables
with distortion?)

The 56-input Harrison desk in Polar’s
Studio A contains a number of trans-
formerless mike pre-amps. For stereo
piano I run two Neumann U-47s directly
from the mike pre-amp output to the
inputs of the 3M 32-track recorder,
which gives a “warm” quality to the
sound. Since there’sno EQinvolved, the
sound becomes a little “muddy,” so I
always place a third mike close to the
piano, add the EQ to that mike, and pan
it to the middle on a separate track.

Polar Studios features an enormous
glass-coated room that’s just ideal for
our Bosendorfer grand piano. Two glass
doors seal off the glass room from the
rest of the studio, soit’s possible to place
the mikes as far away from the piano as
you prefer. The room also is great for
strings; it can accommodate some 20
musicians, with full separation from the
rest of the band.

Onthesong “Let The Music Speak,” I
used another medium-sized, all-wood
room. The choir parts were recorded
with very distant miking, so that sound
reflections from the walls hit the mike
with almost the same level as the direct
sound. [t gives a special, “boxy’’ quality
to background vocals — very similar to
atheatre stage recording, a “Broadway-
type” sound that I like very much.
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WITH BAF PRE CHROME.

The only ptace to be in the recording ) . Best of all, just about anyone can
business is #1. And with cassettes tak- S change over from ferric oxide to BASF
ing over nearly 50% of the industry’s Pure Chrome with the greatest of ease
pre-recorded sales this year, the best —and without any need for additional
way to get to the top is on BASF Pure equipment or expenses.
Chrome duplicating tape. Find out why such major names as
BASF Pure Chrome helps you climb . el RCA Red Seal Digital, Sine Qua Non, Van-
the charts faster because it duplicates your sounds guard and Inner City all put their trust in us. Switch

more perfectly than any other brand. Technically speaking, to BASF Pure Chrome duplicating tape. Because when
BASF Pure Chrome offers extended high frequency Maxi- you put “CrO,” on your label, B

mum Output Level (MOL), plus the world’s lowest back- you're not just guaranteeing =
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tinguishable from a studio master recorded at 15 I.PS. BASF Pure Chrome.
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g areas at Polar Stu

With five acoustically different rooms
or recording areas surrounding studio
A’s control room, it is possible to achieve
a different sound character by not plac-
ing the mikes too close. For the song I
Let the Music Speak,” I used one room
for the background choir parts, another
room for the harmony vocals, and still
another room for the lead parts. That
way you can separate the different voi-
ces, since the ear detects the different
environments as if it wasn’t the same
four people singing all of the vocal
parts.

On vocals I mostly use an AKG C34
stereo mike but, due to the confusion
mentioned earlier (with all mikes giving
a new, unfamiliar sound on digital), I
ended up trying a lot of different types, a
decision thatI deeply regret today when

I listen to the finished record.

I try to avoid limiting or compressing
vocal harmony mikes, but sometimes
you'te forced to. With lead vocals,] have
a method I’ve worked out with the C34.
Since it is a dual-capsule stereo mike,
you can turn both capsules in the same
direction. If you balance the two cap-
sules on the board to give an equal out-
put, and then compress just one of them,
the unlimited capsule will take over on
loud passages, thus minimizing the
“strained” character you often get with
limited voices.

Variety of Room Sounds
By using different rooms for different
overdubs I try to achieve some depth
perspective in the recording. I’'m not
very fond of recordings on which every-
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thing comes from left, right, or phantom
center, with equal distance from the
mikes. If something is supposed to be in
the backgroud, it should be recorded
with a background sound to it. Nobody
records strings with close mikes,
because distant miking has proved to
give the richest, most musical sound.

Working with Abba it’s very much a
question of making room for all the
overdubs. There can be some four or five
different background vocals happening
at the same time, three to four piano
parts here and there, and maybe eight
different synthesizer lines, together
with the drums, bass and doubled gui-
tars. If I was to record them all with
close mikes, it wouldn’t work in the final
mix. Close miking results in a lot more
transients that force you to keep down
the mixing levels. If the congas are close
to the mike, for example, it creates
enormous peaks, with lots of energy on
the track. Now, if the kick drum and
piano both coincide on the same attack
as the conga, the transients will be
added and make those light meters
flash like mad, although the apparent
level from the monitors is no more than
if the instruments were playing separ-
ately. If you move back a little with the
conga mikes, they may even sound bet-
ter because the room might add a little
“body” to the sound. This also tells the
listener that the conga is a separate per-
cussion sound, and not a sound coming
from the regular drum kit.

I always pick up the guitar with one
close and one distant mike — notto geta
“room’ sound, but to let the guitar amp
fill the room before the sound is picked
up by the distant mike. I believe that the
amp has to “breath” in order to produce
a good guitar sound in the control room.
Most of the time, I give the room mike a
little vibrato from a DDL to make it
“sing” a little.

I'll make use of different microphones
becauseIdon’t believe in one mike offer-
ing absolutely peak performance on
ever guitar amp, or any other instru-
ment for that matter. Sometimes an
Electro-Voice RE-20 does the job better
than AKG 414 on guitar. It all depends
on what the song is, what range the
instrument is playing in, what amplifier
is being used, and so on.

I once visited a very famous American
studio that had a Sennheisser MD412
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“Dear Mom, I'm really
making it big in the music business®’

Every recording artist and engineer has to
start someplace.

And it's usually not at the top.

You can, however, have the best of one thing
rightnow: dbx signal processing equipment. You don't
pay a lot extra for it, but you get a lot more out of it.

Take the dbx 160 Series of compressor/limiters,

for example. They help free your system from over-
load distortion, so you can turn up the music without
turning off the audience.

Our tape noise reduction systems let you
bounce tracks without building up tape hiss. Which
means you can make a 4-track system sound like
24 tracks.

And our 610 Autographic Equalizer is so com-
pletely automatic, it's like having another engineer on
your team.

Visit your authorized dbx professional dealer
and hear what we have to offer.

You'll discover that with dbx, you can do
something that's rare in this business.

You can start at the top.

dbx, Incorporated, Professional Products

Division, Box 100C, 71

Chapel Street, Newton

MA 02195 U.S.A.

Tel. (617) 964-3210. x E,’gfnis,s'ona‘
Telex: 92-2522. Processing
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microphone. I asked what they used it
for, and they said vocals. You really use
a low-priced microphone like that on
vocals, I asked? The MD412 has been
around since the Sixties (I've used it to
record speech on 7% IPS), and costs
around $50 in Sweden. Nobody would
dare to record vocals with a mike like
that back home.

The first thing I did when I returned to
Sweden was to try an MD412 on vocals
for “When Allis Said and Done.” It was
absolutely great! Never in a million
years would I have guessed that such a
simple mike could sound as clear and
punchy as that. Which all goes to show
that you have to try, and try again.

Abba keyboardist Benny Andersson
owns a Yamaha GX-1, the “Dream
Machine,” a 16-voice synthesizer capa-

ble of producing some extremely rich
sounds, On The Visitors album, I
recorded the GX-1 in a different way
from previous albums, Rather than use
the instrument’s direct outputs, I routed
them through the console’s foldback
system, and out to the studio speakers,
Polar is equipped with Philips Motional
Feedback speakers with built-in power
amps to cover all the different rooms. I
miked each of the speakers in stereo —
some of them very distant — and
recorded the sum of them on two tape
tracks, without any direct injection.

This technique proved to be very suc-
cessful, It had none of that “electrical”
sound to it that is common with syn-
thesized strings. The string and brass
sound was extremely natural, in fact,
and even hard to tell from thereal thing.
On some cuts I used a Publison
DHMB89B2 Pitch Shifter for octave dou-
bling on the most distant mikes; on slow
lines it actually works very well, and
gives a very “airy” sound.

Digital Editing

Rather than reaching for an Editall
splicing block, to edit a digital album
recorded on the 3M System you have to
transfer each mix to a new reel of digital
tape. To eliminate the count-in at the
beginning of each song, it is necessary
torecord a few turns of silence before the
song, since you can’t splice leader tape
to a tape. Then you rewind both

machines and electronically edit out the

S D

HBwwswem

The most respected audiophile-quality power amplifier line in
the world was available first to professionals! Bryston amplifiers bring
with them years of hands-on experience in sound-studios, where they
have proven their unique accuracy; on the road, where they have
prover absolutely unmatched reliability; in hundreds of professional
installations all over the world, where they continue to prove every
day that for uses requiring flawless sonic quality, tremendous load-
driving ability and zero down-time, Bryston has no equal.

Discover the advantages of the Bryston philosophy for sonic
perfection and on-the-road reliability.

For further, more detailed information, and a list of dealers in
your areq, contact one of our Distributors:

[ OIS TOGmVERMONT
RFD®4, Berlin, Montpelier, Vermont 05602
(802) 223-6159
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count-in. Once the edit point has been
selected, the 3M editing system will per-
form the edit automatically. It sounds
rather complicated, compared to simply
splicing a piece of leader between songs,
butit works just fine once you get used to
it. One drawback, however, is that you
can’t change the sequence of the songs
afterwards, without doing the whole
album side over again. For The Visitors,
I first transferred all the mixes to regu-
lar 15 IPS tape, and we then fooled
around with the copies until we found
the right sequence.

The cross-fade editing technique
proved to be very useful on two-track
masters, since there’s no definite edit
point that can cause abrupt changes in
the stereo image. If fact, it was possible
to edit between two takes of different
tempos by moving the edit point to a
“wrong”’ spot, and fooling our ears.
Also, we did a lot of substituting on
some of the songs. If the second refrain
turned out better in the mix, we substi-
tuted the first refrain with the second,
and so on. We mostly work with a click
track of some kind, like the Linn Drum
Synthesizer, but on songs with tempo
changes and ritardandos, etc., a click
track won’t work. But, even if the tem-
pos did not match at all, it was always
possible to edit between the different
parts of the song, by simply moving the
edit point.

For the disk cutting stage, we had to
wheel over the 3M digital machine to the
cutting room, where Peter Strindberg
cut the parts, by-passing the regular
equipment rack, and feeding the cutter
head amp directly from the machine’s
output; a 3M delay unit was used to pro-
vide the preview signal. Because we’ve
had some weird experiences previously
when each country did its own cutting,
the album cut had to be repeated some
30 times by poor Mr. Strindberg and his
crew, sothat each country got their own,
original parts.

By way of an example of how an
unsupervised cut can go wrong, I once
received a record of foreign origin,
where the cutting engineer had com-
pressed the Volez- Vous album a good 20
dBs. Strangely enough, this 3-dB
dynamic range album sold more copies
in that country than the previous
albums had! I must have done some-
thing wrong, again. (T T
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Greg Silsby talks
about the New

Sentry 500
studio monitor...

Everyonc expects a studio monitor system to
provide a means of quality control over
audio in production.

True, other audio test equipment can
supply you with valuable data. But that data
by itself is incomplete and only displayed in
visual form.

Only a true studio monitor speaker
system can deliver an accurate indication of
audio quality in...audio! After all, this is
the language of the trained ear and doesn’t
require a complex interpretation process.

| believe the Electro-Voice Sentry 500
Studio Monitor System will meet your every
expectation.

What's a “‘studio monitor?”

The term “studio monitor”™ is often a
misnomer. It's easy to tack a label on a box
and call it a “studio monitor” without in-
cluding the best precision engincering avail-
able, and careful attention to application
design. Too often, these all-important
considerations are traded-off for such
marketing reasons as high cosmetic appeal,
a particular type of popular sound, and low
component manufacturing cost. While all of
this may translate into high profit margins
for the manufacturer it does nothing to pro-
duce a reliable standard for audio testing
and evaluation.

Linear frequency response

The Sentry 500 follows the well-
established Electro-Voice tradition of com-
bining the most advanced engineering and
manufacturing technology available. The
Sentry 500 has been carefully thought-out
and built to meet the specific needs of the
audio professional. Like the smaller Sentry
100A, the Sentry 500 provides lincar re-
sponse throughout its range (40-18,000 Hz
+ 3dB). In fact, because the two systems
share this linearity, program material may be
mixed on one, sweetened on the other, with

a gUthﬂ company

complete confidence in quality. Acoustic
“Time Coherence” {the synchronous arrival
of acoustic wave fronts from both high and
low-frequency drivers) has been maintained
through careful crossover design and
driver positioning.

Constant Directivity

The Sentry 500 is a Constant Directivity
System, benefitting from years of E-V ¢expe-
rience in the design and application of con-
stant directivity devices. Utilizing a unique
E-V-exclusive high-frequency “Director”, the
Sentry 500 provides essentially uniform cov-
crage over a 110° angle from 250Hz on up
to 10kHz and 60° dispersion from 10kHz
clear out to 153,000Hz! And it does this
on both the vertical and horizontal axes.
This means the “sweet spot’, once a tightly
restricted arca large enough for only one set
of ears, has been broadened to allow accu-
rate monitoring by the engineer, producer,
and talent—all at the same time. That's what
we call Constant Directivity.

A monitor by design

To qualify as a truly accurate test device,
a monitor speaker system must faithfully re-
produce the wide dynamic range required by
today's music and current digital recording
techniques, and do it with low distortion.
This is no problem for the Sentry 500 which
combines the high efficiency of an optimally-
tuned Thiele-aligned cabinet to the brute
power handling of Electro-Voice Sentry com-
ponents. Cansider what you get with proven
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E-V components in the Sentry 500: the
Sentry 500 will detiver 96 dB at one meter
with enly one watt and vet will handle

100 watts continuous program material with
6.dB of headroom. That's 400 watts on peaks!
The same Super-Dome®/Director combina-
tion which maintains uniform dispersion of
linear response out to 18kHz also handles a
full 25 watts of program power or 5 times
the power handling capacity of most “high
powered” tweeters. After all, tweeters
should convert electrical energy to acous-
tical energy—not to smoke and fire.

The Sentry 500 is another no-nonsense
Electro-Voice Sentry design with the incredi-
ble performance and credible price you've
learned to expect from EV. 1'd like to tell
you the rest of the Sentry 500 story and
send you the complete Engineering Data
Sheet. Write to me: Greg Silshy, Market
Development Manager/Professional Markets,
Electro-Voice, Inc., 600 Cecil Street,
Buchanan, Michigan 49107.

/
.
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Professional Markets

Eleclroloice

3
v SOUND IN ACTION’
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Northeast:

CJATLANTIC RECORDING STUDIOS (New York City) has installed a second Audio Kinetics Q.Lock 3.10 synchronizer for use with
its Studer A800, MCI1 JH-24 multitracks, and Sony BVU-800 VCRs. “The capability of locking up our machines, in any combination, has
greatly improved our ability to handle 48-track and video dates,” according to studio manager Paul Sloman. 1841 Broadway, New York,
NY 10023. (212) 484-6484.

O CRYSTAL CITY TAPE DUPLICATORS (Huntington, New York) has expanded to larger facilities which feature a new Otari DP 7000
high-speed bin loop duplication system. The firm specializes in computer software duplication, in addition to dubbing music. Production
output will be more than doubled by the new system. 48 Stewart Avenue, Huntington, NY 11743. (516) 421-0222.

[JSOUND WAVE RECORDING STUDIOS (New York City) has moved its disk cutting facilities to the following address: 2 West 45th
Street, New York, NY 10019. (212) 730-7366.

D MIDNIGHT MODULATION (Saugerties, New York) has upgraded from 8- to 16-track by installing a Tascam 85-16B interfaced with
an Otari MX-5050B two-track. The outboard line-up now features Lexicon digital delay, UREI and dbx compressor/limiters, and an
Eventide H949 Harmonizer. New Neumann and AKG condenser microphones have been added the the studio’s collection. Instruments
include a Yamaha grand piano, a Korg Poly 61 synthesizer, and an ARP 2600. Michael Bitterman owns and operates the studio. 2211 Pine
Lane, Saugerties, NY 12477. (914) 246-4761.

O TROD NOSSELL RECORDING STUDIOS (Wallingsford, Connecticut) is now providing a new slide pulsing service for audio/video
clients, providing pulses of any frequency to trigger projectors. A Linn Drum Computer is now offered on a rental basis, and an Altec 21B
tube microphone has been added to the studio’s mike collection. Wallingsford, CT. (203) 269-4465.

O UNIQUE RECORDING STUDIOS (New York City) has totally redesigned Studio B’s control room and installed an MCI JH-528
console with producer’s desk.According to studio manager Joanne Georgio, the facility can now accommodate larger groups and
“in-control-room” multi-synthesizer recording. New equipment includes an8-voice E-Mu Systems Emulator, a 6-voice MemoryMoog, and a
Garfield Electronics Dr. Click drum machine/synthesizer/sequencer interface. 701 7th Avenue, New York, NY 10036. (212) 921-1711.
[J THE SCHOOL OF AUDIO ARTS (New York City), a division of The Center for Media Arts, has installed a large audio equipment
package supplied by Martin Audio Video Corporation of New York. The equipment list is headed by an Otari MTR-90 Series Il 24-track
recorder and Otari MTR-10 2- and 4-track recorders. Also included in the package are 17 Otari MX-5050B two-tracks and an MX-5050
MKIll-4 four-track, an Eventide SP2016 Digital Processor, JBL Bi-radial monitors, plus Ramsa 8118 and 8112 mixers. Harry Hirsch is the
dean of the Audio Arts division. 226 West 26th Street, New York, NY 10001. (212) 609-8870.

D RIGHT TRACK RECORDING (New York City) has added an Audio Kinetics Q.Lock 3.10 SMPTE synchronizer to its equipment
complement. A Solid State Logic console is interfaced to the Q.Lock which, in turn, controls Studer A800 and MCI JH-114 multitracks.
Says studio owner Simon Andrews, “This combination makes synching a delight.” 168 W48th Street, New York, NY 10036. (212)
944-5770.

Southeast:

DO CRITERIA RECORDING STUDIOS (Miami, Florida) has taken delivery of a Valley People Kepex/Gainbrain Il noise gate/limiter
package, a Lexicon 224X digital reverb unit, and an Audio Kinetics Q.Lock SMPTE synchronizer. All the new gear is intended for use by
Criteria’s five divisions: Studio Recording; Remote Recording; Disk Mastering; Film and Video Services; and Media Post-Production. The
Media Post-Production facility is @ new Criteria operation, designed to assist the commercial market with all aspects of audio and video
production. Services include complete multitrack analog and digital recording; 3%-inch off-line video editing utilizing Sony BVU-800 VCRs,
convergance editor, and time-base corrector; scoring to picture (film or video); and audio sweetening to video utilizing the Q.Lock system.
Remote audio and video recording, dubbing, transfers, and laybacks also are offered. Douglas Weyrick is manager of the new division.
1755 NE 149th Street, Miami, FL 33181. (305) 947-5611.

O THE REX HUMBARD FOUNDATION (Boynton Beach, Florida) has installed two MCI JH-24 multitracks, and an automated JH-600
Series console. The producer of evangelical television programs records between six and seven fully scored musical selections for each
half-hour broadcast. SMPTE interlock is used for interface with video. The foundation’s new 12,000 square foot facility will employ 60 people
upon completion, and will mean a shift of Humbard’s production from Akron, Ohio. Donny Humbard is the foundation’s business
administrator, while Charles Humbard is chief engineer. Boynton Beach, FL. (305) 732-0220.

D CRESCENDO RECORDERS (Atlanta, Georgia) has re-opened its Studio B after installing a new Soundcraft 2400 Series console, and
a Studer A-80 Mark Il 24-track. 125 Simpson Street North West, Atlanta, GA 30313. (404) 223-0108.

South Central:

] OMEGA AUDIO Dallas Texas) describes itself as the first studio in the region to offer 46-track recording capability, with the addition of
a second Otari MTR-90 Series Il 24-track. Also added is a Lexicon 224X digital reverb unit. The
facility continues to maintain its 24/48-track remote recording facility, which has been kept busy with
numerous television projects during recent months. 8036 Aviation Place, Box 71, Dallas, TX 75235.
(214) 350-9066.

racks that include two 902 De-essers, four 903 Over-Easy compressers, a 907 stereo gated compres-
sor slave, four 904 noise gates with PLM and key functions, three 905 equalizers, and two 906
i Flanger/Doubler/delay lines. Additions to the studio’s outboard rack include an F769X-R Vocal
Stressor, a Loft 450 Flanger, a DeltalLab DL5 Harmonicomputer, URSA MAJOR 8X32 digital
Bl reverb, and an LP-1 Plate Reverb. 43 Music Square East, Nashville, TN 37203. (615) 244-1025.
] THE CASTLE RECORDING STUDIO (Franklin, Tennessee) has installed a new Lexicon
OMEGA AUDIO — second Otari MTR-80 Model 97 Super Prime Time, and a new Lexicon 224X digital reverb system. These outboards
complement the facility’s Harrison 48-channel 3232C console, and two Studer A8OVU recorders. Monitoring is handled by JBL 4330 and
4311s, with Auratones on the console. Mikes are by Neumann, AKG, Shure and Sennheiser, while the instrument package is headlined by a
full-length Bosendorfer grand piano. Castle proprietor Joseph Neyens also announced the appointment of Chuck Ainlay to the position
of chief engineer. Old Hillsboro Road, Route 7, Franklin, TN 37064, (615) 791-0810.

O SOUNDS UNREEL STUDIOS (Memphis, Tennessee) has upgraded from eight- to 24-track operation with the installation of a Sound
Workshop Series 30 36-input console feeding an Otari MTR-90 Series Il multitrack with Autolocator, and an Otari MTR-10 two-track. An
URSA MAJOR 8x32 digital reverb also has been added to the outboard rack. 2027 Courtland Place, Memphis, TN 38104. (901) 276-8468.
D DIGITAL SERVICES (Houston, Texas) has purchased a second Sony PCM-3324 24-track digital recorder, along with an Audio +
Design Recording signal processing package, which includes an F769X-R Vocal Stressor and SCAMP S01 compressor/limiters, S05
dynamic noise filters, $100 noise gates, S23 equalizers, and S25 de-esser modules. 2001 Kirby, #1001, Houston, TX 77019. (713) 520-0201.

