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VANNELLI ON AMEK

“ Getting the sound you hear in your
head takes time, patience and a little
sweat. Having the right console at
your fingertips makes life a littte

easier. . .
- Gino Vannelli

Clarity, depth, resonance and full
spectrum of sound is what we strive
for in our recordings. that's why Gino
and | chose AMEK. ”

- Joe Vannelli
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Joe and Gino Vannelli
at their 36X24 AMEK ANGELA

Hear it on Gino Vannelli's
upcoming album “Black Cars”

Call or write for more information about
AMEK's complete line of consoles.

-~ In the US: AMEK CONSOLES, INC.
S Y | 10815 Burbank Boulevard, Ncrth Hollywood, CA 91601
.'/ Phone (818) 508-9788 e Telex 662526

In Canada: AUDIO CONCEPT
4460 Thioault, St-Hubert, Qué., Canada J3Y 7T9
/ Phone (514) 445-2662 e Telex 05-268728
In the UK: AMEK SYSTEMS & CONTROLS, LTD.
Islington Mill, James Street, Salford M3 5HW, England
Phone (061) 834-6747 e Telex 668127
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MICErO-TECKH 10900

A select few amplifiers
on the market tacay will
offer 1000 watts in 3.5
inches of rack space.
But dc not be enticed by
power ratings alone, for
cower is not the only m2aa-,
NMaEr o, ol sure of a successful praduct.

| The Micro-Tech™ series has be=n

| . in development for over 2 years.

i  We would not consider its iniro-

' | ducticn until we were certain

! | the final product would match

, I | the demanding criteria of the

P T.I L ‘L’ professional tour. With rigorous

]- ! testing and evaluation, both on

o onomrone W% the bench and in the field, the

"'”m"‘"““,_‘ Micro-Tech has proven ils per-
) e formance value.

1000 watts of dependable pcwer

] result from an exhaustive search
052 for excellence and efficiency.
CROWN'’s péetented grounded-
/. - bridge circuitry, reversible forcad-
AN air ccoling and patented ODEP
{Output Device Emulator Protec-

tion) design come wrapped in a

3.5 inch chassis with 33 years of

proven dependability behind it.

The precision of Micro-Technolo-
gy: It was a matter of perfacting
the ccncept before intraducing
the product.

crown.

1718 W. Mishawaka Rd.
Elkhart, IN 46517
(219) 294-8000
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C reative choice is what TASCAM'’s broad line of

professional mixing consoles is all about.

Whether you're polishing your musical skills or ascam
polishing your fourth gold album, opening up your audio

to video, or opening up your own studio, TASCAM'’s

°
comprehensive mixer selection lets you focus on your
specific music needs.

Starting with our M-30, we've packed more artistic
choice into a modestly-priced package than any console
in the industry. This versatile 8x4 is ideal for everything
from basic recording to video production and Py
comprehensive small studio applications.
Increased flexibility highlights the M-30’s big v
brother, our M-35. This durable 8x4 combines wide-
ranging function capabilities with operating ease. The
M-35 features 4 separate sub groups, solo, independent

monitoring, built-in effects loop, and much more. .
For more elaborate production demands, our rugged 1 e
new M-520 console gives exceptional precision and

complete control of your 8 and 16 track recording, over-

)
dubbing and mix down. The M-520’s creative options
include multiple inputs per channel, 8 independent rO eSSIO I I S
subgroups, stereo solo-in-place, PFL, balanced and L]

unbalanced inputs and outputs, multiple auxiliary
mixes, and long-throw faders.

And if you're recording needs are met by 8 tracks, our
M-512 console gives you the sophisticated functions,
easy operation, and technical quality of the M-520, with
fewer input channels.

See your TASCAM dealer today. He'll tell you
about these and a wide range of other professional
TASCAM mixers, and get you hands-on with the console
that was built for you. Or write for more information to
TASCAM, TEAC Professional Division, 7733 Telegraph
Road, Montebello, CA 90640, (213) 726-0303.

Copyright 1984- TEAC Corporation of America

Wherever you want to go with your
music, TASCAM's extensive console line |
has the mixer to take you there.

For agditional Informasies grie #3
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Recording and producing audio for records, film, video and broadcast
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Huey Lewis and the News, Rolling Stones, Bruce Springsteen, Bryan Adams,
and building a reputation as the consummate remix engineer/producer.
Interviewed by Mel Lambert and Sam Borgerson page 46

Live-Performance Sound —

SOUND-SYSTEM DESIGN FOR THE SUMMER OLYMPIC GAMES
Panasonic RAMSA Sound-Reinforcement Systems
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by David Scheirman page 62
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Why the mega-buck equipment investment in a “marginal” phonograph record production
market? . .. a conversation with MASTER SOUND’s Bob Richardson . . . exploring his
decision-making process. (The questions asked by R-e/p that elicited the following state-
ments should be fairly obvious.)

“To fully understand why we made the decision to buy SSL, it’s important to understand
the Atlanta market, our history in this market, and our objectives for the future.

“We came to Atlanta in 1964 to open a major music recording studio. We did our first
session on June 4, 1964 — ‘Hey Girl Don’t Bother Me,” by The Tams for Lowery
Productions and ABC Records. It was an instant hit and made the Top Ten. We had
opened this facility with the best equipment available at the time: three-track, two-track

...continued on page 173 —
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News letters Views

OTARI MTR-12 REVIEW

from: David Carlstrom
service manager
ElectroMedia Service
Farmington Hills, MI

Peter Butt’s detailed “Equipment
Assessment” of the Otari MTR-12
[published in the October issue of R-e/p]
is slightly flawed by inaccurate specula-
tion on the cause or cure of a small
amount of flutter.

The Otari’s 9.95mm capstan diameter
would yield a flutter component at 24 .4
Hz, so the capstan is not responsible for
the 27 Hz flutter Mr. Butt observed. 27
Hz more closely corresponds to the dia-
meter of the inner race of the pinch-
roller bearings. The small 0.035% to
0.063% flutter Mr. Butt measured seemed
to me more likely to be a slight cogging
in the MTR-12’s pair of pinch roller
bearings.

I checked the flutter of one new MTR-
10-4 (four-track, half-inch). It read
slightly lower than the machine Mr.
Butt tested, but did have the 27 Hz
component: it measured 0.02% flutter
while recording, and 0.04% flutter after
rewinding and playing.

Reducing the pinch-roller force from
2.5 kg to 1.9 kg removed the 27 Hz com-
ponent from the flutter residual, con-
firming the pinch-roller bearings were
responsible for this flutter. This MTR-
10-4 now reads at most 0.02% on a tape
recorded, rewound, and played.

Otari recommends fine tuning pinch-
roller force for optimum starting in the
range of 2.5 kg to 1.7 kg. The only possi-
ble harm of optimizing pinch-roller
force for low flutter might be a less than
optimal start, which may not be impor-
tant to users requiring minimal flutter.
Those interested in obtaining the lowest
possible flutter from an Otari MTR-10-
12 should experiment with reduced
pinch-roller force and possibly selection
of pinch roller bearings.

Reply from: Barry Ross
manager of field service/
engineering, Otari Corporation

In the three years of MTR-10 history,
and the recent tests we performed on the
MTR-12 (using similar wow and flutter
test equipment to Peter Butt and Dave
Carlstrom) we concur that Dave Carl-
strom’s findings regarding the location
of the 27-Hz flutter component and
adjustment cure are most accurate. Al-
though, as Dave mentioned, by adjust-
ing the pinch-roller pressure to a value
just below 2.5 kg, the machine will
respond with a slightly slower start-up
time. The slower start is more apparent,
of course, when using half-inch tapedue
to theincreased weight, which we feel is
a factor just as important to some Otari
users as wow and flutter. Otari does
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support the adjustment of the pinch-
roller pressure to suit the customer’s
needs, although we ship all MTR-10s
and MTR-12s set up with 2.3 to 2.5 kg of
pinch-roller pressure, in an attempt to
split the difference and please all users.
It should be noted that in our service
manual, which accompanies each
machine, there is no mention of this fine
pressure adjustment. To simplify the
procedure, the manual justclearly states
that the user should set the roller pres-
sure to 2.5 kg.

We invite our MTR-10 and MTR-12
users to call on us if they require any
assistancein the above-mentioned pres-
sure adjustment. 000
NB: An additional reply from Peter Butt
can be tound on page 178 — [Lditor.

STUDER HEADS

from: Thomas E. Mintner

VP and general manager

Studer Revox America, Inc.

Nashville, TN

While reading through the October
issue of K-e/p, we have noticed an
advertisement which requires clar-
ification. The Sprague Magnetics adver-
tisement on page 32 asks the question
“Do you know who manufactures the
audio heads for your recorder manu-
facturer?” Apparently Sprague does
not, as they attribute our Studer audio
heads to Woelke of Germany.
WilliStuder AG manufacturesitsown

audio heads in our main factory in
Regensdorf, Switzerland. Woelke 1is
certainly a finecompany, and in fact we
do utilize them for our erase heads.
However, our entire audio head
manufacturing department in Switzer-
land would be quite disturbed to learn
that representations (apparently acci-

“Letter to the Editor” from Welton H.
Jetton and Jeff Paullus, October Issue
— A Correction

A serious typographical error in a
“Letter to the Editor” published on
page 16 of the October issue of R-e/p
may have resulted in a misleading
parameter being assigned to the
frequency-response capability of Audi-
tronics’ products. In the additional
comments section by Jeff Paullus to a
reply by Welton H. Jetton, president of
Auditronics, Inc., we inadvertently
referred to the fact that a “flat low-
frequency response to 5 kHz (-1 dB)
would suffice in the real world.” This
should, of course, have read: “flat low-
frequency response to 5 Hz (-1 dB)
would suffice in the real world.”

Our apologies to Weiton Jetton and
Jeff Paullus for any embarrassment
that may have been caused by the
error — Editor.

dental) were being made that the heads
for which we feel Studerisjustly famous
were made other than by Studer.
Thank you for the opportunity to set
the record straight. Ooa

WEATHER PROTECTION

from: Y. Brevda, president
Yale Audio of Florida
Tampa, FL

I read with interest David Scheirman’s
article “Anatomy of an Injunction” in
the August issue of R-e/p.

Per the lawn area speakers, I note the
mention that their amplifiers and cross-
overs are housed in weatherproof cases.
What is in the design of this system to
protect the speaker enclosures and their
drivers from adverse weather? And
what is done to protect the main stage
area speakers from adverse weather?

And how are both sets of speakers
protected from damage during a show
when it starts raining? From the
photographs published in the article,
the stage speakers at both sides appear
to be located out in the open with no
overhead coverage.

Also, the article mentions that there
are seven lawn speaker towers. What
kind of a problem does this pose for any
viewing obstruction?

David Scheirman replies:

Asthis systemis used only during the
summer months at a seasonal per-
formance venue in relatively dry
Southern California, protection from
adverse weather is not nearly such a
critical concern as it might be in other
parts of the country. For a good expla-
nation of precautionary measures taken
with a permanently installed system
that operates in a harsher climate, refer
to Paul D. Lehrman’s excellent article,
“High-Quality Sound System Design
for New England’s Sullivan Stadium,”
published in the April 1984 issue of
R-e/p.

Michael Adams of Sound Image,
contractor for the Pacific Amphi
theatre’s new sound system,
replies:

All of the speaker cones were treated
with Scotchgard™ at the beginning of
the season. The main speaker stacks are
shielded by nylon-mesh black scrim.
Those loudspeaker units atop the delay-
line towers are faced with a weather-
resistant grillcloth. We did have one or
two cloudbursts, but in general the
weather was so hot and dry for this past
season that rain damage was not a
problem.

As for the viewing obstruction problem
posed by the lawn-speaker towers, we

continued on page 11



Worth Its Wait In Gold.

For Harrison
Reliability
Sure, Harrison has waited to enter
the U.S. broadcast market. When
you're a stickler for precise engi-
neering and a perfectionist when it
comes to quality performance -
ou’ve got to take your time to get
it right. Get it just right for you.

No Compromises
It can be tough getting the right con-
sole to match your specifications.
About as easy as fitting a squaregeg
inaround hole, right? Harrison Sys-
tems has anticipated your need for
versatility. A good deal of time and
research goes into our consoles in
order to bring you the smartest, most
efficient technology and service.
We've got the system that fits the
size and scope of your
needs, whether it be:
® Teleproduction
@ Video Sweet-
ening and Post-
Production
@ Video Edit Suite
® Film Sound
Post-
Production
@ On-Air Broadcasting
# Broadcast Production
@ Live Sound Reinforcement
® Music Recording and Scoring

At Harrison Systems, we give you
choices - not excuses or unnecessary
fluff. Our systems are designed to
bring you long-lasting, clean per-
formance and reliability.

Harrison Puts You In Good
Company
Organizations like Swiss Broadcast-
ing and Belgian Radio and Televi-
sion have believed in the superior
iuality of Harrison Stereo Broadcast
udio Consoles for years and have
chosen Harrison for multiple broad-
cast installations. Swedish Televi-
sion has selected 8 TV-3 consoles
and has committed to several more.
This year’s Winter Olympics in Yu-
oslavia received the main audio feed
rom a TV-3.

At Last

At Harrison, we take the time to lis-
ten to your needs. We design our
consoles with the flexibility to %it your
operation. And although our stand-
ards may be high for our consoles —
our prices are very, very reasonable.
We think you’ll find it’s been worth
the wait - in golden, Harrison-true
performance. Call us for a demon-
stration and see for yourself.

For Harrison Innovation

Introducing Harrison’s TV-3,
PRO-7 and TV-4, the broadcast

consoles you’ve been waiting tor:

TV-3 For large scale TV audio,
remote production, studio pro
duction, post-production and
sweetening @ Adapts to wide

range of tasks ® Available in a va

riety of contigurations tor cus-

tomization ® ’lus manv options.

PRO-7 De-
signed for com
prehensive use in
broadcast, live sound
motion picture teleproduc-
tion ® Two major configura

Now Ava:lable
AIR-7 For on-air
ster=o radio
b-oadcasting,
combining
soplisticated
technology with
simple operation.

tions ® Simple to operate ® Cost-effective ® Independent mix deci-
sion capability ® Long-term pertormance achieved through thick-
film laser-trimmed resistor networks ® ’lus many options.

TV-4 For medium scale on-air
production, remote production,
studio production, sweetening
and post-production ® Three
major, simplitied configura-
tions ® Easy to install ® High
speed, low noise, low distor-
tion amplifiers allow for best
possible electronic perform-
ance ® Plus manv options.

Harrison's new VSI Fader Section, which
allows for simultancous interface with auto
mation and video editor/switcher, i« avarl
able for TV-4 and PRO-7 consoles

Why wait any longer? Call
or write Harrison Systems,
Inc., P.O. Box 22964,
Nashville, TN 37202;
(615) 834-1184, Telex 555133.
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DIGITAL REALITY
IN AMERICA:

Audio Affects - LA
Audioforce — NY

Clinton - NY

Criteria - Miami

Digital Assoc. - Nashville
Digital Music - NY

Editel - Chicago

ERAS - NY

Fantasy - SF

Future Disc - LA
Larrabee - LA

Legonks - LA

Lion Share - LA A
Muscle Shoals - AL
Soundcastie - LA

Sound Summit - WI
Soundworks - NY
Sterling - NY

The Burbank Studios - LA
The Village Recorder - LA
United Western --LA
Universal - Chicago
Thomas Vicari = LA

.
T

Woodland - Nashville



Waiting For A Better System?

A better recorder will eventually come along. It's a
natter of time. Our future competitors sometimes say
ate 1984, sometimes early 1985. They say some-
timeg their prices will be lower, sometimes higher.
3ut the real question is: Will it be better? We believe
10t. Not for a long time, if ever. To our knowledge,
zhey have not built even one real production unit of
“heir two track DASH compatible machines yet. While
“hey are planning their first limited production run,
Mitsubishi is delivering X-80 Digital Master
3ecorders with incomparable performance and
-eliability. The best is here now. And it will stay the
Jest for many years to come. Join the World Class
Studios at the peak of the pyramid now. If you wait
“or a better system, you may wait a long time.

New Features And Options

The X-80 can now easily synchronize with other video
and audio recorders through the new optional VCO
nterface, allowing lock-up in less than three seconds
with the more popular synchronizers. The VCO also
arovides optional vari-speed of the X-80 including a
Jnique digital-analog-digital copy mode giving you a
48 kHz fixed sampling rate first generation digital
copy of the vari-speed master.

X-80 is Affordable

‘While the other professional digital audio 2-track
-ecording systems require video tape recorders and
complicated outboard systems costing as much as
?00,000 (for a practical system), the reel-to-reel
X-80 Is available for about $25,000. And it is simple
10 operate as a reqular tape recorder. And more
“eliable.

Best Digital Sound

The X-80 is regarded as the best sounding digital
audio recorder in the business. One reason is
zhe wider frequency band available compared

;0 the video cassette based systems, yield-

ng a natural and more desirable sound.

/

s

Easy Editing

The powerful erfor correcting system provides for
click-free performance even after a conventional cut
and splice operation! Yes, the X-80 is the only digital
audio studio master machine on the market that
allows you to do razor blade editing. No need for an
expensive electronic editing system to perform simple
edits. Cut, splice and listen. No need to piay through
an entire tape reel to perfect the edit point as you
need to do with the olher expensive video cassette
based system. No special training is needed to
operate the X-80. You use it just like an analog
machine, but it's digital.

Outstanding Performance

With a dynamic range in excess of 90 dB, the X-80
beats the ="' analog master recorders by more than
20 dB. That’s a reduction in background noise level
by a factor of 100. And you can make multiple
generation copies where the last copy is as good as
the first. Conside- tape costs, both in the studio and
in the propagation of master copies. The X-80 uses
Ya'' tape at 15 IPS (one hour record time on 10.5"
reel) while the analog master recorders use 2"’ tape
at 30 IPS. That’s four times the tape cons.umption —
with 20 dB less dynamic range (or worse). Believe it.
Studio digital audio makes a lot of sense, both
technically and financially.

Compact Disc from X-80

The X-80 is now the mcst convenient format for Com-
pact Disc studio masters. Easy and inexpensive to
edit, sequence, and make digital copies from, the
X-80 masters are now deing processed by PolyGram
in Germany and Denon in Japan for Compact Disc
mastering. We believe that you'll hear the dif-
ference the Mitsubishi X-80 Digital Mastering
System makes. We invite you to call or

write for complete details.



THE PRICE OF BEING
A PERFECTIONIST IS HIGH.

We'e 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 |

an Anechoic Chamber, to mention just a few.

Finally, we feel to make first-rate products you
can't 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.

And who feel that the price of not beinga
perfectionist is high.

= 2 VU= Technical
._!I!A Audio Devices

Professional Products Division of Pioneer Electronics (USA) Inc
5000 Airport Plaza Dr., Long Beach, CA 90815. (213) 420-5700.
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Letters

— continued from page 6 . . .
found that the only way to get through
thecrowd during capacity shows was to
walk up the narrow aislewaysleft on the
sloping lawn behind the poles. It was
certainly not set up that way by design,
but, since there are no “skyhooks” to
suspend the speakers from, those open
lanes made it quick and convenient to
get to the rear of the seating area to
check sound levels and coverage. (JOO

ALPHA STUDIOS
AND BTX SOFTOUCH

from: Paul GG. Matthews,
product manager
The BTX Corporation
Bedford, MA
Ralph Jones™ article on Alpha Studios
in the October issue was as comprehen-
sive a piece of reporting as ['ve vet seen
on one studio’s response to the demand
for high-quality audio-for-video and
film. The sidebar on our Softouch sys-
tem is a good, in-depth look at its versa-
tility and power in many types of audio
editing situations. Kudos to R-e. p and
Mr. Jones.
The inclusion of several Softkey com-

SPRAGULE SSSAGNETION

mand sequences used by [Alpha owner
and chief engineer] Gary Brandt was
innovative on your part, and one we
wereunderstandably delighted to see. It
notonly provides other Softouch owners
with useful Softkeys developed by a
knowledgeable user, but also powerfully
illustrates exactly what a programma-
ble Softkey is to those who are not famil-
iar with the Softouch Audio Editing
System.

In addition to praising your article,
I'm compelled to point out a few errors in
the command sequence as printed.
® In Program #2, the “minus” key must
be pressed after TRIM, so that the 10
seconds are subtracted from the cue
point. Also, the ENABLE RECORD
(after the MARK IN command) should
be moved to replace one of the SLAVE
ASSIGNS entered after LOOP BEGIN.
Otherwise, the loop would not be a Pre-
view, as Gary intended, but a real record.
e Gary’'s Softkeys are good examples of
consistency within the Softkeys. In
each case, heuses the Softkey tosetupa
loop, then Preview it, then get the
RECORD and ASSIGNs set for the
“live” take. In keeping with this struc-
ture, the SLAVE ASSIGNs at the start
of Programs #1 and #3 should not be
included.

Anyone who would like a complete
copy of those Softkeys with the changes
and other streamlining included, can
contact me at the BTX Corporation, 75
Wiggins Avenue, Bedford, MA 01730.

We are proud that our Softouch sys-
tem, in Gary Brandt’s skillfull hands, is
playing a part in the success of Alpha
Studios. Thanks to R-e/p for document-
ing the contribution of an audio editing
system to a studio’s growth. oo

LEAVE IT ON?

from: Brian C. Carr, studio manager
Walk On Water Studios, Inc.
New Braunfels, TX

I would like to ask a question that
always rears its ugly head, yet no one I
know can agree on what is safe for the
equipment and technically acceptable.
Eachtimelinstall some studio gear, the
guy I put it in for and I have a nice
debate — but no mutually acceptable
solution is agreed upon — so perhaps if
you could pass the question to the people
in the know. They can end this debate
once and for all.

Should all solid-state electronic devi-
ces be left powered up constantly to
maintain its temperature, and therefore
its thermo-electrical properties, or can
we subject the unit in question to the
normal surges and discharges made
daily during power-up and power-down
and expect it to work like a champ with
no degradation to the normal life? The
question pertains mostly to digital
reverbs, consoles, DDLs, power amps
and the usual modern outboard gear in

INC.

10 YEARS OF DEDICATED SERVICE AND EXPERIENCE IN AUDIO TAPE HEAD RECONDITIONING

SAME DAY RECEIVED

SAME DAY RECONDITIONED

SAME DAY RETURNED

DO YOU KNOW WHO MANUFACTURES
THE AUDIO HEADS FOR YOUR RECORDER MANUFACTURER?

RECORDER MANUFACTURER
AMPEX

MCI/SONY

M

OTARI

REVOX

SCULLY

STUDER

TEAC

AMPEX

M

HEAD MANUFACTURER
AMPEX

APPLIED MAGNETICS/WOELKE

M

OTARI/NORTRONICS/WOELKE

REVOX
NORTRONICS

WOELKE (ERASE & TIME CODE ONLY)

TEAC

SPARE PARTS DISTRIBUTORS FOR:
O0TARI

REVOX

DISTRIBUTOR

SPRAGUE MAGNETICS, INC.
SPRAGUE MAGNETICS, INC.
SPRAGUE REPL. HEAD
SPRAGUE MAGNETICS, INC.
SPRAGUE MAGNETICS, INC.
SPRAGUE MAGNETICS, INC.
SPRAGUE MAGNETICS, INC.
SPRAGUE MAGNETICS, INC.

TEAC

15759 STRATHERN STREET / VAN NUYS, CA 91406 / TLX: 754239

(800) 553-8712

(818) 994-6602
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Letters

daily use. Of course, capstan motors,
incandescent bulbs and fan motors
have a shorter life span than the above,
and should be turned off where possible
(e.g., leaving the half-track tape sensor
disengaged when not in use) and are
disregarded in this question.

Secondly, my reaction to the article on
12 different microphone “sound” char-
acteristics (“Performance Assessments
of Twelve Studio Microphones”’, pub-
lished in the April 1984 issue of R-e/p)is
that I personally believe the test to be a
valid one. When miking vocalists I am
not familiar with I rely on the “press
conference” technique used by Profes-
sor Cross. Remember: Every studio and
control room has its own characteristics
working against the anechoic specs.

SHORT TERM ERROR IN DROP FRAME MODE
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Editor’s Note: John Roberts addr
the question of continuous powering of
studio equipment in his regular column
“Exposing Audio Mythology.” Also, a
second article by Professor Cross can be
found elsewhere in this issue. 0oo

TIMECODE CONFUSION

from: Steve Krampf
VP sales and marketing
Otari Corporation
Belmont, CA

“Is there any difference in the frame
rate for Drop Frame and Non-Drop
Frame Longitudinal SMPTE timecode
in NTSC color video?”

I have informally posed this question
recently to a good number of people from
the audio industry now working in
Audio Post Production. An alarmingly
high percentage of some very knowl-
edgeable people have answered that DF
and NDF timecode had a different
frame rate, i.e., speed. They responded
that DF code had a frame rate of 29.97
frames per second (actually
29.97002617*) while NDF code had a
frame rate of 30 fps.

Additionally, many of these same
people responded that it really wasn’t
thatimportant what the code frame rate
was because the speed differences could
be compensated for at a later date.

Itis our firm contention that standard
engineering practice calls for both DF
and NDF to be the same frame rate, and
referenced to vertical sync(59.94 Hz and
multiples) for NTSC color video and

* The difference between 29.97 fps and
29.97002617 fps introduces an accumula-
ting error of +75.442 milliseconds per 24
hours. This error is judged to be within the
timing requirements of most broadcast
and production plants. It is suggested,
however, that this “long term” timing
error be corrected approximately once a
month — SK, 000

synchronized sound. Unfortunately,
studios doing APP must buy an NTSC
sync or color bar generator.