. continued overleaf —
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#STEREO IMAGING| ACCURACY—NOT FLATTERY

Knowing exactly "what's on the tape”is of paramount importance

to the professional recording engineer and producer. Unfortunately,
W DISPERSION many recording, mixing, mastering and listening rooms are less than
ideal, making truly accurate monitoring difficult.

WPHASE ALIGNED | Forovera decade, permanently installed Westlake Audio stucio moni-
tors have been the worldwide choice of professionals who demand
accurate reference monitors. Now, that same precision is available in

WPORTABLE the Westlake Audio BBSM series of Portable Reference Monitors.
The BBSM’s pinpoint stereo imaging, wide bandwidth, totally symmet-
[0 EXPENSIVE rical polar pattern and coherent wave front, even when monitoring as

close as 18 inches, are a result of a unique combination of drivers, cross-
over and mounting configuration. Best of all, this has been achieved
in a size that makes these Reference Monitors easy to carry with

you from studio to studio.

BBSM-6F

BBSM6 . BBSM-12F

ANWW AMmMe ANnracaio 0 0O



www.americanradiohistory.com

S ~TIES

—_— — A — Aél | AL~ —_

Ei‘ &—ﬁfﬁﬁ = zggu,@x/ D1 ﬁ E E
T 2 ~ PEOP

Mid-West.

O REELSOUND RECORDING (Southfield, Michigan) has re-opened its doors after extensive remodeling and enlarging of its facility.
Two new isolation rooms and a drum booth have been added, as well as a Neotek Series 11 28/24 console, Tascam 85-168 16-track, Sound
Technologies Ecoplate reverb, Korg Poly 61, and assorted microphones. A Yamaha grand piano also has been purchased. 25859 Muiroy
Drive, Southfield, MI 48034. (313) 356-2640.

O TRC NORTH (Indianapolis, Indiana) has opened its second 24-track recording studio, Studio B. TRC president Gary Schatzlein says
that the new studio has been designed to complement the existing Studio A, located on North lllinois Street. While Studio A is equipped with
aHarrison 3232 console, Studio B boasts an MCI JH-528 board. Valley People 65K Series automation is utilized in Studio A; the computer in
Studio B is an MCI JH-50 system. While Studio A is described as being smaller and more intimate, Studio B is larger and boasts 14-foot
ceilings and multiple isolation booths. Both rooms utilize MCI JH-24 multitrack and JH-110 mastering machines, although Studio B also
boasts a Studer A-80. Both rooms use JBL 4435s as primary control monitors, but alternate monitoring systems are available in each. Main
monitor amp is a Crown PSA-2 in Studio A, and Acoustat Trans-Nova Twin-200 in Studio B. Both control rooms were tuned by audio
consultant Jerry Milam. Studio A utilizes a Lexicon 224 digital reverb unit, while B has an EMT 140 plate. Each studio also has AKG BX-20E
echo, and both have multiple noise gates, limiters, delay lines, etc, an Aphex Aural Exciter, and a large complement of microphones.
Schatzlein offers that the second studio was built “because demand for time in Studio A was forcing some clients to wait or to use
inconvenient hours. Also, the suburban location is more convenient for some clients, while other continue to prefer downtown.” 5761 Park
Plaza Court, Indianapolis, IN 46220. (317) 845-1980.

O WHITE HORSE RECORDING STUDIO (Moline, lllinois) has purchased a new E-mu Systems Emulator digital keyboard, and a new
Drumulator digital drum machine. The new instruments complement the studio’s MCI 16-track and two-track recorders interfaced with a
Tangent Series 16 console, a Revox PR99 two-track deck, Studio Technologies Ecoplate Il reverb, Deltal ab DL2 Acousticomputer, dbx
900 Series rack, MXR Pitch Transposer, and Omnicraft GT-4 noise gates. Monitoringis handled by UREI 811, JBL 4311, and Auratone 5Cs.
The microphone collection includes units from Neumann, Shure, AKG, Sennheiser, Beyer, Crown PZM, Shure, and Electro-Voice. White
Horse also features a custom designed four-line cue system, allowing each musician separate studio headphone mixes. The studio is owned
and operated by Ron Spencer and Jeanne McKirchy-Spencer. 620 15th Street, Moline, IL 61265. (309) 797-9898.

Mountain:

04J.V.J. RECORDING STUDIO (Flagstaff, Arizona) has upgraded its 8-track studio facility with the addition of a Tascam Model 15 16/8
console. J.V.J. has also acquired a MICMIX Master-Room XL-210 reverb chamber, an Orban 622-B parametric EQ, plus Altec-Lansingand
Auratone Sound Cube monitors. Julian, Viola, and Jay Diaz are the studio owner/operators, with the latter acting as studio engineer. 22
Ridge Crest drive, Flagstaff, AZ 86001. (602) 774-8113.

Southern California:
O AWAKENING PRODUCTIONS (Los Angeles) have upgraded its studios with the installation of a Soundcraft 400B console supplied
by New World Audio, Inc. of San Diego, CA. The company also delivered andinstalled a Tascam 85-16B 16-track machine, and an Eventide

oliaw navamsananon W) v

While others have introduced more expensive

t roves reverbs that don’t sound like they’re worth it, or
lower-cost units that don’t deliver quality, Orban's
111B Dual Spring Reverb continues to prove its

its worth. |

Why? Because the Orban 111B offers good, clean
sound that most studios and production rooms
demand at a fair price. Our proprietary “floating
threshold peak limiter” protects the springs from
being overdriven on transients. So the 111B doesn’t
sound “twangy”—just bright and clean, with a sound
that complements tracks instead of muddying them.
And flexible EQ lets you contour the echo return for
any application.

So check out the 1118 Dual Spring Reverb: A proven
performer with the right sound at a fair price.

b Orban Associates, Inc.
OFOQN 6:55ryant st San Francisco, CA 94107
(415) 957-1067 TLX: 17-1480

-e, OA t
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SP2016 digital reverb unit. 930 Norta Wetherly Drive, Los Angeles, CA 90069. (213) 659-6238.
O LION SHARE RECORDING STUDIOS (Los Angeles) has equipped its control rooms with Auratone Model Té Sub-Compact

Two-Way systems. A pair of these mon'tors are to be found :n each of the three control booths, while

the studio also is utilizing a pair of the larger Model T66 Corrpact Two-Way Systems, and a set of the I

Model QC66 Three-Way Systems for recording, referencing, and mixing. 8255 Beverly Blud., Los i

Angeles, CA 90048. (213) 658-5990. ~n

OHIT SINGLE RECORDING SERVICES (San Diego) has upgraded from 8- to 16-track with the v

installation of a Stephens 16-track on two-inch recorder equipped with 811D electronics. The deck ‘—’—'[‘_ :W

operates at 15 or 30 IPS, with a Varispeed option for tape tuning and special effects. The outboard g
rack now includes a Valley People Stereo Dyna-Mite combined limiter, noise gate, ducking and
keying device. A Lexicon Model 93 Prime-Time also is on order. College Grove Center, Lower
Court 4, San Diego, CA 92115. (714) 265-0524.

O AUDIO CASSETTE DUPLICATOR COMPANY (North Hollywood) has been opened by -
Steve Mitchell and Steve Katz, both former staff engineers at A&M Studios. The facility features — LION SHARE — Auratone monitars.

real-time tape duplicaiton, and is 2quipped with a 3M M79 Series for producing 15 and 30 IPS masters, a TEAC 7030 for half- and
quarter-track 7% IPS masters, and 11 Sony TCK-777 cassette machines for the dupes. North Hollywood, CA. (213) 762-2232.

O NEW WORLD RECORDING STUDIO (San Diego) has installed Otari MX-5050 MKIII-8 anc MKIII-2 transports to supplement its
Otari MTR-9024/16-track and MTR- 10 two-track decks. In addition, a BTX Shadow/Cypher videointerlock sy stem is being installed in the
control room. 4877 Mercury Street, Scn Diego, CA 92111. (619) 569-7367 or (800) 854-2006.

0O CAPITOL STUDIOS (Los Ange es) has acquired a Sory PCM.-1610 digital system, according to Charles Comelli, manager of studio
operations. The rig consists of two ?CM-1610 1€-bit digital audio processors, two companion BVU-800D U-Matic VTRs, and a DDU-1520
Digital Delay Line used in disk cutting. In addition to recording studio duties, the system will be used in preparation of Capitol's XDR
audiophile cassette series. A Capitol staff engineer has been sent to Sony’s school for digital training, and :he label currently is said to be
considering purchase of a Sony PCM-3324 mult:itrack macine. 1750 North Vine Street, Hollywood, CA 50028. (213) 462-6252.

O INTERNATIONAL EDUCATIONAL RECORDINGS (Del Mar) has contracted New World Audio, Inc., of San Diego, for the
installation of a new Tascam 38 eight-track and a Tascam Madel 50 mixing console, upgrading the operation to 2ighi-track. 243 12th Street,
Suite C, Del Mar, CA 92014. (619) 755-6419.

Northern California:

0 MUSIC ANNEX RECORDING STUDIOS (Menlo Park) nas completed the first phase of total reconstruction of its Studio Cr
according to owner Keith Hatschek. The original 30- by 20-foot room once served to augment the 24-track Studios A and B, ard as an
8-track demo and rehearsal studio. Client needs soon put 24-track hardware in the tiny 10- by 12-foo: control bootk of Studio C.Asaresult
Music Annex has cut through the wall to a 6,000-square-foot space next door, and built a new control booth for Studio C and for a
3,000-square-foot video stage being built in the newly acquired area. The old control room has teen converted to an isolation booth.

Al . q -. 1
s i ._',‘.:M:.ﬁ'..'._ Ry
‘ 4 < The RTW A to D inte-face translates
- hatid PCM-F1 code directly to PCM-1610 stan-
i s dard, enabling use cf the F1 with Sony’s
professional editing systems, and for
- compact disc mastering. It also provides
balanced line level inputs and outputs
with headroom adjustment, selective or
parallel interface to two VCR's, manual
pre-emphasis control, and expanded
display of the error correction status.

Available now, exclusively through

auditronics. inc.

3750 Old Getwell Rd.
Memphis, TN 38118 USA
Tel: (901) 362-1350
Telex: 533356

R-e/p 85 O August 1983
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Northern California . . . continued — o £
Acoustical design is being handled by George Augspurger, who also handied the recent redesign and re-equipping of Music Annex’s
Studio B. Studio C is now equipped with an AMEK 28/24 console, MCI JH-114 multitrack and two-track machines, and an outboard rack
e ® featuring a Lexicon 224 digital reverb with 4.4 software program, and an EMT stereo plate. UREI811
monitors are mounted in a ceiling track that can be adjusted within an “acoustical window,” allowing
the mixer to optimize the stereo image to any position at the console. In addition, Gauss sub-woofers
are flush mounted in cabinets at the front of the room. These are totally non-directional, handling the
frequency spectrum from 80 Hz down. Augspurger carried out the minimum room tuning required
with White third-octave EQ. The new booth will be used for album-oriented tracking, mixing, and
video sweetening, marking a move away from “music-only” services. An Otari MX-5050 half-inch
8-track system also has been acquired to allow cost-conscious projects to be completed in the
state-of-the-art facility. 970 O’Brien Drive, Menlo Park, CA 94025. (415) 328-8338.
0 THE SOUND SERVICE (San Francisco) has added a Neotek Series I 24/18 mixing console
4 with semi-parametric EQ on each channel; an MCI JH-110 Audio Layback System for C-Format
MUSIC ANNEX — new Studio B one-inch videotape; a six-voice polyphonic sequencing synthesizer; and a digital drum machine. The
MCI ALS deck is designed specifically to handle delicate videotape masters, and offers audio signal-to-noise figures said to be 6 dB better
than video transports; wow and flutter specification is comparable with any studio-quality mastering machine. The new equipment will allow
new services to be offered by the studio, including video syncing of film dailies, and tailor-made music search cassettes. Audio and video film
post-production also are featured. Steve Shapiro is the studio’s in-house synthesist. 860 2nd Street, San Francisco, CA 94107. (415)
433-3674.
O STUDIO C (Stockton) is responding to the increased use of its New England Digital Synclavier digital synthesizer with the addition of
engineer/synthesist Ralph Stover to the staff. 2220 Broadridge Way, Stockton, CA 95029. (209) 477-5130.
O INDEPENDENT SOUND (San Francisco) has installed a new Otari MTR-90 24-track machine, to be interfaced with the facility’s
Sound Workshop Series 30 console; the board also has been upgraded with the addition of an ARMS tape-based automation system. 2032
Scott Street, San Francisco, CA 94115. (415) 929-8085.

Canada:
O COMFORT SOUND (Toronto, Ontario) has expanded to 24-track with the purchase of anew Ampex MM-1200. 2033 Dufferin Street,
Toronto, Ontario, Canada M6E 3R3. (416) 654-7411.

AUDIO/VIDEO UPDATE
Eastern Activity:

OSHEFFIELD RECORDINGS (Phoenix, Maryland) finds John Ariosa and John Palumbo producing a video for the Criminal Records
group, Crack the Sky. The piece, slated for MTV, will feature Penthouse centerfold Divina Celeste. 13816 Sunny Brook Road, Phoenix,
MD 21131. (301) 628-7260.

O NATIONAL VIDEO CENTER (New York City) has reached agreement with ATI Video Enterprises to supply video taping and
post-production facilities for ATI’s trio of music-oriented programs. Night Flight and Radio 1990 air on the USA Cable Network, while
FM-TVis syndicated in over 70 markets for broadcast television. Interviews have been taped with Neil Young, Lou Reed, Journey, Grace
Jones, and Devo at National’s TV-2. Special effects were incorporated into these segments via National’s computer editing suites, utilizing
the facility’s DVE, ADO, and Chryon character generators. Jeff Franklin serves as executive producer, Cynthia Friedland is producer,
and Stuart Shapiro produces and directs all three programs. In other developments at National, Norman Kasow, a specialist in music and
sound effects for motion pictures and television for the past 30 years, has brought his extensive fibraries to National’s studios. Kasow’s
career spans work on Car 54 Where Are You?, Woody Allen’s Sieeper, and the soon-to-be-released
Mike Nichols’ film Silkwood, as well as commercials for such agencies as Doyle, Dane, & Bernback.
Leber-Katz, and J. Walter Thompson. His collection boasts over 45,000 sound effects arranged by
categories from Airplanes and Animals, to Sports and Trains. A vast assortment of stock music
rounds out the library. According to chief mixer Dick Mack, Kasow will couple his expertise in film
and video sound mixing and editing with National’s Audio Kinetics Q.Lock and Vidi-Mag systems in
National’s continuing effort to offer complete film and video services under the same roof. 460 West
42nd Street, New York, NY 10036. (212) 279-2000.
O WPCB TV 40 (Wall, Pennsylvania) has completed construction of a new audio control room to L
be utilized in live TV production. The room was designed by WPCB audio supervisor Rick Shaw, =
and features a Tascam Model 16 24/8 mixer bussed together with a Tascam Model 50 12/8. Ampex B M <. i, S
ATR-700 stereo machines handle mastering, while JBL 4430 monitors powered by Crown PS-400, WPCB TV 40 — new audio control room
-200, and D-75 amps.are on hand for monitoring. A TET modulation meter is located in the monitor cluster, and a custom designed 72 by 24
mike switching matrix has been installed, fed by units from Shure, Sennheiser, and AKG. Other sideboards include a UREILN-1176 limiter,
BiAmp reverberation, and a Symetrics Dual Gate. Jerry Foreman is the chief engineer, while David Kelton is the station’s general
manager. Wall, PA 15148. (412) 824-3930.

Central Activity: .

0 SOUND ARTS RECORDING STUDIO (Houston, Texas) has entered into the mobile recording world with its first multitrack
audio/video shoot, which featured the Barbara Pennington Band. The piece was recorded live at the Rocksy in Houston, with final audio
production mixed at Sound Arts’ 24-track facility utilizing SMPTE timecode for sync with the video decks. Video was handied by Television
Video Productions’ Alton Christensen and Steve Long, while Sound Arts’ engineers Jeff Wells, Mark Nooney, and Charlie Cosme
handled the audio. 2036 Pasket, Suite A, Houston, TX 77092. (713) 688-8067.

Western Activity:

0O THE COMPLEX (Los Angeles) played host to Van Halen for the lensing of their Top Secret video project, produced by the band and
Lombard Entertainment Company; the piece was premiered at the recent US Festival to an audience of 300,000 fans. Video facilities for the
shoot were provided by Video-Pac Systems; sound was by Nova Sound Research; and lights were provided by Keylight. 2323 Corinth
Street, West Los Angeles, CA 90064. (213) 477-1938.

0 RUSSIAN HILL RECORDING (San Francisco) has been completing work on post-production for the upcoming Disney feature film,
Never Cry Wolf, directed by Carrol Ballard. Down the hall, Bernie Krause and Gary Remal are scoring Vanished for Home Box Office,
with Richard Greene engineering, while a deal has been struck to commence post-production on the Ladd Company release of The Right
Stuff, directed by Phil Kaufman.. Richard hymns will supervise dialog, while Greene engineers. 1520 Pacific Avenue, San Francisco, CA
94109. (415) 474-4520.
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JBL Compact Monitors.

] [ ]
Refined. And Redefined.
In 1967, the introduction of the first professional quality compact monitor created a small
revolution in the recording and broadcast industries. Combining high power capacity, accuracy,
and extended bandwidth, the loudspeaker was ideal for close monitoring, yet flexible enough to
provide a practical alternative to full size menitors. That speaker was to evolve into the JBL 4311.
And since its introduction, it has literally set the standard for compact monitors.

At JBL, we're proud of his heritage. So over the years we've worked to maintain it through
design improvement and innovation. And now, JBL engineers have cCreated z new generation
of compact monitors—loudspeakers tnat range from the subtly refined to the totally redefined.

Our new 4312, for example, represents the next step in the evolution of the 4311.
Improvements include a new high resolutior dividing network for better transient response and a
mirror-imaged design that provides enhanced stereo imaging. These refiner=ents significantly
improve the loudspeaker’s performance, yet maintain the unique sound character that made it an
industry standard. And best of all, the 4312 is still priced to fit comfortably in even
modest budgets.

For those that require a more flexible or compact monitor, we've created the 4411 and 4401.
These loudspeakers incorporate our most advanced component and design technologies. Both
the 4401 and 4411 utilize newly developed transducers arranged in a tight cluster to provide out-
standing coherency of sound for close monitoring. This design also minimizes off-axis variations
in the far field. Additionally, the 4411s are mirror imaged for improved stereo perspective.

For maximum flexibility, the continuously variable levels controls on the 4411 are calibrated
for both a flat direct-field response and a rising axial response that produces a flatter power response.
And for ease of adjustment, each of the monitors’ level controls are baffle mounted. Finally, the
low frequency loading has been optimized for flat response when the speakears are placed away
from room surfaces. Because of this, the 4401 and 4411 may be console mounted without the
Joss of low frequency response typical of other designs.

For additional technical data and a complete demonstration of the 4312, 4401, or 4411,
contact your local JBL Professional Products dealer. And discover the next ganeration of compact
monitors. From the refined to the redefined.

v Professional

:J B Products JBL Incorporated

Division 8500 Balboa Boulevard, P.O. Box 2200
Northridge, California 91329 U.S A,

UBL/harman international

For additional information circle #53 R-e/p 870 August 1983
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Understanding the Basic Syntax
of a Session — Part Two

by Jimmy Stewart

Aswesaw intheJuneissue of R-e/p, a musical score or chart can act as a useful ‘“catalyst’ for
arecording session. Part One of this article considered the basic blueprints of a song, musical
structure, writing your own music charts, and the myriad details than can be gleaned from a
conductor’s score. In this, the concluding part, we move on to consider the more complex form
of amaster rhythm chart, and the increased information to be found on a full music score. Also
provided is a list of recommended recordings that can further underscore the importance
landmarks to be found on music charts.

Master Rhythm Chart

Larry Brown is an engineer who also
plays drums and@i ]
piano. In his every-
day work he encoun-
ters many different[] i
types of production
situations, ranging§
from direct to-disk
sessions, to hours g
spent working with l 14
a s1nger and lead
sheet in the multi-t—
track process. Quite often he might have
to work with a detailed Master Rhythm
Chart, upon which all the essential ele-
ments will be notated.

Referring to the accompanying
Rhythm Chart, Brown explains the pro-
cess: “Wehavethebasstuned downtoa
low C. Without hearing the tune I might
consider throwing a pitch shifter on the
bass, only because of the low tuning. It’s
a good idea becausethere’s space herein
the breakdown for way in which
instruments enter the song].

“Itlooksasifthetuneisgoing to move
more into tempo in the A section; the
movement also is there in the A section,
and there’s a guitar figure. The intro
basically is a line that is now setting up
more of a grooveinto the A section, lead-
ing on to the B section.

“In the C section it looks like another
whole kind of feel setting itself up. C2
againis opening back up: it has a guitar
playing whole notes, and the keyboard
players playing whole notes, with the
bass figure still moving. So, looking at
that I'd say it’s going to open up again.
We have four quarter-notes marked at
the repeat with slashs over them so the
players can lay into it. Going back in
you're going to be nailing the repeat sec-
tion, which is repeating back into the A
section.

R-e/p 88 O August 1983
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A Music Sheet can be considered as a useful “roadmap” of a session. Shown
above are some of the typical markings to be found on a score, including
tempo, time and key signatures, repeats, and similar notations.
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Vocoder
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The Roland Vocoder is the first
truly sophisticated Vocoder to be
priced reasonably enough to be
accessible for most applications.
The Vocoder requires two inputs:
the carrier input and the pro-
gram input. The program input
consists of spoken or sung words
which are input through a micro-
phone.The carrier usually consists
of an instrument input such as a
synthesizer.

The Vocoder clrcuit consists of
two major sections; the analyzing
section and the synthesizing sec-
tion.The analyzing section breaks
down the voice (or program)
input to determine its frequency
or content at any given instant,
then re-assembiles this sound in
the synthesizer section using the
instrument (or carrier) input as a
basic source of building material.
The program or voice input is
analyzed by passing it through

a set of eleven Voice Character
Frequency filters.

Incomparable Product

SVC-350 Vocoder
Specifications

Microphone Input

1/4" shone jack or XLR connect
6009, —54 dBm min.

1/4" phone jack 100 kQ
0 dBm max.

1/4” phone jack 100 k(2

1/4" phone jack 5 k)

1/4" phone jacks

8 watts

19" (W) X 3.5" (H) X 9.7 (D)

The Mic (program) input features (program)

both XLR and phone connection

jacks,and a Level control with LED ~ Instrument Input
indicators for optimurr: level set- (carrier)

tings.There are two carrier Inputs, Guitar Input

one for most instruments, and the (cartier)

other specifically for guitar, with a

confrol designed to ta lor the Guitar Amp Output
Vocoders response to guitar har- Mono/Stereo Output
monics. These carrier inputs -

both feature Level ccntrols Power Consumption
and LED indicators. Dimensions

An interesting feature of the -

Rwoland Vocoder is a Hold feature Price

$995.00

that holds the Vocoder tone color
as long as desired and is used to
bridge gaps where the singer
-akes a breath. An Ensemble {or
Chorus) effect serves fo give

‘added dimension to the Vocoder

sound.

For more information contact
RolandCorpUS, 2401 Scybrook
Ave. Los Angeles, CA $0040.

For additional information circle #60
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BASIC RHYTHM CHART FOR “NIGHT LINE”

“Night Line”
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“I would do nothing to the faders at
this point. In fact, I don’t recommend
engineers jumping all over faders in the
case of a soft dynamic part where you're
getting into a noise problem. Theideais
not to get rid of your dynamics. Moving
faders only helps you when you get into
that noise-ceiling problem, and you
don’t want to get a lot of tape hiss. You
don’t want to destroy what the players
areoutthere trying to puton tape, in the
sense of covering up dynamics. All
you'retrying todois help yourselfin the
mix situation, where all of a sudden you
find the noise ceiling islouder than your
program ceiling.

“Thefrequency spectrum on the chart
looks pretty meat and potatoes — strong
midrange — outside of the fact you’ve
got this low-bass part happening that’s
tuning down to a C. The guitars are
playing pretty much in the middle of
their range, and it looks like there are
some block-type chords. The keyboard
would be pretty much in there with the
guitar; basically you've got single lines
written out. You might have keyboard
or synthesizers double up on some of the
lines since it would help to support it.
Again the bass figureis heavily notated
throughout, and it looks like it plays a
pretty important role as far as the
groove goes. I would spend a certain
amount of time being sure that the bass
sound is going to hold up, because it
looks like it’s pretty important.

“I see that some ‘power’ guitar chords
are marked on the chart, even though
there’s no dynamics written. I'm going
to assume at this point in the tune that
the C section is going to take off some-
what, and open up a little more. I notice
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that the D section is going to the break-
down; the bass is basically holding a
note out for two bars, and represents a
moving guitar figure. [ assume that the
tune will loosen up a little bit there. That
leads into the breakdown, which is basi-
cally starting bass and drums.

Looking at the chart, it repeats four
times, and I'm guessing that the writer
is adding the second or third time, even
though it’s not notated. The guitar
probably joins in with it. Also, there’s a
modulation coming up into the fade,
which looks like a breakdown section
that’s gonnakeep spinning. Againit'sa
groove thing; I’d be sure I had plenty of
tape, because sometimes a lot of the
magic might happen on the 12th time it
spins around. Even though you may
want to cut some of it later, you need to
be sure there’s enough tape to catch it
all.

“Although there’s no dynamics writ-
tenon the chart, you would assume they
don’t play a major role, since the
arranger didn’t notate them as such. It'’s
probably more of a dance tune, or a
straight ahead piece. The chart doesn’t
have that many ups and downs going
for it.

“I would pick up the score first thing
on the session, and look through to see
what instrumentation there is. Of
course, Il would probably go outinto the
room and check it for myself, and ask
the guitar player what kind of axe he’s
going to pick up — would it be acoustic
or electric? — and what kind of sound he
wants to shoot for.”

Production Score Sheet
Larry Brown also may be asked to

www americanradiohistorv com

work from a production score for alarge
orchestra. Although he might not have
time to interpret the music, Brown says
that he would listen to therun down and
mark dynamics on his production sheet,
along with what else he though neces-
sary to the session. By way of an exam-
ple, he was asked to cast his eyeover the
accompanying chart for “Shadow of
Your Smile.”

“Dealing withitright off the batI can
see we've got a full orchestra, since
there’s string parts,” he offers. “Start-
ing atthe top, theintrois a muted string
figure. Because the strings are in mutes
there are no dynamics, and they’re play-
ing pretty soft. At that point I would
group my strings on the board, so that I
could make some subtle dynamic
changes here.

“The song starts with a three-bar
stringintro, the strings wear mutes, and
the vocalist starts. He has a pickup into
the fifth bar, which is market‘A Tempo,’
so that’s the first bar of the tune. I
wouldn’t mute the vocal mike, because
he may want to do a little ad lib in front
of his openingline. Into theseventh and
eighth bar we have a harp glissando.
That will affect me on the board,
becausel want to be sureI havetheharp
mike open. If you're dealing with a big
orchestra — and working with a lot of
TV soundtracks — many times you will
be going in and out of tunes quickly.
There may be an earlier tune on which
you didn’t have harp; I may have shut
that mike down, and now need to open
it.

“Goinginto the seventh bar there also
is a horn figure written. On the 11th bar
I have flutes entering again. At bar #13
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Garfield Electronics

LOLTOR CLICKh

The Doctor Click Rhythm Controller makes it possible for the first time to synchronize the world of
sequencer, drum machine, synthesizer composition with any one of the systems on the market or com-
binations of the systems on the market. Furthermore, the Doctor Click will cause sequencers, drum
machines and synthesizers to play in time with a human drummer. It will also read click tracks and sync
codes. The internal metronome provides both beats per minute and frames per beat calibrations.

THE DOCTOR CLICK RHYTHM CONTROLLER BREAKS THE BRAND BARRIER

SEQUENCERS DRUM MACHINES SYNTHESIZERS*

DSX Bass Line TB303 Linn LM-1 CR5000 Prophet 5 Modular Moog Juno 6
Prophet 10 CSQ600 LinnDrum CR8000 Prophet 10 OBX Juno 60
Polysequencer SH101 DMX CR68 Prophet 600 OBXa Polysix
Pro One Emulator Drumulator CR78 Prophet T8  OBS8 Poly 61
Model 800 Fairlight TR808 KPR-77 Minimoog JP4 Voyetra-8
Microcomposer MC4 Synclavier Drumatics TR606 Memorymoog JP8
Chroma

*(VCA, VCF, VCO, Gate, Trigger or Arpeggiator as provided on each unit.)
Measures Warranty is one year.

17" x 11" x 4%4™ x 2Ya"",
Weight is 8 pounds.

Call or write for location
of your nearest dealer

ONE DOCTOR CLICK CONTAINS ALL OF THESE PROBLEM SOLVING DEVICES

4 Fixed Clock Outputs

2 Variable Clock Outputs

2 Metronomes

2 FSK Sync Code Decoders
(Covers Linn, Oberheim, Roland)

The brand to brand problems of timebase, voltage level and polarity

are solved by the Doctor Click’s diverse output capability.

The ability of the Doctor Click to connect to many units at once
coupled with its footswitch control capability makes it ideal for multi-
ple sequencer. drum machine, synthesizer live applications.

Since the Doctor Click metronome produces beats per minute and
frames per beat calibrations it is always convenient to get just the tem-
po you need. It is even possible to get fractional tempos such as 118%
beats per minute.

The Doctor Click's two independent rhythm actuated envelopes allow
VCF. VCA and VCO parameters of synthesizers to be modulated in 32
rhythm values ranging from four measure cycle to 64th note triplet with
variable attack. decay. sustain and amount. This eliminates the prob-
lern of rhythmic drift when using a conventional LFO.

The ability of the Doctor Click to transform metronome click tracks
into timebase clocks allows frames per beat music film work to be

2 Rhythm Envelopes
Pulse Counter

Pulse Shaper

Gate Output

Headphone/Speaker Output
Roland 5 Pin DIN Sync Output
External Clock Input
Footswitch Controls

done with virtually any sequencer, drum machine or synthesizer.
The ability of the Doctor Click to read live tracks allows sequencers,
drum machines and synthesizers to play in sync with the varying tem-
pos of a human drummer or a built click track.

The ability of the Doctor Click to accept external clocking or either of
the types of FSK sync to tape codes allows sequencers. drum
machines and synthesizers to be synced to any existing track.

The pulse shaper circuit turns a pulse from an instrument into a trig-
ger waveform allowing synthesizers to sync to a drum fill.

The headphone output allows click tracks in multiples of the tempo to
be generated and is capable of driving a speaker.

The pulse counter can be used to program sequencers in higher
timebases. quickly combining greater rhythmic resolution with step
programming accuracy.

The step programming switch can be used to step program se-
quencers that normally do not have this capability.

Used on tracks by Brian Banks, Tony Basil, John Berkman, Michael Boddicker, Kim Cames, Suzanne Ciani, Joe Conlan,
Chris Cross, Bill Cuomo, Jim Cypherd, Paul Delph, Barry DeVorzon, Don Felder, Paul Fox, Dominic Frontier, Terry Fryer,
Albhy Galuten, Lou Garisto, Herbie Hancock, Johnny Harris, Hawk, James Horner, Thelma Houston, Michael Jackson,
Quincy Jones, Jeffrey Kawalek, Gordon Lightfoot, Jerry Liliedahl, Johnny Mandel, Manhattan Transfer, Paul Marcus,
Jason Miles, NBC Movie of the Week, Randy Newman, Keith Olsen, Paramount, Joel Peskin, Oscar Peterson, Greg
Phillingaines, Jean-Luc Ponte, Steve Porcaro, Phil Ramone, Lee Ritenour, Steve Schaeffer, Mike Sembello, Mark Shifman,
John Steinhoff, Sound Arts, Ian Underwood, Universal, Donna Washington, Stevie Winwood, Pia Zadora.
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strings are playing a high pad. The
vocalist is still singing against the
band, and there’s a woodwind entrance
at bar #15. This entrance tells me that
the song is setting up for something.
Again, we have slow harp glissando
coming out of bar #16 and #17. Now we
have flutes and vibes playing a figure
together, which would tell me that the
chartis starting to build a little bit, and I
may have to write a note here to remind
me to open up the rest of the woodwind
mikes.

“Wehave vibes entering. I might have
the percussion muted at that point, not

so much for leakage, but for any kind of
shuffling around that might be going on
in that section; the guy bumping into his
music stand, for example. Since the
vibes enter at bar #17, I’ll open up his
mike probably about bar #16. The vio-
lins are now doubling up on a flute line,
which means there’s going to be more
weight going down. At bar #24 the harp
isnot playing glissandos anymore —it’s
now playing lines — so he’s digging into
it a little more. I'll be watching levels
because I suspect that things are going
to get a little toastier.

“At bar #25 we're still building gradu-

An engineer needs to acquire a sense of
balance. Not only do instruments have dif-
ferent tone-colors, they also vary a great
deal in terms of strength and power. The
most powerful instrument in the orchestra
is the trombone; the weakest the flute onits
bottom notes. A note may be written and
marked Fortissimo for trombone and the
same for the flute, but the level difference
would be overwhelming.

In modern scores, where niceties of bal-
ance are more carefully put down on paper
than they were in classical times, and where
infinitely more subtle nuances of tone are
aimed at, it’s common to find different
degrees of loudness indicated for different
instruments or groups of instruments, in
order to obtain satisfactory balance and to
ensure sufficient prominence for important
lines in the texture, and sufficient efface-
ment for the background. Doubling of sev-
eral instruments in unison or octaves also is
often used to ensure good balance, and to
bring important melodies into sufficient
prominence.

With regard to the ability to recognise the

AURAL IMAGINATION

sound of each instrument, which of course
is the first requisite of the scorereader, this
can only be acquired by observation. Lis-
tening to an orchestra, score in hand, the
reader will soon learn to recognise the |
instruments when he hears them, and thus |
will acquire the ability to call up to his mind’s
ear the sound of any simple instrumental
combination. For example, the oboe is easy
to recognize with its pungent “tang,” but it
needs some practice to infallibly distinguish
flute from clarinet on certain notes, and
softly played horns from bassoons. Wind
instruments sound very different at differ- |
ent pitches, notably the clarinet, whose
lowest register is hollow and sinister, andin |
complete contrast with its clear and pure
tone in the middle and upper registers. The
low notes of the flute also are very charac- |
teristic, and bear a marked resemblance to
the tone of a quietly played trumpet.
Among the brass instruments, by reason
of its slightly muffled and veiled quality, the
horn is distinguishable from the trumpet
and trombone, and even when played very
loudly it never gives the open-throated and
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ally. The violins are digging in a little
bit more around bar #27, bar #28, and at
bar #29 it’s going into a Rubato [out of
tempo] section, which means it’s going
to stretch a little bit. Here we have some
dynamics; we have a crescendo into a
decrescendo at bar #31 to bar #32, and
triplets. Which means it’s going to get
real broad here.

“Ideally on the first run down, unless
I didn’t have any choice, I might have
my hand on the faders. But I would try
not to move anything, because I'd hope
that the orchestra and the conductor
would take care of the dynamics for me.
I’'m not looking to ride faders unless it’s
arealnecessity, butI might mark on my
chart that something is going to
happen, and I have some dynamics
marked.

“We have brass entering here for the
first time at bar #33, and it looks like
we’ve come down and are going back up
again dynamically, with a big, full,
round orchestra sound. Although
there’s no dynamics marked on the
chart, we have more of a full orchestral
sound starting to happen. Again I see
the word triplet written on the chart[3],
which leads me to believe it's getting
broad again.

“On the end at bar #41 we have the
trumpets in Harmon mute, which tells
me the ending will be a softer one. Again
there’s no dynamics written here, but
it’s one of those tunes that has a lot of
ups and downs, and is going to kind of
end on that mellow note.

“AsIsay, during thefirst pass [ would
do nothing with the faders, althoughI'd
try to watch the chart and make wha-
tever marks I could as it went down. IfI
had toride something on the next pass, I
would know where. It’s sometimes nice
to have the musical advisor there to give
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you cues, and other session directions.
In the case of direct-to-disk albums it
allows menot to have to watch the score,
although I will read through it first. It
lets me concentrate on the moves, and
get a little more wrapped up in the
music. I don’t have to eyeball the chart
so much if there is someone there to call
the cues to me. In direct-to-disk it's
necessary to know what’s coming up
because there’s no preview signal forthe
cutting lathe, and the musical directoris
not only calling cues to me, but also to
the lathe operators who have to open
and close the groove width.”

Full Scores with Conductor
Composers and orchestrators under-
stand such abstract
p concepts as balance,

and it is their job to

‘ balance the sound of
the orchestra for an
engineer. Rick Ric-
cio engineers ses-
sions for television
and film music
soundtracks at
Fvergreen Studios in Los Angeles. The
bulk of Riccio’s work is with large
orchestras, although he does have to
work with popular music as it relates to
TV and film sessions. His musical
instrument is flute, which gives him a
big advantage in understanding the
classical forms.

The ability to read a full score and
understand it is important in his work,
he says. “If you get the chance, try to
run down thechart with the arranger or
conductor. From the booth [control
room] you have a golden opportunity to
watch the conductor just like a player.
You can take your dynamics from him,

because he’s going to be conducting the
orchestira; he's also conducting you at
the same time, and an engineer can tell
a lot from his movements.

“Without looking at the chart, you

should be able to watch the conductor,

and have a real good idea what the

dynamics are going to be. Also, which

sections are going to be playing, because
. continued overleaf
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the conductor is going to turn to differ-
ent parts of the orchestra. If he turns to
the string section to the right, for exam-
ple, there’s going to be low strings there,
and to the left the high-strings.”

The conductor’s purpose is to hold the
musicians together throughout the
entire piece, which encompasses meter,

dynamics, shades of expression, style,
and orchestral execution. Above all, his
function is to see that the composer’s
intentions are adequately represented.
The hands of a conductor are used in the
following manner: the right hand keeps
time, while the left is used to indicate
entries, dynamics, and general expres-

AURAL IMAGINATION

impressively “brassy” tone of the latter
instruments. Trumpets and trombones
have an almost identical timbre, the
trumpet tone being an extension upwards
of that of the trombone, or vice versa. The
tuba differs entirely in quality of tone from
the trombones, though it is so often
employed in combination with these
instruments, usually acting as a double bass
to the brass group; ie, doubling the bass
trombone, which has the bass of the har-
mony, an octave below.

It may be helpful in learning the sounds of
the instruments to provide a few examples
of solo passages in well-known works, so
that the reader may look out for them. Here
are some, taken at random:

Flute: Debussy, “L’apres Midi d’'un Faune”;
opening.

Oboe: Mahler, “Song of the Earth”; open-
ing of second movement.

Cor Anglais: Delius, “Dance Rhapsody
Number 17; opening.

Clarinet: Sibelius, “Symphony Number 17;
opening.

Bass Clarinet: Wagner, “Tristan and Isolde
—King Mark’s Song”; in second act.

... continued —
Bassoon: Tschaikowsky, “Symphony Num-
ber 6”; opening. Stravinsky, “Le Sacre du
Printemps”; opening (extreme high notes).
Double Bassoon: solos for this instrument
are very rare, but a well-known example
exists in “Beauty and the Beast,” from Rav-
el's Mother Goose Suite.
Horn: Vaughan Williams, “Pastoral Sym-
phony”; opening and letter L. Many exam-
ples of passages for four horns in unison are
to be found in the works of Strauss, Mahler
and Elgar.
Muted Horn: Stravinsky, “Petrouchka”;
closing scene 4. Numerous examples will be
found in modern works by Vaughan Willi-
ams, Bax, Walton, Milhaud, Honneger, and
Prokofieff.
Trumpet: Benjamin Britten, “Sinfonia da
Requiem” second movement.
Muted Trumpet. Moussorgsky;
“Pictures from an Exhibition No. 6.”
Trombone: Holst, “The Perfect Fool”;
opening of ballet music.
Muted Trombone: Strauss, “Salome”;.clos-
ing scene.
Tuba: Wagner, “Faust Overture”; opening.

i 1 1]

Ravel,

sions. These actions basically encom-
pass two types of movements: the stac-
cato or tight movement; and the legato,
or loose movement. A baton generallyis
used when conducting a large ensemble
as an extension of the right hand, so
thatthe meter-keeping hand is very eas-
ily seen. The conductor’s eyes and body
attitudes also may be used to communi-
cate his intentions to the musicians.

The accompanying chart for “Glad to
be Unhappy” is an orchestrator’s score,
or sketch. In this initial form the various
parts can be played on a piano. Later,
individual detailed charts will be drawn
up for each instrument or orchestra sec-
tion. An engineer like Rick Riccio will
work carefully with the orchestrator,
making sure that all the musical sonori-
ties are represented on the tape.

“Right up front,” Riccio says, “the
chart is telling me everything about
orchestration: five alto flutes, two
horns, eight brass, 12 violins, four vio-
los, and four cellos. We're dealing with a
pretty big section here. Because there is
no rhythm, I would ask the arranger if
we're dealing with a pure vocal/orches-
tra session, oris it an overdub situation.

“The chart starts off with Barbra
Streisand singing; no intro. It has five
alto flutes and two horns playing in a
counter-melody, and it’s probably going
to be pretty soft. We have brass playing
pads; violin and cellos playing high
pads. Again there are no dynamics
marked, so I would listen to the first

PULSAR LABS, INC.

Matrix Mixing

Consoles

;q.!"!.I-I

n o
" .
L]
o N
n oA
[ 0]
o

i
s
..
y

A RE sy,

L § .
[ & J—
€W — PhEERRENY)

B — SRRy
- — Edﬁiiii;ii'

4 out - 16, 24, 32 mainframes
8 out - 20, 28, 32 mainframes

monitor - 16, 24, 32
mainframes

i

80 SERIES SPECIFICATIONS & FEATURES

Phase reverse switch

Matrix mix

10x8

Totally modular
(no point-to-point wiring)

Active balanced mic input

Input metering 3 level
3 LED

LED metering on inputs,
effects, monitors, talkback,
group & matrix out

Mute (on/off switch)
Sends (main) 8
Submixes 10 into 8

Priority interrupt cue system

Extensive headphone
monitoring with dual
stereo jacks

full patching (access in & out
on all modules)

Optional, on board signal

48v phantom power
Hi-pass filter
EQ in/out switch

Choice of input EQ 5 band
graphic or parametric

Line/mic switch 5 band graphic EQ -Talkback processing modules
Four sends per channel on effects Oscillator (compressor limiters, etc.)

PULSAR LABORATORIES, INC. 3200 GILCHRIST RD. MOGADORE, OHIO 44260 (216) 784-8022
R-e/p 94 O August 1983

Balanced outputs 18

EIN (150 ohms, unweighted
band limited 20-20K)
- 129 dBv

Max. mic gain

Four gain stages
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Direct out -101 d8B
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Full Score for “Glad To Be Unhappy”
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rundown and mark the parts. ing out. multitrack.”