For further reference, I would highly
recommend that the R-e/p reader obtain
a copy of “The Time Code Handbook”
written by Walter Hickman, and pub-
lished by Cipher Digital, 150 Hunting-
ton Ave., Boston, MA 02115. Although it
is temporarily out of print, I have been
told that Walter Hickman is expanding
the book and it will be available in six
months. Another source of information
is the EECO Corporation’s handbook,
available from EECO, 1601 E. Chestnut
Avenue, Santa Ana, CA 92701. For
further information about why NTSC
uses 59.94 Hz instead of 60 Hz, we
recommend the Ampex Video Training
Manual, available from Ampex Corpo-
ration, 401 Broadway, Redwood City,
CA 94603.

This letter covers only one area of
APP, and begs the larger question of
mixed time bases, i.e,, film rates and
conversions. I encourage the media to
conduct a forum on practices with
regard to all aspects of Audio for Film
and Video.

Some Finer Points:

“SMPTE timecode is not timecode
(ref: t059.94 Hz); EBU timecode is timecode.”

NDF SMPTE timecode generates an

Volce Design for “Gremliins”
— A Cerrectlon

Mark Mangini and Larry Blake would
like to correct an error that crept into
their article on the voice design of
Gremling, published in the August
issue of A-g/p. In the article, they cred-
ited Terry Eckton with the editing of
Darth Vader's voice in the Star Wars
films. Instead, Vader was cut by Bon-
nie Koehler; Ms. Eckton was respon-
sible for Chewbacca the Wookiese. As
fate would have it, Ms. Koghler super-
vised the sound editing of the foreign
vaerslons ol Gremlins.

R-e/p 12 O December 1984

error of 0.03 frames per second between
its time count and the “clock on the
wall,” which amounts to approximately
a 60 ms error per minute. DF SMPTE
code compensates for these “timing”
errors according to the accompanying
error chart.

As can be seen, DF timecode is only
“timecode” for an instant, every tenth
minute.

We therefore suggest that we begin
calling SMPTE timecode SMPTE Edit
Code.

In the case of 50 Hz-based EBU time-
code, none of the above problems exist.
Referencing your timecode to line fre-
quency, PAL vertical sync (all 50 Hz)
are exact intervals of the frame rate, 25
fps; there is no drop or non-drop frame
code. EBU code is absolute timecode.

00oa

SUBJECTIVE LOUDNESS

from: Thomas D. Rossing
Professor of Physics
Northern Illinois University
DeKalb, IL

In the August 1984 issueis a long let-
ter from Rick Simon, part of an exchange
of letters with Alan Fierstein. I shall
avoid entering their discussion about
power potentiometers, but I would like
to correct a couple of errors about the
scale for subjective loudness.

So far as I know, S.S. Stevens pro-
posed the first sone scale in 1936 (Psy-
chol. Rev., 43, 405-16). In a later paper
(J. Acoustical Soc. Am., 27, 815-829
[1955]), he tabulated the values various
observers had reported for a 2:1 loud-
ness ratio. These values ranged all the
way from 2 dB to 24 dB, and Stevens
suggested using 10 dB asthe best value.
This of course leads one to the expres-
sion recommended by the International
Standards Organization for relating
loudness S in sones to loudness level Ls

...continued on page 17 —







Detail for the sake of detail.

Detail for the sake of function.
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Sound Workshop’ attention to
detail always produces the most
sensible approach.

i . | The design of a professional

* audio console encompasses a
vast array of design decisions. It 1s Sound
Workshops relentless attention to detail
throughout every critical design area that
enables our consoles to make total sense.

Metering: This attention to detail

has produced the most sensible high-res-
olution metering system available todav.
Why bother, when sonic excellence is the
most important attribute of an audio con-

Conventional mechancial meters also available

sole? Because the metering system is

effectively your “window” into the per-

formance of the console signal path and

plays a vital role in making the recording

process more accessible and efficient.

Consider what the Series 34 has 10

offer in terms of metering:

* Forty segments for high resolution and
a wide 40 dB dynamic range

* Three color display tor the best re-
sponse to peripheral vision

* Peak and Average modes with no gain
scale shifting to permit accurate visual
analysis of peak signal content

* One quarter dB resolution at “O Wi" for
accurate cahibration and tape machine
alignment

* Variable intensity function allows LEDs
to be adjusted for opumum brightness
in a wide range of control roomn lighting
conditions

* Individual calibration for Peak and
Average modes

* High-slew balanced mput circuit pre-
vents ground loops and ligh frequency
Inaccuracies

* Modular design for easy mamtenance access

In addition to metering console and
tape machine levels, each Series 34 O
module also contans an additional input
meter to monitor the input channel signal
path post the equalizer. This additional
meter helps the engineer optimize gan
staging throughout the console, yielding
maximum headroom and optimum
signal/noise.

Some may sav that our
attention to detail has pro-
duced a metering section
that seems over-designed.
Perhaps, but from a func-
tional standpoint, 1t will
help vou make better
sounding recordings.

Equalization:
Although we pioneered the
state-variable design used
almost exclusively in todavs §
modern parametric console
Egs, the Series 34 uses a
sunpler design which is not
fully parametric. \Vhy? More attention
to detail.

Simply put, the Series 34 four-band
sweepable Eq sounds better than an)
console parametric equalizer we know of.
Its wide trequency overlap between
bands, low active stage count and intel-
ligent PC layout has yielded an extremely
versatile Eqj thats easy to use (read: fast)
and extremely musical and
transparent, whether vou're

Equalizer combines continuous
control and detents for reset-ability

altering the frequency balance just a
pinch or at its plus/minus 15 dB max-
imum. Our Sertes 34 Eq won't notch out
a guitar amp buzz—we'll let one of your
rack Eqs do that for you. It will simply
allow controlled tonal balance changes,
whether subtle or extreme, with complete

Some may say that our
attention to detail has pro-
duced an equalization section
that is under-designed. Maybe,
but functionally, you'll be able
to make better recordings.
Sound Workshop’s meter-
ing and equalization are just
two examples of our relent-
less attention to detail
throughout the design of the
Series 34. Its high pertorm-
ance and extremely wide
dynamic range (output chp
level exceeds + 27 dB) are
enhanced by each section
of the console whether 1ts sonically pas-
sive, as in the metering, or somcally
active, as in the equalization. Besides giv-
ing vou that extra edge vou need at your
next session, the Series 34 1s designed to
make sense.

The Sound Workshop Series 34...
It makes sense.

Sound \Workshop Professional Audio Products, Inc. 1324 Motor Parkway, Hauppauge, NY 11788 (516) 582-6210 b

For additlonal informatlon circle #9
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NBC-TV Post Production #1

he World Class of '84

Salim Sachedina Alan Manger Ralph and Jennie Arnie
Sounds Interchange Crescendo Audio Productions Starstudio GmbH
Toronto, Canada San Juan, Puerto Rico Hamburg, West Germany
(416) 364-8512 (809) 792-1970 49-30/40-10-51

Craig Curtis Jerry Jacob

NBC-TV Post Production #1 TresVirgos Studios

Burbank, California San Rafael, California

(213) 840-3260 (415) 456-7666

The sound choice for the future
whether building or rebuilding.

Chips Davis

The LEDE Designer
(702) 731-1917

For vour additional listening pleasure; McClear Place Mastering, Toronto/Radio-TV Caracas, Caracas,
Venezuelw/Audio Archives, Svracuse Univ., Syracuse, N.Y...Coming soon: Grammy's House, Reno, Nevada,
Satellite Television Corp. (Div. of Comsat) Las Vegas, Mennonite Brethren Communications, Winnepeg

Alberta Canada, Additional Projects tor NRC.
Marketing: Jerry Facob (413) 457-1070
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— continued from page 12

Letters

in phons:

S =2 x[(Ls - 40)/10]
from which it can easily be shown that
log S =0.0301 (Ls - 40), slightly different
from the expression in Simon’s letter.
An equivalent expression for S that
avoids the use of L» is:

S=Cxp"s

where p is the sound pressure and C
depends on the frequency. This expres-
sion may be preferred, because sound
pressure is what we measure with a mic-
rophone or sound level meter.

Several investigators, however, have
found a doubling of loudness for a 6 dB
increase in sound pressure level (see, for
example, J. Acoustical Soc. Am., 48,
1397-1403 [1970]), rather than a 10 dB
increase. This suggests a formula in
which loudness is proportional to sound
pressure (see Acustica, 30, 247 [1974)):

S =K x(p-pv)

All of this is for tones of a single fre-
quency. Predicting the loudness of com-
plex sounds (such as music) is more dif-
ficult. May I refer the interested reader
to my book The Science of Sound
(Addison-Wesley, 1982), pages 86-89?
Two well-known methods for predicting
the loudness of complex tones are
known as ‘“Stevens’ method” and
“Zwicker’s method”. Table 6.3 in my
book, however, suggests a simple rela-
tionship for estimating loudness (sones)
from A-weighted sound levels. It is not
exact, but it is useful.

The 1937 paper by Harvey Fletcher
(not J. Fletcher) and his colleague W.A.
Munson (J. Acoustical Soc. Am., 9, 1-10)
uses a loudness number N ratherthana
scale of sones. Forloudnesslevels above
40, N appears to increase by a factor of
10 when the loudness level increases 30
dB. This can be expressed:

N =103 x 10 [(Ls - 40)/30]
from which log N =3 +0.033 (Ls - 40). But
this Fletcher-Munson loudness number
N is almost never used nowadays.

The sentence in Simon’s letter which
begins “what all this meansis...” is
quite garbled and should probably be
ignored altogether, by the way.

Rick Simon, president
of Simon Systems, replies:

The sentence in my August letter
“What all this means...” is unclear and
I had planned to write a supplement for
it. It was not my original intention to go
into a lengthy discussion about subjec-
tive loudness (that letter was long
enough), but Professor Rossing brings
up certain issues which bear qualifica-
tion, especially as to how they pertain to
the original subject of volume control,
and more specifically volume control for
headphone distribution systems.

One available reference for the equa-
tion log L=0.033(LL-40)is Kinsler-Frey
Fundamentals of Acoustics, Second
Edition, (John Wiley & Sons; New York,

1962). I would like to refer the interested
reader to pages 392 to 398. Figure 13.12
plots Subjective Loudness (L in sones)
versus Loudness Level (LL in phons) for
a pure tone. The above equation is an
approximation of the graph over the
range from 40 to 100 phons(comfortably
audible to unpleasantly loud). From this
approximation it can be easily shown
that:
L = C (I)l/:l = C’ (AP)E/’I

where I = Intensity, P = Pressure, C and
C’ are frequency dependent parameters.

These equations, which are slightly
different from Rossing’s letter, can also
be found in Introduction to the Physics
and Psychophysics of Music, by Profes-
sor Juan. G. Roederer (Springer-Verlag;
New York, 1973), and Stevens (1970).
They indicate that if loudness is propor-
tional to the cubed root of Intensity,
doubling the subjective loudness requires
that the power supplied to the sound
source increase by a factor of eight; or,
stated another way 4 the power for half
loudness. The expression that uses
intensity may be preferred because
intensity is directly related to power,
which can be supplied to a set of head-
phones under the control of a potenti-
ometer. More recent studies, however,
have suggested that the second Stevens
Sone Scale and power-law relationship
which dominated acoustical thinking
for years, was not bias free.

The 1970 paper in J. Acoustical Soc.
Am., 48, by Richard Warren, that Pro-
fessor Rossing refers to, involves sub-
jective testing and attempts toeliminate
experimental biasing. This paper con-
cludes that for judgements of 50% loud-
ness, L is proportional to the square root
of intensity. Since pressure is propor-
tional to the square root of intensity,
this suggests a relationship where loud-
ness is proportional to sound pressure.
Figure 3 in the paper shows that 50%
loudness judgements correspond to 6 dB
attentuations over the range of 45 to 92
dB intensity levels. It also shows, how-
ever, thatin theranges above and below
the45t092 dBrange thislinear relation
no longer exists. To quote Warren
directly: “... Figure 3 shows that forthe
100 dB St (St = standard intensity) a 94
dB Co (Co = comparison intensity) is
significantly greater than half as loud,
and that for the 36 dB St a 30 dB Co is
significantly less than half as loud.” If
we are going to talk about volume con-
trol, we need to define these outer
ranges, especially in the lower range.

Walton Howes, in his 1974 Acustica
paper(Vol. 30 pp. 247 to 259), approaches
the issue of loudness from physical
rather than psycho-acoustic quantities.
He derives a loudness function based on
electrical discharge rates in auditory
nerve fibers, rather than human judge-
ments. He summarizes the loudness
function by dividing it into four sub-
ranges. Figure 5 in his paper plots a
curve of Loudness versus Sound Pres-
sureforal kHztone. Thefoursubrange
equations which describe this curve are:

1. Dynamically active subrange

(0< S <34 dB) L = 102 (Inq + 12.4)
(q-2x107%)
2. Active Subrange
(34 dB<S<90 dB) L =5 x10%q

3. Fiber Saturation Range
(90 dB<S <120 dB)
L=10(44-1nq)q

4. Fiber and rate saturation subrange
(120 dB<S) L = 3000

where S = sound pressure level, and q =
effective sound pressure.

The issue here is volume control, and
that requires a method for adjusting
levels from zero to some maximum
value, not just cutting loudness in half. 1
originally brought up the issue of sub-
jective loudness in my August letter,
because of Alan Fierstein's recommen-
dation to use linear instead of audio
tapered pots for controlling volume in
headphone distribution boxes. Power
dissipation was his main concern. My
August letter fully covers this topic and
proves that a properly designed system
will not be subject to power dissipation
problems. This leaves only the question
of which type of taper will help the lis-
tener to perceive a more linear ampli-
tude response as a function of percen-
tage pot rotation.

A linear tapered pot has essentially
onerange and one slope. While this type
of taper might suffice for subrange 2 of
Howes loudness curve, it would become
deficient in subrange 1. In keeping with
Warren's findings at low levels, this
could explain why using a linear tapered
pot as a volume control causes such a
drastic level change in the lower region
of percentage rotation. The audio tapered
pot (such as the type I previously
recommended), is divided into two major
subranges: the first subrange from 0 to
60% rotation is a somewhat exponential
(e to the power of the square root of per-
centage rotation); in the second sub-
range from 60% to 85% rotation the pot
becomes linear.

I strongly recommend the use of audio
tapered pots over linear pots in volume
control applications such as the afore-
mentioned. I would suggest that anyone
doubting this recommendation perform
the simple test of replacing an audio
tapered volume control with the equi-
valent resistance linear pot, and com-
pare results. Those of us who have
designed and worked with audio equip-
ment are well aware that the subjective
loudness appears to change more linear-
ly with percentage pot rotation when
audio tapered pots are used.

Finally, the principles used by Howes
can also be applied to predicting the
loudness of a complex sound. If you
accept this newer theory based on phys-
ical quantities, may I suggest you read
his 1979 Acustica paper (Vol. 41, 45,
1979, pp. 277 to 320) on this subject
rather than Rossing’s book. The Stev-
ens Method and Table 6.3 in Rossing’s
The Science of Sound are based on the
older psycho-acoustical data (10 dB
increase for a doubling of loudness)
which Rossing in his letter implies are
not valid. 000
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EXPOSING AUDIO MYTHOLOGY

Laying to Rest some of the Pro-Audio
Industry’s more obvious “Old Wives Tales”

by John Roberts

he topic for this month’s column is

impedance. While most of us are
familiar with the definition “Impedance
equals resistance plus reactance” (reac-
tance being the part of a component’s
resistance that changes with frequency),
I would like to focus on how impedance
considerations relate to interfacing
equipment. In Part TwoI will attempt to
shed some light on the question of leav-
ing equipmenton, or turning it off when
not in use.

Matching Impedance
A popular misconception when inter-
facing audio gear is that the input
impedance of one stage should equal the
ouput impedance of the preceding. In
fact there are only two cases where it is
beneficial, 8o let’s take a look at both.

A. Maximum Power Transfer

It is convenient, when analyzing cir-
cuits, to model practical signal sources
as perfect voltage sources (zero-ohm
output impedance) with a fixed series

resistance (Figure 1). This technique
reliably predicts the voltage drop caused
by internal losses as more currentis de-
livered by such a signal source to a
decreasing load resistance.

You will note from Figure 2 that max-
imum power is delivered to the load Ry,
and thus maximum power transfer
occurs for the unique case Ri = Rs . As
profound as this may seem, it holds
limited utility for the modern circuit
designer. For example, connecting your
10-ohm source impedance moving-coil

Rs

F

Figure 1: Model
of Practical
Signal Source

cartridge directly to your 8-ohm speaker
system will enjoy near-optimum power
transfer, but won't get very loud!

Perhaps a better example in which
maximizing power transfer does have
some merit is the case of a vacuum-tube
power amplifier. An output tube witha 1
kohm plate resistance would dissipate
62.5W for every 1W delivered to a 16-
ohm speaker (8 ohms is even worse). An
8:1 voltage step-down transformer would
cause a 64:1 transform in reflected
impedance — sinceimpedance varies as
the square of the turns ratio — fora good
match between speaker load and tube.
The 16-ohm load will now receive 16W
while the tube dissipates 16W (for the
same voltage), in this case maximizing
the power output for that particular
tube.

Modern power amps, thanks to the
low output impedance of semiconduc-
tors and benefits of negative feedback,
operate with output impedances often
lessthan 0.1 ohm, catering to more prac-
tical concerns such as efficiency, damp-
ing, and frequency response.

B. Terminating transmission lines

The other case for matching impe-
dance is when interfacing with trans-
mission lines. As you may recall from
my discussion of speaker cables in the
October 1983 issue, a simple wire pair
will have reactive as well as resistive
components. Such a cable will have a
characteristicimpedance. When termin-

TR

Introduciﬁg ihe 5h
(9th, 17th, or 25th)

SR Fe L

track.

Orban makes an amazing little device that greatly ex-
pands your multitrack capabilities. Our new 245F
Stereo Synthesizer uses a patented technique for
processing mono tracks into pseudo-stereo during
mixdown. So you can save tracks by recording in-
struments like drums, strings, synthesizer, organ,
horns, or electric guitar in mono, and then expanding
them into convincing pseudo-stereo during the mix
rather than taking two tracks.

The 245F is particularly useful in processing intrin-
sically mono sources—like many electric and elec-

.. continued on page 23

tronic instruments. And unlike many other ambience-
generating techniques, our stereo synthesis is com-
pletely mono-compatible: There's no phase cancella-
tion or comb-filtering when the stereo channels are
summed.

For $399, you won’t find a better, more cost-effective
way to save tracks and get more on your master.
Call or write for details.

b Orban Associates Inc. 645 Bryant St.
OFOQN s:n Francisco, CA 94107 (415) 957-1067
Telex: 17-1480
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The greatest innovation in audio mixing
has just gotten better: Necam 96.

Picture courtesy
Atlantic Studios, N.Y.

=19

The challenge: Take a technological triumph, Nec:
computer-assisted audio m-xing system, and make it be '
by making it faster, more informative, more intelligentand =
loaded with exciting features.
The result: Necam-96 _ _ 2 oftware is the fastest
* Incredible speed: Feathertouch sensitive faders climinate ~  ever developed to eliminate repetitive keystrokes.
hundreds of intermediate steps for lightning-fast cperation. ; i - - will interface
» Total Information Color Video Display: Our .- ( r o - slave; read
high-resolution display tells where you are at a  counts, or even
glance, including time code, mix names, event o e
times, scene changes and mare: all labels, mutes,
stores and events can bz radidly changed.

Iback: With or without updates.
®.they need to be autamatically—-
n-fiecded. Sophisticated effects

tacho pulses. ,_'.- N M -
Take the next step. For furthexi formation ca
Neve at (203) 744-6230.or wr ‘

Demand Neve

RUPERT NEVE INCORPORATED: Berkshire Industrial Pask. Bettel CT 06801 (207) “42.0230 Telex 969638 « 7533 Sunset Bivd.. Hollywoad, CA %46

(A3 RT4-R124« RUPERT NEVE CECANADAL LTD. represented byv: Scnotechnique. 2383 Fates. Suite 304, Montreal. P.Q. H3S 1A% Canada (S14) 739-3368

Telex 055.62171 « NEVE CLECTRONICS INTERNATION AL, LTD. o iaubradge House Melzourn, Rovstor . Hertfordshire. SG86AL England Phone (0763)
60776 « RUPERT NEVE GmbH: 610 Darmstact Bismarchstrasse 1M, West Germany Phone (06151) 81764,




Studer Audio: Series 900

STUDER
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Perhaps we have.

Thanks to the success of

Studer recorders, we're often thought of as

strictly a tape recorder company. Bu-, Studer has also
been making audio consoles for over 15 years, and doz-

ens of our 169/269 compact mixers are now at work in

O l h broadcast and video production facilities all across
ur Conso eS ave America. Recently, with the introduction of the Series
900, Studer has become a major supplier of studio pro-

1 lucti oles.
always been qUIeto ( UC“S%”\\(':S:':i:tbkeeping quiet about this any longer.

Name your frame. Series 900 frame sizes from 12 to

Have We been tOO 50-plus inputs are available for any application, from

remote recording and OB vans to sophisticated broadcast

production and multi-track recording. Within these frame

qu1€t about Our sizes, we configure the console to fit your requirements.

The secret is our wide array of module options.
l ? Mix and Match Your Modules. The 900 is a true sys
COHSO eS . tem console offering custom configurability at standard



prices. Choose from

10 different metering

modules, 3 multi-track monitor op-

tions (including separate monitor EQ), mono

or stereo faders, audio subgroups, automation compat

ible VCA groups, video swilcher interfaces, subgroup

reassignment modules, up to 3 solo systems, mufti-func

tion test generator, input selectors, limiters, compres-

sors, patchbays with bantam or '4" systems, and up to
10 auxiliary busses.

Basic input modules
feature 3 or 1 band EQ, mi-
crophone/line inputs, 5 pre
post-fade auxiliarv sends,
and channel overfoad indi-
cators. Options include
transformerless mic pre
amps on a subcard. separate
transformerless TAPE. input
for remix, stereo input mod-
ules, stereo EQ, internal
stereo X-Y/MS active matrix,
stereo blend control, dual
line inputs, variable HI” and
LP filters, user defined panel
switches, and the list goes on.
Listen to the quiet. The

For additional intormation circle #13

entire 900 console frame design is consistent wita the
advanced module design. A completely independert sig-
nal reference ground svstem assures preservation of in-
dividual circuit CMRR figures. The result is overall noise
performance compatible with digital recording.

As time goes by. All 900 consoles adhere to strict
Studer standards for precision and reliability. The frame
is built on a rigid channel and brace structure, and each
module uses pin-and-socket Eurocard connectors. Frame
connectors are mounted on tongitudinal master boards
with solid support from horizontal and vertical frame
members. All components, switches and pots are com-
mercial/industrial grade from the best U.S. and European
manufacturers. In sum, a 900 is built to last as long as a
Studer recorder.

The Swiss alternative. If vou have been considering
a high quality mixing console from any American or
English manufacturer, vou should also look closely at the
Swiss-made Studer 900. For quality, flexibilitv, and relia-
bility, it ranks among the world’s finest. Also, vou may
find the pricing surprisingly competitive.

For more information on Studer consoles, call or
write: Studer Revox America, Inc., 1425 Elm Hill Pike,
Nashville, TN 37210; (615) 254-5651.

STUDERE/0X
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Professional audio from the number one supplier

weStla.ke 1gzlolfeesssioncxl
Audlo Group

Sales:
Westlake's sales staff is ready
to supply you with up-to-date
— information regarding
new equipment,
its features,
availability and
L competitive
prices.

Ampex, 3M, MCIi/Sony, Otari, Soundcraft, JBL,
U.R.E.I,, Westiake Audio, Aphex, AKG,
Neumann, Sennheiser, Shure, White, Eventide,
Lexicon, Crown, BGW, A.D.R., Yamaha, BTX,
Valley People, DBX, Bryston, Studer/ReVox
and many other professional lines.

Demonstration Facilities:
Unequaled in the industry are
Westlake's demonstration
facilities—from Audio/Video
sweetening to demo produc-
tion, broadcast to world class
studio equipment.

Service:

Before and after the sale,
Westlake's technical staff is at
work to assure a professional
interface of the equipment to
your system. Our staff is
familiar with all of the vari-
ous technologies in use today.

from acoustic design

westla_ke Professionai Audio Sales Group

7265 Santa Monica Boulevard

A d’ Los Angeles, California 90046
u lo (213) 851-9800 Telex: 698645




— continued from page 18

ating such a cable with something other
than its characteristic impedance,
reflections can cause part of the energy
to bounce back up the line, to produce
interference and incomplete signal
transfer.

To better visualize this phenomenon,
imagine two boys holding opposite ends
of a long rope. The first boy quickly
whips his end causing a pulse to travel
down the rope. When it reaches the
second boy it reverses and travels back
up the rope. The second boy holding the
roperigid is equivalent to a short circuit
at the end of a transmission line.

Let’s now visualize that the first boy
is also part magician, and can hold the
rope up by himself. If he again sends a
pulse down the rope, when it reaches the
free end the pulse will again reverse
itself and return back up therope(where
else could it go?). This is equivalent to
an open or bridging circuit termination.

Now suppose that boy #2 is also part
magician and conjures up and infinitely
long rope which he connects to his end.
When boy #1 sends the next pulse it dis-
appears down the infinite rope, never to
return. This is equivalent to a properly
terminated line. (Our infinitely long
rope could have been replaced by a spe-
cifically damped spring with the same
characteristic impedance for an identi-
cal result.)

Most electrical transmission lines are
terminated with a resistance or a resist-
ance and a suitable reactance, to prop-
erly model the characteristicimpedance
of the line being terminated. The sensi-
tivity of a line to improper termination
is a function of how long the line is; how
short the wavelength of the signal you
are sending; and the propagation speed
of the signal.

Audio signals are relatively low fre-
quency to be bothered by this effect, but
very long audio lines, such as telephone
cables, are always terminated. Video
and computer networks will usually be
carefully terminated; proper termina-
tion is also very important at radio fre-
quencies. (You wouldn’t want to send
50,000 watts to your radio station
antenna, only to have 25,000 reflect
back to you!)