“Starting at bar #5, I've got two
pyramid chords: one on #5 and the other
on #6. I have cellos going to Arco [bow-
ing|. Again, it looks like it starts to open
up as it gets into bar #17. We've got the
brass doing punchs, and Barbra ans-
wering them, so we know that it’s start-
ing to get a little bigger. We've got the
violins, violas, and cellos getting into a
lot of movement, so again | can judge
the chart’s starting to stretch here. The
violas and cellos are starting to play
eighth notes, and the violins are written
in pretty big block chords. I see move-
ment; [ see everybody going to eighth
notes here, except for the flutes and
trumpets and the brass, which are lay-

“After bar #16 I see in the percussion
that it’s now marked koto, bells, and
harp, which would lead me tobelieveit’s
going to start to sound a little exotic.
From the last page it looks like it’s not
going to be the big ballbuster ending;
we're dropping down to something real
pretty — it looks like Barbra, strings,
and koto. I would just give myself
enough room going into this to let it
grow, and come back down. I maybe
would make a notation that I might
have toride the koto, which is a real soft
Japanese string instrument. And be
aware of the balance with the strings if
it was a live session, although it
wouldn’t be that much of a problem with

www americanradiohistorv com

TV Cue Sheet

To examine the way in which Riccio
would respond to music he hadn’t yet
heard, we asked him to look over the
accompanying part of a television score.
Thechartis marked with the dynamics,
and shows trombones, trumpets, horns,
and six clarinets.

“The first thing I'd ask,” Riccio says,
“ishow are you dividing up six clarinets
on those two notes [laughs). I'd say that
it would way overbalance what is going
on. Everybody is in forte, so it would
ah-three, ah-three [half of the six cla-
rinets], and that’s a good balance.

.. . continued overleaf
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“Glad To Be Unhappy”
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The Department
of Defense picked
what sound effects
library as the one
to use in all their
radio stations
around the world?

The Production
EFX Library.

5 stereo albums
arranged by
categories.
Shouldn't you
give a listen?

Stereo Sound EffectsH

<

2325 Girard Ave. S.
Minneapolis, MN 55405

R-e/p 96 O August 1983

“What bothers me is when you're
doing a feature, and the composer comes
in and says, ‘Okay, lets start with the
title.’ I hate to start with the main title,
because the musicians aren’t warmed
up: nobody is set in the natural
ambience of theroom, and musically the
whole thing doesn’t happen. After a
half-hour or an hour into the session
they can get a better main title, since
everybody is used to playing with one
other, and are getting better balances.
And it has a natural feel. When they
start right off with the main title —
which is the most important thing on
the date — you don’t have anybody
playing as an ensemble; they've just
come out of the cold, with downbeat at
eight in the morning.

“I would sugget starting with some
easy, unimportant cue with the full
orchestra, so they can start to feel
together, because the balances change
dramatically within the first hour. Even
if I don’t touch a knob, acoustically the
orchestra changes drastically. As they
get warmed up to the room, the musical
subtlties start coming out.

“The third bar of this music has a MP
[messo piano], and the violins show. I
don’t usually ride the faders — I set my
masters, peaks, fortes as much as I can.
Then, when the pianissimo is live, I
don’t try to help them unless I really
think there’s a problem with noise. I'd
raise the top-end slightly, but that’s
about it. I try to let it happen naturally
unless it’s not happening, then I would

www americanradiohistorv com

start easing in with the faders.

“There’s this timpany part coming in
later, so I'd look for that because it’s
right on the open alone. I'd also watch
these string terraces coming in, and
make sure everybody’s matching. And
also make sure that the forte piano
attack spoke individually, and tele-
scopes into the pad underneath.

“First of all I'd listen to the run
through, and wouldn’t even look at the
chart. Then, if something was missing
I'd grab the score, because an engineer
rarely sits with the score unless he spe-
cifically asked for one.

“Really, I'm too busy with the floor
guy [second engineer], who is running
around asking the percussionist what
he’s going to be playing, and adjusting
the mikes. During all that I’'m presetting
the levels, because if I know it’s going to
be a triangle part, and the percussionist
will be using the same mike, we’re going
to be moving the mikes and establishing
different balances. Thetwo instruments
won’t sound good on the same mike,
unless your getting the perspective
right.

“Most of the percussion players are
pretty good. If there’s a problem with
the mikes they will divide the parts up
properly, and will acoustically balance
themselves.

X X Xk

The need for an engineer to under-
stand music during a session is best
summed up by Bruce Swedien: “I will
always sacrifice a technical value for a
musical production value. Music is
number one. Inthe relationship between
musicians and producers, I think it’s
made it easy for me to work by keeping
the musical values uppermost.”

Recommended Further Reading
1. “Learn to Read Music,” by Howard
Shanet; Simon and Schuster. For the
layman this book is excellent, and cov-
ers the skills needed for reading and
understanding music essentials.
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TELEVISION CUE

Arranger: Jimmy Stewart
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2. “What to Listen for in Music,” by
Aaron Copland; Mentor Books. For the
layman, Copland gives a full and clear
explanation of the principle forms used
in classical music. The chapter on tone
color should provide a fuller under-
standing and appreciation of the var-
ious aspects of timbre created by musi-
cal instruments.

3. “Listening to Jazz,” by Jerry Coker;
Spectrum Books Prentice-Hall, Inc. The
main thrust of this book is to help the
reader understand the objectives and
accomplishments of the best jazz
improvisers, with a minimum of techni-
cal language.

4. “Sounds and Scores,” by Henry Man-
cini; Northridge Music. This book con-
tains printed scores of Mancini’s record-
ings, which allow the reader to compare
sound to the printed musicillustrations.
Allthe musicillustrations are written in
the “concert”’; the same key as the
piano.

5. “The Contemporary Arranger,” by
Don Sebesky; Alfred Publishing Co. By
illustrating in scored and recorded
examples, this book shows actual
arrangements written for Dionne War-
wick, Roberta Flack, and many other
recording acts. The text explains prob-
lems in orchestrating for the record
medium.

Recommended Recordings
1.Tane Kain; RCA AFL1-4381-A. Listen
to the track, “My Time to Fly,” and
relateittothechart provided in the arti-
cle, listening for the arrangement and
song form.

2. Donna Summer; Geffin Records.
Listen to “Livin’ in America’; read and
follow Bruce Swedien’s chart, noting his
markings as they relate to the produc-
tion of recording.

3. Barbra Streisand and Other Musical
Instruments; Columbia PC32655. Listen
to the “Glad to be Unhappy” track. The
music that appears in this article starts
after the free or Rubato section of the
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song. Listen for orchestral colors and harmonic: The Young Person’s Guide to
balance. the Orchestra; Columbia MS6368. This
4. Seraphim Guidetothe Instrumentsof recording introduces the instruments of
the Orchestra; Seraphim $-60234. This the orchestra as they relate in family
recording gives an idea of the basictone groups. The score is also available from
qualities and range of each instrument publishers Boosey & Hawkes. When you
of the symphony orchestra. It also dem- listen and follow with the score, the
onstrates each instrument in isolation, experience will give you a fuller under-
providing the opportunity to hearit out standing of the various aspects of tone
of its usual orchestral context. colors produced by the symphonic
5. Leonard Bernstein New York Phil- orchestra. L] ] ]

The GOLDLINE Model 30
T h e Aff O rd a b I e Digital, Real-Time, Spectrum
W a t (o) Analyzer is the affordable and easy-
to-use instrument that takes the

E I i m i n ate guesswork out of audio system
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A u d i (o) Syste N response measurement of consoles

and tape machines, as well as

a n d R O O m D ri ft monitor system calibration
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at just: $1895.00. Now available with the
Option 020 Printer Interface Board to provide hard
copy of all test parameters used during RTA measurements.

The Model 30 is the ultimate studio and audio system “tweaking machine”

® Full 30 Bands @ Six Memories ® Quartz Controlled ® Switched Capacitive Filtering to Eliminate
Drift ® Ruggedized for Road Use ® Microprocessor Controlled ® Built-in Pink Noise Source @
“Flat,” “A.” or “User Defined” Weighted Curves may be employed ® ROM User Curves Available ®

Learn how easy the Model 30 is to use. Return the coupon below, or circle the reader service
number to receive the Goldline catalog of products.
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L2 MicArray for PZM coincident-pair recording

he way in which audio advances

can be very perplexing. Often we

can measure improvements in
sound that we cannot hear, and can
hear improvements that we cannot
measure on our test equipment. By way
of an example, the reduction of ampli-
fier distortion from 0.08% t00.05%, while
measurable, cannot be heard, except by
those rare engineers and producers who
claim to have “golden ears.” The differ-
ence in sound between two high-quality
amplifiers is difficult, and sometimes
impossible, to detect. It is not that sonic
improvements are impossible, but
rather that improvements in measura-
ble parameters often seem to make little,
if any, difference to the way the device
sounds. There is, in fact, general agree-
ment that the major coloration of sound

comes not from electronics, but rather
from the transducers at each end of the
audio chain — the monitor loudspeak-
ers, and the microphones.

Probably, because the need for
improvement in transducers is more
obvious, such devices seem to attract
more attention and more unusual
design approaches than the rest of the
audio chain. Each design has one or
more evangelists proclaiming the true
path to “sonic salvation” to a fervent
following of disciples. In the field of
loudspeaker tweeter design, for exam-
ple, there are proponents of horns, piezo
tweeters, soft- or hard-dome tweeters,
ribbon tweeters, electrostatic tweeters,
and on and on. Each type of tweeter has
its advantages and disadvantages, and
may be brilliantly or poorly executed in

REALISTIC STEREO MIKING
FOR CLASSICAL RECORDING

by Michael E. Lamm and John C. Lehmann
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its design and construction.

Thesame may be said of microphones
and miking techniques. There are two
basic approaches to miking technique:
multimiking, and minimal miking!*2.In
actuality, each of these two basic
methods is ideal for its originally
intended purpose. Multimiking, since it
provides greater acoustic separation
between instruments, enables great
flexibility in creating unique sounds
through the use of overdubs, outboard
special effects, and the layering or
stacking of individually recorded
tracks. In essence, with multimiking
techniques the equipment and the
recording engineer become part of the
creative process; most modern record-
ing sessions are done in this way. And
because it is human nature to use all of
the tools (or production “toys”) availa-
ble to us, and because we, as audio engi-
neers, are creatures of habit, such tech-
niques also have come to be used in the
recording of classical music.

The science of psycho-acousticsis still
in its infancy, and there is much to be
learned about the ways in which we
hear sounds. Some points can be stated
with certainty at this time, however. We
determine the source of a sound in the
left-right horizontal plane by means of
the brain’s use of amplitude and time
differences. Sounds originating from
the left-hand side of a soundfield arrive
at the right ear slightly lower in ampli-
tude and later in time than those
detected at our left ear, while sounds
originating further away are delayed in
time and lower in amplitude than close
sounds. In addition, sounds produced at
greater distance within an enclosed
space also will have a higher ratio of
reverberation to direct sound than
closely originating sounds.

Only in the last few decades has
music been written with the capabilities
of the electronic media in mind; all
music composed before the Twentieth
century was written with natural acous-
tical performance in mind. And, tradi-
tionally, orchestras have been arranged
with the louder and more directional
instruments to the rear of the stage, the
conscious or unconscious goal being to
help the orchestra become self-
balancing amongst the composite
instruments.

This article will attempt to provide the
reader with a broad overview of how we
hear, provide a complete listing of the
traditional microphone techniques that

— the Authors —

In 1978 Michael E. Lamm founded Dove &
Note Recording Company, Houston, Texas,
for the sole purpose of doing location record- |
ing of classical music, both locally and in
Europe. John C. Lehmann has a Bache-
lor’s Degree in Music (Performance), and
over 15 years of experience in audio record-
ing, as well as video production and broad-
casting. As tonmeister for Dove & Note, he
has been instrumental in the design and
development of the L? MicArray described
_in this article.
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There are so many
brand names and types of
microphones on the market,
that it is often difficult to
choose the best mic for your
particular application
Peavey solves this dilemma
with the introduction -of
our new Celebrity™
Series Microphones.

Each microphone in
the Celebrity™ Series —
CD-20™, CD-30™ and
HD-40™ offers special
response characteristics for
various applications. Each
mic is also offered with
a choice of four cables.
Example, if you choose the
CD-20™ for vocal
application, you have the
option of a 25 foot XLR low
impedance cable WITH OR
WITHOUT an integral
on/off switch (CD-20LS™/
CD-20L™) or a 25 foot
high impedance cable (XLR
to 1/4” phone plug) WITH
OR WITHOUT the integral
on/off switch (CD-20HS™/
CD-20H™).

amwwy americanradinhisto

Each 8 oz. 250 ohm
Celebrity™ Series
microphone features
extended frequency
response, three pin XLR
connector in a die-cast alloy
handle, and brazed steel
mesh windscreens with
integral foam “pop”’ filters
and comes complete with a
foam-lined carry bag, our
new stand adaptor, and, of
course, your choice of four
super low noise 25 foot
cables with top quality
connectors.

We invite you to visit
your nearest authorized
Peavey dealer to take a look
(and listen) or write Peavey
Electronics Carporation,
711 A Street, Meridian, MS
39301 for a complete
Celebritv™ Series brochure.
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have been developed to create a realistic
stereo image, and introduce a new tech-
nique (or set of techniques) for the pur-
suit of that goal.

Minimal versus Multimiking
Far-field miking allows the natural
sound of the acoustic environment to
become part of the total recording. Due
to their greater distance from the micro-
phone array, those instruments toward
the rear of the ensemble will have a
more reverberant sound, thereby adding
a natural sense of depth to the record-
ing. In comparison, a multimike record-
ing will produce an image of a two-
dimensional wall of sound; in other
words, a flat image. Adding artificial
reverberation will help to recreate a
sense of depth, but by only moving the
wall of sound into the distance, or mov-

ing by it aurally into a larger room.
Before these authors are drawn and
quartered by thundering hordes of

Ensemble

/Ens:ble\
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— 7

Figure 1A: Omni Spaced Pair

TN 3-30 Feet Q
AT

Figure 1B: Cardioid Spaced Pair

enraged producers and engineers, in the
interest of objectivity (and safety —
ours!) we feel compelled to mention the
positive aspects of multimiking. Of
course, there are the obvious creative
possibilities offered by multimike tech-

THE L2 MICARRAY COINCIDENT PRESSURE-ZONE
MIKING SYSTEM WITH VARIABLE PATTERNS

The L2 MicArray consists of three basic segments: a pair of front and rear V-shaped
arrays that together form a diamond, and which is divided by the third segment, that takes
the form of a pair of hinged “wings.” By rotating the wings forwards and backwards, and by
opening and closing the front and rear V-shaped elements, an almost infinite number of
coincident and near-coincident polar patterns can be set up.

Shown here are eight possible arrangements of the L2 MicArray, and which correspond |
to the “traditional” techniques described in the accompanying article: Blumlein, Lauridsen
or X-Y, M-S, Faulkner-Blumlein, ORTF, DIN, NOS, and Binaural or Dummy Head. The
polar response essentially is even from plate to plate, and virtually negligible in the area
behind the plate. Bearing this in mind, it can be seen that some emulations are closer to the
original technique geometry than others. The Faulkner-Blumlein emulation, for example,
probably varies most from the original. It should also be kept in mind that there is a wide

ENSEMBLE
FRONT FRONT
TWO-FOOT X + + o
V-SHAPED
ARRAY j ==
FOUR-FOOT "“ e
HINGED
WINGS REZH REAR
! — 4T 3 LEFT RIGHT
HINGE
1
BASIC BLUMLEIN ARRAY

L? MIC ARRAY
WITH FOUR PZM
MICROPHONES

(NOTE: THE REAR PZMS ARE WIRED
WITH REVERSE POLARITY. FRONT LEFT/
REAR RIGHT FORM ONE FIGURE-EIGHT

PICKUP PATTERN.)

T ENSEMBLE

1ENSEMBLE

X-Y OR LAURIDSEN ARRAY

M-S ARRAY
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niques. One can virtually re-orchestrate
a symphony, given sufficient time,
equipment, and budget. More modest
effects include strengthening the string
sections, and warming or tightening the
coloration of individual instruments or
sections. Multimike and multitrack
technigques can produce a syntheticreal-
ity which, with care and attention, is
quite pleasing; Bach played on a syn-
thesizer and the scat singing of Mozart
are just two examples that readily come
to mind. But vinyl and plastic laminates
can only imitate leather and wood, and
“synthesized reality” is only an imita-
tion of a musical performance.

Therein lies its limitation, since there
is a tendency in multimiked recordings
for all the instruments to sound like they
are only 10 feet away from the listener.
Yet the mind knows that a 90-piece
orchestra cannot sit within 10 feet of an
audience. Also, there is a tendency for
the sound imagery to be blurred — that
is, for the location of the wvarious
instruments to beindistinct. (In arecent
session we witnessed, which involved a
combination of multimike techniques
with far-field miking, instruments 30
feet away were made to sound 10 feet
away on replay, while those 10 feet
away ended up sounding as if they were
30 feet away.)

Perhaps because of the demise of
quadrophonic sound, much thought has
been giventothe question, “What is ste-
reo?” Or, more to the point, “What
should stereo attempt to do?”” Let’s con-
sider two possibilities. If we define ste-
reo as internally related music produced
simultaneously from two sources, then
multimiking is well equipped to fill the
bill. Many monophonic channels —
single microphones — mixed down to
two channels fits that definition nicely,
and has given rise to the epithet “dis-
tributed mono.” By the use of panpots,
various channels can be distributed
between the two available stereo chan-
nels. Such a distribution is on the basis
of amplitude only, however, and con-
tains notime clues for the brain to use in
localizing the sound.

If we give stereo a much narrower
definition, it might be phrased as fol-
lows: “Stereo is the realistic preserva-
tion and re-creation of the natural sound
of a performance.” This definition of
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stereo calls for the recording engineer to
be both a scribe and an archivist, since
anengineer’s goal within such a context
is to preserve the sonic qualities of an
event as accurately as possible for even-
tual retrieval and replay at a later time.
Assuch, the engineer must scrupulously
avoid any influence on the signal, arole
which is diametrically opposed to the
actively creative role of the multitrack.

multimike session engineer. We believe
that it is extremely difficult for an engi-
neer to switch back and forth between
an 1intensely creative role, and an
extremely passive one. There is always
the temptation to “correct’” the balance,
boost the bass, or otherwise “sweeten”
the sound to make the final product
“hetter” (by someone’s subjective crite-
ria) but less accurate than the original.
As a result, two very separate camps of
devotees have sprung up: one seeing
itself as pragmatic, making use of the
available tools to produce a commer-
cially viable product; and the other
viewing itself as the purist, trying to
document the efforts of artists who have
spent years achieving the level of artis-
tic interpretation at which they perform.

Realistic Stereophony
FFor over 50 years, the achievement of
natural-sounding stereo reproduction
has been the quest of many; an elusive
goal that gets closer and closer, but
which remains slightly out of reach.
Lynn T. Olson possibly put it best when

~

.

Ensemble
[ e

Left ~ CENTER Right
—O--0—0—
Lia g
e S L SU—

Figure 2: C.R. Fine

/ Ensemble

Figure 3: “Wall of Sound”

N,

Ensemble N

[ TN \

Front Segment

90¢°. b H
— + 0
T
Ty
R X ==K L

Back Segment
Figure 4: Blumlein

/""\

/ Ensemble
/——\\\
Lefi ! Right
// §
|
[ a—

S

N

Figure 5: Lauridsen, or X-Y

he said: “Accurate stereo records are
still few and far between — probably
less that 0.1% of those available . . .
Great performances of present-day

artists are being recorded with tech-
niques that are directly comparable to
hand-colored photographs — appealing
and enjoyable, certainly, but in no way

THE L2 Mic Array

| omnidirectionality.

the plates.

ENSEMBLE

At this point in the development of the L2 MicArray, some
benefits are becoming apparent. A sound source is either on-axis to
a PZM capsule, and is picked up with a virtually flat frequency
response, or it is off-axis (behind the plate) and virtually unheard.
The off-axis coloration exhibited by standard microphones used in
conventional techniques is virtually eliminated. The other benefit is
that during a live recording, audience noise can be reduced drasti-
cally by positioning the array so that the audience is located behind

— continued . . .

variation in actual polar response between standard microphones.
Cardioid is a general term, for instance, and not an exact descrip-
tion of the polar response at all frequencies. In the same manner,
omnidirectional microphones usually are quite directional at some
frequencies, and vary greatly from manufacturer to manufacturer,
and from model to model, in the degree with which they approach
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{NOTE: FRONT-LEFT/REAR-LEFT ARE
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LEFT-HAND CHANNELS: SIMILARLY FOR
THE RIGHT-HAND ONE.)
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accurate3.”

Many “natural stereo” techniques
have been devised over the years. Some
are more successful than others at
achieving the desired result!, and most
have their ardent supporters. All of the
microphone techniques described in
this article are useful tools, and have
been utilized with varying degrees of
success depending upon the perfor-
mance circumstances, the equipment,
and upon subjective criteria imposed by
the listener®.

In general, these natural stereo tech-
niques are best suited for recording
classical music, such as symphonic and
chamber music, as well as choral works,
pipeorgans, and concert band music. In
broad terms, however, any musical per-
formance in which the ensemble to be
recorded is responsible for achieving a
homogeneous balance of sound would
serve as a prime candidate for natural
stereo techniques. Even jazz groups that
have performed together for some period
oftime, and have developed their unique
blend and balance, can be successfully
recorded in this manner.

Microphone placement used for the
techniques to be described is in the “far
field” rather than in close proximity to
the individual musical instruments, as
is often the case in multimiking. Distant
location of microphones avoids one of
the major pitfalls in close miking —the
tonal coloration resulting from being
close to any specific area of an instru-

Ensembie

_ﬂ_/—\,__\

|
Side (Figure-Eight)
TN
__;__!_‘ I W
A
{

Mid (Omni)
Figure 6: M-S

Ensemble

— A Ny

8 Inches
@F @
e
\—J" ‘\—)

Figure 7: Faulkner-Blumlein

ment ¢ 7, and the inherent proximity
effect of many microphones themselves,
which causes a bass boost in the fre-
quency spectrum.

Far-field techniques can be divided
into three main categories: widely
spaced array; near-coincident arrays;
and coincident microphone techniques.

The general criteria in selecting a
microphone is flat on-axis frequency
response, with smooth and consistent
frequency roll off as off-axis orientation
is approached. In addition, good tran-
sient response will help preserve clarity
in the recording. From a practical
standpoint, a microphone with a swit-
chable pattern will allow the recording
engineer to try most of the various tech-
niques which to be described below.
Microphones that feature switchable
response patterns include: AKG C414,
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Figure 8: Madsen Shadow
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MILAB DC-63, and Neumann KM-86,
KM-88, U-87, and U-89. A less expensive
alternative would be to use microphones
with replaceable capsules; some exam-
plesinclude the AKG C450 Series, Beyer
MCM Series, Nakamichi CM-300 and
CM-1000 Series, and the Schoeps Colette
Series.

WIDELY SPACED ARRAYS

1. The simplest arrangement is the
spaced pair, shown in Figure 1, which
consists of a matched pair of micro-
phones mounted between 3 and 30 feet
apart. A common practiceis to space the
microphones at a distance equal to one-
third the width of the ensemble to be
recorded. Russell Borud, a location
recording engineer based in St. Paul,
Minnesota, suggests spacing the micro-
phones at least 12 feet apart. Spaced
pairs that are too far apart can result in
“ping-pong” stereo with a hole in the
middle, while placing the mikes too
close together can cause phase cancella-
tions due to comb filtering, resulting in
unnatural timbre. Experience with the
technique will develop an intuitive
sense of the best spacing. The choice of
omnidirectional or cardioid polar
response patterns for the pair of spaced
mikes is dependent on the type of envir-
onment in which the recording is being
made — for example, if there are sound
reflections from rear and side walls that
may find their way into the microphone,
or if audience noise in back of the
selected mike position is too distracting.

2. A classical variation on the spaced
pair was pioneered by the late C.R.
(“Bob”) Fine (Figure 2), for which a cen-
ter microphone is added to the spaced-
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ADAPTABLE RIGGING SYSTEM FOR OVERHEAD

COINCIDENT MICROPHONE ARRAYS

by Bert Spangler, Audio Coordinator, Media Development Center,
University of Wisconsin-Eau Claire

There are about 75 performances held per year in the University of
Wisconsin-Eau Claire’s Gantner Concert Hall, each of which is
recorded for subsequent critique by the performer. With such a
performance schedule, the time and trouble associated with micro-
phone placement is significant. Microphone stands certainly facili-
tate relatively easy placement, but have not been used very often
because of their negative appearance to an audience; the risk to the
safety and security of the microphones (and the safety of per-
formers); and the difficulty sometimes encountered in finding a clear
spot of floor on which to place them. instead. we have chosen to
hang the mikes from the ceiling or catwalks above the halls.

While this approach has eliminated all of our major problems, we
| stilthad to consider the time it took to hang the mikes. In response, a
system of motorized hoists has been constructed that facilitate very
quick microphone placement and positioning. With the use of a
small hand-held radio control unit, a mike line can be “called down™

Figure 1: Modified synchro motor mounted beneath roof, show-
ing slip-ring connecsions to microphone cable (left).

from above, a microphone >ut on it, and the line raised to the
elevaticn desired, all in a mat#er of a minute or two. If the microphc-
nes(s) need to be positioned mpstage or down, stage left or right, an
additional black nylon line cr lines may be clipped on to the micre-
phone catle before it is raisec, and small winches on the other ends
of the black nylon lines activated with the radio control to fec litate
such pasitioning (see main diagram). In addition, the line connected
10 the coincident-pair microphone array can be rotated clock.vise o*
counter-clockvise {as viewed rom above), to provide the directional
orientation.

Being unaware of any comwmercially available equipment “or this
purpose, the entire system has been fabricated by electronic techni
cians in our Media Development Center. Although a sigmifican:

Figure 2: Custom-designed aluminum trough for dispensing
and retracting 30 feet of 12-conductor mike cable.
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pair technique. This approach is sug-
gested by, amongst others, Nakamichi
in its advice to amateur recordists.
Variations from this technique include

departing from symmetry, and placing
the three microphones at various
heights or distances from the sound
source. By way of an example, the fine

recordings of the Eastman Wind
Ensemble on Mercury Records were
made by Bob Fine using three micro-
phones. Adding a middle microphone

amount of time has been invested in the construction and mainte-
nance of this system, the materials cost was minimal. Some of the
more costly items were obtained through a Federal Surplus Property
Distribution Center.

Because of limitations of space, no attempt will be made here to
document this system in sufficient detail to permit duplication of
what we have done. Instead, it will be limited to a description of how
we overcame the main construction obstacles, and anyone inter-
ested in developing similar equipment can build the power supply
and controls they need.

Obstacle *1: What kind of electro-mechanical mechanism will
enable, in a limited space, the dispensing and retracting of 30 feet
of balanced microphone cable? The solution was found by modify-
ing government-surplus selsyns, or synchro motors. The main rea-
son for this choice was the motor’s three slip rings fitted to the
armature shaft, which provided the reliable sliding contacts needed
to feed the microphone signal from what would become a small
cable drum (Figure 1). The motor’s field winding and its housing
were removed and, after attachment of side flanges, the armature
became the core of a small drum on which the cable is wound. This
drum is then driven by a small reversible-gear motor coupled to the
armature shaft. The integrity of the contact of brushes and slip rings
has been greater than ever imagined. After many years of operation,
there is still no noise generated at these contacts whether they are
stationary or moving. (They are almost always used with phantom-
powered condenser microphones.)

Obstacle #2: What kind of mechanism will enable, in a limited
space, the dispensing and retracting of 30 feet of 12-conductor
cable for a muitiple-pattern coincident-pair microphone? The solu-
tion here was to construct an aluminum trough to serve as atrack for
a small cart on which was mounted an pulley, and the cart is let down
or pulled up the trough by a small winch at the upper end of the
trough, thus lowering or raising the cable (Figure 2).

ADAPTABLE RIGGING SYSTEM FOR COINCIDENT MIKE ARRAYS

Figure 3: Side view of cable trough, rotator (below cables), and
clutch mechanism (mounted just above ceiling exit hole).

— continued. .

Obstacle *3: What kind of mechanism will make it possible to
control the directional orientation of the 12-conductor cable, and
not interfere with raising and lowering of the cable? A standard
home televison antenna rotator was the answer here. The opening
for the antenna support pipe was large enough in diameter to pass
the unusually large connector of the microphone cable. The rota-
tional speed was adequate; the reversing capability was there; and
the price was right. However, neither of the first two obstacles was
overcome without some custom modifications, and the same was
true here. A clutching mechanism was constructed on the short
rotator pipe, as detailed in Figure 3. When a raise or lower command
is given, the solenoid on the clutch releases the cable so that it is free
to slip through the pipe. Then, after a slight time delay, the cable
begins to go up or down. Likewise, when the raise or lower command
is ended, the cable stops moving and, after a time delay, the clutch
solenoid is de-energized, the cable seized, and then responds to the
turning of the antenna rotator.

| do not have space in this short article to describe further details of
the rigging system, such as operation of the radio control unit, how
so many control functions are handled on what is basically a four-
channel unit, use of limit switches, and the manner in which the
hoists operate at a fast speed for long distances, and a slower rate for
final positioning. But these refinements are not essential to the
operation of the system.

If you have a heavy schedule of recordings in a particular hall and
would like to try this approach to microphone placement, my advice
would be to start simple and get it functioning. Then, as time permits,
add the extras. There are many innovative people who can improve
upon the ideas presented here. Maybe you are one of them!

—— T

T

(X) POSITIONING
HOIST

GANTNER CONCERT HALL
University of Wisconsin-Eau Claire

STAGE AREA

@ HOISTFOR
COINCIDENT-PAIR

MICROPHONE
® [}
MIKE MIKE
HOIST HOIST
x

AUDIENCE SEATING
FOR 600 PEOPLE

CLOSED-CIRCUIT
TELEVISION CAMERA

4 —

R-e/p 104 O August 1983

www americanradiohistorv com


www.americanradiohistory.com

Left

-

v

8-10 Inches

Figure 9: Borud Shadow

eliminates the ping-pong, hole-in-the-
middle effect, but must be used judi-
ciously to maintain realistic imagery.

3. A third approach in this classifica-
tion is the “wall of sound,” or “iron cur-
tain” technique, shown in Figure 3,
which places four or more microphones
across the front of the ensemble.
Although a far-field technique, it is
debatable whether such an array truly
can be called “minimal” miking. As
more microphones are added phasing
problems become greater, and also can
causedifficulty in record mastering and
FM broadcasting.

COINCIDENT
MIKING TECHNIQUES

Coincident techniques use two (or
more) microphone capsules placed in
the closest possible physical proximity.
Both microphones are mounted in the
same vertical plane, equidistant from
the source, with one directly above the
other.

By virtue of the close capsule proxim-
ity, coincident techniques eliminate
problems caused by phase cancellations
— but at the expense of containing no
time difference clues for the brain to use
in localizing the source of a sound.

1. New ideas are not necessarily bet-
ter, nor should our industry revere old
concepts simply because of their age.
Rather, new and old ideas alike should
be constantly re-evaluated for validity.
It is interesting to note that there is a
resurgence of interest in the work of the
British inventor Alan D. Blumlein, who
patented a coincident techniquein 1931.
Figure 4 shows the layout of the Blum-

,“/’ \\

46cm

135°

Figure 10: Stereo-180

lein arrangement, which consists of two
figure-of-eight microphones placed in a
coincident array at 90° to one another,
with the positive lobes angled 45° left
and right.

2. The Lauridsen pair or X-Y pattern,
shown in Figure 5, is another tradi-
tional approach that uses two cardioid
microphones in coincidence, with their
axes orientated 90° apart..Various other
angles can also be used*. The X-Y tech-
nique generally results in a fairly even
soundfield that is narrower than the
spacing of the monitor speakers. As a
general rule, the greater the angle
between the mikes, the wider the resul-
tant image. It should be noted that
experimenting with various orienta-

tions of Blumlein (figure-of-eight) an
X-Y (cardioid) coincident arrays can
help control unwanted sound pickup in
reverberant environments, and to
reduce audience noise from the rear-
facing figure-eight lobes, should this
cause problems during a recording.

3. A third traditional approach is the
M-S (mid-side) technique, shown in Fig-
ure6, which uses a figure-eight mounted
with the off-axis toward the ensemble,
and an omni or cardioid placed coinci-
dently. By using an electronic matrix
device, such as the unit made by Audio
Engineering Associates8, or by matrix-
ing the signals through a mixing con-
sole?, one can electronically create
Blumlein and X-Y patterns, as well as
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Choose from five new models....
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For additional information circle #70

ms in between. All of which
he M-S particularly versatile for
nt miking.

dent microphones containing
1ally rotatable) capsulesinclude
AKG C-422,C-34, and C-33, MILABXY-
82, Neumann SM-69, and USM-69, and
Schoeps CMTS 301U, and CMTS 501U.
Microphones designed for the M-S tech-
niqueinclude the Fostex M-22, and Sony
ECM-939, and ECM-989.

NEAR COINCIDENT ARRAYS

This family of techniques places the
microphones at equal distances from
the source, and at equal heights, but
spaced apart horizontally at some small
distance — usually 12 inches or less.

1. Faulkner-Blumlein (Figure 7) util-
izes two forward facing figure-of-eight
microphones spaced eight inches apart,
and is a technique that works well at
greater distances from the ensemble
than most. Theresulting image tends to
be placed between the monitor speakers,
with a slightly emphasized center.

2. Madsen Shadow (Figure 8) utilizes
two figure-eight microphones separated
by a baffle, and angled at 90° to one
other.

3. Borud Shadow (Figure 9) uses two
omnidirectional microphones separated
by a baffle covered with Sonex acoustic
foam. A variation on the Madsen
Shadow technique designed by Russell
Borud, it tends to produce a fairly wide
sound image.

T—
Ensemble Ensemble
b PN [
Left Right Le:t Right
\\ ~ A I . <’
. 17em (S \y_z_o c
/ d /
- \\H(i/ 90°
Figure 11: ORTF Figure 12: DIN
4. Oison Stereo 180 (Figure 10), i
involves the use of two hypercardioids
angled at 135°, and spaced 4.6cm (1.8 Ensemble
inches) apart. Since polar patterns
vary for different hypercardioid micro-
phones, it is worth experimenting with e .
various inter-mike spacings, and orien-
tation angles. )
5. ORTF (Figure 11) utilizes two car- Left Right
dioids spaced 17cm (6.7 inches) apart, N \\ 7
and angled at 110°. The technique was \ 30 cm /
developed by and named after the Y \/
French national broadcasting network. > 90°
Some recording engineers have
observed that the ORTF technique pro- \d
ducesina hqlein themiddle of the resul- Figure 13: NOS
tant soundfield. It has been our expe-

rience, however, that this effect is
dependent upon the “fatness” of the
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cardioid mikes being used (in other
words, the width of their on-axis polar
patterns at various frequencies), and
can be reduced by selecting appropriate
microphone models.

6. DIN (Figure 12) makes use of two
cardioids spaced 20cm (7.8 inches)
apart, and angled at a90-degree angle!®.

7. NOS (Figure 13) utilizes two car-
dioids spaced 30cm (11.8 inches) apart,
and angled at 90°. Developed by and
named after the Dutch national broad-
casting network, the NOS coincident
technique can lead to phasing effects
because of the wide capsule separation,
if placed too close to the ensemble. (As a
general rule of thumb, the distance
between spaced microphones should be
less than 12 inches, or greater than 12
feet.)

8. Binaural Head utilizes an artificial
human head with microphones
mounted in the ear openings, as shown
in Figure 14.

Spacer bars for setting up micro-
phones in techniques #1, and #4 thru #7
are available from Beyer, Shure,
Schoeps, Atlas, and Radio Shack.
Binaural or Dummy Head microphones
include the Sennheiser MKE-2002, and
Neumann KUS81.

It should be noted that there is a great
deal of similarity amongst many of the
near-coincident patterns. Spacings vary
generally from two to 12 inches, and the
angle between the microphones from
900 to 135% also cardioids or hypercar-
dioids often are used. There is a great
deal of variation in polar response patt-
erns from one model of cardioid to
another, and the same is true of hyper-
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Early prototype of L2 MicArray utilizing
large sheets of plexiglass.

cardioids. Therefore, the resultmg
imagery may depend as much on the
polar response of the mike, as it does on
the near-coincident geometry used.
Only experimentation with a range of
microphones will allow you to hone any
particular technique for the best effect.

Some theoretical argument can be
made espousing the near-coincident
techniques, if we remember one rather
obvious fact. All that we have ever
heard, and all of the aural information
which we perceive (pitch, distance,
loudness, spatial location, etc.), is based
on two receptors, one located on each
side of our head. Allimagery isbased on
time and amplitude clues which our
brain decodes into spatial information.
It can be argued, therefore, that the
recording method which best preserves
both the amplitude and time clues
received by our ears is the one most
likely to provide a realistic image. The
near-coincident techniques are depend-
ent upon both time and amplitude dif-
ferences between channels, and thus
theoretically would seem to hold great
promise.

PZM Techniques

A word about PZM or pressure-zone
microphones in general would be in
order, since there are several models
available which vary in their frequency
response and application. As a result
one should be careful about generaliza-
tions applied to a whole line of micro-
phones, no matter who the manufac-
turer is.

Reviewers have given high praise to
PZM microphones, remarking that
“response varies very little as a function
of either angle or distance from the
sound source.”'” Phrases such as“‘excel-

lent reach,” ‘“clear, sharp details,”
“crystalline,” “no better microphone for
chorus,” and “crisp” also have been
used. In the past vear MILLAB, Sen-

nheiser, and Schoeps have all intro-

duced m:icroplones designed to take
advantage of the boundary-layer
principle.

As most engineers already are aware,
a PZM is a small capsule mounted fac-
ing, and very close to, a flat boundary
plate, and has a hemispherical polar
pattern. The hemispherical pickup
would seem to eliminate its use in many
of the traditional techniques that called
for specific polar patterns. However, the
development of several prototypes by
Ken Wahrenbrock, which used two and
three intersecting planes or boundaries,
showed that the directional pattern of
the PZM could be shaped.

It should be stressed that in going
from a single PZM mike — either
mounted on a flat surface, such as a

gobo floor, or a control-room window, or
on a large backing plate — to a back-to-
back stereo PZM pair (referred to by
Crown as a Stereo Bipolar Plate) the
resultant spherical pick-up pattern
exhibits outstanding mono, stereo com-
patibility. Unlikethe single-PZM array,
for which there will be a 6 dB LF roll-off
at the frequency corresponding to the
dimensions of the backing surface, at
low frequencies a stereo PZM array will
exhibit a6 dB recombination, due to the
two overlapping hemispherical polar
patterns combining at the plate boun-
dary. Thus at low frequencies the stereo
soundfield is purely coherent, and col-
lapses perfectly to mono, thereby sim-
plifying the disk-cutting process.

About two years ago, we began ta
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For additional information circle #72

investigate the possibility of combining
the assets of the PZM with some of the
traditional microphone techniques. The
goal was to make more realistic record-
ings, both from the standpoint of clarity
of response, and clarity of stereo image.
Several prototypes have been con-
structed to emulate traditional tech-
niques, and the results have been most
gratifying.

The ORTF technique is perhaps the
most widely known near-coincident
arrangement, and our initial goal wasto
adapt it for use with PZM models. The
first prototype was built from an entire
4- by 8-foot sheet of %-inch acrylic plas-
tic; it was four feet high, almost five feet
wide, and with the necessary frame-
work and fittings weighed 50 pounds
(Figure 15). Although its size and
weight made it difficult to transport to
various recording venues, the array’s
sonic qualities were most encouraging.
The first recording made with it was ofa
concert by the Texas Chamber Orches-
tra in a small opera house built in 1894.
The resultant recording won an Honor-
able Mention in the classical division of
the 1982 Crown PZM Challenge.

A second and third prototype followed
in which we managed to reduce the
weight to about 13 pounds. The whole
array is constructed so it can be folded
and packed into a case measuring four
by 16 by 48 inches for carrying from one
concert site to another. It has been used
extensively, both mounted on a tall

Ensemble

e S Dl Dy

Omnidirectional
mikes in each

‘ear” position. :

Figure 14: Binaural Head

Ensembie
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Figure 15: PZM-ORTF

stand and flown from the ceiling, to
record a wide variety of choirs and
orchestras in many different types of
locations. The results have been very
good, in terms of depth and spatial sep-
aration of the soundfield, due in no
small part, we feel, to the smooth fre-
quency response of the PZM mikes.
Knowing that the various traditional
techniques each have their own advan-
tage, and that different situations call
for different techniques, we were eager
to try other PZM adaptations. In
November of 1982, we were called in as
microphone consultants for a recording
of Handel’s Messiah, which was broad-
cast nationwide by PBS on Christmas
Day, 1982. The performance by the Con-
cert Chorale of Houston, with the Texas
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Figure 16: L2 Mic Array using
three PZMs, built for Messiah
concert.

Chamber Orchestra, was video taped
and recorded on multitrack for subse-
quent mixing and post-production for
the broadcast.

An NOS configuration was custom
built for use as the main stereo pickup
(Figure 16). Several design changes
were incorporated for this specific pro-
ject,in order to minimize visual obstruc-
tion by the mikes in the wide camera
shots. The PZM capsule used also was
upgraded to the Crown Model 6-S,
because of its small physical size and

A later version of L2 MicArray, flown above
the audience seating area, towards stage.
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L2 MicArray used to record Handel's “Mes-
siah” concert (detailed in Figure *16).
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Comparison of Far-Field Microphone
Techniques”; Presented at the 69th
Convention of the Audio Engineering
Society, May, 1981.

11. John Eagle, The Microphone
Handbook,; Elar Publishing, Plainview,
NY 1981.

12. Steve Barker, “Pressure Zone Mic-
rophones,” Recording Engineer
Producer, February, 1981.

flat frequency response. During post-
procduction mixing, many of the accent
or fill mikes were not used at all, and in
the final mix the NOS/PZM tracks fur-
nished the bulk of the sound. The stereo
image 18 broad and consistent across
the space between the speakers, with
good localization of sections and
instruments. Combined with the clarity
and accuracy of the newer model PZMs,
the resulting quality and realism are
delightful.

Currently under development is an
array which allows the emulation of
eight of the traditional patterns —
Blumlein, Faulkner-Blumlein, X-Y, M-S,
ORTF, NOS, DIN, and Binaural — as
well as variations in between. This L2
MicArray should prove to be a very ver-
satile tool in the hands of the purist
recording engincer, as well as a high
quality main stereo pickup in multimik-
ing situations. The development and
application of this device is described in
an accompanying sidebar.

The authors have a strong proprie-
tary feeling about the > MicArray, and
anticipate applying for a patent once
development is completed. Those who
would like to participate in the field test-
ing phase are most welcome to contact
us concerning acquiring an L2 MicAr-
ray for use on recordings. EEE

References
1. David Ramada, “The Case for Min-
imal Miking in Recording”; Stereo
Review, October, 1981.
2. Andrew Kazdin, “The Case for Mul-
tiple Miking in Recording”; Stereo
Review, November, 1981.

A NEW ON-LINE
NOISE REDUCTION
SYSTEM

e No Encoding or decoding

e Simple, Trouble-free Operation
2 30 dB of Noise Reduction

# Useful on Any Audio Signals

The Dynafex is a single-ended system that does not require
encoding or decoding. With this device, noise can be virtually
eliminated on cart machines, VTR audio tracks, mixdown recording,
film sound tracks, or any other audio source. It is also capable of
removing noise from old, noisy tapes, and can be used to reduce
surface noise on phonograph records.

With the advent of higher quality audio in radio, television, and
motion pictures, Dynafex provides an immediate and dramatic
improvement in audio quality at a price any budget can afford. Call
or write for further technical information. Dynafex is available from
professional audio dealers throughout the world.