While I cannot quote a magic number
of feet for which you must begin treating
your audio wiring line as a transmission
line, if you are sending a signal across
the room don’t worry about it; if you are
sending it across town . .. worry! (Note:
telephone lines want to be driven by 600-
ohm source impedances and expect 600-
ohm terminations. Video and high-
speed computer lines are designed
around 50- or 75-ohm impedances. Good
old two-conductor shielded will typi-
cally look like 50 chms should you even
encounter a few thousand feet of it in
one piece.)

Interfacing Equipment at
Audio Frequencies
The most common “short haul” audio
interface is what’s known as a bridging

NEN

P
Cd
”~
IPLMAX L ’// \vl.
| -

Figure 2: Power Transfer Function
P for variable ratios of
load-to-source resistance
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connection. The output impedance of
the preceding stage will be several times
lower than the input impedance of the
following stage. Theintention is to max-
imize voltage transfer with no consider-
ation of power transfer, with the excep-
tion of power amplifiers where the
intention is to increase efficiency by
wasting as little power as possiblein the
amplifier's output impedance.

Modern electronic devices are strictly
voltage-in/voltage-out devices, and care
must be taken when trying to evaluate
them by classical yardsticks. Source
impedance and output impedance are
not always equivalent. Output impe-
dance of active circuitry relies upon
negative feedback and linear operation
of the internal electronics to remain
predictable. Operation outside of design
voltage or current parameters will result
in non-ideal performance.

For example, a power amp with a 0.1
ohm output impedance will not deliver
maximum power into a 0.1 ohm output
speaker, not even until it blows up!
Likewise, a line-level processor with a
10-ohm output impedance will not be
very happy driving a 10-ohm load.

Output impedance is a potentially
confusing specification; it is more
important to know how low of an impe-
dance the device was designed to drive.
Most line-level processing gear fallsinto
two categories: those that will drive 600-
ohm loads, and those that won’t. Since a
general purpose op-amp will only drive
about 2,000 ohms, most low-cost (semi-
pro?) and almost all hi-fi gear will not
appreciate lowimpedance terminations.
For that reason most modern equipment
is designed with at least 10,000 ohms
input impedance; when a lower input
impedance is required it's simple to add
a resistive shunt.

Generally speaking, impedance can
be all butignored when interfacing line-
level gear. However, there is another
exception worth discussing. Signal dis-
tribution systems that use transformers
to balance and isolate lines are com-

monly operated at a nominal 600 chms
impedance. There are several advan-
tages to running such systems at low
impedance, including wider bandwidth,
lower distortion, less crosstalk/pick-up,
etc. I don’t expect transmission line
considerations to be a significant factor.
The popularity of 600 ochms is a testa-
ment to the influence of telephone sys-
tem engineering on early audio system
designs, and the fact that a lot of broad-
cast audio still gets connected to tele-
phone company land lines.

TURN OFF OR NOT TURN OFF,
THAT IS THE QUESTION!

First, I would like to thank Brian
Carr, studio manager of Walk on Water
Studio, New Braunfels, Texas, for his
excellent question [“Letters to the Edi-
tor,” page 12], and encourage other R-
e/p readers to put pen to paper if they
have a similar question that hasevaded
solution. I may not know the answer
either, but will try to find out.

The question of whether it is better to
leave your studio powered up continu-
ously does not offer any simple answers.
In the days of vacuum-tube circuitry,
the benefit analysis was pretty straight-
forward. Not unlike the incandescent
light bulb, there is a roughly linear dete-
rioration versus on-time wth an incre-
mental mechanical stress caused by
each thermal on/off cycle. For any off
period where the linear deterioration
would exceed the damage of one on/off
cycle, it is desirable to turn the unit off.
While this breakeven off-time will vary
from unit to unit, I feel confident sug-
gesting that tube equipment be powered
down overnight.

Itis not so simple in the case of solid-
state electronics. The linear deteriora-
tion mechanisms are much more grad-
ual, and more likely to be measured in
years than hours. An integrated circuit,
when operated within its specifications,
will probably last a lot longer than our
desire for the product around it. In the
real world, however, semiconductors
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FAILURES

Figure 3: Typical Failure Rate
Profile for electronic components
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don’t last forever. Since they usually
don’t wear out, an analysis of whey they
fail might shed some light on the power-
ing down question.

For the sake of this discussion, I will
assume that the semiconductors are
being operated within their specified
range of conditions, and “infant” or
early failures have already been weeded
out. A plot of semiconductor failures
versus time takes on the shape of a
“bathtub” curve, as shown in Figure 3,
beginning at some relatively high fail-
ure rate but falling steeply and quickly
to a very low failure rate that is main-
tained for most of the semiconductor’s
life, finally rising up sharply at the end.
Most manufacturers will burn-in a pro-
duct a few days before shipping to catch
the bulk of these infant failures.

The two major normal operation fail-
ure modes are contamination and
mechanical flaws. Contamination-
caused failures will occur as some func-
tion of on time, the reason being that
such failures are usually the result of a
chemical reaction between a foreign
substance and the semiconductor. As
we all remember from Chemistry 101,
chemical reactions are accelerated by
elevated temperatures. The reaction
may not stop at room temperature but
will slow down.

For those interested in a little trivia,
the computer failure that scuttled the
Space Shuttle launching a few months
back was traced to a speck of human
perspiration that fell inside one of the
integrated circuits during manufacture.
Months later (years?) the chip failed.
Perhaps that explains why they use
three identical computers on the Shut-
tle; two out of three are bound to work for
the whole mission.

Mechanical flaws, a second common
failure mode, are insensitive to on-time,
and will be aggravated by on/off ther-
mal cycles. Something like a weak wire
bond on an IC pad will be stressed only
so many times before breaking. Thereis
an exception to mechanical flaws,
indpendance of runtime, and that is the
case of a metalization path (sortof likea
p.c. board run on the IC) which, because
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of the flaw, is too small for the current
flow it sees. Eventually, metal will actu-
ally migrate down the trace, causing an
open-circuit failure.

So far it's a toss-up. But there are
other reasons why semiconductors fail.
For some cosmicreason, coffee and soda
seem almost magically attracted to the
faders, while a static spark will run
halfway across the console to find a
weak IC. Likewise, power line spikes
can make it into a console to degrade or
blow-up chips.

There are also design-specific factors
that can tilt the balance one way or the
other. If a design has marginal thermal
management (it gets too hot inside), and
you turn off the air-conditioning at
night, you could be asking for trouble
leaving it running. Likewise, just turn-
ing your equipment off during a thun-
derstorm is no guarantee of safety;
surges have been known to jump power
switches!

Another consideration is the effect on
passive components. While I am not
aware of any that degrade with use,
electrolytic capacitors will lose electro-
lyte faster at elevated temperatures.
This phenomenon is likely to be more
noticed in power amplifiers and power
supply units where the designer doesn’t
have the luxury of using a capacitor
several times larger than needed
(because of size/cost), and there willbe a
build-up of heat during use.

Thereis nodefinitive answer that can
be universally applied. Ask the manu-
facturer; ask other people with similar
equipment; and finally use your com-
mon sense. If the studio is only down
two hours a day, shut it down (and look
for some marketing help). Either way, it
doesn’t hurt to have voltage transient
suppression equipment in place.

PS. My personal opinion favors shut-
ting the equipment down whenever pos-
sible, but, since I can’t justify it with
hard evidence, do whatever you prefer.
There are good arguments for either
choice.

PPS. The light bulb in my desk lamp
just burned out when I turned it on.
Hmm... aee

If you demand
absolutely the best

audio transformer...

Superb specifications, consistent per-
formance, and unsurpassed reliability
have earned Jensen a solid reputation as
the world's preeminent manufacturer of
audio transformers.

We control every facet of design and
construction, from core alloy up, using
sophisticated computer modeling tech-
niques. With 5 years software develop-
ment background, including an AC circuit
analysis for Hewlett-Packard's desk top
computers, we now market our own
advanced circuit optimization programs.
Because Jensen transformers are
designed to function as an integral part of
the circuit, not as an afterthought, all
parameters can be optimized. The result
is a clearly audible improvement in trans-
former technology. For example, our
Model JE-115K-E mic input transformer
has under 1% overshoot with no RC
damping network (bridged output), and
exceptional magnitude and phase
response.

Our highly qualified technical staff is
eager to assist you with expert applica-
tions engineering. Discerning engineers
have field proven our transformers, by
the tens of thousands, in the most
demanding environments — professional
recording studios, fixed and mobile
broadcast facilities, and touring sound
systems. That returns and failures are
rare is no accident; we place strong
emphasis on quality control.

We carefully inspect every transformer
before and after encapsulation. Then, in
our computerized automated test lab, we
verity that each and every transformer
meets or exceeds its specs.

We take this extra care because we are
dedicated to excellence. So next time you
need a transformer, insist on the best —
insist on a Jensen.

JENSEN TRANSFORMERS INC.

10735 Burbank Boulevard

North Hollywood, CA 91601

Phone: (213) 876-0059

Closed Fridays, visitors by appointment only.

UK DISTRIBUTION BY:
Scenic Sounds Equipment Ltd.
Unit 2, 10 William Rd.
London NW1
Phone: (01) 387-1262

{01) 734-2812
Telex: 27939 SCENIC G

FAR EAST DISTRIBUTION BY:

Towa Engineering Co. Ltd.

No. 7th Azuma Bidg./1-9, Sakuma-cho, Kanda
Chiyoda-ku, Tokyo 101

Phone: (03) 253-3537

AUSTRALIA DISTRIBUTION BY:

Syntec International Pty. Ltd.

53 Victoria Ave./Chatswood, N.S.W. 2067
Phone: {02) 406-4700 Telex: SYNTEC AA 70570

NEW ZEALAND DISTRIBUTION BY:
Barton Sound Systems Ltd.

18 Norwich St./Auckland 1, New Zealand
Phone: (09) 732-416
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-:iNSist on a Jensen!

Choose from a wide variety of types and packages
« Computer optimized design

* 100% tested — consistent quality

* Low distortion

- Wide bandwidth

« Minimum transient distortion

INPUT TRANSFORMERS AND SPECIAL TYPES

JE-16A

2 kHz Square Wave

PRICES
119 |100-249 | 1000
MICROPHONE INPUT
JE-16-A Mic in for A | [A-1 [64.21] 42.89 | 29.60
JE-16-B 990 opamp 15707609 1:2 +8 | 0.036/0.003 0.08 -0.05( 200 8 1117 | 1 | B 2 | 6886, 4599 | 3174
JE-13K7-A | Mic in for . A-1 [6421 | 4289|2960
JE-13K7-B | 990 or I.C. 150-3750 | 1:5 +8 | 0.036/0.003 009 021 85 19 2123 30 1 B 2 | 6886 45.99 | 31.74]
JE-115K-E IM[':C g‘p'aonr]p 150-15K 1:10 6 | 01700010 050 +010{ 115 5 <7 |15 -30 1 3 42.03 | 28.07 | 21.92
LINE INPUT
JE-11P-9 Line in 15K-15K 11 +26 | 0.025/0003 | -0.03 -0.30| 52 28 | -3 30 1 1 103.47 | 69.13 | 47.69
JE-11P-1 Line tn 15K-15K 11 +17 | 0.045/0.003 003 -025{ 85 23 1 30 1 3 40.05 | 26.76 | 20.90
JE-6110K-B | Line in 36 K-2200 . B-1 | 6286 | 42.01 | 3083
JE-6110K-BB | bridging | (10k-600) | 4! | +24| 0.005/0.002 | -0.02° 009 125 | 12 | -1 | 30 | 1 g 2 |7152] 4779 32,97
Line in 30K-1800 | . |
JE-10KB-C brdging {10K-600) 41 +19 | 0.033/0.003 0.11 008 160 9 i 2 30 17 3 41.56 | 27.76 | 19.16
Line in. 600/150- | 11 | ; 1
JE-118SP-8M| repeat coil |600/150 | split +22 | 0.035/0.003 0.03:_0.(_)0_‘_120_ ) <) | ;3.5 I | 30 1 1 | i 151.90 |101.47 | 70.01
Line in 600/150- [ 11 7 .
JE-11SSP-6M| repeat coil |600/150 | spit | * 17| 0.035/0.003 | -0.25/ -0.00 | 160 5 3 30 1 5 79.22 | 52.91 | 36.51
SPECIALTYPES
1
JE-MB-C 2m.|‘::lasyp3m 150-150 IR +1 0.050/0.003 016/ -0.13 | 100 12 | = 30 2 3 3460 | 23.13 | 18.06
. 3-way® 150-150- 4 .
JE-MB-D mic spiit 150 110 | +2 | 0.044/0.003 0.14, - 016 100 12 1 30 3 3 60.09 | 40.15| 31.35
4-way® 150-150- [4.4.4. 2 L
JE-MB-E mic spiit 150-150 [TV + 10 | 0.050 0.002 010/ -100| 40 18 1 30 4 1 96.90 | 64.73 | 44.66
JE-DB-E P(;:e;;l:’;x 20K-150 | 127 | +19 | 0.096 0.005 020, 020 80 18 | <1 30 2 6 4357 | 2911|2273
1. (dBu) Max input level = 1% THD: dBu — dBv ref. 0.775 V PACKAGE DIMENSIONS: w L H
2. With recommended secondary termination 1 1%6" Diam 1%¢"
3. Specitications shown are for max. number of secondaries 2 - e x 16" 1%"
terminated in 1000 ohm (typical mic preamp) 3 - 1'%4" Diam. 1%e6"
4. Separate lead supplied for case and for each faraday shield 4=1%" x 1% 2'%" w/solder terminals
5. Except as noted, above transformers are cased in 80% 5 - 1%" Diam x 1%
nickel mu-metal cans with wire leads. 6 - 1% Diam. x e
NICKEL CORE OUTPUT TRANSFORMERSS
b x WUN, i ¥ 20z
: | ﬂ ~ Phase | Over- PRICES
iy 1ii) | -34B | Response
Hks | w9k | @ (ki) | (degrees) | (%) |Pockage® | 119 [100-249] 1000
Quadfilar |600-600 | 1:1 -450 21
JE-123-BMCF 80% nickel| 150-600 | 1:2 +28 2 (-1.1] 200 | 00020002 002 -002| g5 41 1 7 87 41 | 4417 | 30.47
Quadfilar | 600-600 | 1:1 -450 12
JE-123-DMCF| gno " e 150-600 | 12 |+ 2 1.0 19 | 0004 0002 002 000 o3 25 |1 8 5071 | 33.88 | 23.38
600-600 | 11 450 19
JE-123-BLCF |Quadfilar 150-600 | 12 | *32 2 11 200 00410003 002001 43 a0 | 7 61303579 | 2470
600-600 | 11 -450 1.2
JE-123-DLCF | Quadfilar 150-600 | 12 | *27 2 10 194 00650 003 002 001 542 _25 1 8 3961|2645 | 1942
600-600 | 11 -450 1.2
JE-123-SLCF | Quadtilar 150-600 | 12 | *2395 2 11 200 00880 003 003 -001| 40 28 1 9 3348|2235 1543
600-600 | 11 -450 1.2
JE-112-LCF | Quadtitar 150-600 | 12 | <204 2 16| 290 | 0114/0003 003 001 55 32 1 10 2548 [ 1701 | 1249
JE-123-ALCF | Quadfilar |66.7-600 | 13 | + 265 ) 13 8( | 01250003 004 +006({ 190 46 | <6 4214 | 2815 | 1942
Bifilar w |600-600 | 11 002 +001 | 10MHz| +1.1
JE-11S-LCF Spiit pri 150-600 | 12 +30 |1 (sec)|- 17| 631} 0058/0 002 002 005! 155 &1 | < 421412815 | 19 42
6. Multifilar construction has no faraday shield: cannot be used as PACKAGE DIMENSIONS: w L H  Mounting Centers
input transformer. All specifications are for 0} source, 600§} load. " s e 216"
7. Max output level = 1% THD; dBu = dBv ref. 0.775 V e L " e
8. Source amplitier ~3dB @ 100 kHz R S T N o o
9. Output transtormers are horizontal channel frame type with wire leads. 18 1“/‘35 " 1,,";5 : 13/25 v

vertical channel frames available.
t IMPROVED PERFORMANCE

* NEW MODELS

These charts include the most popular types which are usually
available from stock. Many other types are available from stock
or custom designs for OEM orders of 100 pieces or more can be

Prices shown are effective 6/ 184 and are subject to change witnout notice.
Packing, shipping, and applicable sales taxes additional.

n transformers

jense

made to order. Certified computer testing is available for OEM
orders. Call or write for applications assistance and/or detailed
data sheets on individual models.

INCORPORATED

For additional information circle #15
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High Definition Audio
For the complete picture

The new 300 Series Audio Production Console has been specitically de-
signed to complement the latest audio and v deo technology. It’s the only
console in its class, offering mono or stereo inputs each available with or
without equalization, output submastering, audio-follow-viceo capability,
a comprehensive user-programmable logic system, and a wide range of
accessories for custom tailoring to your specific requirements. Available
now. Call us collect for further information.

Aooditronics. inc.

3750 Oid Getwell Rd.
Memphis TN 38118 USA

Tel: (901) 362-1350
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ECHO TIMES

TIMEFLEX
SURFAGES
ATAES
NEW YORK

Timeflex is a modified and specialised
version of the DMX 15-80S dedicated to
time compression or expansion.
Whenever audio, film or video

is speeded up or slowed down the dual
de-glitched intelligent pitch changers
within Timeflex can restore the correct
audio pitch. The system is housed in

a 2 Unit high rack mount case and

is capable of either stereo or dual channel
operation. Timeflex also incorporates
the possibility of programmable delay
offsets should sound/vision

THE HOLLIES DROP
IN AT AMS.

—

synchronisation be required.

Following the preview at AES New York
and subsequent demonstration of

the system at certain facilities immediately
after the exhibition, AM.S. received
orders for the first 11 units for delivery in
December ‘84 1l

REVERB PROGRAME BAR
CODE UPDATE

The first issue of barcodes on
laminated card for updating existing
RMX 16 digital reverberators via their
remote terminals were made available
in mid October. This software

update includes both new programmes
and issues of programmmes previously
released, but not currently available
on REV 3.0 version software.

The initial list of programmes
available includes: DELAY 8, DELAY
16, ROOM B1, FREEZE, ROOM A0
IMAGE P1, REVERSE 2, NONLIN 1,
PLATE B1, HALL A1l. Any three

of these programmes may be stored
at the same time in the soft programme
locations, programmes 10, 11

and 12 in the RMX 16 mainframe.
This first issue will be supplied free
of charge to all RMX 16 owners when
updating their remote terminals

to accept bar code readers. Hl

Tony Hicks and Bobby Elliot of the
Hollies called in at AM.S. to

collect an RMX 16 and a DMX 15-80S
which had been purchased by the
band for both studio and live work.
The Hollies had become familiar with
AM.S. equipment whilst working

in studios both in England

and America. B

KEYBOARD
INTERFACES
NOW BEING
SHIPPED

The first batch of 50 keyboard interfaces
were shipped during October

following the demonstration of the first
prototype unit at the APRS exhibition in
London during mid June.

The keyboard interface is a 1 Unit
high addition for any DMX 15-80S
DDL Pitch Changer allowing contral
of various functions by means of

any keyboard capable of providing

a 1 Volt per octave control voltage

and Gate. The unit has currently four
major functions:

1. Control of either the A or B channel
pitch changers over their 2 octave
range by means of any compatible
keyboard.

2. Control of Loop Edited Samples
over the same range.

3. Rotating pot control of both A
and B channel pitch changers.

4. A new programme called Chorus
which when selected automatically
randomly varies both pitch changers
about the unity setting, the user
having control of both speed and
depth varation.

The general feeling amongst the first
owners of this low priced

add-on is that it provides a wealth of
additional facilities, particularly in
the realms of manipulation of stored
sampled sound. for the already
versatile DMX 15-805. i



PEOPLE IN THE KNOW

“On Leave It I used a Linn and played
that through an AM.S. and delayed
it for a full bar”.

WY
“Being a re-mix room and not a control
room, the outboard selection is very
special indeed. Offerings include the
AM.S. RMX 16 and 80S units which
are almost becoming as essential as
the new Dragonslayer Video-disc

games!”
Chnis Everard, Editor of sound
L. " Mmagazine

W

“The thing that has been most exciting
to me over the last few years has

has been the effect of a good
reverberation units. I like the sound
of the A.M.S. better than anything else.
[ got terrifically excited when I first
tried that out because it’s beautiful -
one of the deepest and best reverbs
I've ever heard. | always look for a
unit that gives me that perspective back
behind the speakers - the Lexicon
does a bit, but the A.M.S. has got real
depth to it.”

John Foxx in an interview to

HSR magazine

“The A.M.S.is God. That’s all you need
to know. Totally the single most

THE FIXX

Pictured above are the Fixx whilst spending some time on the AM.S, stand at the APRS exhibition in
London. Being produced by Rupert Hine means they are no strangers to AM.S, equipment
and their ime was valuably spent examining the keyboard interface for the DMX 15-80S. W

revolutionary thing I ever acquired

was the AM.S. digital delay. I've never

had a session on my own stuff or

anyone else’s where my finger’s off

that button for more than half an hour.”
!

Yok

“One of the things we need most where
digital technology has really helped us,
is to be able to put a voice in a room;
considerable numbers of clients ask for
the sound effect of an empty room.
You tweak the old AM.S,, define a
room of a certain size and suddenly -
yes! - you've got a room. At first we
were seriously concerned whether the
cost of the unit would be recouped.
Well now we’ve got four AM.S.
systems.

From the manager's point of view, the
way to get the best employees is

not only to pay good salaries; it’'s got a lot
to do with the equipment the engineers
are going to work with. I think it’s
absolutely certain that if an engineer was
offered another job with a higher

wage which meant switching from the
latest good equipment to old rubbish, he
wouldn’t move. If they are working
eight or nine hours a day in a studio the
equipment is very important to keep
the motivation high and maintain
excitement and interest. If we had

a staff meeting and said do we want five
pounds a week more each or shall

we buy a couple of AM.S. harmonizers,
another reverb unit or whatever

I honestly think there would be no
contest. Staff prefer new equipment and
are willing to make five pounds

extra a week on overtime when

we get more bookings. Modern, high
technology equipment enables you to
attract and keep the best engineers.

=
R

UK's four major companies in
Ufaudm for TV. or Radm talking to Alvin Gold,

10} h

USA DEALERS IN THE KNOW

“AM.S. is Hot: I've got a studio with three
rooms who bought an RMX 16, they
then bought another and they are used all
the time. | even have a studio who’ve
got all their existing outboard gear

up for sale to finance the purchase

of AM.S. systems.”

Nigel Bramwell. Audio and Design/Calrec...
AMS. dealer Washington State.

RAgxatd

“AM.S. products are proven products
universally well received in the
marketplace. Each customer’s evaluation
has turned into a purchase.”

ourtney Sp Martin Audio 0
Corporation... A.M.S. dealer in New York City

“We feel the AM.S. product range offers
our clients the sound quality and >

KEN TOWNSEND TESTS
THE DRIVING SEAT.

Pictured above is Mr. Ken Townsend,
studio manager of EMI Abbey Road studios
in London during a recent visit to

the AMS. factories. Not unused to the
pressures of management Mr. Townsend

is pictured here behind the desk of sales
and marketing director of AM.S.

Mpr. Stuart Nevison. It should be pointed
out that Groucho Marx look-alike

Mr. Nevison had opted to remain incognito
during Ken Townsend’s brief spell of

duty at the helm! [



performance they are looking for in digital
audio processing. What more can
we say? — They must be great as they
are selling like hot cakes on a cold
winter morning!”
John Alderson. Studio Supply Company..
AMS. dealers in Nashuille.

TR
“Everywhere I take A.M.S. equipment
producers and engineers get

real excited when they get a

chance to play with it... it really

is fun to show!”

Ron Timmons. A.LC. Company...

AM.S. dealer in Northern California.
WRW

“A.M.S units are the hottest thing

in town! The reasons people are

buying them is the quality of sound,

their versatility - there is a lot more

to them than delay, pitch change and
reverb - and of course their reliability
factor. What's most exciting is we are
really beginning to hear their effect
on American productions as well as
the European ones that they have
dominated for so long.”

Harry Harris. Harris Sound. ... AM.S.
distributor and dealer for the
Los Angeles area.l

Humberto Gatica arrived in the US.A from
Chile in 1968. Thirteen years ago he
accidently walked into a recording studio
and knew that he wanted to be involved
and by his own admission he

has been very lucky and very successful

He has been involved in many projects
including part of Michael Jackson’s Thriller’,
and albums by Kenny Loggins, Fee Waybill,
Dan Hardman, Kenny Rodgers and many
more. Humberto enjoys his work and was able
to confirm the rumour that he was

recently spotted running between three control
rooms at Sunset Sound studios in Hollywood -
the simultaneous projects he was

involved in at that time were Kenny

Rogers, Kenny Loggins and Chicago!!

A.M.S.: What was it that alerted you to
AMS?

H.G.: | listen to a lot of other people’s
records and I really am a big fan of
‘The English Sound'. I've listened to

a lot of English records and there was
definitely a sound that I considered
unique. For instance, there is

an English band called The Fixx and
they have a source of delay they

use that 1 really love - and 1 know
you'll tell me it's AM.S.

A.M.S.: The Fixx are produced by one
of England’s most fanatical AM.S.
users - Rupert Hine.

H.G.: Exactly! The same sort of sound
that he used on the recent Tina Turner
album - and the best way | can
describe it is ‘unique’. So for three years
I've been using AM.S. units and

there isn't a session when I don't use
them in one way or another.