MICMIX Audio Products, Inc.
2995 Ladybird Lane
Dallas, TX 75220
(214) 352-3811

dynafex’
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SOUNDTRACS 80 SERIES
MODULAR MIXERS

Unlike conventional mixers that use
mechanical switches to assign channels
to either sub-groups or masters, each
subgroup on the new 80 Seriesis a stereo
pair, and each monitor section of the
sub-group can be switched to a tape
return — allowing, with the two auxil-
iary returns per sub-group, 24-track tape
monitoring.

Although each channel has only one
routing switch, by the inclusion of a
microprocessor in the system an input
channel can be routed to as many sub-
groups as there are in the mixer — as
well as the master. Additionally, the
auxiliary returns are all assignable, via
the microprocessor, to the sub-groups
and masters.

Tointerrogate the system status there
are four options:
® Press the routing switch on each
channel or the aux return: the sub-group
master it is routed to will display via an
LED;
® Press the sub-group (pair) or master:
the input channelss/auxiliary returns

assigned to it will display via an LED;

e Viaa UHF output the sub-group/input
channel assignments can be displayed
on a TV monitor;

® Via a video output the mixer can
“handshake” with a video display com-
plete with keyboard; by inputing the
function of each input channel (1 = key-
board, 2 = tom, etc,), the display will
write the sub-group format.

Since the microprocessor is pro-
grammed on an 8-bit bus to “seek” 36
input channels and 12 sub-groups, a
smaller mixer 16-8-2 can exist without
problems, the micro merely ignoring the
lack of input sub-group channels until
the mixer is expanded (if ever).

SOUNDTRACS
262A EASTERN PARKWAY
FARMINGDALE, NY 11735
(516) 249-3660

For additional information circle #74

MICMIX DC-2 REVERB
DECAY CONTROL AND NOISE
REDUCTION SYSTEM

The new MasterRoom DC-2 is said to
allow the user to vary the decay time of
virtually any reverberation system,
while reducing noise generated by
reverbs by up to 30 dB, and can be util-
ized on plates, live chambers, spring

Mastirs-
TR

et
foreptphpyey

systems, or virtually any other type of
reverb device.

The unit incorporates patent-pending
downward expansion technology thatis
said to provide a smooth decay at any
control setting. The DC-2 does not alter
the tone quality of the reverb, as is the
case with a damping system, and can
shorten decay times by up to 75%.

The DC-2 is a two-channel unit that
can be used with a stereo reverb, or two
totally independent monaural systems.
Front panel controls include a continu-
ously variable decay time adjustment
control, and an in/out switch for each
channel. The reference level is inter-
nally adjustable from -10, 0, +4, to +8
dBv.

Suggested user price of the Master-
Room DC-2 is $695.00.

MICMIX AUDIO PRODUCTS, INC.
2995 LADYBIRD LANE
DALLAS, TX 75220
(214) 352-3811

For additional information circle #75

AUDIO KINETICS INTRODUCES
Q.SOFT SOFTWARE OPTION 64
Designed for film or video post-
production, the new Q.Soft Option 64
operating software may be installed in
any Q.Lock 3.10 synchronizer to allow

The MRL Calibration Graph is your proof of
the quality contiol that goes into every MRL
Reproducer Calibration Tape. We guarantee
each one to exceed the peiformance
requirements of IEC, NAB, AES, and EIA
Standards.

MRL Catibration Tapes zre designed and
supported by experts in magnetic recording
and audio standardization . . . we helped write
the standards. Each tape comes with

detailed jnstructions and application notes.

Wll: see

t...

For & .catalog and a list ef over 60
dealers in the USA and Canadeé. contact
J. G. (Jay) McKnight at

Magnetic Reference Laboratory, Inc.

229 Polaris Ave., Suite 4

Mountain View, CA 94043 1a
(415) 965-8187 i
Exclusive Export Agent: Gotham Export Corp, o
New York, NY [

The MRL catalog includes tapes for all studiq
applications. In addition to the usual spot-
1requenc_y tapes, we make single-tone tapes,
rapid-swept frequency tapes, wideband o
1/3rd octave-band pink random noise tapes)
and difference-method azimuth-setup tapes.
Most are available from stock.
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Why Beyer microphones give you more extraordinary

performance for the most ordinary applications.

There are other microphone
alternatives when high
sound pressure is a factor.

As Sennheiser claims, the MD 421
undoubtedly stands up to extremely
high decibel levels and has other
features that have contributed to
its popularity. But if you're already
using the MD 421 to mike loud
instruments or voices, we suggest
that you investigate the Beyer M 88.

The Beyer Dynamic M 88's
frequency response (30 to 20,000 Hz)
enhances your ability to capture the
true personality(including exaggerated
transients) of bass drums, amplified
instruments and self-indulgent lead
vocalists.

The Beyer M 88 features a matte
black, chromium-plated brass
case for the ultimate in structural
integrity. Beyer microphones are
designed for specific recording and
sound reinforcement applications.

The Dynamic Decision

*Documentation supporting specific comparative claims available upon request.

When you need a rugged and
versatile microphone,
consider the alternatives.

For over 10 years, engineers have
used mics like Shure’s SM57 for the
widest variety of applications in the
studio. And we feel that one of the
main reasons more engineers don’t
use the Beyer M 201 in this context
is simply because they don’t know
about it. Those who have tried
it in the full gamut of recording
situations have discovered how it can
distinguish itself when miking
anything from vocals to acoustic
guitar to tom toms.

The M 201’s Hyper-Cardioid
pattern means that you get focussed,
accurate reproduction. [ts wide
and smooth frequency response
(40 to 18,000 Hz) provides excellent
definition for the greatest number
of possible recording and sound
reinforcement situations.

Each Beyer Dynamic microphone
has its own custom-designed element
to optimize the mic’s performance for
its intended use.

vRonadditional-infarmatiomcircle #77
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Beyer M 88

Beyer M 201

M160N(C) w5

Beyer M 160

You may not always need a
condenser microphone for

“critical”recording applications.

Some engineers prefer condenser
microphones like the AKG C 414
to accurately capture the subtle
nuances of a violin or acoustic piano.
But should you have to deal with
the complexity of a condenser system
every time this kind of situation
comes up’

The Beyer Dynamic M 160
features a double-ribbon element
for the unique transparency of
sound image that ribbon mics are
known for. While its performance is
comparable to the finest condenser
microphones, the M 160’s compact
size and ingenious design offers
significant practical advantages for
critical applications.

Beyer Dynamic microphones offer
state-of-the-design technology and
precision German craftsmanship for
the full spectrum of recording and
sound reinforcement applications.

beyerdynamic))))

Beyer Dynamic, Inc.5-05 Burns Avenue, Hicksville, New York 11801 (516)935-8000
R-e/p 111 O August 1983



www.americanradiohistory.com

For additional information circle #78

™

| lew Droducts

users to customize operating procedures
for specific applications.

Option 64 more than doubles the
memory capacity of the Q.Lock , mak-
ing possible the combination of both
ADR (automatic dialog replacement)
and SFX (sound effects assembly) pro-
grams. The operator may now select
either of these special operating proce-
dures, or a standard program directly
from the Q.Lock controller.

With eight “Menu Pages,” each allow-
ing eight options, the user can further
select or de-select up to 64 optional oper-

ating routines. For example, a pro-
grammed record loop may be executed
in a rehearse mode with machine input
switching, and then a single button
depression will repeat with record entry
and exit on an assigned machine.
AUDIO KINETICS
4721 LAUREL CANYON BLVD.
NORTH HOLLYWOOD, CA 91607
(213) 980-5717

For additional information circle #79

AURATONE INTRODUCES FIVE
NEW MONITOR SPEAKERS
The new models include the T5 Ultra-
Compact Two-Way, T6 Sub-Compact
Two-Way, T66 Compact Two-Way, QC66
Quality Control Three-Way, and RC66
Road Cube Two-Way, all of which fea-

The Inconmpanablle Direct Box

JoAKENN

ARTISTS X-PONENT ENGINEERING

BOX 2331 RP » MENLO PARK, CA 94025 + (415) 365-5243
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ture polypropylene low-frequency driv-
ers, wide dispersion dome midranges,
tweeters and super tweeters.

All the units incorporate six- or 10-
element crossover networks with preci-
sion metalized film polyester capaci-
tors, and air-core inductors mounted on
specially designed fiberglass/resin
PCBs. With the exception of the RC66
Road Cube Two-Way, all the new Aura-
tone monitors are produced in mirror-
image pairs for enhanced stereo
imaging.

Enclosures are manufactured from
low resonance Super-Acousticwood™, a
high-density, wood-based product with
acoustic properties that are said to be
superior to the “particle board” used by
nearly all other speaker manufacturers.

Suggested pro-net prices per pair: T5
$250; T6 $325; T66 $595; QC66 $695; and
RC66 $795.

AURATONE CORPORATION
P.O. BOX 698
CORONADO, CA 92118
(619) 297-2820
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MODEL 2711X DIGITAL
EQUALIZER/RTA
FROM NEPTUNE
The new 2711X combines the func-
tions of the Model 2709B RTA with the
2711 27-band graphic equalizer, and
adds a microprocessor to enable gain
settings on each of 27 ISO-centered fil-
tering bands to be stored and recalled in
as many as 27 memory units. The stor-
age of EQ settings means that many
specific requirements for EQ can be
recalled on demand, by the push of a
button.

Additionally, the 2711X incorporates
an RTA that can display an audio spec-
trum on the unit’s 27-band LED matrix
to locate room acoustic anomolies. The
microprocessor also can perform other
useful functions with the RTA, includ-
ing triggering the RTA sampling from
the audio source, so that the transient
spectral qualities of the source can be
frozen on the display. This feature
allows more detailed EQ action where
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slight phase effects can degrade the
sound.

Front-panel controls include a four-
character alpha-numeric display that
lets the user know at all times what
function the 2711X is performing. Addi-
tional single LEDs give status informa-
tion, such as which of the inputs is
selected. Selection of functions is inter-
actively programmed with only four
switches, via the four-characterdisplay.

The 2711X can accept option modules
for additional functions, or off-line con-
nection to computer equipment, such as
a printer for archiving data from the
RTA section.

NEPTUNE ELECTRONICS
934 NE 25TH AVENUE
PORTLAND, OR 97232

(503) 232-4445
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YAMAHA INTRODUCES
PRODUCER SERIES
MULTITRACK CASSETTE

The M44 Mulitrack Cassette permits
independent recording on four tracks
with full overdubbing, in a compact
package weighing just 12 pounds, and
measuring 12 by 12 by four inches.

Independent record level controls are
provided for each channel, and a choice
of both Dolby B and C noise reduction is
included. Zero stop, and zero start func-
tions are featured, along with full logic
transport controls.

When combined with the Yamaha

MM30 Portable Mixer, the MT44 forms
the heart of an easy-to-use multitrack
recording and playback system; the
companion RB30 system razk and
patchbay, have been built specifically to
accommodate the two components.

The MT44 and RB30 have suggested
retail prices of 8570 and $175, respect-
ively.

YAMAHA COMBO PRODUCTS

P.0. BOX 6600
BUENA PARK, CA 90622
(714) 522-9134
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MULTI-CHANNEL D/A AND
S-100 BOARDS FROM ICD

The D/A64-100 produces 64 analog
outputs with 8-b:t converter resolution,
waile the sister A/D 64-100 board per-
forms analog-to-digital conversion with
similar accuracy. Voltages may be gen-
erated orread over a0-to-5 VDCrangein
255 increments. The S-100 bus boards
are port-selectable, so that multiple
cards may be used to create large sys-
tems as controllers for various systems

in the studio environment.

The CCA-100 Calendar/Clock/Alarm
Board can be used to display hours/mi-
nutes/seconds, and day/month/year
on a CRT; to time events in second
increments;, and to produce musical
alarm tonesover a four-octave range. Its
companion CCT-100 Calendar/Cleck/-
Timer Board can control events with
0.01-second accuracy, keep track of
computer time used, or calculate days
elapsed between dates, all as hardware
functions. Time/Date information may
be sent to a printer or stored as data,
with all functions under software con-
trol. Both cards have long term battery

backup, and utilize a minimal number
of Z80,/8080 ports for operation.
INDUSTRIAL COMPUTER
DESIGNS
31121 VIA COLINAS #1005
WESTLAKE VILLAGE, CA 91362
(213) 889-3179
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Announcing. ..the New. Cost-Effective

ECOPLATE Il

size 56”x 38”x 9", scaled for the Cost-Effective Studio
IF YOU'VE BEEN “GETTING BY" WITH SOMETHING LESS THAN A TRULY
PROFESSIONAL REVERB SYSTEM, THEN THE NEW ECOPLATE I1I IS FOR YOU. M
PLATE REVERBS ARE THE STANDARD OF THE INDUSTRY WITH THE SMOOTH,
BRIGHT SOUND OTHER SYSTEMS TRY TO IMITATE. NOW, FOR ONLY $1695,
YOU CAN STEP UP TO THE BEST. OR. IF YOU ALREADY OWN AN ECOPLATE OR
OTHER FINE REVERB. THE III CAN GIVE YOU A SECOND SYSTEM FOR A /

MODEST PRICE.

Reverb Time: Variable .5 to 5 sec.
Signal to Noise: 65 db
Frequency Response: 80-20 KHz

Input: - 10 or +4 dbm 10K ohms. unbalanced.

10K ohms

Stereo Outputs: + 4dbm ( + 24dbm max.)

50 ohm unbalanced
Size & Weight: 56”x 38”x 9”. 109 lb.
Equalization: Both Hi and Lo Variable

New Shock-Mounted Plate Tension System

is Pre-tuned at the Factory
Eliminating Tuning Problems.

STUDIO

o AT T
"l k) A Al ¥

e S S 5

3

P

An aftiliate of Programming Technologies, Inc.

TECHNOLOGIES, INC. Ty T

6666 N. Lincoln Ave., Lincolnwood, IL 60645 ¢ (312) 676-9400
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STAGE SYSTEM 200 FROM
ELECTRO-VOICE

Housed in a black plastic cabinet with
gray grille, the 36-pound, 1.8-cubic-foot
Stage System 200 is said to be capable of
producing sound pressure levels in
excess of 120 dB at 1 meter on axis.
Computer-optimization of coverage
angle, woofer size, and crossover fre-
quency results in a Controlled Directiv-
ity.. system that provides a well-defined
100-degree horizontal and vertical cov-
erage zone of acoustic output in the crit-
ical frequency range of 500 Hz to 10 kHz.

The portable stage speaker system
employs a high-output version of EV's
Super-Dome tweeter, coupled to a high-
frequency Direktor™ that is molded as
an integral part of the cabinet. This
coupling of a direct radiator to a
directivity-controlling device duplicates
the performance of an EV constant
directivity horn with similar high effi-
ciency, the company claims.

The low-frequency section boasts the
recently developed EVM Pro-Line Model
12S, which can handle 300 watts con-
tinuous power (per EIA Standard RS-
426). The unit’s crossover network is a
12 dB per octave dual section type, with
the crossover point at 2 kHz.

The Stage System 200 has a suggested
list price of $589 ($491, pro net); the

'It is a “well kept secret tl'at te Icom c4 DM attams the dynamlc range of digital
recording techniques, y=t clearly has a much better sonic quality.

This exceptional compander,
which has found application

in recording studios, satellite
transmissions, and video
recording, is now available at the
dffordable price of $ 650"

per telcom c4DM card.

Here are some

of the most substantial

advantages featured in
i telcom c4dDM:

* no dynamic faults caused by faulty level align
¢ no level alighment due to db-linear compary

ratio/slope

¢ 100 db overall dynamic range availabl

¢ reduction of distortion from tape
® true natural sound

l‘

You really have to hear it to believe it.

"Contact: Solway, Inc., P.O. Box 7647, Hollywood, Fl. 33081
Tel: (305) 962- 8650 Telex 467257

*Price subject to change.
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optional S-200 active equalizer is avail-
able for $149 ($124, pro net).
ELECTRO-VOICE, INC.
600 CECIL STREET
BUCHANAN, MI 49107
(616) 695-6831

For additional information circle #86

ELECTRO-VOICE EXPANDS
SERIES 52 MIXER LINE

Additions to the Series are the eight-
channel EVT 5208, and the 16-channel
EVT 5216, both of which employ indi-
vidual plug-in printed circuit boards for
each channel.

Each mixer input channel accepts a
balanced low-impedance mike- or un-
balanced high-Z line-level source. A
channel effects insert is provided on
each input, as well as on the two sub-
group outputs. The three-band EQ sec-
tion offers +15 dB at 100 Hz, +12 dB at 3
kHz, and +15 dB at 10 kHz. Each chan-

nel also features an effects/reverb send,
monitor send, pan control, peak LED,
and channel fader.

The EVT 5208 and 5216 have pro net
prices of $825 and $1,275, respectively.
ELECTRO-VOICE, INC.

600 CECIL STREET
BUCHANAN, MI 49107
(616) 695-6831

For additional information circle #87
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DI-100 DIRECT BOX WITH

ADJUSTABLE GAIN FROM AXE

The DI-100 utilizes a low noise BI-
FET buffering amp at the instrument-
input jack to eliminate the effects of
loading, and provides a low-impedance
signal to the instrument amplifier
allowing for long cable runs. The XLR
outputis transformer balanced from the
buffer pre-amp stage, and utilizes a spe-
cial line-level output Jensen trans-
former.

Adjustable gain allows an engineer to
optimize the instrument’s level to the
console for maximum signal-to-noise

£
¢
i

ratio. Unlike other direct boxes on the
market, which actually lower the
instrument’s output level at the XLR
output, the DI-100 is said to send a low-
impedance line-level (+4 dBm) signal,
thus eliminating the necessity tousethe
console’s mike pre-amp.

The unit can be powered either by its
internal battery, or phantom power
from a console. The unit is completely
EMI/RFI shielded, and can send a +18
dBV signal to the console on 48V phan-
tom power.

ARTISTS X-PONENT
ENGINEERING
P.O BOX 2331
MENLO PARK, CA 94025
(415) 365-5243
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VALLEY PEOPLE 430 SERIES
SIGNAL PROCESSORS

Three models of the new 430 Series are
configured as successors to the 410/420
Dyna-Mite™ and Dyna-Mic multi-
function signal processors.

The Model 430 consists of two chan-
nels of Dyna-Mite processing. Each
channel is individually capable of per-
forming limiting, expanding, noise-
gating, keying, FM limiting, de-essing
and voice-over ducking. Included in
each channel is Valley People’s Linear
Integration Detector, which is said to
yield flatter VU meter readings in the
limiting mode than can be achieved by
devices using Peak or RMS detection
schemes. As a limiter, Threshold/Out-
put Coupling is also offered to maintain
a predetermined output level, regardless

of the amount of limiting. An on-board
“Anticipatory Release Computer”
ensures short release times without
excess pumping and modulation distor-
tion. The two channels may be coupled
for stereo operation.

The Model 431 is a combination of one
Dyna-Mite and one Dyna-Mic channel,
while the Model 432 comprises two
channels of Dyna-Mic. The Dyna-Mic
employs a modified Trans-Amp™ trans-
formerless pre-amplifier, and each of
the two independent sections will accept
a variety of input levels. Either or both
inputs may be passed through the 3-
band EQ section, offering a quoted 14
dB cut/boost in each band.

VALLEY PEOPLE, INC.
P.0O. BOX 40306
NASHVILLE, TN 37204
(615) 383-4737
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MC 734 CONDENSER MIKE
FROM BEYER DYNAMIC
The new vocal condenser microphone
is said to feature a flat frequency

response from 20 Hz to 18 kHz, and is
equipped with a special 3-step filter to
compensate for the proximity effect in
close-miking situations. A built-in stage
resonance filter is said to suppress hiss-
ing and pop, rumble, and handling
noise.

The MC 734 may withstand sound
pressure levels as high as 138 dB at 1
kHz, and can be fed by any 48 volt phan-
tom power source.

BEYER DYNAMIC, INC.
5-05 BURNS AVENUE
HICKSVILLE, NY 11801
(516) 935-8000
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KLARK-TEKNIK SERIES 300
GRAPHIC EQUALIZERS

The DN 300 third-octave, single-
channel graphic equalizer has 30 con-
trol faders, each giving +12 dB of boost
and cut. It also incorporates adjustable
high- and low-cut shelving filters, with
selectable 6 or 12 dB per octave high cut
slope.(Low cutisfixed at 12dB/octave.)
Electronic input balancing is standard,
as are automatic failsafe bypass, and a
manual equalizer override.

The DN 301 third- octave attenuating

NOISE GATE

GT-4

The remarkable low cost noise gate that is

Use one
channel for each
mike in your P.A.

so simple and economical to use
that people are finding new
applications for them every day.

System and drastically increase loudness without

feedback. Gate your echo returns

to adjust

decay time without running to the chamber.

Gate your cue feeds and rid the

head-

phones of distracting hum and noise. Gate each
mike on the drum Kkit, the sound is spectacular!

For the full story and a list of dealers call or write
Omni Craft Inc. Rt. 4 Box 40, Lockport, lllinois 60441 (815) 838-1285

OMNI CRAFT
RT. 4 BOX 40
LOCKPORT, IL. 60441,

wwWwW americanradiohistorv com

INC.

815-838-1285

R-e/p 115 0 August 1983

For additional information circle #91


www.americanradiohistory.com

For additional information circle #92

ﬁ@w Dr@dt,lcts

equalizer — launched earlier in the year
— has been specially designed for the
sound contractor who needs to optimize
overall sound levels in a particular
installation. The 30 ISO center frequen-
cies exactly match the display of the
company’s DN 60 spectrum analyzer.
Features are similar to the DN 300
except for the fader control, which is 156
dB cut only at each of the ISO centers.
DN 332 is a dual-channel two-third-
octave graphic equalizer with 32 control
faders, each giving +12 dB of boost and
cut. A subsonic filter is incorporated in
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each channel, and combined with the
equalizer bypass switch. Electronic
input balancing and LED overload
indication are standard.