The most important thing 1 can say
about AM.S. is that the products are
very musical. I can be recording a
synthesizer and the musician will

say - “Hey, what are you doing to the
sound? It’s fantastic! - I can't believe it!”
- and my easiest explanation is - “Oh...
just using a little AM.S.” There is
always something in the recording
process that if put through AM.S.
units makes it sound better. I recorded
a Christmas album for Kenny Rogers
and Dolly Parton where many of the
AMS effects used were very subtle -
but, if you took the AM.S. effects out
even when used subtly you really

HUMBERTO GATICA

could tell the difference.
AM.S.: How do you like to use the
RMX 16?

H.G.: I am fanatical overadrum sound.
1 will use ‘Necam’ to remove

every drum back beat from a snare so
all I am left with is the impact

of that snare - now feed that to the RMX
16 reverb and the effect is awesome
and well worth the time spent. 1 really
like the brightness of the RMX 16

- take the Ambience programme, it’s
clean with lots of top end which means
when you bring the music up in a mix
it's still there - that’s just not the case
with all digital reverbs. I also like
very much the Nonlin and Reverse
programmes. | recently completed

a new Chicago album and

there were several cuts where [ used
the Reverse programme on the brass
sound - and they loved it. It

really added a new dimension to the
sound. For the past 17 years their horn
section has been a major part of the
record and what do you do if
somebody asks you to give a new
sound? Somehow a short decay setting
on the Reverse programmme does!

A.M.S.: What about strings?

H.G.: I find it impossible to explain
what | want from strings, but by

using the RMX 16 I can place the strings
exactly where I feel they sound best.
Taking an RMX 16 everywhere with me
I can go into any studio and hardly
worry about the room. | can make

a big room sound small and a small
room sound big! AM.S. units are
everything I need in a mix because
they make it so easy to create

depth and place for not only strings
but everything. I believe

it is important to make a record feel
like everyone is there and playing at
the same time and A.M.S. units are my
biggest help in creating this feel
whether it be delay, echo, pitch change
or reverberation.

A.M.S.: And how about the DMX
15-80S pitch changers?

H.G.: AM.S. have literally changed
the whole business with their units.
Everywhere I go I make fans for A.M.S.
- Julio Inglesias is a very sensitive man
and to him the vocals are the most
important part of his recording.

The last time we worked together

it was in America and he just wasn’t
happy with the result because with
American musicians he had been
forced to sing right on top of the
beat. He was very precise when
recording but afterwards we could
play around with the DMX 15-80S
and program it so that each phrase
he sang could be ‘layed back’ just
sufficent for him to feel comfortable
again with the end result. And he
was right, it made a lot of difference.
Julio fell in love with the A.M.S. and
was looking for a unit to take
everywhere with him!

A.M.S.: Do you use the Loop Editing
System?

H.G.: There is so much you can do with
AM.S. units but there again there

are many things I feel I haven't fully
taken advantage of yet. I started work
on Quincy Jones’s new album and
when we sat down to talk about

it Quincy was very excited about
getting very heavily involved with this
new sound - and of course he’s talking
about A.M.S. sampling! lam a really big
fan of AM.S. and the best way |

can put it is - AM.S. makes
recording fun.
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In the very early days of AM.S. it was
thought that the DM 2-20 Flanger.
because of ils stereo outputs and dual
channel analog delay function,

could successfully replace rotating
speaker cabinets for use with electronic
keyboards. E.L.O. were the first band
approached and asked to consider the DM
2-20 as a valuable picce of equipment

for their use. Both Jeff Lynne and Richard
Tandy of E.L.O. are now both A.M.S.
converts and carry their own wnits
wherever they go.

A.M.S.: After your introduction to
AM.S. when did you next come
across any of our units?

Richard Tandy: Following our first
meeting, which | do remember,

I next encountered A M.S. systems at
Ridge Farm. What immediately excited
me was the quality of the

DMX 15-80S - particularly the
bandwidth of the system.

Jetf Lynne: The quality just made it
so difficult to use anything else.

They are all fabulous, we really do just
get so blasé and it’s not unusual to hear
a shout of ” just put another 2 hours
of delay on this for us!”

- confident that that will not cause
any problems.

A.M.S.: Between you what do you
really make best use of when you
are working with A.M.S. units?

R.T.: For me, 1 do work a lot

with drum machines and when writing,
the accuracy of the programmability
of the DMX 15-80S has made it

so easy for me to get the sound

[ want.

J.L.: I am a big fan of the RMX 16
reverb. | really do like the Ambience

.

oy

.

e

[ L.frafgaesx i
=103040 ) E4 S £ |
¥l zrmsi I

i
n

—

f - —

1651

programme if only because it

15 so obviously designed to have
very little colour. | love either
very short decay settings or very
long ones.

A.M.S.: We have talked to people who
write tunes around pieces of
equipment. Do you work like this

or not?

J.L.: No, not really. | do write a song
by trying to get a good tune first

- that’s the most important bit. What's
really nice then is that [ always find
that AM.S. comes into how the
arrangement works and they really

are such a pleasure to work with at that
very important level.

A.M.S.: So do you feel AM.S. plays an
important role for you?

J.L: There is no question that AM.S.
really did change our lives! Sampling
using the Loop Edit System is amazing,
I’'ve actually done a Christmas Record
for my friends - it features my father
and we really should send you

a copy - it's brilliant. There really

is no point explaining it to you now
because vou would never get away
with publishing it in any respectable
magazine!! ll

Advanced Music Systems, &
Wallstreams Lane,
Worsthome, Burnley, England.
Tel: (0282) 57011 Telex: 63108

A.M.S. Distribution in the U.S.A.

Harris Sound, Los Angeles. Tel:

(800) 233-1580

A.M.S. Dealers for U.S.A.

Harris Sound, Inc./Los Angeles
Audio Design and Recording/Seattle
AIC/San Francisco

Studio Supply Co./Nashville

Hy James/Detroit

Martin Audio/New York City

PRS Inc./Boston

Harris Audio Systems, Inc./Florida
Star Guide Prod./Buffalo, N.Y.

(213) 469-3500
(206) 275-5009
(415) 686-6493
(615) 366-1890
(313) 471-0027
(212) 541-5900
(617) 254-2110
(305) 944-4448
(716) 873-9050

Advanced Music Systems is a trading name of Edendeck Ltd
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VISUAL MUSIC

SCENE

Three-Dimensional Sound for Video:
Discovery Music Network to Ultilize
Holophonic Audio for 24-Hour
Music Video Channel

by Adrian Zarin

hestageisset for Phase Two of the

Video Music revolution to com-
mence in the first months of 1985. In
Phase One, as you may recall, the form,
content, and consumption patterns of
the Visual Music medium were estab-
lished, to a large extent, by a single
force: MTV.Thecable network’s hegemony
as the only 24-hour source of Music
Video made it a monolithic power that
overshadowed all other forms of Visual
Music programming. Its influence was
(and is) so pervasive that it even
changed the nature of its non-visual sis-
ter media, records and radio.

The coming year, however, will see
the advent of several new 24-hour Music
Video cable channels. Among these are
entries from the powerful Turner
Broadcasting System, and the Discov-
ery Music Network. The latter operation
is being launched by Les Taylor and
Karen Tyler, who first blazed cable
trails with their Financial News Net-
work. While the original video boom
was aimed at the youthful 12-to25-year-
old demographic, these new cable net-
works offer a CHR/Top-40 format tar-
geted to the more mature 24- to 45-year-
old group. The cost of home video
hardware and software being whatitis,
it has become clear that this older group
constitutes more of a “video generation”
than their young counterparts, who
often find it hard enough to come up
with the price of a record album. (In
recognition of this fact, MTV has also
launched a second 24-hour music chan-
nel, VH-1, also aimed at the older
audience.)

With all of these contenders in the
field, competition for viewers’ attention
naturally will be keen. For the Discov-
ery Music Network, audio will play a
large role in attracting viewers. The
company recently announced that it
will be broadcasting 100% of its pro-

STOP PRESS

At press time, it was reported that the
Turner Broadcasting System’s Cable
Music Channel has been purchased by
MTV Networks, Inc. for a claimed $1 mil
lion. The agreement involves the transfer
to MTV of CMC’s subscription list, and
also calls for the purchase by MTV of
$500,000 in advertising time on other TBS
networks — Editor.

PRECEDES ON PAGES 27 to 30

For additional information circle #170

gram material in Holophonic™ sound.

Zuccarelli Communications, the origi-
nators and sole proprietors of Holo-
phonics, has set up a base within Dis-

covery’s West [Los Angeles headquarters,

which contains production studios to be
used for the music channel and on-site
satellite uplink facilities.

According to Brian Adams, head of
Zuccarelli’s licensing group, the Holo-
phonics company “entered into an
arrangement with Discovery through
their parent company, Amnet, whereby
they have provided us with certain facil-
ities here, including demonstration
rooms and office space, and we're work-
ing with them on the broadcast and
transmission of holophonics to as broad
an audience as possible.”

Holophonics, as many R-e/p readers
will know, is a sort of aucio equivalent
to holographics. By recreating the
psycho-acoustic processes of actual
human hearing, according tothe Zucca-
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by DeltalLab

“For years the EFFECTRON®, ADM 1024, has provided quality sound with sound quality to
become the standard effects unit of the pro’s. While others offer you fancy lights & displays,
we continue to offer the best sounding systems at any price. After all, you can't hear lights &
displays, and sound is what it's all about. .. isn't it?

Now, we have made the best. .. better. DeltalLab offers you a choice of high quality units.
The EFFECTRON II continues the tradition, while the EFFECTRON I offers the same “good”
sound with “common sense” programmability featuring total access for live performances. ..

All of the controls are programmable and each program is Instantly and independently
accessible.

if you're serious about your sound, visit your local dealer and compare...you will be
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relli people, holophonics creates a
“three-dimensional’” sonic image. Not
only can thelistener precisely locatethe
spatial source of sounds anywhere
along a two-dimensional plane(front-to-
back, and left-to-right), he or she can
also hear sounds as though they were
emanating from above or beneath the
listener’s location.

Holophonic Principles

Acoustic theorist Hugo Zuccarelli is
the inventor of Holophonics, a process
that reportedly grew out of his dissatis-
faction with previous models of human
hearing, which stated that the brain
uses information from both ears to
locate sounds in space. Noting that he
was able to accurately locate the source
of sounds with one ear blocked, Zucca-
relli devised an alternative theory.

“Zuccarelli feels that the ear is an
active participant in locating sound,”
explains Ken Caillat, the Fleetwood
Mac co-producer who has signed on as
head of Zuccarelli Communications’
Licensee Support Group. “He believes
that the ear actually has its own refer-
ence tone which is always present as a
sort of background noise — a sound that
the ear recognizes as constant. It’s like
the undisturbed surface of water in a
swimming pool. When a sound enters
the ear, it disturbs the reference tone
and actually sets up an interference
pattern exactly like the interference
pattern in a hologram.

“Based on his theones, Zuccarelli
developed a model of the human hear-
ing system, which is what we are now
marketing. To the best of my knowl
edge, it seems to exactly duplicate what
a person actually hears.”

Holophonic sound can be recorded
and played back on conventional audio
equipment. The only difference is the
conventional microphones are replaced
by Zuccarelli's holophonic recording
devices, a black box he has whimsically
dubbed “Ringo.” The exact contents of
Zuccarelli’s black box isone of the dark-
est secrets in the audio world; it’s a sub-
jectthat the Holophonics people are cur-
iously reticent to discuss.

“l don’t exactly know everything
that’s inside it,” confesses Caillat, ‘“‘but
basically it attempts to duplicate how
we hear. In a recording situation, we
would go in, listen to the recording
environment and material to be recorded,
and then place our device or devices in
the best spot or spots depending on the
application we’re going for.”

Vee Jay segments for the Discovery
Music Channel, interviews with artists
and othker links between clips will be
videotaped and holophonically recorded
at the IDiscovery studios. The audio
recording will be a simple matter of
placing one or more Zuccarelli pickups
on the set with the Vee Jays and other
personalities. Discovery plans to script
and stage these segments in a manner
that will take full advantage of holo-
phonics surround-sound properties.

“It will be cute to have somebody like
Dolly Parton or Stevie Nicks saving,
‘Hi, here I am,” and then coming over
and whispering in the listener’s ear,
walking around in back of him . . . that
sort of thing,” says Caillat. “We really
will be able toestablish a greater feeling

of personal contact with the individual
viewer. With holophonics, he will hear
exactly what he would hearif he wereon
the set with the guest sta-.”

Audio Processing

Imparting the Holophonic effect to
audio tracks of video cligs will involve
their being re-recorded with one or more
of Zuccarelli’s pickups. Thiscan bedone
using the stereo audiotracks on the
videotape furnished by the record com-
pany. The Zuccarelli people, however,
say that they can achieve more dra-
matic effects by using the song’s multi
track masters. In either case, the audio
would need to be played back through a
loudspeaker array and re-recorded
holophonically. continued overleaf
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“People will no doubt ask, ‘What can
youdo with just two channels?’” Caillat
offers. “We have a matrixing system
that will enable us to grab the high fre-
quencies and ‘wiggle’ them a little bit,
rotate them and otherwise move them
around. But that’s admittedly some-
what limited.

“What we're hoping is that, as the
word about holophonics spreads, there
will be people who will say, ‘Isn’t there
more you can do? What if we come into
the studio with you and remix the multi-
track tape putting the snare drum over
here, the guitar up there...?’

“With the multitrack master to work
with, we could pick out a particular
instrument, send it over your head and
down your back on a particular passage
leading to a chorus, for example. Holo-
phonicscan add a whole new dimension
to mixing.”

“We want artists to get involved,”
adds Brian Adams. “We want their
creativeinputinto how holophonicscan
be applied to music. If they work on a
clip with us and like the result, maybe
we can work on their next record with
them and come up with an entire holo-
phonic album.”

The re-recording of audio tracks for
clips to be aired on the Discovery Music
Channel will all be done digitally,
although the holophonic effect can also
be obtained with analog tape. “We feel
that holophonics is going to have a big
impact on digital audio by subtantiat-
ing why digital exists,” Caillat com-
ments. “It becomes more than just a
matter of having a cleaner recording.
With holophonics, you can really appre-
ciate digital’s low noise floor, because
you are dealing with a perfectly realistic
image of acoustic reality.”

Apart from clips and studio segments,
Discovery also plans to eventually offer
the full gamut of specials and concert
telecasts — all, of course, accompanied
by holophonic sound. The cable outlet
even plans to offer its facilities for the
production of holophonic commercials.
While no definite production planshave
been made at this time, the Zuccarelli
people point out that there are several
differing options for recording programs
and commercials holophonically.

A concert, for example, could be
recorded “live to holophonic” with one
or two Zuccarelli pickup devices. If pre-
ferred, however, individual tracks could
be recorded (or re-recorded) holophoni-
cally. As another option, a conventional
multitrack recording could be “remixed
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to holophonic” by playing back a mix
through speakers, and re-recording it
with a Holophonic pickup.

Domestic Playback

Zuccarelli Communications further
claimsthat, if you holophonically record
music thatis being monitored through a
set of high-end studio monitors and then
play back the holophonicrecordingona
modest set of five-inch speakers, the
small speakers will precisely reproduce
the sound heard over the studio moni-
tors. How, one might ask, is this
possible?

“Brain information,” responds Cail-
lat. “Because holophonics is an accu-
rate model of human hearing, the brain
says ‘I am hearing the studio monitors.’
That is the information the pickup
device has ‘heard,’ and that is what is
passed along.”

Which brings us to the subject of play-
ing back holophonic sound in the home.
It can be done on conventional home
audio equipment with completely satis-
factory results, say the Zuccarelli peo-
ple. “You don’t have to buy any kind of
decoder,” Caillat explains. “There are
no rear-channel speakers or surround
system to be added to your home equip-
ment either.”

The biggest problem in holophonic
playback, apparently, is phase cancel-
lation. Rooms containing a lot of hard,
reflective surfaces do not make good
holophonic playback areas because
sound waves bounce around and mutu-
ally cancel one another, diminishing
the holophonic effect of precisely locat-
ing sounds in space.

Similarly, multiple-component
speaker systems can present problems
as well, because the individual speaker
components are likely to be out of phase.

“Everybody knows that a three-way
speaker has a ridiculous amount of
phaseshift,” says Rich Feldman, also of
Zuccarelli Communications. “As you
move through a room, your position rel-
ative to the tweeters, mid-range and
woofer speakers is constantly changing
and you're therefore getting phase shift.
Manufacturers have known that for a
long time. Only now are they starting to
go to point-source, phase-coherent
speakers. Sony, Technics, Cetec Gauss
and Tannoy have all come out with
models.”

The only equipment acquisition the
Zuccarelli people would recommend for
holophonic playback at home is a set of
phase coherent, point-source speakers,
which are less expensive, in many cases,
than their three- or four-way counter-
parts. But even this investment isn’t an
absolutely necessity, since some holo-
phonic effect will be apparent on any
playback system. Also, if the listener
owns a pair of stereo headphones, he
already has an ideal Holophonic play-
back system.

Ken Caillat recommends placing the
speakers at an angle between 40 and 90
degrees from the central listening point.
“It seems,” he observes, “that if you are

located dead center between your two
speakers, you will get a totally even bal-
ance between front and back informa-
tion. Unfortunately, that position makes
for a narrower window than if you posi-
tion the speakers at a 45-degree angle.
You willloose a little bit of rear informa-
tion that way, because you will actually
be in the rear a little more. At the same
time, though, eight people can sit there
and hear the holophonic effect.”

As part of the programming material
offered between videoclips, Discovery
plans to run segments that combine
entertainment and holophonic
education. Guest celebrities will demon-
strate to viewers the best way to place
their speakers, and basic principles like
phase coherence will be explained. “We
feel that one of the main benefits for us
of going up on satellite with the Discov-
ery Music Channel is the education
about holophonicsthat wecan give to 20
million people all at once,” says Discov-
ery’s Rich Feldman. “We hope we can
achieve something like what has hap-
pened with computer technology. Every-
body understands terms like 64K or
128K today, because they’ve been satu-
rated with information about compu-
ters. There’'s no reason why the average
person can’t develop the same type of
sophistication when it comes to audio.”

Even the home viewer that has no
more audio equipment than the prover-
bial three-inch speaker mounted in an
inexpensive television set will be able to
hear the holophonic effect, according to
the Zuccarelli people. “It should sound
pretty good on a home TV set,” says
Caillat. “The kind of speaker you would
encounter there is a traditional point-
source, phase-coherent speaker. You will
definitely get some up and down, some
right and left and absolutely some depth
information. Holophonics seems to work
very well in mono. Our research has
shown that even a person totally deafin
one ear can hear sounds moving in
space, and can hear the holophonic
effect perfectly.”

Just as holophonic sound doesn’t
require two speakers, the Zuccarelli
people go on to explain, it also doesn’t
require that the listener remain station-
ary at a precise point between two
speakers in order to perceive the holo-
phonic effect. Asin a hologram, the spa-
tial illusion holds up from any vantage
point.

“Sure, there is a sweet spot where
you'll have to be if you want to get the
exact perspective that was recorded,”
Feldman clarifies. “But that’s not the
only perspective to be heard, nor neces-
sarily even the most desirable one. If
you are listening to music, you might
not even want to hear the same perspec-
tive that was recorded. You might want
to walk around the room, move among
theinstruments and pick out a spotthat
you like better!”

Another peculiarity of holophonic
sound that makes it particularly attrac-
tive for Music Video telecasts is that it
can'’t easily be pirated. A tape copy of a



Holophonic transmission made on con-
sumer equipment would not contain the
full sense of spatial dimension as the
original. Tests that Zuccarelli Commun-
ications made with consumer recording
equipment have shown that the holo-
phonic effect degenerates on such
equipment just like frequency response,
and other parameters that diminish
when taping conventional audio sources.
Holophonic sound seems perfectly able
tosurvive transmission intact, however,
a fact that has been confirmed by other
tests Zuccarelli Communications made
in conjunction with the cable outlet. The
Discovery Music Channel will transmit
its holophonic audio signal via satellite,
and will reach viewers either directly by
cable or by means of FM simulcast,
depending on local facilities.

Digital Transmission

All programming will originate at the
Discovery complex in West Los Angeles.
Using their own satellite dish and
Wegener Communications uplink
equipment, Discovery will distribute two
separate stereo signals(one analog and
one digital) as video subcarriers. (Nego-
tiations regarding which particular
satellite will be used were still underway
at the time of writing.)

“Wegener Communications has a very
high-quality digitizing system, which
we will be using to uplink one audio sig-
nal,” explains David P. Chandler, Dis-
covery’'s vice-president/ engineering.
“We don't expect a lot of people will be
using that signal initially, but it will be
there. What we are also going to do is
uplink a conventional analog signal,
which can be used by those stations
which already have that kind of equip-
ment. The truth of the matter is that the
analog signal will provide quality that
is as good as they can get through most
of the local transmission systems.”

Along with this, Discovery will
transmit a third audio signal to be used
in FM simulcasts; this signal will be
transmitted from Discovery to IDB, a
nearby uplink facility, which will beam
the signal to RCA SatCom 1R for gen-
eral distribution.

“We've tested the holophonic effect
with the RCA and Wegener systems,
and have broadcasted it via standard
FM,” says Chandler, “and it seems to
muscle up to just about anything.”

“The only thing that I'm not 100%
sure of are the ‘ifs’ of the particular sta-
tion — the transmitter and matters like
frequency roll-off and limiting,” adds
Caillat. “How things like that will affect
the holophonic sound will vary from
station to station. But even under the
worst of circumstances, holophonics will
provide better quality sound than con-
ventional audio. The listener will get
better dynamics, more sense of spatial
movement, and more volume for less
amplification.”

One is always a little skeptical of
technological developments that claim
the power to revolutionize the audio
world. After all, therehas certainly been

no shortage of false alarms and failed
messiahsinthe past. But after listening
to Zuccarelli Communications’ demon-
stration tape, this writer was convinced
of holophonics’ ability to create dra-
matic acoustic effects, and particularly
to create the illusion to sounds moving
through space.

Precisely how the “3-D” realism of
Holophonic sound will complement the
©2-D)” fantasy of Music Video remains
tobeseen. Whileit may seem something
of a novelty or luxury item at present,
it’s importance could increase signifi-
cantly with the advent of home televi-
sion — a development which some
observers feel is not that far away. It is
clear though, thatif the spatialillusions
of holorhonics can be applied to music

recordings and successfully transmit-
ted to home audiences, they would be
likely to give the Discovery Music
Channel a pronounced eidge over their
competitors. Discovery and Zuccarelli
Communications, mareover, are
convinced that this “edge” will be par-
ticularly meaningful to their audio-
conscious target demographic, the
Woodstock/Rolling Store generation
weaned cn high-tech hi-fi ads.

It would be odd if a cabhle television
channel became the catalyst for the
next revolution in audio, which the
holophonics people seem profoundly
convinced they are of fering. But looking
back on MTV’s far-reaching impact on
the non-visual media, it’s apparent that
a precedent already exists. L[] ]
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Digital Developments at the
New York AES Convention

by Mel Lambert

ith the professional audio indus-
Wtry now utilizing digital record-
ing and production technology at an
ever increasing pace, The recent AES
Convention in New York proved to be a
valuable venue at which to catch up
with binary developments. In the top-
end markets, Digital Entertainment
Corporation reports that it has now
placed a total of eight Mitsubishi X-800
digital 32-tracks in studios around the
country — including recent installa-
tions at Clinton Recording, New York,
Audio Effects, L.A., and Digital Asso-
ciates, Nashville — and that over 50 X-
80 digital two-tracks are now gracing
the control rooms in just about every
major recording market throughout the
U.S. Sony also appears to be making
good progress with sales of its DASH-
format PCM-3324 24-track, with a total
of 24 transports delivered, including
recent purchases by Glen Glenn, Holly-
wood, CBS, New York, Dallas Sound
Labs, Texas, Hit Factory, and Blank
Tape, New York, Bruce Botnick’s Dig-
ital Magnetics, Hollywood, and a third
multitrack for Village Recorder/MRI,
Los Angeles.

Possibly the hottest news on the dig-
ital recording front was the U.S. unveil-
ing of Studer’'s D820 DASH two-track.
Utilizing the same basic transport
design as that featured in the new A820
analog two-track, the D820 is available
in two- or three-head configurations(the
latter enabling digital read-after-write
for off-tape monitoring), and features
selectable 44.1 and 48 kHz sampling
frequencies, plus AES/EBU inputs and
outputs for direct connection to digital
consoles and processors. All transport
functions are under full microprocessor
control for gentle tape handling and
fastlocationto any pointon the tape. As
with the A820, audio and transport
parameterscan be reprogrammed under
software control, enabling special func-
tions to be set up via a secondary key-
board and assigned to soft keys. A com-
bined shuttle bar and cue wheel provides
precise control of tape position during
manual editing and cueing. Deliveries
of D820s are expected to begin in the
second quarter of next year; pro-user
prices will be in the region of $20,000.

Sony also is expecting to begin ship-
ping of its PCM-3102 DASH two-track
by mid-year. I understand that the rea-
son for the delay in market availability
of both the Studer and Sony transports
stems from recent enhancements to the
DASH 7% ips, quarter-inch two-track
format, following technical meetings
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between Sony/MCI, Studer, and Mat-
sushita. DASH specifications that have
now been ratified include symmetrical
layout of the 12 data tracks (eight dig-
ital data, two cue, and one each for time-
code and reference data), and optional
PWM encoding of the cue-track infor-
mation toimprove replay quality during
editing. (While Sony appears to be opt-
ing for a “conventional” analog cue
track, Studer DASH two-tracks will
offer selectable record/replay of PWM
or analog cue data, to ensure compati-
bilty between tapes recorded on either
transport.)

Onthedigital console front, Neve was
showing the DSP Disk Mastering Con-
sole destined for delivery in early 1985 to
Tape One Studios, London. A full des-
cription of the DSP’s features, along
with a report on my recent visit to DSP-
equipped CTS Music Center and Tape
One will be included in next month’s
“On the Studio Trail” section of Studio
Update.

Also on show was Sony’s new eight-
channel Digital Mixing System, which
accepts a combination of analog, direct
digital, or 1610-format inputs, and pro-
vides three types of output: stereo main,
stereosubs, and eight directs. In essence,
the system consists of three subunits,
the K-1106 eight in/out A/D conversion
unit, K-1107 eight in/out D/A conver-
sion unit, and the K-1105 Signal Proces-
sor and Control Unit. As a result, for CD
mastering and digital mixing of 1610-
format material, all that is required is
the K-1105 processor and console “con-
trol surface,” which features full equali-
zation, level and pan adjust, plus effects
and monitor assigns. Designed primar-
ily for CD mastering duties and high-
quality digital recording to stereo,
shipment of the Digital Mixing System
is planned to begin early next year.

If the upper-end market is currently
being dominated by Mitsubishi, Studer,
Sony, JVC, 3M, and other manufactur-
ers of 16-bit recorders and processors,
the potentially more cost-conscious sec-
tion of our industry is rapidly coming to
terms with 14-bit (and 16-bit) EIAJ dig-
ital processors. Even though Sony and
similar firms may have postured such
devices for consumer use, there is no
denying that the PCM-F1/701, Naka-
michi DMP-100 and related processors
are finding applications on more and
more sessions.

And, if only to show that Sony isn’t
the only manufacturer of EIAJ-format
processors, JVC recently unveiled the
VP101, which offers BNC video inputs

and outputs, and built-in sync input
port; projected price is $895. Also avail-
able from JVC is the FX900 digital con-
version unit, which digitally transcodes
14- or 16-bit EIAJ material to VP-900
16-bit format, and includes CRC, error
concealment and mute condition
indicators.

Ease of operation, reduced tape and
equipment costs aside, working with
EIAdJ-format digital material is not
without its own inherent problems. In
particular, because of the way in which
the digital bitstream is encoded onto
successive video frames, the editing of
EIAJ-format material is not a trivial
exercise. While it’s relatively easy to
transfer material in the analog domain
from an EIAJ processor to a JVC VP-
900 or Sony PCM-1610 16-bit device for
more precisedigital editing, there exists
a potential degradation in signal-to-
noise, frequency response, and distor-
tion of the transferred audio. (Not to
mention the higher editing costs with
VP-900/1610 systems.)

Among the various companies
addressing the EIAdJ-format editing
dilemma, Audio+Design/Calrec,
Editel/New York, Harmonia Mundi
Acustica, and KEMA Marketing were
showing some particularly interesting
hardware at the New York AES Show.

A+D/C offers three stages of “profes-
sional modifications” for the Sony
PCM-701ES processor: Section One
comprises electronically balanced, line-
level XLR inputs and outputs, plus CTC
(Coincident Time Correction) circuitry
to remove the 11.34-microsecond delay
introduced between the left and right
channels by the processor’s single A/D
converter; Section Two includes digital
inputs and outputs, video sync capabil-
ity, and switchable copy inhibit and pre-
emphasis, plus the optional Ad-Mix
Digital Fader that enables level
adjustments during transfers to be
made in the digital domain, as well as
the ability to add a second digital signal
to the one being replayed off-tape, and
then record the composite signal onto a
second VCR (in essence, the digital
equivalent of “sound-on-sound”); and
Section Three, which comprises an
interface for direct digital-to-digital
transfer of the 701’s bitstream to 1610
format, and vice-versa, plus remote con-
trol of CTC, emphasis, copy inhibit, and
NTSC/PAL format. Pro-user prices are

A+DC’s modified Sony PCM-701ES

. continued on page 11 —
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Why do the worlds

leading studios turnto
Solid State Logic?

Every day, music of all kinds is being made on
this planet. And every week, another
studio somewhere in the world
switches on their new SL 4000 E
torecordit. Whenso many different
peopleagree, there has tobe a reason.

Perhaps it's that Solid State Logic
lets them hear the sounds and the
silences that were missing before.
Throughsshort, cleansignal paths thatadd
nothing to the source unless the engineer
or producer so desires.

Yet when the desire strikes, the SL 4000 E
responds with musical precision and a tremendous
range of creative powet Only SSL provides the easy
flexibility that invites each engineer to shape the
console to suit their personal style. And the natural
transparency that allows each instrument to speak
its distinctive voice.

From the studios of China Records in Beijing
to the famed broadcast concert halls of the
BBC Symphony Orchestras, Solid State Logic sets
the standard for audio integrity. Study the charts.
Ask theproducers. You'll find SSL at the top inrock
and pop, country and western, rhythm and blues,
jazz and dance. The world of music turns to SSL.
Because, purely and simply, SSL delivers the
musicians’ intent.

The Art of Technology

It's one thing to build a collection of audio
electronics into a big box. It is quite another to
create high technology for the recording musician.
In every detail, the SL. 4000 E Series supports your
artistry with the experience and awareness of the
world’s leading console design group.

In every channel, SSL presents the tools
required to perfect your sound. Superb four band
parametric equalisation and filters. Versatile
compressor/limiters. Noise gates. Expanders. And
virtually unlimited possibilities.

Because the SL 4000 E Series Master Studio
System not only helps you shape the sound, it lets
you structure the signal flow itself.

Pushbutton signal processor routing provides
more than two dozen useful variations within
each module. Six master statuses, 32
Output Groups and SSL's unique
patchfree audio subgrouping
L direct the audio paths
Eel4  throughout the desk to
' Ry  serve your individual
requirements and
preferences.



Making Life Easier
To give the artistand
engineer complete free-
dom toexplore these new
potentials, SSL invented
Total Recall™. At theend
of each session, Total
Recall scans every knob

and button on all Input/ @
Output modules. Then,
in less time than most
people take to find a pen that works, it creates a
permanent and portable record of these settings on
floppy disc.

Which means that you can stroll into any SSL
Total Recall control room anywhere in the
world and recreate last week’s monitor and cue
mix, or last year's incredibly complicated but
not quite final version.

— Control accuracy is within a quarter of
adB! Best of all, Solid State Logic has
accomplished this without affecting theaudio path.
Providing a dynamic range and bandwidth that
comfortably exceed theperformanceof thebest16

bit digital converters and recorders.

A Comprehensive System

Total Recall is just one aspect of the SL 4000 E
Series Master Studio System, an integrated range of

|

hardware and
software components
designed to make even
the most elaborate productions
more humanly manageable.

~
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Practical innovations such as the
SSL Studio Computer provide the
world’s most versatile mixing automation.
The SSL Integral Synchroniser and Master
Transport Selector offer computer—assisted

1 i-Li"““‘"" e Y

control of up to five audio or video transportsin
perfect lock. Other system elements include events
control, programmable equalisation, and a variety
of mainframe and metering options to suit many
different requirements and budgets.

Whatever your initial specification, all SSL
systemns are designed so that economical upgrades
canbeperformed onsiteasyourbusinessgrowsand
diversifies. This policy is supported by continuous
software development that enables SSL studios to
keep pace with an increasingly inventive clientele.

We can build an SL 4000 E Series Master
Studio System for your control roominabout three
months. We'll be happy to assist with your
technical and financial planning. We'll provide
expert help with installationand training. And we'll
back you up with prompt parts support and world-
wide field service.

When it comes to keeping a studio
booked, nothing is quite so effective as giving
your clients the sound they want. And that's
where SSL can help the most.

For the full story, just cut the coupon
below. Or call Antony David in the UK, or
Piers Plaskitt in the USA.

Solid State Logic

Please send me turther information on the

SL 4000 E Series Master Studio System.
Name
Position
Company.
Address

Telephone
Solid Stare Logic. Churchtields. Stonestield, Oxtord OX7 2PQ. England
Tel: (099) 389 8282. Telex: 837400 SSI. OXG. Facsimile: ((99) 389 8227.

Solid Stare Logic Inc.. 200 West 57th Street, New York, NY 10019, USA.
Tel: (212) 315 1111. Facsimile (212) 315 0251
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grand onto a £
chip ... aworld-class s
is the way to hear it . Because
system designed only for “traditional”
sounds can't live up to the powerful levels
and complex timbres of electronically-
created music,

That's why we created the 380SE.

Total Transparency—and
Psychoacoustic Satisfaction, too.
The 380SE is a clean and powerful three-
way speaker system. Electronic reeds and
strings, flutey and brassy tones, percussive
accents, special effects . . .all sounds at all
fevels come through with exacting sonic
accuracy. The 380SE illuminates subtle
variations in pitch and level, whether
handling one note at a time or a full
synthesized chorus.

Attention to Detail

The digital wizards must master every
detail of their technology. A speaker
designed for electronic music gives them
the freedom to concentrate on sound
creation rather than sound reproduction.

So we paid attention to every detail of the
sound system. That's why the 380SE is
constructed entirely from our own high-
quality components, With continuous
power handling of 360 watts. Full range
inputs. Bi-amp and tri-amp connectors,
Four bridging connectors, Mid- and high-
frequency level controls, flush-mounted
where you can get right to them.

And as you can see, we didn't overlook the
visual details. The 380SE’s appearance is

o
S

* visual confirmation of its class. The

' _ 3BOSE's performance proves its ability to
. dle electronic music.

TOA Electronics, Inc.

480 Carlton Court

So. San Francisco, CA 94080
(415) 588-2538

In Canada: TOA Electronics, Inc.
10712-181 Street

Edmonton , Alberta T5S 1K8
(403) 489-5511

© 1984 TOA Electronics, Inc.
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— continued from page 36 . .,

as follows: Section One $480, Section
Two $525, Section Three $875, and Ad-
Mix around $1,000.

Also designed for direct digital
transfer from F1/701 to 1610 (optional
1600) and AES/EBU digital format, the
new BWI102 Digital Audio Interface
from Harmonia Mundi Acustica GmbH,
of West Germany, utilizes internal 24-
bit processing, and enables the follow-
ing signal modifications to be made
entirely in the digital domain: high-pass
filtering (selectable 1, 15,60 and 120 Hz
LF rolloff); DC-offset cancellation; left
/right channel reversal; independent
level change and phase inversion con-
trol for each channel; plus correcting
L/R delay time offset, pre- and de-
emphasis. The unit is entirely modular,
and can be set up with any combination
of input/output and processing modules;
two or more frames may be connected
together for special applications. U.S.
distribution of the BWI102 will be
handled on the East Coast by Audio-
techniques, in the Midwest by Allied
Broadcast, and on the West Coast by
Audio Intervisual Design. Pro-user price
is expected to be in the neighborhood of
$8,000.

Thetwo EIAJ-format editing systems
on show at the AES Convention ranged
in complexity from a simple assembly
editor developed at Editel/New York by
David Smith, to HHB’s Computer Log-
ging Unit and Editor (CLUE) for auto-
mated control of editing VCRs, plus off-
line compilation of edit decision lists.

A functional prototype of Dave Smith's
D/S-1000E Editing Co-processor, being
demonstrated on Audiotechniques’
stand, consisted of a Nakamichi DMP-
110 with the additional editing circuitry
built into the unit’s battery compart-
ment. (The basic design principles of the
ECOP, including internal conversion of
the EIAJ video interleave block format
was described on page 81 of the October
issue of R-e/p.)

To perform insert and assembly edits
of F1/701 material, the record VCR util-
ized with the D/S-1000E must be capa-
ble of video insert editing — for exam-
ple, a Sony SLO-383 Betamax or
BVU-800 U-Matic — and the video edit-
ing system based on control-track oper-
ation (such as the Sony RM-440 PAC
controller), or a timecode synchronizer
(Audio Kinetics Q.Lock, BTX Shadow/
Softouch, Adams-Smith, etc.), ora CMX
Video Editor. Edits can be made to the
nearest video frame (33.3 ms), which, as
Smith readily concedes, may not be
accurate enough for tight musicediting,
but is perfectly satisfactory for film and
video sessions. At present, the prototype
ECOP is capable of “performing 85%
valuable edits,” he offers, “although we
are working on ways of improving that
figure, and expect to have an improved
version available by late '84.”

Somewhat more upmarket in terms of
control ability, the CLUE System, deve-

Haronia Mundi
BW 102 Digital Interface

loped in England by HHB Sales, and
available in the U.S. through KEMA
marketing, a division of AMEK Con-
soles, Inc., is a fully integrated F1/701
editor that enables butt copy-editing to
be performed in either the analog or dig-
ital domain, to an accuracy of one video
frame. And where increased accuracy is
required, CLUE is said to significantly
reduce the amount of time required on a
more accurate (and expensive) bit edi-
tor, such as the Sony DAE-1100, by pro-
viding off-line EDL preparation.

Clue provides comprehensive logging
and autolocation facilities, as well as
more accurate tape-location counters
than those found on most domestic-style
VCRs; the unit will also function with
standard U-Matic recorders. The only
modification needed to connect an F1 or
701 to the system is a single additional
wire to provide a control-track output
from the processor for timing purposes.

Designed by HHB’s David Wilkins,
who spent overtwo years developing the
system, CLUE enables up to 200 edit
locations per tape to be logged and
stored to the unit’s 5%-inch floppy disk
drives; up to a total of 99 sets of tape-
location data can be recorded on a single
floppy. During the recording or master-
ing session, the system allows the user
to log details of each take, including

HHB's CLLUE F1/701
Editing System

track title, start location, duration, etc.,
as well as the position of 10 locations
during the take (to label, for example,
false starts, performance errors, solos,
and so on). During playback an addi-
tional 10 locations can be annotated.
Autolocation is achieved by inputting
an absolute counter number, or by refer-
ence to a take number or a logged loca-
tion, thus doing away with the need to
input timecode numbers. The program
software will also calculate lengths of
sessions, takes, or musical passages.

The complete CLUE system com-
prises a 4U 19-inch rack unit that
houses the controlling computer, disk
drives, switching circuitry, and inter-
face connections, plus a remote ASCII
keyboard. CLUE also provides full
access to audio and video outputs of the
record and playback VCRs, as well as
analog inputs and outputs of the F1 or
701. A front-panel analog fader allows
level correction to be made during mas-
tering or editing sessions. Future devel-
opments for the system include addi-
tional interfaces for audio and video
recorders, as well as the ability to read
and write timecode. U.S. pro-user price
is expected to be in the region of $8,000:
two systems reportedly have been sold
to the BBC, plus single systems for
Harmann Digital, West Germany, and
Stewart Copeland of the Police, for use
in his personal-use 24-track studio.

And if your digital manipulation
requirements are more complex, the
recently developed DSP-2000 Series of
digital recorders and mixers from Compu-
Sonics is being promoted as an
extremely flexible and interactive edit-
ing system. Stressing once again that
conventional magnetic tape represents
an ideal long-term storage medium for
digital audio data, CompuSonics presi-
dent David Schwartz offered that “the
real advantage [of the DSP-2000] is its
random-access and editing capability.
It is not economical to use hard-disk to
store an hour of 32-track digital mater-
ial. Our system is designed to be used to
load the material onto hard disk foredit-
ing and manipulation, and then to be
stored on data cartridge or recording
tape.”

The latest generation DSP-2000 ena-
bles 20 minutes of 16-bit mono audio to
be stored onto a single 140-Mbyte hard
disk; up to eight disk drives can be
accessed from the central controlling
computer. It must be realized, however,
that CompuSonics is still developing
the system, and has high hopes of
increasing the storage capacity —
through a combination of data com-
pression and variable sampling fre-
quency —to a maximum of 30 minutes of
stereo (or 60 minutes of mono) in the
not-too-distant future.

A basic DSP-2000-2 system, which
occupies two, seven-by-19-inch rack-
mount units, consists of a stereo inpu-
t/output unit; a 140-Mbyte fixed hard-
disk drive; a 3.3-Mbyte “super floppy”
5%-inch disk drive for temporary or
archival storage and program loading;
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a pretty face

NEOTEK consoles have the look and feel of
serious professional equipment. Heavy
structural extrusions, eighth-inch thick front
panels, all metal patch bays, and solid
hardwood cabinetry are complimented by a
control layout that is easy to reach and easy to
use. You may not care what’s inside that makes
them sound so clean, quiet, and correct . . . or
perhaps you do.

Minimum path design NEOTEKs employ
more complex circuit designs than other
consoles, yet they end up with fewer
components in the main signal paths. Their
state variable equalizers are highly
sophisticated, yet critical parameters are less
sensitive to component variations than in
simpler designs, they are just as quiet, and they
are far more stable; the result is better sound
at only slightly higher cost. Compared to a
Series 111, one comparable console when
recording and mixing passes a track of audio
through 53 more op amps, 49 more
unbypassed electrolytic capacitors (none in the
NEOTEK), and wastes over 106dB more excess
gain. Of course the NEOTEK sounds better!

High speed circuits The rule for circuit
speed is 1 volt/microsecond for each peak
signal volt. NEOTEK consoles are the only ones
which come close to this figure; others trade
adequate speed for lower parts cost. The real
trick is to achieve high speed without slew
limiting, but since NEOTEKSs use circuits with
power bandwidth in excess of small signal
bandwidth, they can never be forced to
actually slew. Full output bandwidth from mic
preamp input through equalizer and fader to
bus out is over 40 kHz, and high frequency
squarewave response shows purely exponential
signal rise and fall without a trace of slewing,
ringing, or other instability. The result is
absense of TIM or SID, greater stability, and the
clear, sweet high end which distinquishes
NEOTEK consoles.

Solid state switching The Series Ill uses FET
switches for master status control, but fear not.
They are a unique design using discrete devices
driven from a separate high voltage supply. At
the last AES show, an internationally famous
audio critic and recordist guessed that a B&K
mic demo was made direct to digital

two-track; it was actually made on a Series

Il ... now that’s transparency. The ramped FET
mix mutes silently lift channels completely off
the stereo buses. They are far more quiet than
VCAs, relays, or mechanical switches, and leave
the unweighted output noise below-96dB.

Logic controlled mutes NEOTEK consoles
provide full professional features without
requiring an automation system or VCAs. Series
llIs provide two logic groups for the channel
mutes. There is an in-place solo mode in
addition to stereo and PFL solos, and it can
effect either or both groups. Another logic
system sets up a limitless number of grouped
mute/unmute events to be enacted by a single
switch.

Subgrouping without VCAs VCA
grouping is an unnecessary added cost for the
Series 111. Switches on each input allow panning
to eight stereo subgroups while adding eight
additional auxiliary buses to the standard six.
The subgroup masters, which also serve as
stereo line inputs, have auxiliary sends, logic
mutes, and individual echo returns. Unlike
VCA subgroups and automation, this system
allows use of a stereo compressor on the entire
group. This subgrouping system coexists on
automated NEOTEK consoles.

Have it your way NEOTEK manufacturers a
full range of consoles designed for specific
applications. There are console series for
four-and eight-channel recording, multitrack
recording, broadcast production, theater
effects and sound reinforcement, film and
television post production, and sophisticated
sound reinforcement. Each is built to individual
order in the United States. Engineers at the
factory are available to tailor each console to
the most demanding applications.

If you are about to choose a console, choose NEOTEK.

Let others compromise.

NEOTEKGCOEPRPORATIGN

1154 West Belmont Avenue Chicago, lllinois 60657 U.S.A. 312-929-6699
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a controller/power supply; and CRT
and keyhoard. Projected prices range
from $34,800 for the basic Z({)0-Z config-
uration, to $55.800 for the 2000-X4,
which includes three additional hard-
disk drives to provide additional data
storage.

Currently, the 2000 Series features
one Mbyte of internal memory, which
provides approximately 10 seconds of
storage capacity for locating exact edit
points. The system is configured to
operate with a 50 kHz sampling fre-
quency, which in future versions will be
automatically adjusted by the processor
to suit the frequency range of the materi-

al being sampled. In this way, the sam-
pling frequency can be dropped to 25 or
even 125 kHz in the presence of mate-
rial that consists of predominately low-
trequency information. CompuSonics
says that on average — and this is a
parameter that obviously depends on
the type of material being sampled —
the unit can provide up tothree times its
present capacity through the use of an
“adaptive” sample frequency. (Hence
the projected total storage time, when
the variable-Fe circuitry isimplemented,
of 20 x 3 minutes of mono audio.)

Also on display at AES was a proto-
type CompuSonics four-input stereo
mixer that features trackball controls
for each level and EQ function. Still

under development. the mixer provides
n full-color display on a VDU of EQ,
foldback, pan and level settings. and in
future versions will have built-in auto-
mation capability, (Hence the use of
trackballs as control surfaces. since
they do not need to be reset to a particu-
lar position. plus the fact that they
operate in two directions — to provide,
for example, simultaneous control of EQ
cut boost and center frequency. or level
and pan.o CompuSonics recently
appointed the following pro-audio deal-
ers for its range of digital consoles and
editor recorders; Audiotechniques for
the Fast Coast: Allied Broadeast for the
Midwest: and Audio Intervisual Design
for the West Coast. L] L]

B velocity of the modified instrument’s

MIDI UPDATE

A Report of the MIDI-Equipped
Outboard Equipment and Synthesizers
OnShow atthe New York AES Convention

by Bobby Nathan, Unique Recording Studios, New York

N ow that the dust has settled from
the New York AES Convention, at
least one thing is apparent: MIDI in the
studio is here to stay. In fact, seeing
MIDI in/out jacks on outboard gear
makes you wonder, “What next?” In-
cluded below are details of some of the
more interesting MIDI-equipped out-
board processors and synthson show at
the AES.

Thenew Publison Infernal Machine
90isadual-channel special-effects unit,
with each channel capable of function-
ing as either a mono-in/stereo-out dig-
ital reverb, five-second digital delay, a
glitch-free pitch shifter, or a digital
sampler with up to five seconds of
sampled audio. The software developed
so far will allow an engineer to use the
two MIDI In jacks — one for each chan-
nel — for two powerful features. The
first enables the unit to be interfaced
with any MIDI-equipped keyboard to
control the pitch-shift interval. For
example, you could play the lead vocal
track through one channel of the Publi-
son and bounceit to another track of the
multitrack with the appropriate minor
or major third harmony (or perfect
fourth/dominant fifth, etc). The second
feature allows the device to sample a
vocal “ah,” for example, and play melo-
dies from any MIDI keyboard. Since the
unit comprises two, totally independent
units in one chassis, both these effects
(or any of the other combinations) could
be produced simultaneously.

AMS has now added an interface box
for its DMX-1580s8 dual-channel
delay/pitch-shifter/sampler. Connected
to the DMX, the new Keyboard Inter-
face/Chorus controller provides the user
with the ability to select either channel
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A or B, and control the interval of that
channel’s pitch shifter. The controller
will also let you play the “sampled”
sound at different intervals in “Loc”
mode, or enable the pitch rate and cho-
rus depth to be controlled randomly for
both channels A and B from an external
control voltage. Although no MIDI ports
are yet provided on the interface — only
CV and Gate In — possibly in the future
a MIDI In jack will become a reality.

Another interesting item of MIDI-
equipped outboard gear is the new
Yamaha D1500, a digital delay that
has preset capabilities for storing your
favorite delay parameters — including
delay time, regeneration, LFO and mix
settings — in the unit’sinternal memory.
When interfacing the D1500toa Yamaha
DX-7, or any other MIDI compatible
keyboard that sends preset patch in-
formation, preset patches on the syn-
thesizer and delay settings can be
changed under MIDI control at the same
time. This feature enables particular
delay settings to be associated with syn-
thesizers sound patches. It would seem
likely that some day soon, we will have
the ability to automate delay settings
from the multitrack, allowing for a dif-
ferent delay for the chorus than the
verse, and so on.

MIDI Out from your studio’s acoustic
grand piano, Yamaha CP-70/80, Fender
Rhodes or Wurlizter? Forte Music has
figured it out and, yes, it works! Instal-
lation is said to be relatively quick, and
with an indiscernible change to the
acoustic qualities of the above mentioned
instruments. After your instrument has
been “Midified,” you can control any
number of MIDI keyboards at once. As
well as note-on/note-offinformation, the

keyboard is transmitted through the
MIDI port; even the keyboard’s sustain
pedal is MIDI capable, and will sustain
all synthesizers equipped to read this
date. (For example, Yamaha’s DX-7,
Roland’s Super Jupiter, E-mu Systems
Emulator II, etc.) The real splendor of
this breakthrough can not be realized
until you’ve played it or heard it!

Garfield Electronics (of Doctor Click
fame) has added the MIDI Adaptor sync
box to its line of interface units that
allows MIDI Clock devices to be syn-
chronized to existing machines via clock
pulses (96, 48, 24 beats-per-quarter-note,
Roland sync, etc.). Garfield has also
added an FSK adapter box to add “sync-
to-tape” capabilities to many MIDI Clock
and DIN sync devices (by KORG and
Roland). There are also over a half
dozen other new, lower priced interface
boxes, designed to solve specific prob-
lems. (Of course, where would we be
without the Doctor?)

The new Korg KMT60 is a one-
in/six-out, buffered MIDI Thru Box that
reduces any delay caused by patching
into one synthesizer and out via its
MIDI Thru jack into the next, etc.

J.L. Cooper Electronics, manufac-
turers of over a dozen different devices
for slowing MIDI interface problems,
has come up with yet another novel
idea, The MIDI Patchbay. This 16
channel-in/eight channel-out patchbay
includes LEDs toshow routing status of
the 16 inputs, and a microprocessor
capable of remembering 16 patch presets.
The box should prove particularly use-
ful for interfacing several MIDI key-
boards, sequencers and/or “On-screen”
synthesizer editors, and is configured to
allow quick changes of what device is
controlling what (master/slave status).

Speaking of “On-screen” editors,
Yamaha’s DX Pro Software for the
Apple II, II+, or Ile is now available. If
you’ve had trouble editing sound patches
on a DX-7, your worries are over. Not
only is each operator’s envelope dis-
played separately, they can be simul-
taneously superimposed over each other.
Another great feature is the ability to

. continued on page I 7] —



“The DAS-900
speeds
our edifing...