Compact Disc.

SONY PCM F-1
LOW COST DIGITAL AUDIO
RECORDING SEMINAR

The use of the Sony PCM F-1 has dramatically developed into an
important method of digital recording for professional purposes. The
explosive growth of Compact Discs and the resulting demand for digital
material has created an important new market as the transition from
analog to digital moves into high gear.

The Goal of this seminar is to examine the remarkable F-1 as a low
cost professional recording tool and to provide, in one day, an
understanding of the potential and limitations of this much discussed
but widely misunderstood new recording system. A group of experts,
experienced in the operational and technical aspects of the PCM F-1 will
present practical “how to do it” information on studio recording, remote
recording, assembly and editing and mastering for analog and

The Program will include demonstrations of various PCMF-1 system
combinations as well as a working demonstration of the use of the Sony
RM 440 for assembling and editing PCM F-1 recorded tapes. Level
matching and 1610 compatibility devices will be shown and discussed.
Lunch and beverages will be served to all participants.

SEMINAR INFORMATION

Date:
Location:

Time:

Seminar Fee: $60.00

accepted.
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Wednesday, September 28, 1983

RCA Recording Studios
1133 Avenue of the Americas
New York City

9:30 AM — 4:30 PM

The sponsor, AUDIOTECHNIQUES, INC., advises advance regist-
ration by mail. The number of registrations for this seminar will be
limited to 125. Registration at the door only if the seminar is not filled.
Make checks payable to Audiotechniques. Visa -

For additional information and a copy of the program, phone or write:

audiotechniques
1619 BROADWAY, NEW YORK, NY 10019
(212) 586-5989

or
652 GLENBROOK ROAD, STAMFORD, CT 06906
(203) 359-2312 _

Master Charge

wwWwW americanradiohistorv com

DN 360 dual-channel third octave
graphic equalizer is a development of
the company’s DN 30/30. The new ver-
sion incorporates newly designed prop-
rietory filter circuits, and also has
improved front-panel graphics. The unit
features 60 control faders, each giving

+6/12 dB boost or cut, and has a swit-

chable subsonic filter in each channel.
KLARK-TEKNIK ELECTRONICS
262A EASTERN PARKWAY
FARMINGDALE, NY 11735
(516) 249-3660

For additional information circle #93

DRUMULATOR DRUM MACHINE
FROM E-MU SYSTEMS
The Drumulator’s internal, digitally
recorded sounds include bass drum,
snare, rim, three toms, clave’, hand
claps, cowbell, open and closed hi-hat
and ride cymbal (which can be replaced
with an optional crash cymbal).
Rhythm patterns can be programmed
in any time signature, and then com-
bined into complete songs with pro-
grammable control of levels, repeats,
and tempo (including programmed
tempo changes within a song).

The unit contains a programmable
mixer that allows a different mix to be
stored and instantly recalled for each
song. These mixes can even be pro-
grammed to change in the middle of a
song. A programmable accent facility
provides access to a regular and accen-
ted version of every sound, with the
accent level independently user selecta-
ble for each drum, cymbal and perscus-
sion instrument.

Other features include the ability to
sync to tape or other sequencers, pro-
grammable trigger output, and a built-
in computer interface.

The Drumulator’s suggested list price
is $995.

E-MU SYSTEMS, INC.
2815 CHANTICLEER
SANTA CRUZ, CA 95062
(408) 476-4424

For additional information circle #94

MODEL 234 SYNCASET
FOUR-TRACK CASSETTE
DECK FROM TASCAM

The Model 234 Syncaset™ is claimed
to be the world’s first professional 4-
track cassette recorder/reproducer. The
Model 234 records at 3% IPS, is equipped
with dbx noise reduction, and utilizes a
3-motor transport with servo-controlled
capstan that is said to keep wow and
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flutter to 0.04%. Pitch control of +12% in
record and play enables varying the
speed for special effects and tuning.

Each track can be separately placed
in record ready or record mode. An
Input/Sync switch allows monitoring
of either the input for a track or the pre-
recorded track up to the drop-in point.
The Line and Mic/Instrument inputs of
each channel are internally mixed,
allowing recording of up to eight sources
on four tracks in a single take.

The rack-mountable Model 234 was
designed to match with a mixer to add
EQ, cue and monitor mixes, solo, effects
sends/returns so the two become a full-
scale portable 4-track studio.

TASCAM/TEAC
7733 TELEGRAPH ROAD
MONTEBELLO, CA 90640

(213) 726-0303

For additional information circle #95

LEXICON MODEL 200
DIGITAL REVERB

The new Model 200 Digital Reverb
and Room Simulator was designed to
provide cost-effective processing in
small studio, live performance, and
broadcast applications.

Features include continuously varia-
ble predelay, reverb time from 0.2 to 70
seconds, and acoustic ambience con-
trols intended to simulate the spatial
characteristics of acoustic environ-
ments from a phone booth to the Grand
Canyon.

Preset effects include several plate
reverbs, chamber simulations, and con-
cert hall simulations. Non-volatile
memory allows any setup to be stored
and recalled on demand even if the unit
has been turned off in the interim or
power interrupted. Controls adjust
reverb frequency contour, high-
frequency rolloff, echo density, and
early reflections, creating a wide variety
of sonic characteristics.

Frequency response is quoted as
being within +0.5 dB from 20 Hz to 10
kHz; 84 dB is typical dynamic range,
with 81 dB minimum, 20 Hz to 20 kHz
noise bandwidth. Noise and distortion
are said to be 0.04% typical, 0.07% max-
imum, at 1 kHz reference level. Input
level range is -12 to +24 dBm, and out-
puts are capable of driving all standard
lines and downstream devices.

The Lexicon Model 200 occupies 5%
inches of rack space and weighs 18

PRECISION

4 ®

MAGNETIC TEST TAPES

STANDARD TAPE LABORATORY, INC.

26120 EDEN LANDING ROAD #5 HAYWARD, CALIFORNIA 94545 e (415) 786-3546

For additional information circle #97

\- SR A

For better
sound,

—Formore ideas on how to use PZM microphones,
write for your free copy of PZM APPLICATION NOTES.

crown.

1718 W. Mishawaka Road, Elkhart, IN 46517.

For additional information circle #96
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pounds. A remote-control jack permits
selection of preset programs by foots-
witch or external logic signal control.
LEXICON, INC.
60 TURNER STREET
WALTHAM, MA 02154
(617) 891-6790

For additional information circle #98

OBERHEIM UNVEILS
MODEL 700 STEREO AMP

Thenew Model 700, while rated at 200
watts RMS per channel into 8 ohms, and
350 watts RMS per channel into4 ohms,
can provide musical peaks of 250 and
440 watts respectively. THD is quoted at
0.1% from 20 Hz to 20 kHz at full rated
output; power bandwidth extends from
10 Hz to 40 kHz.

The unit is said to have been exten-
sively tested for reliability under exceed-
ingly adverse conditions. The full out-
put of one channel (150 Vpp) was fed

directly into the other channel’s input,
proving that low-level input circuits
could not be harmed by high-voltage
sources. In other tests, with both chan-
nels driven to clipping, all types of loads
were applied, ranging from open and
short circuits to highly reactive loads.
Since the amplifier uses no VI limiter,
no distortion resulted when driving
highly reactive loads.

Hum and noise are quoted at 104 dB
below rated output, and the unit oper-
ates at rated loads without the need for
noise-producing fans.

OBERHEIM ELECTRONICS, INC.
2250 S. BARRINGTON
LOS ANGELES, CA 90064
(213)473-6574

For additional information circie #99

MDM-TA2 TIME-ALIGN
NEARFIELD MONITOR FROM
CALIBRATION STANDARD
INSTRUMENTS

The new MDM-TA2 Nearfield™ Mon-
itor features a ‘Position/Program”
switch on the front panel that adjusts
the response for listening position (NFM
or Distant), and program material
(Original or Final), sothat proper equal-
ization may be applied to the original
recording to overcome upper-range
losses in the signal chain.

The monitor is said to be the first unit
to provide a Polarity switch on the front
panel, to allow the absolute polarity of
program material to be checked easily.

Response is a quoted +3 dB, 60 Hz to 20
kHz, and the monitor can produce 108
dB SPL at 1 meter. The MDM-TAZ2 is
sold in pairs matched to +0.5 dB.
CALIBRATION STANDARD
INSTRUMENTS
P.O. BOX 2727
OAKLAND, CA 94602
(415)531-8725

For additional information circle #100

ELECTRO-VOICE ADDS THIRD
SENTRY TO MONITOR LINE

The new Sentry 505 studio monitor
features an angled enclosure for cei-
ling/wall mounting locations, and is an
acoustic match for the larger Sentry 500
monitor. The smaller cabinet volume of
the 505 has been carefully calculated to
roll off the system’s low frequency at a
ratethat compensates for the bass boost
which occurs when a speaker system is
mounted in a “quarter space” environ-
ment (where the speaker is mounted at
the intersection of two large surfaces

/

FEATURES INCLUDE:

* 3-BAND SWEEPABLE EQ
* MIXDOWN SUBGROUPING
® 4-SOLOS-PFL, AFL,
TAPE & GROUP OUT

® 24 OR 32 TRACK
MONITOR SECTION
e ELECTRONICALLY

® 8,16 OR 24 BUSS AVAILABLE

® THD: .005% LINE & MIC

N

BALANCED INPUTS & OUTPUTS
® SEPARATE LINE/MIC GAIN TRIMS
e CONDUCTIVE PLASTIC FADERS

e NOISE: -90 DBM LINE, -129 EIN MIC

* QOUTPUTS: +26 DBM!
* FREQ RESPONSE: 20 HZ-20KHZ +0.1 LINE

Srcfessional udic Services ¢

X SERIES CONSOLE WITH
24 IN/OUT, and FULL PATCH BAY

ya/tﬁ/y %om/pwn 14 /

99 East Magnolia # Suite 215 8 Burbank, California 91502

“THE BEST INVESTMENT”

Might not be as expensive as you think

*NOW IN STOCK, IN OUR FULLY OPERATIONAL DEMO ROOM,
THE FEATURE LOADED AUDIOARTS 8

IN BURBANK
CALL 213-843-6320

NOW IN VENTURA COUNTY
CALL 1-805-496-2969
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such as a ceiling and wall).

The 505 is capable of producing 96 dB
SPL.(1 watt, 1 meter, anechoic), and fea-
tures frequency response that is essen-
tially flat from 40 Hz to 18 kHz. While it
can be powered by modestly-sized
amplifiers, the unit will handle 100
watts average long term, and short term
peak loads of 400 watts.

A two-way speaker system with a 12-
inch, high excursion woofer and a
tweeter capable of handling a full 25
watts, the 505 has a crossover frequency
of 1.5 kHz. A specially designed “direc-
tor” for the tweeter matches the disper-
sion angles of both transducers at the
crossover point. The result is well con-
trolled vertical and horizontal disper-
sion of sound in the critical 250 Hz to 10
kHz range, Electro-Voice claims.

ELECTRO-VOICE, INC.
600 CECIL STREET
BUCHANAN, M1 49107
(616) 695-6831

For additional information circle #102

“GREAT BRITISH SPRING”
STEREO REVERB UNIT
FROM CONNECTRONICS

In effort to achieve a natural sound,
fancy electronics have been avoided in
the Great British Spring stereo spring

reverberation unit. Twelve springs,
closely matched to complement each
other, are employed in the design, and
are said to produce a full, smooth effect
that is virtually flutter-free. Varying
lengths, mass, and coil diameters ensure
wide diffusion of the reverberant energy.

The unit is available in three configu-
rations: unbalanced with %-inch stereo
jack inputs and outputs; unbalanced but
with XLR connectors; and balanced
with XLR connectors.

Suggested professional user price is
$495.00 for the unbalanced jack inpu-
t/output version and $687.50 for the

balanced XI.R version.
CONNECTRONICS CORP.
652 GLENBROOK ROAD
STAMFORD, CT 06906
(203) 324-2889

For additional information circle #103

MODEL SH-1 STEREO POWER
AMPLIFIER FROM SESCOM

The Model SLH-1 was designed to
provide an economical means of power-
ing small control room monitors or, used
in conjunction with Sescom’s SHB-1
Headphone Junction Box, for powering
multiple headphones.

The unit features a power output cap-
ability at 8 ochms of 20 watts per chan-
nel, both channels driven, with less
than 0.1% at 1 kHz for maximum rated

output.
Manufacturer’s suggested retail price
is $160.
SESCOM, INC.
1111 LAS VEGAS BLVD. NORTH
LAS VEGAS, NV 89101
(702) 384-0993

For additional information circle #104

SYSTEM ¢

B
i

FEATURES INCLUDE

* External Power Supply with Phantom Power option.

¥* 3 Band EQ with Mid sweep and selectable sheiving
* Longtraveifader % Peak LEDonallinputs
* Insert points on inputs and outputs.

The amazing 1616 with
tull 18 Irack monitonng
Shown here with the EX8
£ xpander module

AHB

Allen & Heath Brenell Ltd.

69 Ship Street
Brighton, Sussex
England

Tel: 0273-24928

wwWwW americanradiohistorvy com

SRETTE

SYSTEM 8is the sensational new range of
affordable studio and PA. mixers from

Allen & Heath.

In the value-for-money stakes SYSTEM 8is truly
unbeatable — packed with more features than any
other mixer of comparable price!

Flexibility. A weli-designed control layout eliminates
tiresome re-plugging and lets you exploit the desk s
maxirnum potentia with minimum hassle
Expandibility. With SYSTEM 8. two or more units
can be linked together quickly and easily — without
sacrificing a single input or outout. Need more input
channels? Just add an EX8 Expander Module
Compatibility. SYSTEM 8 gets along famously with
all recording equipment. User-adjustable controls
and line-up oscillator enable perfect level-matching
on main output and tape return paths

Use SYSTEM 8 with confidence. Selected high grade
components and substantial all-steel construction
make for a mixer that is both a joy to work with and
rugged and dependable in action. In common with all
professional-qualty mixers, a separate power Supply
ensursas low noise and hum-free operation

AHB

Alien & Heath Brenell (USA) Ltd.
5 Connair Road

Orange

Connecticut 06477

USA

(203) 795-3594
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For additional information circle #106

You do better
with sound system
components and

accessories from
Communications

Company!

Room Audio

Director

RAD-30 / Provides expandable
(movable-wall) meeting room
facilities with the ultimate con-
trol for combining audio areas.
You get touch-button audio
status control in each area.

Programmable
Intercom

1C-28  This economical
reliable. versatile dual channel
amplifier s perfect for tast food
service systems, ticket window.
teller cages. etc

Projector Patch

PP-2255 ' For quick, effective
interfacing into sound systems
from projectors or any audio in-
put device in a sound system.

Record Patch

RP-3030 / For connection to
speaker level line 25v-70v or
voice coil impedence. Trans-
former and resistor isoiation
against interference between
source and up to four
recorders

News Media Audio

Distribution
Amplifier
MADA-1 Amplifier-mixer-
distribution press patch
ehminates mic congestion on
lecterns. Serves up to 10 mic or

line level outputs and can be
cascaded to serve more.

SEND FOR OUR FULL-LINE CATALOG
AND LEARN MORE ABOUT THESE AND
OTHER SOUND SYSTEM COMPONENTS
AND TEST EQUIPMENT . . . DESIGNED
BY A SOUND CONTRACTOR FOR SOUND
CONTRACTORS.

R-e/p 120 O August 1983

DC-96 B CONDENSER MIKE
NEW FROM MILAB
The new condenser omicrophone is
equipped with a rectangular dual mem-
brane capsule, and is said to have low
inherent noise with superb front to back
ratio.

Powering can be from any standard
48-volt console phantom supply.
CAMERA MART INC.
456 W 55TH STREET
NEW YORK, NY 10019
(212) 757-6977
For additional information circle #107

B&W DM110/220 MONITORS
AVAILABLE FROM
ANGLO AMERICAN AUDIO

Essentially, the new DMI110 and
DM220 Digital Monitors are similar in
concept; the DM110 is atwo-way vented
design employing two drive units; while
the MD220 is a sealed enclosure,
employing three drivers — a pair of 8-
inch drivers for bass and midrange, and
a one-inch dome tweeter — with greater
power handling capability, and an
extension in bass response.

Design brief for both models was high
sensitivity of not less than90dB, 1 watt
at 1 meter; a broad, extended, and linear
frequency response; and a dramatic

reduction in production cost, with totally
re-designed drive units. In addition, due
to good polar distribution and extremely
close tolerances between pairs, stereo

wWWwWWwW americanradiohistorv com

imagery and depth information from
digital material are said to be accurately
interpreted.

Along with their increased sensitiv-
ity, both the DM110 and DM220 are
capable of high acoustical outputs. Typ-
ically, a pair of DM220s can produce
peak listneing levels higher than 115dB
SPLin a medium-size listening environ-
ment.

Suggested list price for the DM110 is
$149, and the DM220 $249.

ANGLO AMERICAN AUDIO CO.
1200 MARKHAM ROAD
SCARBOROUGH, ONTARIO
CANADA M1H 3C3
(416) 438-1012
For additional information circle #108

RANE RE27
REALTIME EQUALIZER

The RE27 combines a precision third-
octave equalizer with a third-octave
realtime analyzer, both housed in a sin-
gle rack-mount chassis. The analyzer
display consists of three LEDs above
each equalizer slider: red, green and yel-
low. After activating the built-in pink
noise generator, one simply moves each
slider up or down until the green LED
above it is lit; when all LEDs are green,
the system is normalized to within +1 or
+3 dB accuracy, switchable.

"

Additional featuresinclude calibrated
flat-response condenser microphone
with cable; switchable curve select for
“Flat” or “House Curve” (for smaller
clubs and lounges); +1 dB or +3 dB select
for display window; 0 dB adjust with
calibrated SPL readings; LED-indicated
hard-wire bypass for the equalizer sec-
tion, and transformerless auto unba-
lanced/balanced/floating input and
outputs.
suggested list price for the complete
system is $799.
RANE CORPORATION

6510 216TH SW

MOUNTLAKE TERRACE
WA 98043
(206) 774-7309

For additional information circle #109

NEPTUNE ADDS TO LINE
OF POWERED MIXERS

The new 411P, 611P, and B811P
powered mixers, equipped 4, 6 or 8 input
channels, offer many of the features
found on NEI’s XM and ’22 series con-
soles, including electronically balanced
mike inputs; monitor and reverb/effects
sends; and high and low input channel
equalizer.

The 411P and 611P feature a built-in
amplifier, FTC rated at 80 watts RMS at
8 ohms, and 125 watts RMS at 4 ohms.
The 811P contains two of these amps,
which also can be mono-bridged to pro-
duce over 250 watts RMS into 4 ochms.
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Both the 611P and 811P include a full
octave, 10-band graphic equalizer on
standard ISO centers, which is con-
nected to the main output but can be
externally patched to the monitor send,
or any other external device.

NEPTUNE ELECTRONICS
934 N.E.25TH AVENUE
PORTLAND, OR 97232
(503) 232-4445

For additional information circle #110

NEW REFERENCE MONITOR
FROM KEF

[ -

o)

Having problems figuring out what microphone to buy for your
specific application? Call us today to help you choose the finest,
cost effective mike for your needs. We stock over 2000 microphones
at all times at rockbottom prices. Some brands include: AKG,

Audio-Technica, Shure, Sennheiser, Beyer, Crown PZM,

Th w KEF KM-1 itor louds- .
e ne R Nady Wireless, Countryman and Telex.

peaker features an integral power amp-
lifier with a maximum outputexceeding
1,200 watts, and which is comprised of
two power supplies and eight separate
output sections to feed the unit’s seven
drive units. An active three-way div-
iding/equalizing network is included,
fed from a separate power supply. The
new loudspeaker is capable of deliver-
ing 120 dBSPL on program peaks under
typical listing conditions; with fre-
quency response of 30 Hz to 20 kHz +2
dB; and a signal-to-noise ratio of over

i IN STOCK!
Saki heads are
the finest in
the industry.
Every head is
dynamically
tested and &
unconditionally |

FAMOUS PRICE GUARANTEE

Eastcoast Sound guarantees the absolute lowest prices
anywher 2. Il you can beat our price on any system within 30
days after you purchase. we will refund 10 you the difference.

40 Main St. ¢ D_anbury, Ct. 06810 = (203) 748-2799
884 Boston Post Rd. ® West Haven, Ct. 06516

/d
/

7/ f
///

d

&

In keeping with KEF’s design philo-
sophy, the new KM-1 features an S-type
soft clipping limiter, which is automati-
cally activated under conditions of near
continuous peak overloading. (This is
said to permit up to a 6 dB increase in -
loudness without significant audible o
distortion.) Additionally, full electronic
overload protection safeguards all the
drive units and integral electronic cir-
cuits against accidental overloads.
Prototypes of the KEF KM-1 have @

been in use at the British Broadcasting s
Corporation’s Maida Vale music stu-
dios, London, for more than a year, and
now is in general production.

guaranteed

to meet or
exceed 3M
specifications.