Principa< acceptnop

Grammy-winning producers
edit with JVC

Digital Audio Mastering System.
Marc Aubort and Joanna Nickrenz, of
Elite Recordings, Inc., New York, widely
known and highly respected produc-
ers, were awarded a 1983 Grammy for
“Best Producer of the Year, Classical”
for six records: three on the Nonesuch

labe!, and three on the Moss Music,
Inc., label. All six were recorded & edi-
ted with the JVC DAS-900 Digital
Audio Mastering System.

“In classical editing, time is of the
essence because budget is always
such a critical factor,” says Marc. “Clas-
sical music is often heavily edited, a

painstaking process that eats up time
and money. JVC enables us to com-
bine manual cueing and memory edit
with a speed we couldn’t believe.”

“Yet, with a sonic accuracy and
quality that meets professional stan-
dards,” adds Joanna. “Level adjust-
ment is stimultaneous and automatic,
and the unit is remarkably simple to
learn and operate.”

‘The sophistication of JVC Digital
Editing is far superior to analog editing,
and the JVC Digital Audio Mastering
System has it all over the competition.”

And remember: digital editing is
non-destructive. The original tape is
neither destroyed nor altered as in

For additional information clrcle #25

“...without
compromising
technical
excellence.”

analog editing

Find out for yourself. Call toll-free

1-800-JVC-5825

Ask specifically, for the JVC Digttal
Audio Mastering System.
JVC COMPANY OF AMERICA,
Professional Video Division,
41 Slater Drive,
Elmwood Park, N.J. 07407

JVC COMPANY OF AMERICA
Professional Video Division
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PRODUCTION VIEWPOINT

Drawing on arare combination of keen intuition, refined
musical sensibility and patient perfectionism Bob
Clearmountain has quickly advanced to one of this
industry’s leading mixing engineers. In 1984 alone his
mixing and co-production credits read like a Who’s-Who
of rock royalty: Hall & Oates, Bryan Adams, Bruce
Springsteen, Huey Lewis and the News, Mick Jagger,
Ian Hunter, and Little Steven (Steve Van Zandt). In
between his album mixing projects, he has somehow
found time to handle a premix of music for film (The
Rolling Stones’ Let’s Spend the Night Together); HBO
Video Specials; and live King Biscuit Flower Hour con-
ceriradio broadcasts for DIR. By sheer weight of albums
sold (not to mention widespread critical acclaim), Clear-
mountain is shaping the sound of rock’n’roll in the
Eighties. Not a bad showing considering that, in the
early Seventies, he was a struggling bass player for sev-
eral now-defunct Connecticut bar bands.

R-e/p (Mel Lambert): Did you have any
technical training before vou entered
the recording industry?

Bob Clearmountain: No, except I had
been playing with tape recorders ever
since I can remember. My mother was
an English teacher, and would record
her students. I can remember back when
I was about five years old, she would
bring the recorder home. “Hey, lemme
see that! What is this thing here?’ I've
been intrigued by recording all my life,
so it seemed the obvious thing to explore
the studio scene. I had dabbled in elec-
tronics, and I was definitely into music.

We were in the process of doing some
demos at Media Sound when the band I
was in finally broke up, so I started
hanging out there. Michael Delugg, the
engineer there, was real nice to me, and
he gave me a good plug to the owners. [
just kept coming in and annoying them
until they hired me!

I worked as a go-fer for an hour and a
half; I did two deliveries. After I came
back they said: “Where have you been?
You’re not a go-fer, you're an assistant
engineer. You're supposed tobedownin
studio A.” I'm 19 years old, I walk in,
and it's a Duke Ellington session! This
engineer I don’t know is telling me to go
outthere and move microphones around.

R-e/p (Sam Borgerson): Had you done
any engineering or mixing before that
time?

Bob Clearmountain: No, except with
my own bands, and with friends. I had a
little Radio Shack four-channel mixer;

4 one of those little boxes with four knobs

onit. ButI got pretty sophisticated with
it. I actually rigged up a little talkback
into the other room. But it was pretty
basic; we didn’t even know how to edit.

So I was amazed when my band was
being recorded at a real studio and,
when we made a mistake, the engineer
said, “Okay, just take it from the
bridge.” I had no idea what he was
going todo. Then I saw him cut the tape
and splice it together. I thought it was a

| miracle, of course. I immediately went

home and started recording everything
offthe radio and chopping it up, making
the announcers say stupid things! I got
into it instantly.

R-e/p(SB): How longdid you work asan
assistant at Media Sound, New York?

BC: It’s hard to say. | assisted for about
three years, but there were a lot of ses-
sions where | served as first engineer.
They were pretty generous to me. Actu-
ally, about two months after I started at
Media I was assisting on a session for

1 Kool and the Gang and, for some rea-

son, the engineer wasn’t particularly
into it. He was a jingle guy, and just got
booked on it. So he let me go for it. I
mixed one song, and did a whole bunch
of the overdubs. This was after two
months, so I was really nervous.

.. continued overleaf —
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Soundcraft Quality

he Soundcraft 2400 is now the
greatest value for money available in
the world of mixing consoles. It
comes automation ready, with
24 inputs, 24 track monitoring, and
direct, independent assign to all
24 tape tracks. You get 40 channels
in mixdown, and Penny and Giles
faders on everything.

Transformerless design

Precision detented potentiometers
4 band semi-parametric EQ

SIP and SFE modes

A & B muting busses

Six auxiliary sends

You also get 344 points of
patchfield—which is about the
number of 2400 consoles installed
worldwide. This makes the
Soundcraft 2400 one of the most
desired consoles in the world. Only
Soundcraft appropriate technology
can bring you all this at a price level
established by less ambitious designs.
Under $25,000. The Soundcraft
2400, 24/16/24.

Soundcraft Bectronic:
1517 20th Sreet, San Monica, CA 90404
(213) 4534591 Telex: 664923

In New York Metropolitan Area:
Soundcraft Elecaronics, New York

1841 Broadway 4511, New York, N 10023
(212) 3150877



ngw you the kind of information
about professional audio products
you won’t find in the brochures.

Hmds-on experience. First-

hand information. Our sales staff
does more than quote brochures.
Every one of us has extensive
hands-on experience with the

’ A equipment we sell. And even

R s with equipment we do not sell.
We can answer your questicns
about the differences and pro-
vide you with comparison infor-
mation you can get nowhere else.

More Professional Brands

We sell more brands of pro-
fessional consoles and tape
machines than any other dealerin
the western United States.

Call us for a list of the more
than 200 brands of professional
audio equipment we sell.

Equipmert Sales
Factory-T-ained Service Technicians
Studio Design

AV ERNGITHIING
2 SUPIOR

16055 Ventura Blvd., Suite 1001
Ercino, California 91436
Phone (6§18) 995-4175 or (213) 276-1414
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R-e/p (ML): Did somebody at Media
Sound run you through the board’s fea-
tures, to get you started?

BC: Ohyeah.It'sone of those situations
where, if you don’t ask questions,
nobody’s going to tell you anything.
They tell you what they want you to do,
but not what it all means. So I used to
ask a lot of questions. Also, because
Media was primarily a jingle house, the
engineers weren’'t all that concerned
about experimenting with new sounds.
They got good sounds, but were more
concerned with speed and efficiency. So,
as an assistant, I would always be set-
ting up different mikes to see how they
would sound.

Eventually I would start suggesting
things to the first engineers like, “Why
don’t you try a little 12k on the strings?”
and some of the engineers who were nice
guys would say, “Oh all right, 'll try it.”

Of course now that I'm doing the
records, I suppose I'd be upset if some-
body switched mikes on me. But I do
take suggestions; I like an assistant to
ask me to try something. The assistant
might have worked with somebody and
picked up a good tip.I find it good to stay
open to ideas.

When I go into a studio that I'm not
familiar with, I’'ll usually ask the
assistant what works in the room . ..
where do you put the drums? I'll go with
what the assistantis used to first, and if
that doesn’t sound the way I wantit, try
something else. I learned a lot by engi-
neers letting me do things like that.

At Media Sound, about six months
after my first session with them, I was
working with Kool and the Gang again.
The engineer, a different one this time,
got sick and didn’t show up. I'd set up
the session before I knew he wasn’t
going to show, and — like it has hap-
pened many times before — I ended up
doing the session. Two hit songs came
out of it: “Hollywood Swinging” and
“Funky Stuff.” That was back around
'73. Well, “Hollywood Swinging"” got up
to number six, and that was the first
session I had actually recorded all on
my own, so I was pretty pleased about
that. Of courseI didn’t do anything that
big for about two years afterwards.

R-e/p(SB): Did youdothe mixingonthe
Kool tracks?

BC: No, I didn’t. An excellent mixer
named Jeffrey Lesser mixed it. It was
actually good that I didn’t because I
didn’t know anything about mixing at
the time.

R-e/p (SB): When did you start becom-
ing involved with mixing?

BC: Soon after that. I started to get
pretty good at it the last couple years I
was at Media Sound, which was 76 and
"77. 1 left Media when Tony Bongiovi
started Power Station — I was actually
the first person he told he was going to
do it, even before his partner, Bob Wal-
ters. Tony was one of the engineers at
Media, and I had learned a lot from him.
He also turned some R&B and disco
clients on to me. Having had a couple of
hits with Gloria Gaynor, and he pro-
duced that Star Wars record with Meco,
Tony had some money with which to
build a studio. He gave me a good oppor-
tunity to help design the place; it was
mostly his design, but he let me put
some ideas into it. One of the things I
wanted was to have real live rooms.

R-e/p (ML): Back in the mid- to late-
Seventies, this must have been several
years before other studio owners woke
up to flexibility and potential of live
rooms.

BC:We were actually used to a live

sound, because Studio A at Media
Sound was quite live. ] was always into
that room — they had a liveroom and a
dead room; I hated the dead room. The
Power Station room is live, but it is also
quite versatile — it has sliding glass
doors so you can divide it into three
large, different-sounding areas. As a
result, you can have live-sounding
drums, piano and loud guitar with pretty
good isolation.

R-e/p(ML): Let’s talk about how, during
the recording process, you work toward
the final mix. I realize there are some
obuious aspects to betaken into account
during tracking, like setting good levels,
trying to leave yourself space for bounc-
ing, and keeping the good takes. But,
beyond that, are you listening for cer-

tain sounds as you work toward the
mix?

BC: Yes, I'm always working toward
the mix. However, the thing that is in
my head more than anything when I'm
recording is the performance. 1 first
concern myself with the basic sound,
and get that out of the way. Butlately I
really go for the performance, because
now the only sessions I record are those
that I also co-produce. I know that if I
get a good performance and the sounds
are decent, there's going to be no prob-
lem. Obviously the arrangement has to
be right but, hopefully, there’s been
enough pre-production so wedon’t have
to worry much about that.

R-e/p (ML): If you're going to be over-
dubbing certain instruments,during the
tracking dates do you have an idea
where the “holes” will be later?

BC: Yes. When I'm recording I'm
always trying to do a mix, which is why
there are some studios I prefer to workin
— and some I don’t. For example, on a
[split console] I don’t know what to do
because the monitor fader is somewhere
down in the next county! If [ don’t have
my hands on the mix faders I'm thrown
off, and it’s hard for me to get a feel of
what is going on. It’s also partly why I
engineer the things I produce, although
I’'m thinking of getting out of engineer-
ing because[combining engineering and
producing duties] is getting to be too dif-
ficult. But I do like having my hands on
the faders, and having some echo effects
going.

R-e/p(ML): Your various sound textures
are coming together as you are record-
ing the basics and overdubs?

BC: Yes, although it’s not really a com-
plete picture of the final mix, because
usually it will end up different than you
first visualize it.

R-e/p (ML): Do you try to leave a decent
interval between finishing the tracks
and mixing?
BC:Itryto.IfIcan,Iliketoleave a week
or two between finishing the album and
mixing. Also, it’s very difficult for me, if
I have to record something in the day
and then mix it that same night — or
mix anything that same night.

R-e/p (ML): Is that because you are lis-
tening for different nuances during the
mixdown stage?
BC: Yes. With mixing you want to get
an overall picture; you don’t want to
tune in too much on one thing. When
you're overdubbing, you’'re focused in on
specific performances — with the mix
... continued overleaf —

“I just try to get the drums to sound as punchy as possible. The only basicrule
isthat there’s a certain balance between the bass drum and the snaredrum I
always go for, and also a certain balance between the bass guitar and the
bass drum. The blend of those sounds is very important.”
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you want to step back and hsten to the
whole record.

R-e/p (SB): You've been very successful
working strictly as a mixing engineer,
and handling the final mix on projects
engineered by others. Do you approach
those mixes differently than projects
you might have engineered yourself?
BC: First of all it’s a lot easier for me to
mix tracks I didn’t engineer, provided
they are recorded well. Again, it’s hard
to get a good perspective on something
you may have worked on for months.
You’ve heard it so many different ways,
and you know every little thing that has
been played on every track. It’s difficult
to be objective about what is important
to the song.

When somebody brings in a tape I’'ve
never heard before, the first thing I dois
push up the faders and get a rough mikx,
then listen to thesong a couple times. I'l]
solothings once in a while, just to get an
idea of what the instruments are doing.
But I'll listen to the vocal mostly, to get
an overall attitude. Then I’ll break it
down and start building the mix. Some-
times I will listen to a rough mix they’ve
done, but I find it’s better not to do that
— I prefer to get the multitrack and just
start pushing up faders.

R-e/p (ML): You don’t find that listen-
ing to a rough mix is helpful while set-
ting up to mix a track?

BC: No, because that will have a certain
set attitude. Sometimes an artist will
want some sort of feel that they havein
their rough mixes, but usually they’ll
want me to just go for it.

R-e/p(ML): Do you ever receive tapes for
mixing, and push up the faders only to
discover the tracks don’t sound too
good? Would you ever advise them to go
back and try again?

BC: It does happen sometimes. But it’s
difficult to advise them to do more work
because of the time and the money.
Sometimes I'll just sit there and say to
myself, “Boy, I wish this could have
been better.” But then it’s my job to fix
it; to make it sound as good as I can.

R-e/p (SB): Do you ever confer with the
tracking engineer before a project if you
know you'll be mixing it? For example,
the Huey Lewis projects?

BC: No. Basically, his engineer [Jim
Gaines] is very good, although he has a
completely different style from me. He
goes for more of a fat, dead, “Memphis
R&B-kind” of sound. But for Huey that
works, though it can’t be too fat and too
dead, because he’s an exciting artist. It
needs some livelinessinit,soI try to add
that. But the tracks always sound great;
he’s an excellent engineer. I've talked to

him a couple times, but I never say any-
thing about how the tracks were record-
ed. [ enjoy getting tracks recorded dit-
ferently than I would havedone them. It
keeps me more open-minded about my
own recording technique.

R-e/p(ML): And it mustalso expose you
to a wide range of material, with differ-
ent approaches?

BC: Right. That's one of the thingsI like
about the position I'm in now. I don’t
like doing several long projects one right
after the other. I like to break it up by
just doing mixing. Especially for the
next couple of months, becauseI did two
very long projects: Hall and Oates [ Big
Bam Boom] and Bryan Adams[the new
album Reckless]. I had a great time on
both projects, but I'd like to balance that
out. I'll be mixing a Bryan Ferry album
in another month, and I'm sure Huey
will have another one coming in pretty
soon.

R-e/p (ML): You've worked with Bryan
Ferry and Roxy Music before, haven't
you?

BC: Yes, I've done two Roxy Music
albums, Avalon and Flesh and Blood.
When it comes to just pure mixing, his
material is my favorite — they give me
so much space to work with. The music
sort of swallows me; I'll be mixing for a
couple hours and hardly realize where I
am, because I'm just swept away by lis-

, with guitar, synth, and vocal
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averdubs to the slave multitrack al Power Station 8 week later.



You Will Love Them, tool!

This “love” didn’t come “at first sight” to
us at Auratone® Our legendary little
Auratone® Super-Sound-Cubes™ are a
tough act to follow. After nearly a Té
quarter century of experience in the
loudspeaker industry, it took us more
than three years of painstaking design
effort, many consultations with renowned
audio engineers, tough standards of
testing, and thousands of hours of
laboratory evaluation and listening tests
before we were satisfied that the New
Auratone® Quality Sound Monitors
measure up to the expectations of the
millions of Auratone® users worldwide
who rely on the Auratone® reputation for
consistent quality

There is no “hype” or exaggeration
in Auratone® Quality Sound Monitors’
reproduction; just faithfully accurate
sound that gives pure, unadulterated
super star playback performance

Join the super stars and seasoned
audio professionals in the culmination of
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tening. And then somebody will tap me
on the shoulder and I'll say, “Wow, who
putin all of those patch cords?” It’s bril-
liant music, and they’re great to work

with. Bryan’s an extremely sensitive,
understated person; a real gentleman.

R-e/p (SB): It might be interesting to
contrast Bryan Ferry with another artist
you've mixed recently, Steve Van Zandt.
Ferry suggests an open and spacious
sound, where Van Zandt is intense — a
wallof sound. How do you come to terms
with these different personalities, and
decide on the right kind of sound?

BC: With Bryan Ferry it always seems
obvious, and works out naturally. With
Steve Van Zandt, it’s a lot harder for me
to tune into what he’s doing, because it
really is very dense, and there’s not
much room to work in. With him it's
more a matter of squeezing it all into the
record. I use all the little tricks of com-
pression and limiting and EQ, but more

PARTIAL DISCOGRAPHY

Album Productions

Hall and Oates/Big Bam Boom/1984
Bryan Adams/You Want It,

You Got It /1981
Bryan Adams/Cuts Like A Knife/1983
Bryan Adams/Reckless/1984
Tuff Darts/Tuff Darts/1978
Narada Michael Walden/Dance of Life/ 1979
Garland Jeffreys/Guts For Love/1983

Album Mixing Credits

Roxy Music/Flesh and Blood/1980
The Rolling Stones/ Tattoo You/1981
The Rolling Stones/Still Life/1982
lan Hunter/You're Never Alone

With a Schizophrenic/1979
Huey Lewis and the News/

Picture This/1982
Huey Lewis and the News/Sports/1983
David Bowie/Let’s Dance/1983
Bruce Springsteen/Born in the U.S.A./1984
Little Steven/Voice of America/1984
The Divynls/Desperate/1983

Singles Mixing Credits
The Rolling Stone/“Miss You”/1979
Roxy Music/“Dance Away”/1979
Roxy Music/“Angel Eyes”/1979
Bruce Springsteen/“Hungry Heart”/1981
The Clash/“Rock the Casbah”/1982
King Crimson/“Sleepless”/1984
Ian Hunter/“I'm A Teacher”/1984

Other Mixing Credits

The Rolling Stones —

Soundtrack premix of the film

Let’s Spend the Night Together
David Bowie and Hall and Oates

Home Box Office Specials
“King Biscuit Flower Hour” DIR radio
shows for Bryan Adams, David Bowie, and
Duran Duran 000
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than anythmg it's also a matter of
arranging. You have to figure out what
the important things are, and then
underplay what isn’t important. If you
want to maintain a workable mix, it is
much better to underplay the things
thataren’timportant, rather than try to
shove up theimportant things. It'slikea
photograph: Something has to be in the
background to give the depth and pers-
pective. But it’s hard for me to analyze
how I go about establishing this in the
mix, because I do it instinctively.

R-e/p (ML): Do you set up a mix visu-
ally, placing some sounds down in front,
some in back, and then space them
across the stereo spectrum?

BC: Yes, I do, although not to the point
where | can draw you a picture. Some-
times I will set up the mix as a stage
sound. Bryan Adams would be a good
example: I'll have the drumsin the mid-
dle; put the bassin the middle to get it on
the disk; then the keyboards to one side;
and maybe background vocals to one
side asif the bass player was over there
singing. Instead of putting the lead gui-
tarin the center, I'll putit offto one side,
because usually in the band he is off to
the side.

Sometimes I will try some dynamic
panning, if it doesn’t come off sounding
toogimmicky. I did one thing on the new
Hall and Oates album where the lyric
goes, “The dealer changes directions.”
There’s a guitar lick after it that goes
from one speaker to the other, the guita-
rist being the dealer. I occasionally pick
up on a lyric cue, but you have to draw
the line and not make it too obvious.

R-e/p (SB): While on the subject of
dynamic mixing, what kind of control-
room monitors do you normally use?

BC: I have these Yamaha NS-10Ms,
which I guess are getting pretty popu-
lar. I’ve been using them for about four
years now. An engineer at Power Sta-
tion heard them at Motown in L.A. and
liked them, so they got a pair out here. I

put them up and thought, “These will
never work, they sound too good.” But,
just for the hell of it, I did some rough
mixes, took them home, and they sound-
ed right, except they weren’t quite
bright enough. So I put some tissue
paper over the [NS-10M's] tweeters to
tone down the brightness a bit.

R-e/p (SB): Do you use NS-10s exclu-
sively, or do you also refer to the room
monitors?

BC: I never rely on the room monitors;
I've never heard any two pairs of studio
monitors sound alike. So what do you
get used to? You could drive yourself
nuts. It’s hard enough to get used to the
way Yamahas sound in different rooms!

R-e/p(SB): You find that room acoustics
make a difference even with close-field
monitors?

BC: Yes, and what really makes a dif-
ferenceis the console. They sound much
differentsitting over an SSLthan overa
Neve, for example. I'm not sure why —
maybe it’s the angle, or the mass. With
the SSL, I usually set them back on a
pedestal.

R-e/p (SB): Which rooms are your cur-
rent favorites for mixing?
BC: I do most of my work in the SSL
rooms at the Power Station, although I
did the new Hall and Oatesalbumin the
new room at Electric Lady [New York].
When I first started at Power Station,
they had a Neve 8068, non-automated
with no grouping faders — no VCAs at
all. I mixed a lot of records on that con-
sole, including Flesh and Blood, and a
bunch of Chic records. I had used auto-
mation before that, at Media Sound,
which had an API with Allison automa-
tion. I liked the concept of automation
immediately, even though some of those
early systems had problems. I talked the
Power Station into getting one right
away.

R-e/p (ML): Does the so-called “VCA
Sound” bother you at all? Do you prefer
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to mix with a moving-fader servo
system?

BC: No, I don’t like the moving-fader
approach. I see only one advantage to
that technique, and that’s when you
bring an artist or producer into the stu-
dio who doesn’t know about VCAs, and
it lets him know immediately what is
going on. There’s an advantage to a
VCA-based system that makes it much
hipper than the moving fader. With the
VCA design you can do a pass on the
automation where, for example, you are
riding the dynamics of a vocal because
there are a few things you want to
accent. Having done all of those little
rides, on the next pass you can put your
finger back on the fader and do an over-
all relative ride to, say, bring the first
verse up a little bit, but all your previous
dynamic rides are kept. You're just
adding to what you did before. But with
[NECAM], if I understand it correctly,
unless you're grouping, as soon as you
touch the fader, you override your pre-
vious rides. You can move it up and let
go of it, but if there had been a previous
ride at that point youdon’t getitin your
mix.

R-e/p (SB): Concerning the sound of an
automated console, do you not hear any
of the VCA characteristics that engi-
neers claim degrades the sonic clarity?
BC:1don’tknow, maybeI’ve just gotten
used to it! I went from a console without
VCAs to an SSL, and I prefer the sound
of the SSL; I've never had a problem
with it.

R-e/p (ML): Do you use the VCA input
faders during tracking, or fader swap to
the monitor faders?

BC: Generally, I'll run the mikes
through the little faders to the multi-
track. I suppose I do that just because
people tell me the VCAs are doing some-
thing to the sound. But sometimes I
have trouble understanding what peo-
plesay about the sounds of the different
boards. I've heard people say they don’t
like the sound of an SSL, that it has a
cold, sterile sound. Well, I’ve been mix-
ing on the SSL for years, and I don’t
have any problem with it.I think I know
what people are missing, and that’s all
the transformers.

R-e/p (ML): Do you use the individual
compressor/limiter and gating func-
tions fitted to the SSL’s input strip?

BC: Yes, quite a bit. Having one gate per
channel is great, and they work very

well. The company should make them
as outboards for studios without SSL
consoles.

R-e/p (SB): Do you use a lot of compres-
sion, limiting and gating to keep your
mixes strong and punchy? Is that part
of the “high-impact” Clearmountain
sound?

BC: Well, yes and no. I try to approach
each project differently, but there are
some basic things that I do — certain
kinds of echoes I like to use. For exam-
ple, if I get a Huey Lewis tape, I might
use the SSL compressors on the percus-
sive instruments, to change the attack
around quite a bit. But if they don’t
sound good, I'll turn them off; there’s no
one thing you can do in every case.

R-e/p (ML): What about other types of
outboard gear: reverb, pitch shifters,
and that sort of thing? Any favorites?
Any general approaches for using them
ona mix?

BC: One basic item for me is a stereo
pitch shifter. I usuallyv use the Publison

[DHMB89B2] because it’s stereo in and
out, but I also use the AMS [DMX15-80]
or two Eventide [Harmonizers]; it
doesn’t make much difference aslong as
they’re clean. I'll send them off the ste-
reo aux send, and set one side slightly
above the pitch and one slightly below,
both well within 1%. Then I'll just dump
things in to see how they sound — on a
guitar you’ll get this slow flange kind of
sound. Sometimes, if you have some-
thing on the left, and you want to
expand it across the stereo sound field,
youcan add in someright-side Harmon-
izer. It’s never enough to change the
pitch; it's very subtle.

I’ll also keep a stereo slap going, usu-
ally a tapeslap. I'll get[the delay] soit’s
exactly in time, and is doing a quarter-
note or eighth-note delay, or eighth-note
triplet. I'll set it up by ear, usually with
the click track. And, since it’s stereo, if

use it on anything in mono that I select
to the left and right, it will just be a
mono delay. But if I take something
from the left and put it into the right
side, it will go right.

R-e/p (SB): I notice from listening to
your mixes that, with percussion, youdo
a lot of spreading left and right.

BC: Yes, sometimes I'll do that with
separate chambers. Maybe I'll have an
instrument by itself with its own
chamber, all the way to one side. Some-
times I like to give one instrument its
own wacky echo off to one side, so it
sounds as ifitis off in another room, and
you're listening through a doorway. A
good example would be some effects on
the Roxy Music album.

R-e/p (SB): Your drum sounds have
always been particularly impressive.
How do you develop these sounds from
the recording session through the mix?
BC: First of all, I use my own snare
drum. It’s nothing special, just a Lud-
wig Black Beauty, 6% inches deep
which, unfortunately, they don’t make
anymore.

R-e/p (SB): So you just hand that to the
drummer and say, “Play this one?”
BC: Yes, and I tune all the drums
myself. Usually I'll ask the drummer
not to touch the tuning at all, unless
something gets loose. I try to keep lug
locks on them so the drummer doesn’t
have toworry about that at all. IfI have
to, sometimes I'll even go out between
takes to do a quick tune-up.

I’ll try not to put anything on the
drum heads, becausel likedrumstoring
a little bit. If you tune a drum right, and
the guy hits it right, you don’t have to
put any tape on it.

R-e/p (ML): What mikes do you nor
mally use on the drums?
BC:[laughter] Do you really want to
know that? I’'m not sure it really makes
all that much difference.

R-e/p(SB): Perhaps, but at least it gives
R-e/p readers a reference point to work
from.

BC: Well, I really think everybody
should experiment and develop their
own thing with mike technique. But
basically, I use a lot of [Sennheiser]
421s: 2421 onthe bassdrum, and on the
tom-toms, top and bottom. I usually use
a Shure 57 and 81 on the snare, both on
the top. Sometimes I'll use just one,
sometimes both. I use AKG 452s on the
cymbals, although I've just discovered
the new AKG 460, which seems to be an
improved version. It seems to have a

“When somebody bringsin a tape I've never heard before, the first thing I dois push
up the faders and get arough mix...I’ll solothings oncein a while, but I’ll listen to
the vocal mostly, to get an overall attitude. Then I'll break it down and start

building the mix.”
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little more body to it, more derpth. I'n
usually stick up a couple[Neumann]87s

for room mikes, and aim them at the
walls or the ceiling.

R-e/p(ML): How far away do you place
the room mikes?

BC: It depends on the size of the room;
maybe 10 feet away from the walls, fac-
ing the walls.

R-e/p (SB): How many tracks do you
devote to drums, and how do you group
them?

BC: Usually one for bass, one for snare,
stereo drums including cymbals and
tom-toms, and usually a hi-hat, unless
I’'m worried about running out of tracks.
And then I'll have a pair of room tracks,
usually compressed.

R-e/p(SB): Are you still working mostly
24-track, or have you moved up to 46-
track sessions with work/slave tapes?
BC: I'll record on 24 and, if 'm running
low, I'll make a slave and then mix on
46. I'm doing that more these days. |
didn’'tdoitatall with the Bryan Adams
project I just finished, but with the Hall
and Oates we did 46 with everything,
because it was full of tracks and tracks
of synthesizers and drum machines.
[See attached track sheet for “Some
Things are Better Left Unsaid” — Edi-
tor.] There was one song — which didn’t
end up on the album — that had a full set
of drums, a full set of Simmons ... and
Linn Drums forever! We had a 24-track
tape filled with just drums!

R-e/p(SB): I'm curious about one snare
drum sound in particular: the title track
of Springsteen’s Borninthe USA. It has
the impact of a .38-caliber revolver
going off. How did you capture that?
BC: What I did for a few songs on that
album — and I think that was one of
them — was to use the great sound I'd
got from the stereo overhead mikes. The
snare sound was amazing, for one thing
because Max[Weinberg] tunes his drums
really well. The snare drum mike itself
wasn’t happening, maybe because it
was too close, but the overhead mikes
were picking up this “Glyn Johns’ kind
of snare sound. So I just sampled that
intoan AMS, and it became the predom-
inant snare drum sound, although it is
mixed in with the original snare drum
track. It was easy to do because there are
no other drums playing during theintro
part.

R-e/p (ML): So you're triggering that
sound out of the AMS DMX15-80 for
each snare beat?

BC: Yes, any signal you feed in will key
it. You can also put little vocal snippets
into the AMS, and key it off something
like a bass drum. On theintroof the Hall
and Qates album, there are some vocal
bits, singing some Spanish words. By

keying one off the bass drum and one off
the snare, we have these little vocals
answering each other exactly in time
with the Linn Drum.

R-e/p (SB): Do you hauve any general
rules for setting up a drum mix?

BC: Not really; I just try to get them to
sound as punchy as possible. The only
basic rule is that there's a certain bal-
ance between the bass drum and the
snare drum I always go for, and also a
certain balance between the bass guitar
and the bass drum. The blend of those
sounds is very important.

R-e/p(SB): Are you conscious of arrang-
ing the instruments across the stereo
soundstage, particularly with regard to
the mood of a song? On the Springsteen
album, for example, the drums are cen-
tered and fairly dominant in most
songs, but on “I'm on Fire” they are
panned to one side and almost sound
like they're in another room.

BC: Yes, although that song was an
exception. Most of the album isset up so
it’s like watching Bruce while he’s play-
ing on stage. If your stereo is wired cor-
rectly, the organ is on the left, and the
pianois on the right, lead guitaris offto
the right a bit, because that’s how they
set up. But on moody songs like “I’'m on
Fire,” I'll put the drums outside, and
have the spotlight on Bruce asif he was
standing alone with his guitar.

R-e/p (SB): Do you set up your mixes
while working alone, without the artist
or producer in the room?

BC: Yes, usually. Sometimes I will do
complete mixes by myself. I've done
some [mixes for] Australian bands
where they send the tapes and stay
down there. But usually I will set up the
mix alone...Bruce would give me twoor
three hours to set up before he would
come in.

R-e/p (ML): What kind of input do you
like from anartistor producer? When he

or she comes in after you've set up your
basic mix, what do you need to hear
from them to help you finish up to every-
body’s satisfaction?

BC: [laughing] I'd like him to tell me it
sounds perfect just the way it is!

R-e/p(ML): Let’s assume they don't.
BC:I'dlikethem to say thingslike “The
vocal should be more present or more
up-front,” or “The drums are too under-
stated” — those kind of things. The
obvious thing would be to say, “The
vocal needs more echo, sowhydon’t you
put a 7% slap on it?” I'd rather they
didn’t do that; I'd rather they give me a
description of the mood they want,
because that leaves me some room to
visualize itin my head and then go forit;
possibly something more unusual.

R-e/p (ML): Do you prefer to keep the
producer away from the console?

BC: Usually, but once in a while some-
body will have a specific move they
want to do. I was working with Pat
Metheny the other day and he heard
something that [ wasn’t quite getting. I
asked him to give it a shot and he got it
right away. That’s the great thing about
computer automation.

But getting back to taking input from
the artist on the mood, I was working
with the Divynls on their record and
after about three days they sat medown
and said: “You're missing what we are
all about. You're making the mixes too
big, too broad, too high fidelity.” I had
just finished mixing Roxy Music, and I
wasinto Bryan Ferry's big, wide, roomy
sound with lots of delays; they told me
they weren’t into that. They warted
their records to sound small, like a little
spiky ball with sharp edges sticking out
of it. I immediately understood what
they meant.

I went back, listened again, and real-
ized they were absolutely right! I was
working so hard to make records sound
big that I didn't think of going in the
other direction. From then on I tuned
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right into it: they wanted it to sound
jagged, rough, and closed-in. I learned a
lot from doing that. Sometimes records

shouldn’t sound big.

R-e/p (SB): Let’s take a small detour
here and talk aboutdigitaltechnology. I
notice that the only album you’ve rem-
ixed digitally was the Bryan Adams’
Cuts Like a Knife. Why did you mix to
digital on that album?

BC: Very simple. Bryan was recovering
from some surgery after we finished the
tracks, so instead of mixing at Power
Station we went to Le Studioin Canada,
because he didn’t want to be in New
York. They didn’t have a half-inch two-
track up there; instead they havea JVC
[BP900] digital processor. Right after I
did that, I mixed the Bowie Let’s Dance
album, and there were some things
about the top-end on that which I pre-
ferred to Bryan'’s record.

R-e/p(SB): The Bowie album was mixed
to half-inch analog?

BC: Yes, although there were other dif-
ferences. The Bowie project was done
entirely on the SSL, where Bryan’s was
recorded on a Neve and mixed on the
SSL. The first thing I thought of [to
explain the difference in sound quality)
was the digital. But then the Compact
Disc of Bryan’s album sounds incredi-
ble; it sounded better than I ever
thought the record had sounded, even
when we were making it!

R-e/p(ML): Have you recorded any pro-
Jects to digital multitrack?

BC: No, none at all, so I don't really
have any opinion about it. My favorite
medium is the one that is most reliable.
Digital scares me a little bit, because
I've heard stories about things just not
coming back. So I’'m just waiting for it to
be perfected; waiting for a standard to
be agreed upon.

R-e/p (ML): If the reliability factor for
digital was the same as analog, would
having 32 available tracks be an advan-
tage?

BC: Probably, if I could be sure that it
would work, and if I could edit on it,
either electronically or by cutting the
tape. I'd actually prefer electronic edit-
ing, but I can’t see spending all that
money for two machines when I can cut
analog tape.

R-e/p (ML): Do you do a lot of tape cut-
ting on analog multitrack?

BC: It depends on the project. On Bryan
Adams we did a lot; on Hall and Oates
not quite as much, although we did have
to cut some parts out just to shorten the
songs.

R-e/p (ML): And I assume you edit on
two-track after the mix?
BC: Sometimes. For the Rolling Stones
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Tattoo You album, because what we had
was way too long, we ended up doing a
lot of editing after the mix. The record
was 26 or 27 minutes each side when we
finished it; there were 11 songs on it.
Mick said, “We've got to make it shor-
ter,” and I said, “Well, let's take off a
song or two.” He didn't want to do that,
so we went in for about a week and a
half, just cutting little pieces out. Mick
would say, ‘“‘Make this one shorter.” So
I'd goin and take some bits out, and say,
“Do you want to listen to the edit?”
“How much did you take out?” “About
thirty seconds.” “That’s not enough. Go
back and take out a minute.”

R-e/p (ML): Did you dub the mix first,
and edit on the copy?

BC: No, this was the original master
tape, but I kept all the pieces, all care-
fully logged.

R-e/p(ML): Did you have to put some of
the pieces back in?
BC: Yes, a few!

been working with Mick Jagger recently.
Can you say anything about that
project?

BC: Yes, he’s doing a solo album, with a
couple different people producing. The

ones I'm involved with have Nile
Rodgers producing. I've only heard the
one song I mixed, and it was fantastic. It
was interesting to hear Mick singing
with musicians other than with the
Stones, although the particular track I
mixed does have a “Stones-type” feel.

R-e/p(SB): Who arethe musicians play-
ing on the project?

BC: A drummer named Anton Fig; Ber-
nard Edwards from Chic on bass; G.E.
Smith; Rob Sabino, who also was with
Chic, on keyboards — a lot of Nile's
guys.

R-e/p(SB): I notice that you are working
more and more into the role of co-
producer. How do you function when
you're wearing another hat. .. with Hall
and Oates, for example?

BC: Well, with Hall and Oates I’m more
of a glorified engineer, because they
really produce themselves. They take
suggestions from a lot of people, like
Arthur Baker and myself. Actually T-
Bone Wolk, the bass player, deserves

production credit as much as anybody
because he did most of the arranging.
My producing role is more a function of
what I do with the sounds; the way I
work them into the record.

A good example might be a song
called “Some Things Are Better Left
Unsaid,” which is based on Daryl!’s gui-
tar part, and he wanted to have some
kind of interesting sound forit.I setupa
hi-hat pattern with eighth notes on the
Linn, then put his guitar through a gate
and keyed it off the hi-hat. It pretty
much turned the feel around, and he got
right into it. It was probably the feel he
had in mind, but he needed some helpin
gettingit. It’s thingslikethat, where I'm
not actually telling people to do this or
do that.

But sometimes I'll do something with
the sound that will give them an idea to
do something else. I took all the ideas
and made them work together, but all
good engineers and good mixers do that.

R-e/p(ML): Maybe, but it can be a diffi-
cult role sometimes. Engineers can get
frozen in the spotlight, so to speak, and
don’t want to take the responsibility. A
good engineer has to step out sometimes
to make things happen?

BC: Right. And I think Hall and Oates
enjoyed working with me because, no
matter what the situation was, I would
never say, “No, that can’t be done.” I
would always go after it. Sometimes it
couldn’t be done exactly the way they
wanted it, but maybe I could get some-
thing close; there’s always some way to
get the idea on tape.

R-e/p (SB): Right now you're mixing for
at least a half dozen artists, including
Bruce Springsteen and Mick Jagger.
How did you end up in this enviable
position?

BC: I think they must pick up on work
I'd done before. With the Stones, I'd
done a mix for them on “Miss You,”
which originally was supposed to be just
a dance mix. At that time I was doing a
lot of dance mixes, and back then it was
unusual for a rock band to want one.
Because I had worked with Chic and
Narada Michael Walden and other
Atlantic projects — and Rolling Stones
Records had distribution through Atlan-
tic — the head of Rolling Stones
Records, Earl McGrath, suggested they
give it to me for the mix. They liked the
dance mix so much they had me do the
single.

R-e/p (SB): And Springsteen?

BC: That story goes back aways. I did
an Ian Hunter album when the Power
Station first opened; he was one of their
first clients. Ian was friends with some
peoplein a band I'd produced called Tuff
Darts. He came in and played on some
Tuff Darts tracks. He liked the studio,
even though it had just opened and it
was unfinished — there was nodoor, the
floor was bare concrete, the walls were
sheet rock because the wood hadn’t been
put up! He liked the feel of the studio,



and I guess he liked what I did, because
he cameintodohisalbum, You're Never
Alone with a Schizophrenic. lan used
the E Street Band on that project, and
they loved the studio as well. The band
went back to Bruce and said, “You
should come over to this studio and
check it out.” He came over one night,
did a couple tracks, and he loved it —
Bruce recorded The River at Power Sta-
tion. I worked with him for a couple
weeks, but a conflict with a production
project I was doing meant that another
engineer, Neil Dorfsman, had to take it
over to finish the album.

R-e/p (ML): Did you do any of the mix-
ing on The River?

BC: 1did about 10 or 12 mixes for Bruce
in the middle of the time they were
recording — they recorded for about a
year — and he kept one of them,
“Hungry Heart.” So we’ve known each
other since then, and I guess he liked
what I did. Actually, he heard Steve
Van Zandt’s album, which I had just
finished right before he was ready to
mix Born in the USA, and I guess he
liked that, too. So he called me up, I
mixed three sides, he listened to them
and asked me to finish the album. That
was a very well recorded record; Toby
Scott did an excellent job.

R-e/p(ML): From your listof production
credits, I see that you have experience
with mixing for four somewhatdifferent
mediums: records, radio, video, and film.
I'dliketo talk about the technical side of
the Stones movie, Let’s Spend the Night
Together, which obuviously meant you
were dealing with something very dif-
ferent from an album mix.

BC: TheStones movie was actually alot
of fun once the basic editing was done to
conform the multitrack [tapes recorded
live on location] to picture; that was
done brilliantly by Bill Marino at Regent.
[Theinterested reader is referred to Steve
Barnett’s excellent two-part article des-
cribing the application of multitrack
audio production during the re-recording
of the Stones movie, published in the
December 1982 and February 1983 issues
of R-e/p — Editor.)

Some of the edits were very tricky,
because they did some crazy things.
There are a couple places where the pic-
ture edit would turn the beat around.
And there was one place where I had to
repeat a section because half the band
went to a bridge and the other half
didn’t, and then a bar later they all came
together. I did a little offset with the
[Audio Kinetics] Q. Lock, repeated the
instrumental tracks, and took out the
vocal.

R-e/p(ML): If I remembercorrectly, you
prepared a multitrack “premix” that
was used during re-recording of thefilm’'s
soundtrack at Todd-AO in Hollywood.

BC: Basically I gavethem two options. I
was mixing from one 24-track to another
24-track, sol was able to have some flex-
ibility. I gave [the re-recording engi-

neers] five “behind-the-screen” tracks,
because I couldn’t get any perspective
on the surround channel. Then I filled
the other channels on the multitrack
with individual instruments and vocals,
all post-fader and post-EQ. So if they
wanted to, they could turn down the
five-channel mix, put all the other fad-
ers in a straight line, and they would
have an adjustable, “automated” mix.
The echoes were separate, and they
could change speaker assignment if they
wanted to. They told me they basically
kept my five-channel mix and occasion-
ally would add something, a little more
vocal usually.[The six-track mix of Let’s
Spend the Night Together was re-
recorded in the original “discrete” six-
track Todd-AO format, which employs
five fullrange channels behind the
screen. Currently, most six-track film
mixes are mixed in the Dolby “baby
boom” format, which only has left/cen-
ter/right full-range channels; left-and
right-center channels contain only bass
information below 200 Hz — Editor.]

R-e/p (ML): You didn’t go to the final
re-recording session at Todd-AO?

BC: I couldn’t, because I was producing
a second Garland Jeffreys album at the
same time. Actually, to start with I
didn’t even know I was going to be work-
ing on the movie. I was mixing the live
album [Still Life, when Mick Jagger
casually mentioned, “Well, when youdo
the mix for the movie . . .” and I go,

“What?” because I already had all these
projects lined up for the rest of the year.
But the fact that I'd done the live LP
helped the movie mix go quicker, because
I was familiar with all the songs. Of
course mixing with five speakers behind
the console is different than mixing
with two. It sounds so cool, sitting
behind these five Yamaha [NS-10]
speakers, and there are so many differ-
ent things you can do.

R-e/p (ML): Let’s move on to another
audio-visual medium, the HBO TV spe-
cials you've mixed for David Bowie and
Hall and Oates. Did you mix those in
stereo?

BC: Yes, because usually there would be
an FM simulcast with the first showing.
I mix those pretty much like a live
album, although I'd watch the picture to
accent certain thingsthat appear on the
screen — hopefully you have a final
video edit to work from. Sometimes it’s
difficult if they’re going to re-edit, as
they did with the Bowie show. But with
those projects the mostimportant mixis
the mono, so I brought in an old, cheap
TV that was sitting around the Power
Station, and ran the audio through that,
after squashing it through an LA-2A
[limiter] to simulate what [the TV sta-
tions] will do to it. I work to keep the
stereo as compatible with the mono as
possible, by not panning anything
extremely and watching phase very
carefully. . .. continued overleaf —

Now, Controlling Room Acoustics
Is As Easy as 1,2,3.

Introducing Soundex™
Acoustic Control Panels

providing over 20 db of
broadband sound attenu-
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studio, or hotel lobby,
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Soundex Acoustic Control
Panels are a simple, attrac-
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high density fiberglass mix-
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“When you’re overdubbing, you're focused in
on a specific performance — with the mix you
want to step back and listen to the whole

record.”

But when it comes on TV it’s gone
through who knows how many com-
pressors, and is usually noisier than hell
because it’s coming off a piece of video-
tape that was not made to record audio
in the first place.

The Hall and Oates special wasn't
bad but on Bowie's show they added
applause and a lot of echo; I don’t know
why they did that, because there was
plenty of echo to begin with. The Hall
and Oates project was actually a remix,
and I think one of the reasons Daryl
didn’t like the original mix was because
of all the sleazy applause tracks added
in later.

I enjoy doing them, but it scares me
because I don’t think I’ve done one yet
where it came out the way I thought it
should.

R-e/p(SB): Iassume that you have more
control with record projects because you
work very closely with mastering engi-
neer Bob Ludwig at Masterdisk. Will
you lose that kind of control with Com-
pact Disc mastering?

BC: No, because the final Sony 1610
masters used for the CD are done by Bob
at Masterdisk. So anything we’ve done
for the record is done for the CD, unless
we decide differently. Bob is very con-
scientious about that. In fact, he was
telling me that when he makes the dig-
ital master, he will sit there and watch
the meters through the whole album
once to see what kind of headroom he
has, so that the loudest point in the
record just touches the limit. That way
he gets as much dynamic range on the
CD as he can.

R-e/p (SB): Of course, you could get into
trouble while mixing for “‘super-fi”
homesystemswith that kind of dynamic
range, because most people who listen to
your mixes don’t have them. Do you
check your mixes on more conventional
playback systems — Walkman-type
portables, boom boxes, car stereos?

BC: Yes, I try to. On this last Bryan
Adams project, we had a couple of those
little Aiwa speakers you use with a
Walkman. We would run the mix onto a
cassette, stick it in the Walkman, listen
toit, and listen on headphones. The only
thing I usually don’t check it on is the
big studio monitors, although every so
often we'll turn them on just for alaugh!

R-e/p (ML): As Music Videos gain in
popularity, some video directors are
going back to the multitrack to add
effects and dialog, and then remix for
that medium. Is that an area that inter-
ests you?

BC: Sure. I'd love to be involved in it,
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though the film-sound mixers and
effects guys have the experience, and
already know all the tricks of the trade.

R-e/p(SB): But thevideo soundtracksof
the songs you have mixed are basically
just straight dubs of your record mix?
BC: Yes, up to now. But tomorrow night
I’ll be doing a mix of Hall and QOates’
“Method of Modern Love” just for the
video, because the director decided he
wanted to accent something that
happens in the track — it’s just one
small vocal move; the rest of the mix will
be the same. Since it’s all on the SSL
with Total Recall, we’ll just put on the
floppy disk and it should all come out
the same. We hope. There are problems
with that — not with the SSL, but with
outboard equipment.

R-e/p (SB): What kind of problems?
BC: Because I'm doing all my mixing
with SSL automation, I'm coming back
to “fine tune” a lot of mixes. On the
Bryan Adams album, for example, we
remixed everything on the album at
least once, and one song we remixed six
times in three different SSL rooms,
using Total Recall. The Total Recall
system works amazingly well, espe-
cially if you're using the same specific
board; if you're using a different board
in another studio, there can be slight
differences but it usually works fine.

The big differences come from the
outboard equipment, and that's what
canreally getinto trouble trying to reset
levels to match a previous mix. So many
of these companiesdon’t have true unity
gain settings. One digital delay has an
input level on the front, and the output
level is on the back. What are the manu-
facturers thinking? “Aha, this will get
them! Let’s put this on the back where
they can’t get to it.” Down at Electric
Lady I spent half the time crouched
behind the rack, trying to make the
input and output levels right. But who
knows where they should be in relation
to each other? They should have a unity
gain switch, or aninput and output con-
trol inversely proportional, so you can
get the right level on your headroom
meter, but still have the same level com-
ing out.

R-e/p(ML): Why would you need input
and output controls at all?

BC: You might if you want to optimize
the signal-to-noise of that unit, or to add
gain at the input.

R-e/p (ML): But don’t most consoles
have master send controls to let you
trim the level to the outboard unit?

BC: Right. All youreally needisa +4 in

and +4 out. So why do they put these
ambiguous level controlson? One DDLI
use regularly is a $10,000 device, with
remarkable sound quality, and every-
thing about it is fantastic — except for
the inputs and outputs. It's a stereo
device, and both outputs are ganged to
one pot — two separate input levels but
only one output level. It’s crazy! They
have numbers 1 to 8; what does that
mean? [ find that +4 is somewhere
around 7. But then where do you set the
output level? What’s optimum? Why do
they do this to us? How do you come
back to a mix? You have to mark down
that the knob was at “7-plus-a-little-bit.”
If they're going to have these controls,
at least give us a switch to give us +4 in
and +4 out!

With the complexity of the mixes I'm
doing now, it can be very annoying deal-
ing with these things time after time:
With the outboard level problem, we
have to put tone through every piece of
outboard gear and line it up before we
start, which takes an extra half hour.

R-e/p(SB): With all these new complexi-
ties, do you sometimes long for the
simpler days, back when you first
started in this industry?

RP: It sure was different! When I was
working at Media Sound, I used to do
projects with people like Al Martino and
Englebert Humperdink. I'd line up all
the faders, put the vocal about 20 dB
louder, and add tons of echo — each
song would be the same. When you got
to the next song, you wouldn’t even
break down the board because the
tracks were all in the same places.
Times certainly have changed since
those days.

R-e/p(SB): Anyplans forthe immediate
future?

BC: Yes, a vacation — even if only a
short one. A day off every year or so
would certainly be nice! L[ [



Discover the recording consoles that keep
the patchwork out of your creafive work.

Presenting the Ramsa’8-Group Consoles.

The WR-T820 and WR-T812. Both have an eight-group
output section that'l! give you the control you want over each
track, through each phase of the production. With minimal
repatching.

You can record and overdub through the eight-graup out-
put section. Or go directly out from the input modules. And
with the WR-T820 the eight-group output sections have two
outs. So the unit will effectively function as a 16-out console
for 16-track recording.

Both consoles have separate inputs for mike, line and
tape to let you mix whatever vocal, instrument or tape track
you want.

And if you want to isolate any part of the mix, just hit

Please send me more information about the Ramsa™ WR-T820.
and WR-T812

Name___

PLEASE PRINT

Address_____ —

City____ ______ State Zip— =

Phone (

Return Coupon To: Panasonic Industrial Company, Professional
Audio Systems, One Panasonic Way, Secaucus, N.J. 07094.

the stereo-in-place solo switch. And the tracks you want wi
come up in sterzo.

The tape monitoring section allows you to mix bcth tape
and live trecks simultaneously. Effectively increasing the
number of inputs for overdubbing.

You'll also find both have a powerful thwze-bznd EQ with
sweepable frequency to give you greater precision.

And to help you keep an eye on everytt ing, you've got the
option of either an 8- or 16-section LED meter oridge.