KEF A
425 SHERMAN AVENUE SQHI SAKI MAGNET'CS' INC.
PALO ALTO, CA 94306 I . A CALIFORNIA CORPORATION _

(415) 321-2035

i ] . . 8650 Hayden Place, Culver City, CA 90230 213/ 559-6704 (TWX-910-328-6100)
For additional information circle #111
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For additional information circle #114

HANDBOOK OF
MULTICHANNEL RECORDING
by F. Alton Everest
320 pages — 201 illustrations
The book that covers it all . . .

a comprehensive gulde to all

i @ss\ﬁ@:

990

RATES facets of muiltitrack recording . ..
— $65.00 Per Column Inch — acoustics . .. construction . . .
THE BEST OP-AMP (2% x 17) studlo deslgn . . . equipment . . .
One-inch minimum_ payable in ad- techniques . .. and much,
Electronic design by Deane J g vance Fourinchesmaximum Space much morel
& Jen,‘::%q.,!,f:m:‘;,emen over four inches will be charged for — Paperback: $9.95 —
at requiar display advertising rates R-e/p Books
Packaging .?-Id production.design by P.O. Box 2449
John Hardy, Hardy Co. Hollywood, CA 90028
BOOKS
THE MASTER HANDBOOK
THE MUSICIAN’S GUIDE (05 LGOS
TO INDEPENDENT by F. Alton Everest
o o o 353 Pages — Numerous Illustrations
RECORD PRODUCTION A thorough guide to all aspects of
by Will Connelly acoustic design for recording studios. ..
All aspects of the business side of sound propagation . . . air conditioning
making records . . . the role of the .. . design examples . . . provides the
producer . . . budget preparation essentials to understanding how rooms
and economics . . . reducing the affect the sound we hear.
financial risks of independent — Paperback: $15.00 —
record production. — Hardback: $21.00 —
$9.50 Postpald Including Postage
R-e/p Books R-e/p Books
P.O. Box 2449 ¢ Hollywood, CA P.O. Box 2449 e Hollywood, CA
90028 90028
Some of the satisfied users:
e MOBILE FIDELITY SOUND RECORDING “THE PLATINUM RAINBOW”
by John Eargle The Piatinum Rainbow (How To Suc-
i - JME Associates ceed in The Music Business Without Sel-
°
JVC CUTTING CENTER “The best book on the techni- ling Your Soul) by Grammy Award win-
cal side of recording . . . ning record producer Bob Monaco and
® SUNSET SOUND, Hollywood thoroughly recommended.” syndicated music columnist James
N s 2 ] — Studio Sound Riordan. Complete sections on produc-
® SONY, DngltarAudlo Div 355 Pages, lilustrated with 232 ing and engineering including the prac-
tables, curves, schematic dia- tical aspects of pursuing a career. Also
e CAPITOL RECORDS, INC grams, photographs, and cuta- contains a complete DIRECTORY of the
way views of equipment. music business including studios and
e 20TH CENTURY FOX $21.95 each, Hardbound engineering schools.
: . ; R-e/p Books $11.00 Postpaid
(Console by De Medio Engineering) P.O. Box 2449 R-e/p Books
e ARMIN STEINER Hollywood, CA 90028 P.O. Box 2449 » Hollywood, CA 90028

¢ K-DISC MASTERING

— lon that it /] —
« DE MEDIO ENGINEERING please mention that you saw It in Recording Engineer/Producer

* JENSEN TRANSFORMERS

Dollar For Dollar R-e/p Classified Ads

* BONNEVILLE PROBS Reach More People, Creating More Sound,

* WFMT, Chicago and Using More Equipment
¢ ABC-TV There are eight lines per column inch, and approximately 35 characters per line.
Complete specifications and $65.00 per inch — 1 inch Minimum. Additional space will be billed in V4-inch

documentation available. increments. Please type or print your message, and send it with check or money order
Manufactured by and sold exclusively thru: to:
THE HARDY COMPANY R-E/P CLASSIFIEDS

P.O. Box AA631 ‘ P.O. BOX 2449, Hollywood, CA 90078
Evanston, IL 60204 USA

(312) 864-8060 Deadline for the OCTOBER/New York AES Issue is SEPTEMBER 16, 1983.

Payment must accompany your Classified Advertisment.
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HOW TO BUILD A SMALL BUDGET
RECORDING STUDIO
FROM SCRATCH
. with 12 Tested Designs
by F. Alton Everest
Soft Cover — 326 Pages
$9.95 Postpaild
R-e/p Books
P.O. Box 2449 ¢« Hollywood, CA 90028

EQUIPMENT for SALE

FOR SALE

White graphic equalizers, one pair.
These are White Instruments Model
4002 one-third octave, professional
quality units. They are one year old
and have just been factory checked
for accuracy. $1,650. Contact Robert
Bixby, 1921 Washington St., S.F.,
CA.(415)441-4818

FREE 32pg Catalog & 50 Audio/Video Apphc

= PWR SUPP EQ
PHONO. MIC
TRANS, ACN
TAPE. VIDEO,
sm-muono Puwt Ampl. LINE. 0SC

E '
c&.. 8-in/2-0ut, 12-In/4-o0ut, 16-in/4-out

Video & Audio Dist Ampis TV Audio & Recd Prod Consoles
OPAMP LABS INC (213) 934-3566
1033 N Sycamore Av LOS ANGELES CA, 90038

For additional information circle #115

* l<()R SALE *
Sound Workshop Series 30, 16-inputs
25 mainframe. Mint Condition. Used
less than 50 hours, 26-TT 124 patch
cords, crimp tool, talkback mic.
%9300 or best offer.
Bill Watkins (502) 199-6143

STUDIO EQUIPMENT FOR SALE
MCIJH114-24 w/ALII $21,000. BTX
4600 Time Code Synchronizer $7,500.
Orange County VS-1 Vocal Stressor
$900. EMT 240 Gold Foil Reverb Unit
$5,500. Merissa Ide, Bullet Recording,

Nashville, TN.

(615) 327-4621.

Upto
49% OFF
on

Soundcraft

Demo Equipment
List Sale

Sl e Each Each
Consoles

(2) 2400 28x24 $55.500 $30.800
tully loaded

(1) 800 18x8 $14.850 $ 8,500

(1) 15 16x2 $ 5730 $ 2,950
Tape Recorders

(2) SCM-382 $26.576 $17.000
16irk with

auto locator.
conv to 24 trk

LAKE

LAKE SYSTEMS
CORPORATION

(617) 244-6881
55 Chapel St, Newton. MA 02150

NEW RS-1 REMOTE
CONTROL STRIP

for Tascam, Otari & Fostex Machines

20 foot ribbon cable interface
connector allows record, play, fast
forward, rewind, stop, and pause
functions without the need for a bulky
remote box.

The RS-1 Remote Control Strip,
which measures 5% by 1Y inches, has
an adhesive backing for mounting on
any flat surface, such as a blank mixer
module.

Professional list price:
$49.95
Interfaces with TEAC/Tascam tape
recorders, and can be special ordered to
interface with Fostex and Otari tape
machines.

R-TEK, A Suntronics Co.
11151 Pierce
Riverside, CA 92515

(714) 359-6058

FOR SALE
Ampex MM-1100 16-track, Search-to-
Cue and Remote. Low hours, In spec,
Excellent Condition. Priced To Sell.
DICK BROWN
(816) 747-3476

FOR SALE
STEPHENS 821B Multitrack
recorder. Auto-locator with 10 posi-
tion locate. 16, 24, and 32 track 2”
head stacks. Pre-wired for 40 chan-
nels, with 32 channels of electronics.
$28,000. Also for sale, 32 channels of
dbx 316. Contact Bee Jay Studios,
5000 Eggleston, Orlando, Fla,

32810. (305) 293-1781.

**FOR SALE * *
Blank Audio and Video Cassettes:
Direct from manufacturer: Below
Wholesale! Any length cassettes.
Four different qualities to chose
from., Ampex & Agfa Mastertape:

from Y-inch to 2-inch. Cassette

Duplication also available.
Brochure.

ANDOL AUDIO PRODUCTS, INC.
Dept. REP

4212 14th AVENUE
BROOKLYN, NY 11219
TOLL FREE: 1-800-221-6578
N.Y. Res: (212) 435-7322/Ext. 5

SOUND SYSTEM

BUZZ

ITS TOO BAD YOU
CANT ALWAYS KEEP IT CLEAN

BUT NOW
ITS ONLY TEMPORARY
INTERFERENCE WITH
A

MODEL P5S-1

In addition to reducing RFI the PS-1 can also
protect your sound reinforcement equipment

from:
HIGH VOLTAGE TRANSIENTS
UNEXPECTED POWER UP TRANSIENTS
IMPROPER LINE POLARITY

A B linear & digital
systems,inc.

H 4a6marco lane
centerville, oh.45459
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1.0 pure 'i'il'l.]l| records in paper sleves

Une Cil|iH' prin[ed labels

.!I.II medil pur[s ind pruccssmg

Mastering with Neumann YMST0 lathe & 5}'.]'4 ctler

TS RPM | 1T Adsum Fasiage
el Backage | Secords 3nd Freied Coeers
$399. | $1372.
IFCE Callas)

(T recieve this special price, this g nis! aedeagpany onder

12251 5 Album Fgcil.;!u[: anciodes hell calar
Sl10ck _EI\'.'k.I':"IE or cuslem
IeEck and white jackets,
Package includes full proceesing
Re-ardors available at receced cosl

e maxe full 4-color Custom Albums. 100

Faor full ordering specifications call
DICK McGREW at (214) 741-2027

m-ﬁw.-
record manulacturing corp.
902 incuairial Boweyesro, Dallas, Tesas 78207
124} Te1-2027
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SENNHEISER
Trident TSM recording console, 10

MKH416TU/P48U...$553.- MD421U.... mput, 24 buss, 32 monitor, 4 vears old,
MKHB16TU/P48U .....729.-  MD441U - no modifications. Fact sheet and

R HMD224 . .. .139.-

MESS . 162.- B photos available. $65.000 o
T < e o 914) 725-3519 Inrroducing

— THE SOUND EFFECTS

— FOR SALE —
RECORDING STUDIO L)l;n'i Hi-Speed Duplicating System. I'IBRARTI FOR
EQUIPMENT SALES Model DP-1010. Mint Condition. PROFESS'DNAI_S
You have experience with major Ampex AG-140-8, 8Trk. $3.800.
O T ot e e | Ampex AG-140-4, 1 Trk, $1.950. Both * 3000 STEREO EFFECTS
engineering. You want to join an in Ampex Consoles. Nagra [T $1.800. * 125 TAPES at 7% or 15ips

organization that has both the pro- Call Stewn.rl at = PRICED FROM $1500.00

fessional audio/video product mix (213) 466-6141

and service departments to back up

your sales effort.

You are a self-starter who can work as EMPLDYHENT

part of a professional team.
Call: Howard Mullinack

i B6 MeGill Street,

| Toronto, Ontario

| Canada M5B 1H2
(416) 977-0512

Lake Systems Corp, MAINTENANCE ENGINEER
55 Chapel Street, Senior audio maintenance technician For additional information circle #123
Newton, MA 02160. wanted for top studio. 5 years expe-
(617) 244-6881 rience minimum. Excellent pay.
— Please send resume to:
— FOR SALE — Box PS2 -
NEOTEK Sevies 111 1616 trans- ¢/o R-e/p oo
formerless console, $10.500. P.0. BOX 2449
(312) 1728975, 151-3630 HOLLYWOOD, CA 90078 MOBILE RECORDING
“FOR SALE * [ STUDIO MANAGER WANTED feaning
MCT 500- 36-input frame, 32-out: 40 New 24-track Audio Video Produc- DIGITAL
active inputs. $60.000.00 OBO tion Complex seceks exp. mgr. (305) 446-2477
HARRESON 1032C, 36 active inputs, w knowledge of music, commercial &
transformerless, $60,000.00 OBO industrial production. Send resumes
PARAMOUNT RECORDING to: RESUMES, P.0O. Box 1021, please mention . ..
(213) 461-3717 Menlo Park, CA. 94025, YOU SAWITIN R-E/P

RECORDING STUDIO
Northeast U.S. PROBLEM?

you can now Call Datal jne*
A service provided by
RENT s

A Non-profit Organization

Dedicated To Excell, TH h
t h a fa b u I g u E lnnosa::'gne» Echa)l‘ic:n %fnmm#;non

In general, sprng reverbs don't have ne
best reputation in the world. Their bassy

‘twang’ is only a rough approximation of . . .
natural room acoustics. That's a pity because % The Society of Professional Audio

-
it means that many people will dismiss this Recording Studios offers SPARS mem-
exceptional product as “just another spring bers, and non—member§ referred by a
reverb”. And it's not. In this extraordinary SPARS member, a national telephone
design Craig Anderton uses double springs, ‘hot-line.’

but much more importantly “hot rod's” the i i
estions regard an ea e-
transducers so that the muddy sound typical 2 E 4 x ?c;lrdir:gn stll;dgior g;:geratizn? inc?ufdirng

of most springs is replaced with the bright . N g . .
clarity associated with expensive studio bu51nes§, audio engineering, and techni-
at the cal maintenance will be answered by

plate systems.
Kit consists of circuit board. instructions. SPARS-approved sources at no charge.

AN RN S lowest daily rental

and mounting (reverb units are typically Want a problem solved?

mounted awav from the console). ratas Call SPARS —
CHARGE TO VISA OR MC TOLL-FREE (305) 443-0686

1-50U-654-BEAT 9aM o 5PM CST MON-FRI ca" -

DIRECT INQUIRIES TO

SOCHTY OF MOFEANONAL
AIOIO RO DNt 3TU0H0S

SPARS Board of Directors and Consultants

BAMA Electronics, Inc. PRS o &t oy N
Universal Recording Malown/h’umlle USA Walav & Rosenberg
Oept. IIE. 1020 W Wilshire Bv. Dklahoma City. 0K 73116 wnslm 9626 Corporation. Chicago Lo Ange Philadelphia
— e —— — — — — — — t61 7] 254 21 1 a Jerry Barnes Mack Er:em;n ghxg:'olp;;:x S(;m:
ted i il i inc.
[ [J Send the 6740 REVERB KIT $59.95 plusj - fot mgeizy T Studios Siteria Recording - Recond Pant. nc.
shipping ($3) enclosed or charged. Charles Benanty Leroy Friedman Joseph D Tarsa
I Soundworks Digital Columbia Recording Sigmae Sound Studios
[ Send Free Catalog Audio/Video Studios  Studios, New York  Philadelphia
GEDIS Lenard Peariman David Teig
name. Nick Col.l;un kditel-Chicago New York
Al JaL John R John Wo
address I LA .‘-%n;'a holsf[:x:iunal l:ur:m A‘:g:'a Associates
Services, Nashville New
city state zip
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INDUSTRY
INVENTIVENESS

. continued from page 24 —

drama (a group therapy method where
members act out traumatic moments in
their past). A few assistant engineering
jobs later Gazecki wound up as first
engineer at Producer’s Workshop.
Shortly after this he was called on to
help design and install a studio at
Elektra-Asylum, and this led to his
working with Paul Rothchild. Gazecki
and Rothchild hit it off so well that Bill
was asked to work on several other pro-
jects, including some film work at 20th
Century Fox. Becoming associate pro-
ducer with Rothchild on The Rose
soundtrack, Gazecki was exposed to the
world of film sound production.

“Film sound deals with effects, dia-
log, and music, and pretty much requires
team mixing. When you go into film or
TV after having been in records, you
have to learn to relate to a project as
more of a collective effort. Mixing for
film is a very different kind of mixing.
In music, there’s asubconscious tuning-
in that allows an engineer who has
rehearsed a song extensively to sense
the rhythms, but there’s nothing like
that in film or television. You have to
start relating to timecode, or footage
and frames, instead of rhythms or bars

of music.”

Once he got a taste of film and televi-
sion sessions, Gazecki’s interest grew.
He took a position with Ed Lever’s

anyon Recordersin West Los Angeles,
ending up being put charge of audio
sweetening for the You Asked For It tel-
evision program. “My job was to put
together the music, the dialog, and the
sound effects, so that it all sounds con-
gruous with the picture,” he recalls.
“Most of the sound for this type of show
is done in post-production, so that
means a [ot of dubbing.”

Gazecki says that many engineers
from the music business are naturally
looked upon as outsiders when they try
to break into other kinds of recording
work. Often that can mean a demotion
in status, he says.

“Here I was working on The Rose with
a pretty good name, but when I wanted
to get into television I took a job as an
assistant mixer. I was a mixer, but was
working under another mixer and had
no authority whatsoever. I had to mix
according to their parameters. Just
because had mixed music did not mean
to my employers that [ could mix televi-
sion. I accepted that because I wanted to
learn.”

Once a former music mixer plugs into
the mechanics of television or film pro-
duction, he can then draw upon more of
his former experience, and advance rel-
atively quickly. “Because records are a
sound-only medium that involves the

storage of music, and because the com-
petition in so intense in the record busi-
ness, you have to become quite highly
trained to succeed in it. You have to
really know sound and the technology
involved; you have to know your multi-
track systems, console automation, and
all the characteristics of recording and
acoustics.

“In audio-visual mediums, like film
and television, sound isn’t the primary
factorinvolved, and therefore the train-
ing for sound people in those fields isn’t
as thorough as it is in the record busi-
ness. If you can get over the different
attitudes and environments between
the two mediums, you can progress
more quickly because you have the
training to understand more of the
process.”

There are several differences in atti-
tudes and environments between the
“romance’”’ of the music world, and the
work-a-day attitude of television and
film sound. Gazecki elaborates: “In
music you relate much more personally
tothe artist and the final outcome of the
project. In television and film, the sound
guys are one of 20 departments and,
with the exception of the production
mixer who actually mikes the talent,
you have almost no contact with the
principal talents of the film.

“Consequently, the attitudes are dif-
ferent. There is a lot less glamour, and
it’s a lot less personal. There will be peo-
ple that must approve your work, and

The all new Series Il is an in-line
monitoring console for multitrack

recording. It combines the
renowned sonic excellence of
NEOTEK design with uncompro-
mised professional functions. The
quality of the NEOTEK Series i
console ensures that its price will

Standard NEOTEK

T FLANNER’S
PRO AUDIO INC

final product.

become insignificant when
compared to its value.

While we at Flanner’s Pro Audio
believe there are many good
reasons for choosing NEOTEK
consoles, one fact above all has
been conclusively established:

when it comes to sound, nothing

The choice of master recording console is one of the most
important that a studio owner must make. The console is the
electronic heart of the studio and is the one piece of equipment
that most critically affects the basic technical quality of the

—merurescisar NEOQTEK

e 8888 L] ‘-
llc..n a

SERIES Il CONSOLES

compares to the quality of a
NEOTEK.

Let Flanner's Pro Audio give you
the information you need on the
NEOTEK console that will best
satisfy YOUR recording studio’s
requirements!

. Get Started On Your

if:}lqES'I‘I(E?nf:les it .: 5 _____ . ._ % ;; s ’..-’ ;"‘.-:‘-"-, %% G “ . E \\ Snézlltl:;’:gFulule By
- e 8. ®.V.2.8.9.0.0. 8. 0. 8.0, £ . Y )
li!iliiiiii HEHEInY ’MV&E\\ TSN
s88080808 T XXX EEXERENRRRRRRE XN “
36124 .t.u.a.u.s.asg.g.s.s.a.s.a.e.e..,.e_.e...e.e.e.e.e.'.'“\$c LT Today!

Call Toll Free: 800-558-0880

/
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who you’ll never even see. They are
somewhere down the line, but if they
don’t like your work you’ll have toremix
it, even if it has been six months. There’s
no room for argument or your opinion,
which you can express in the music
recording situation.

“This is offset, however, by the joy
you experiencein addingto a larger pro-
ject. I get more personal satisfaction by
being a contributor to a greater work,
which can be much more emotionally
effective.”

One of the most interesting projects
Gazecki has been involved in occurred
while he was working at Canyon on the
facility’s digital sound effects library.

“Existing film sound effects libraries
are over 10 years old,” he says, “and
there have been tremendous break-
throughs in technology since they were
recorded. Digital recording is, of course,
an incredible improvement in the qual-
ity, but there have also been break-
throughs in microphone technology,
recording tape, miniaturization, and
other areas. When the digital sound
effects libraries are completed there will
be a huge jump in quality.”

Gazecki occasionally still works in
the music recording medium, and
recently teamed with Paul Rothchild
again to work on a Doors live album
assembled from tapes initially recorded
at concerts in 1969 and 1970.

“The hardest thing was locating the
tapes,” herecalls. “All that existed were

quarter-inch rough mixes — 70 rolls of
eight-track master tapes had been lost
in a 10-story warehouse. It literally
came down to finding a tiny slip of
paper in the bottom drawer of an aban-
doned desk that once belonged to a
former supervisor of the warehouse. It
took six months of lawyers and eve-
ryone saying someone else had the
tapes, before this slip of paper was
found. It’s turning out to be a great
record.”

Another area of multimedia sound
that is proving exciting to Gazecki is
that the structures always change
somewhat, because the nature of the
project can be so different. “Therequire-
ments for Star Wars are much different
than the requirements for That Cham-
pionship Season, for example. There’s
different kinds of locations, different
lighting, different feels, and each new
project has an excitement of its own.”

There are a large number of careers
open to music engineers in the film and
television mediums. Gazecki has some
interesting things to say about the
working structure of these industries.

“Sound for television doesn’t go
through nearly as many steps as the
sound for film,” he offers. “In television,
basically you have three steps: initial
recording; on-line editing, which is your
master picture assembly; and video
sweetening, which is where all the
sound is added and conformed to the
picture at one time. In film you have

departments for music, effects, dialog
dubbing, and editing.

“There may be less opportunities in
television than film, because one person
handles more functions. But in music it
is even more limited, because one pro-
ducer and engineer handle the entire
project. Television is great training for
film, because you learn about sound
effects, music and dialog in relation to
picture. “In both film and television
sound you will probably start out as a
mixer — if you have that experience in
the music business — but the only way
to really learn how to work in film and
television is to jump in.

“Once you're working in the medium
you realize that there’s a world of
careers open to you. You start realizing
that you’re in the ‘entertainment busi-
ness,” which has a much larger scope
than just music and records. When
you’re an engineer working in the
recording studio, you learn what the
producer does and if you could do it. In
film it’s the same process, and yu can
even gobeyond allthe various jobs there
are in the sound field. You could be a
lighting director; a post-production
supervisor; a production sound mixer,
wherelive recordingis your speciality; a
sound-effects ed<ns1:XMLFault xmlns:ns1="http://cxf.apache.org/bindings/xformat"><ns1:faultstring xmlns:ns1="http://cxf.apache.org/bindings/xformat">java.lang.OutOfMemoryError: Java heap space</ns1:faultstring></ns1:XMLFault>