So if you'd rather spend more time maxing musiz and less
time making patches, discover the recorcing ccnsoles that'll
make the most of your time. And your mcney. The Ramsa
WR-T820 and WR-T812.
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Panasonic
Industrial Company
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ound-reinforcement systems
come in all shapes and sizes.
When an Event Coordinator
casts aroving eye on the wide variety
of audio hardware available on to-
day’s sound reinforcement scene, it
can look like a jungle out there. What
gear should be specified? How does it
get to the site? Who will operate it?
The 1984 Summer Olympic Games,
held at various venues within the
greater Los Angeles area during July
and August of last year, presented a
formidable challenge to the sound
reinforcement community: Inter-
national broadcast feeds, a plethora
of portable spectator and press-
interview sound systems, and a new,
permanently-installed sound system
for the 90,000-seat Los Angeles Mem-
orial Coliseum were all part of the equation.
In an effortto obtain a single-source
supplier for all its sound reinforce-
ment needs, the Los Angeles Olympic
Organizing Committee put forth a
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request for bids to various sound-
system manufacturers. The Los
Angeles-based consulting firm of
Smith, Fause & Associates was hired
to survey the various sound system
requirements, and assemble bid spec-
ifications. Nearly a year before the
Olympic Games actually took place,
Panasonic Industrial Company’s Pro-
fessional Audio Systems Division had
been chosen to supply its RAMSA
product line.

“Perhaps the single greatest con-
cern of the LAOOC,” explains Tom
Bensen, marketing manager for
Panasonic’s RAMSA New Technol-
ogy Product Group, was that a broad-
based equipment supplier with a
proven track record be named the
single-source supplier for sound rein-
forcement needs. The RAMSA gear
had proven itself in heavy-duty use
for special events such as the 1982
World’s Fair. And the company’s abil-
ity to supply everything from micro-

TEM INSTALL
FOR THE SUMMER OLYMPIC GAMES

Panasonic RAMSA Sound-Reinforcement

Systems Installed and Operated by dB Sound
by David Scheirman

TION

phones to loudspeakers, including the
super-directional horns necessary for
the Coliseum sound system, gave us
an edge.”

Even the largest manufacturing
firms often do not maintain staff per-
sonnel to set up and operate their pro-
duct lines in actual-use situations. dB
Sound, Inc. of Des Plaines, Illinois,
was chosen by Panasonic as the sub-
contractor best suited for sy stem pack-
aging, installation and operations.
Perhaps best known asa supplier and
operator of high-level sound rein-
forcement systems for touring use,dB
Sound was able to draw upon such
resources as an in-house case and
cabinet manufacturing company, and
access to a wide variety of support
equipment lines through a separate
division for retail sales, known as
Music Dealer Service.

“Wehavehad atremendous amount
of experience dealing with outdoor
festivals and multiple-stage setups,”



OUR NEW BABY

Announcing the arrival of the MTR-90’s lit-le brother;
Otari’s one inch, 16 channel MX-70. A multitrack mas-
tering recorder that lets you do virtually army- -

thing you want to do in audio, affordably. (‘/, .

The MX-70, specifically designed for multi- '
track recording, derives its features from
our experience with MTR-90 customers
and their applications. For example, the
“70’s” microprccessor controlled constant
tension transpart is ideal for use with
SMPTE time cade-based video editing sys-
tems, machine controllers, and synchroni- ‘
zers. Its “3-way” design (1 inch 16 track; 1 *®
inch 8 track, and Y% inch 8 track) allows
conversion right in the studio, so if need be, each
session could be done on a different format. And as
your needs change, this machine will stayowith you all
the way up to 16 tracks—you won'’t be left behind as
your business grows.

The new MX-7C for Recording Studio, Audis Post Pro-
duction, and Broadcast Production. You can see why
we're so proud of our new baby. We know you will be
too. From Otari: The Technology You Can Trust. Otari
Corporation/recording, 2 Davis Drive, Belmont, CA
94002, 415/592-8311, Telex: 910-376-4890.
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THE MICROPHONE. An instrument for the
vocalist.

Any performer who is serious about delivering
vocals to the audience must work his microphone
just as a musician masters an instrument. The
microphone should reproduce the vocals accurately
and must have good “gain-before-feedback” for
concert situations.

The Peavey Celebrity Series Microphones are
designed to have everything. .. except competition.
We invite comparison of our microphones with
other cardioid microphones. You'll see why we feel
that in terms of performance, features, and price,
there is no competition. Just ask Gary Morris.

Gary will be playing the lead male role (opposite Linda
Ronstadt) in the New York Shakespeare Festival
production of “La Boheme”. Catch him at this event or in
concert in your area soon.

(For detailed information on Peavey Celebrity Series
Microphones, send $1.00 to Dept. Celebrity, Peavey
Electronics Corporation, 711 A Street, Meridian, MS

39301.)

®

PEAVEY ELECTRONICS CORPORATION
711 A Street / Meridian, MS 39301/ U.S.A.
Telephone: (601) 483-5365 Telex: 504115
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SOUND FOR
THE OLYMPICS

confides dB sound owner/partner,
Bruce Gordon. “We were very much
aware of the potential problems asso-
ciated with setting up and operating a
group of sound systems in many dif-
ferent environments, with a tight
schedule to work with. Our expertise
in this area made us a good choice to
deal with the actual setup and opera-
tions of the systems. As it turned out
though, the advance packaging and
system preparation took much more
time and energy than actually servic-
ing the events.”

To keep in touch with the rapidly
changing system specifications prior
tothe Games, dB Sound set up a 3,500
square-foot office and shop in cen-
trally located Hawthorne, California.
Jim Ash was appointed directorof the
new dB/West operation in the fall of
1983.

“Inthebeginning, things were very
vague, just ideas with no form,” Ash
notes. “On the second Wednesday of
every month, starting in July '83,
there was a status meeting during
which the LAOOC would take a look
at how the ‘final plan’ was doing. The
only problem was that the ‘final plan’
kept changing! We realized early on
thatifthis whole project was run from
the corporate level, it could be in trou-
ble when the deadline came around.
So we decided to take the ball and run
with it.”

dB Sound assumed responsibility
for the assembly and operation of 39
temporary sound systems, for use in
at least 24 different venues during the
Summer Olympics. Spectator sound
systems were required wherever pub-
lic groups were assembled to watch
the various competitions, plus athlete
call-up systems for use in paging
competing athletes from the practice
areas. In addition, 26 press-interview
svstems were left set up in each press
room at the different sites.

A total of 930 speakers, 250 micro-
phones, 215 amplifiers and 57 mixing
consoles were included on RAMSA's
equipment supply list for these sys-
tems. In addition, ancillary gear such
as cassette decks, turntables and
equalizers were provided. The bulk of
this latter equipment came from
Panasonic’s Technics Division.

The system-use period stretched
from July 27 to August 12, when final
closing ceremonies were held at Los
Angeles Memorial Coliseum. Event
sites stretched from Malibu Beach,
northwest of Los Angeles, to Fair-
banks Ranch in San Diego County.

“Once the two main installed sys-
tems [at the L.os Angeles Memorial
Coliseum and East L.A. College| were

Figure 1: dB Sound crew installing Pana-
sonic WU-566/2 driver on WU-5948 long
throw horn for L.A. Coliseum main
speaker cluster.

in and operating, and the smaller por-
table system packages put together,
the project became an exercise in
logistics,” notes dB’s Jim Ash. “With
everything pretty well set up ahead of
time on paper, we were able to deter-
mine what our transportation, com-
munications and personnel needs
were. Each system and each site had

its own special needs. It was up to us
to assemble equipment racks with
patchbays to suit each system.”

Sound System for Los Angeles
Memorial Coliseum

By far the most complex sound-
reinforcement system used during the
1984 Summer Olympics was the dual-
source, permanently-installed cluster
svstem designed for the L.A. Memor-
ial Coliseum. Designed with the help
of a VAXII/780 main-frame computer
manufactured by Digital Electric
Corporation, the Coliseum system
featured RAMSA's new WU-S948
super-directional long-throw horn
(Figure 1).

The concept of hall computer simu-
lation developed by Acoustic Research
I.aboratories of Matsushita Electric
Industrial Co., Ltd., is based on an
“acoustic ray’ method, which report-
edly offers the advance czalculation of
sound-source effects on acoustical
spaces. Input data may be weighted
according to the directivity factor of
various loudspeakers, as shownin the
block diagram, Figure 2.

Chiefsystem engineer Kimio Takei,
of Matsushita’s Audio/Video Div-
ision, supervised the installation and
setup of the Coliseum system, which
featured 16 WU-S948P horns, 12 WU-
S968P twin-Bessel horns (Figure 3),
and 24 RAMSA WU-S907/8WP 15-
inch waterproofed bass loudspeakers.
Twin loudspeaker housings, measur-

Figure 2: Block Diagram of Acoustic Ray Method to Calculate Overall
Directivity and Coverage of Sound System Components Specified for
Summer Olympics. (Taken from “Technical Report of Sound Pressure
Distribution by Computer Simulation for the Los Angleles Coliseum,”
by Katsuaki Satoh, chief engineer, Acoustic Research Labs, Matsushita

Electronics Industrial Co. Ltd.)
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SOUND FOR
THE OLYMPICS

ing 15- by 15-foot contained the louds-
peaker arrayvs, which were powered
by 30 RAMSA WP-9210 dual 200W
amplifiers (Figure 4). Model WZ-9320
equalizers and WZ-9420 electronic
crossovers also were installed in the
svstem.

dB Sound’s Jim Matheson headed
theinstallation team for the Coliseum.
Overall system performance parame-
ters were met, the engineer reports,
including the requirement that a
sound pressure level of at least 91 dB
be measurable at the back rim of the
Coliseum, approximately 1,200 feet
from the sound source.

The svstem’s tront-end includes a
RAMSA WRO0-8616 mixing console.
One of this product’s unique features
1s a six-channel remote start/stop
control section for program materials
using turntables or tape cartridge
machines.

(One important note: the LAOOC
let the audio services contract for
Opening and Closing Ceremonies at
l.os Angeles Memorial Coliseum to
Estrin Associates, Inc. Subcontractors
Best Audio and Stanal Sound pro-
vided equipment and technicians for
Just these two events.)

East Los Angeles College

A second. permanently-installed
sound system that was left behind
once the Olympic Games had con-
cluded 1s at East LL.A. College’s out-
door stadium (Figure 5). Here, twin
speaker towers flank the large score-
board at Weingart Stadium.

“At first, wethought there would be
aneighborhood noise level problem,”
Ash recalls. “The stadium is very
close to the adjacent residential area.
And thespeaker systemthat we putin
there is capable of producing truly
‘rock-and-roll’ sound pressure levels.

Figure 3: The Coliseum system comprised 16 Panasonic WU-S948P horns, 12
WU-S968P twin-Bessel horns, and 24 RAMSA WU-S907/8WP 15-inch water-
proofed loudspeakers.

It serves only 25,000 persons, com-
pared to the I.A. Coliseum’s 90.000
seats, vet it has approximately two-
thirds the number of hasstransducers.

“That system is going to serve the
college well for vears to come, no mat-
ter what type of program material
they throw atit. Asit turnsout, many
of the area residents actually enjoy
being able to hear the college’s athletic
events, which are all held during the
daytime hours. So that system’s long-
throw capabilities do not present a
problem.”

The East LL.A. College system fea-
turesa RAMSA WR-8112 mixing con-
sole that 1s housed in a control room
overlooking the plaving field (Figure
6).

Santa Anita Race Track
Theonly hanging svstem to be used
at any Olympic Games site was sus-
pended from a steel basket at the

Santa Anita Race Track ... and then
not used!

“We flew the cluster at a central
point in that facility,” Ash continues.
“Right from the start, it turned out to
be a problem because the broadcast
commentators were positioned
directly underneath the speaker plat-
form. This meant, of course, that there
was a bleed-through of spectator-area
announcements into the on-the-air
microphones. That was not acceptable.

“At first we tried re-equalizing the
system, and turning down most of the
low-frequency components. Ulti-
mately, a set of separate perimeter
speaker units was required to solve
the problem.”

Equestrian events were held at this
world-class thoroughbred horse rac-
ing facility. The temporary sound
reinforcement system added for the
Olympic events serviced spectator
crowds numbering in excess of 50,000.

Figure 4 (left): Power for the L.A. Memorial Coliseum loudspeaker arrays was provided by 30 RAMSA WP-9210 dual 200W

amplifiers.

Figure 5: (right): At the East Los Angeles College towers were located either side of the Weingart Stadium’s large scoreboard.
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WE FIRED OUR AD AGENCY
BECAUSE THEY COULDN'T
DESCRIBE TURBOSOUND WITHOUT
THE USUAL HYPERBOLE.

Advertising’s not our business, but
we assumed that something as unique as
Turbosound should practically describe
itself. Qur agency kept telling us to
“stress the benefits, not the features. but
the printed page has a way of reducing
those benefits to the same glowing
terms everyone uses in speaker ad-
vertisements. Those worn-out super-
latives reduced Turbosound to just
another version of the over-processed,
two-dimensional “PA sound” concert-
goers have been enduring for the last
decade. That it most definitely is not,
as you know if you've heard Turbo-
sound. For those who haven't, we
offer the following mildly technical

to the back row, with clarity and pres-
ence. The high frequency driver also
performs better thanks to TurboMid,
because it no longer strains to cover
the upper midrange.

The TurboBass' Device

Conventional ‘bass bins' rely on en-
closure volume (typically over 20 cubic
feet). mouth area and path length to gen-
erate adequate low frequency energy.
They require compromises between sys-
tem size and weight, efficiency and bass
response, cone diameter and transient

Bold Line—Turbosound
Dotted Line—=Conventional r — Nocal Range

exposition of our unique solutions
to the problems inherent in typical
speaker designs.

Conventional wisdom consid-
ers enclosure design to be the
art of compromise, but trade-offs L1
never produce artistic or technical
exceilence. Our refusal to accept the
usual limitations is one reason Turbo-
sound is different by design.

The TurboMid™ Device

Typical PA systems compromise the
integrity of the midrange,
dividing it between a cone
speaker and a horn-loaded
compression driver. The
“seam” between two types of
sound source causes colora-
tion and phasing problems,
too high a price for the in-
crease in projection and effi-
ciency. The patented Turbo-
Mid device, a new method
of horn-loading, allows our
proprietary 10" speaker to
reproduce the full midrange
from 250 Hz to 3700 Hz. It
projects vocals, piano, guitar,
snare drums, etc., all the way

M ] lhéﬂ

230 350 th 1doo 3700
response. The muddy. undefined sound
produced by those bulky, heavy stacks
blunts the impact of kick drums, bass
guitar, synths, etc.

Our solution is the patented Turbo-
Bass device, a partial horn-loading tech-

20K

O Turbosound

nique which pressurizes both sides cf
the speaker cone. It enables our TMS-4
full range enclosure, for example, to
develop a peak SPL of 132 dB at 45 Hz
in a total enclosure volume of only

14% cubic feet. The uncompromised
accuracy and physical punch of Turbo-
sound’s low end make a difference you
can feel as well as hear.

TMS Series
Full Range Enclosures
TurboBass and TurboMid devices
work with high frequency assemblies as
~ aunified system in our TMS Series
I enclosures, producing a phase-
coherent, amplitude-aligned wave-
| form without the limitations in dyn-
amic range imposed by compensa-
tion electronics and “special” pro-
cessors. Our uncompromising
approach to materials and design
has made Turbosound the choice
of leading industry professionals
around the world; from Bowie to the
BBC, from Culture Club on tour to a
permanent installation in Carnegie Hall.
Because, in the hands of a knowledge-
able sound reinforcement professional,
Turbosound transmits the.energy and
excitement created on stage
to every seat in the house.

Back To Square One

Conveying the realism and
dimensionality of Turbosound
with a vocabulary already de-
based by extravagant adver-
tising claims really is an
impossible job. We can only
suggest that you audition Tur-
bosound in concert, or call us
for the name of your nearest
dealer. We know you'll feel the
difference you're hearing. And
if you find the way to put it
into words, please let us know.

Turbosound, Inc. 611 Broadway #841. New York. New York 10012 {212) 460-9940 Telex 960127
Turbosound Sales Ltd. 202-208 New North Road. London N1 7BL (011 226-3840 Telex 8812703
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University of Southern California

A spectator area holding 11,000
persons for the new Olympic swim-
ming pool and diving well, built on
the USC Campus for the 1984 Games,
was served with a temporary system
(Figure 7).

"Thesynchronized swimming event
required some real problem-solving,”
Ash says. “Kenny Landis actually
had to do a lot of jumping into the
water himself when that svstem was
being set up, since digital delay units
were required to compensate for the
distance between the spectator
speaker syvstem and the pool, for
instance. And then you take into
account the fact that sound travels
faster underwater than it does in the
open air . . . it took a /ot of pre-event
adjusting to get that one right. We
even brought in a svnchronized
swimming team to make sure that it
would be right for the actual compe-
tition.”

Separate portablesystems were provi-
ded for the swimming and diving
areas, and comprised RAMSA WS.
100 loudspeaker units perched on
tolding tripods (Figure 8).

Fairbanks Ranch

Perhaps the mostdifficult system to
set up in a short amount of time
served the equestrian endurance
events, held at Fairbanks Ranch in
San Diego County. Here, a delay in
grounds preparation on the far-flung
golf course cut a scheduled three-day
setup time to less than 24 hours.

““An amazing amount of pre-
planning was done down there,” Ash

———— o,
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Figure 6: Sound mixing duties at the East L.A. College were handled by a RAMSA
WR-8112 console located in a control room that overlooked the playing field.

confides. “The horses never actually
got onto the fairways, so there wasn't
much sod camage. However, the var-
1ous crowd locations requaired a large
number of separate loudspeaker horns
mounted on poles, all strang together
on a 70-volt [distribution] line.™

dB projeet manager Bruce Gordon
recalls that the uneven terrain pre-
vented the use of the planned pickup
trucks forsystem installation. “*When
they finally let us in there, we had so
little time left that we commandeered
two front-loaders with balloon tires,
and worked with two, three-man
crews, racing to get all of the 80 pag-
ing horns up. We had to siphon fuel,
hot-wire the things . . . you name it.
The system was put up and taken
down in time, and we didn’t go over

Figure 7: Temporary sound mixing for the swimming competitions held at the new
USC pool and diving well comprised a pair of RAMSA consoles and outboard

equipment.
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budget. It took milesof cable, though!”

Lake Casitas

Rowing and canoeing events were
held at lL.ake Casitas in Ventura
County. 80 miles northwest of Los
Angeles, where the approximate seat-
Ing capacity in the spectator area
totalled 10,000 persons (Figure 9).

“Here. we had some unique prob-
lems to solve,” savs Ash. “We had a
separate system for the speetators,
and one for the athletes’ call-up area.
The athletes wanted to hear the gen-
eral commentary, in addition to being
able to receive paging calls. You also
had asystem at the judging tower and
the finish tower . and a 2,000
kilometer distance between the two!”

A special transmitter designed spe-
citically for the events by Motorola
was carried aboard the ABC network
boat, and the commentators’ dialog

Figure 8: Olympics gold-medal winner
Greg Louganis catches results at the
USC pool beside WS-100 tripod-mounted
loudspeaker.
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offered as an input signal to the ath-
letes’ sound system via a receiver.
"Provision was also made for the boat
tobeableto flip aswitch,” Ash recalls,
“and be in communication with the
judging tower over their walkietalkies,
then flip back to broadcast mode. The
sound reinforcement svstems only
heard the actual commentary.”

El Dorado Park

Archery events were held in El
Dorado East Regional Park in Long
Beach, an 800-acre recreational area
that includes an archery range built
in 1972, and the only one of its kind in
Southern California.

"“This was one example of our crews
having to take the blueprinted plans
of a site and making on-site decisions
of changes,” Ash notes. “The draw-
ings that we had depicted speaker
locations at three different ranges . ..
30-meter lines, and so on. When we
actually got there, it turned out that
what they needed were three separate
svstem operations, but not different
systems on the different ranges. They
needed to address the competing
archers at the firing line, address the
spectators, and also do an athlete call

to the ready area. And the competi-
tion area was divided into men’s and
women's groups.

“One console was able to address
various speaker zones: panpot to the
left, vou were talking to the men’s
area: panpot to the right, vou ad-
dressed the women: and the monitor
outputs bus accessed the 8,000-seat
spectator area.

“This was just one of many instan-
ces where we were ableto cut down on
the number of actual svstem compo-
nents required by doing a little signal
routing. But it usually evened out,
hecause other sites sometimes required
more gear than was bargained for
originally.”

Il.ong Beach Arena

Some eventsites, including the Long
Beach Arena, were already well-
equipped with permanent sound sys-
tems and operating personnel. “For
these sites, not much was necessary
but to drop off the press feed system,
which included microphones, WS-11U
speakers on tripods, a WP-9210 ampli-
fier, and a WR-130 mixer, and then
check occasionally to make sure that
evervthing was functioning correctly.
Credit should really go to Joel Marx of
the LAOOC’s Audio-visual division,
who kept track of a tremendous
amount of the smaller gear at many
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Figure 9: Panasonic long-throw horns
were used at Lake Casitas to cover the
10,000-capacity spectator area for
canoeing and events.

venues,” Ash confides.

Pepperdine University

Water Polo events held at Pepper-
dine University's Raleigh Runnels
Memorial Pool were viewed by 5,000
personsinan outdoorsetting, where a
roof-mounted loudspeaker system ad-
dressed the site (Figure 10).

“Atthis site, we were asked to allow
the commentators himself to run the
sound reinforcement system also,”
explains Ash. “The television people
did not want to see another technician
on-camera because of limited space at
the console area. This did happen
occasionally ... but, as ageneral rule,
commentators are well-versed in audio
operating techniques. And we had a
man only 10 feet away from the con-
trols at all times that the system was
in use.”

And Afterwards...
. Cable Mountain

What do you do with the miles of
Connectronics and Belden microphone
and speaker cable left over from a ser-
ies of events such as the Olympic
Games?

“All told, we probably used 25,000
feet of Belden mike cable, and 20,000
feet of 12-gauge zip cord,” Ash recalls.
“Just in the various types of speaker
cabling, we ended up with over nine
miles’ worth.

“As each system was taken down
for the last time, it was all brought
back to the shop. System components
were boxed up and loaded into a semi-
trailer for shipment back to RAMSA.
All of the cable, though, went into a
huge pile to await cleaning and sort-
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Yet, few manufacturers mea-
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mance of their micro-

. phones, and fewer still
= publish these data.

-

Bruel & Kjaer designed its 4000 series to exhibit uniform
phase response across the entire audio spectrum not only on-axis but
off-axis. These phase response characteristics are matched within 10°
(5° on some models) to assure a stable, undistorted image when
you work in stereo. And we publish them in our brochure so
you know what you're getting before you purchase.

if you like to read response curves, request our literature. If you
like to hear clean transients, call us for a demonstration of
B&K 4000 series microphones in your space.
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ing out after the events. The shop
crew started calling it ‘Cable Moun-
tain’ once the pile became about
shoulder-high.”

Some system components were sold
to regional customers after the Games,
Ash says. “Several of the school audio-
visual departments were sufficiently
impressed with the RAMSA mixers
that we have seen additional retail
sales as a result of using the tempor-
ary sound systems at those sites.
However, probably the most positive
aspect of our involvement with the
Games has been the permanent estab-
lishment of a West Coast office. dB
also now has anewdivision to handle
the design and installation of com-
mercial sound systems. And we have
proven that the company has an abil-
ity to service world-class special
events. There has already been dis-
cussion concerning the provision of
consulting services for the 1988
Olympic Games to be held in Korea.”

Logical Overview

dB Sound maintained 22 salaried
technicians for the Olympic Games
sound reinforcement project, a figure
that included seven “key’ people who
acted as crew chiefs and supervisors.
Aninformallocal labor pool was relied
on to some extent, but a majority of
the work force were prior dBB employees.

“Wehad a standby system operator
on line for every single event,” notes
Ash. “Paul Brin took charge of ‘Con-
trol Central' . .. he made telephone
calls to check on prompt arrival of the
crews at the sites. There were so many
variables to keep track of, such as
freeway traffic and schedule changes,
that we made sure to have a backup
crew ready at every venue.”

Crew accommodations were varied:
motel rooms were rented in San Diego
County for the Fairbanks Ranch
installation; crew members for the
system at Lake Casitas relied on a
rented motorhome parked in a camp-
ground space; while the majority of
the events were serviceable from the
Los Angeles area.

Due to the staggered scheduling of
events at various sites, system instal-
lations did not all occur simultane-
ously. “We were able to take down one
system, sort everything out, and then
use the same crew and gear to meet
another deadlinein many instances,”
Ash recalls. “We relied on two trucks,
three station wagons, and a van to
cart the gear around. Only once did
we have to schedule a rented Ryder
truck.”

Communications became the most
important part of the operation. “We

. S »
Figure 10: Roof-mounted RAMSA loudspeaker clusters at Pepperdine University’s

Raleigh Runnels Memorial Pool, where 5,000 spectators attended Olympics water
polo events. The sound system was operated by the event commentators.

used Motorola pagers with alpha-
numeric displays,” the engineer
advises. “Messages were passed back
and forth between our key people in
that fashion. Every person involved
in the project called into the central
office every day, and the people who
had to get up at 5:00 a.m. sometimes
were given wake-up calls from the

office.”

Lessons for the Future
“One thing that really helps a com-
plex project like thisis an accurate set
of drawings showing the running of
various system lines,” Ash advises.
“At one event site, you would have
telephone people. There would be AC
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power distribution runs. .. there were
network television people, temporary
lighting systems, and everything else
you can think of. Where trenching
wasinvolved for the laying of speaker
cable, there were always these other
groups of people and their needs to
consider. A master line plan, perhaps
with transparency overlays for the
various systems, is very helpful on a
project of this magnitude.”

Ash also counsels that negotiating
and mediating skills are important
ones to have for such a project. “The
politics of dealing with so many dif-
ferent production entities could be the
topic of a whole book in itself,” he
laughs! ‘“Having your company's
needs met, and still respecting the
requirements of others, is all part of
the whole project’s success. As it was,
we were fortunate to have gear to
work with that did not break down,
and people to offer as operating crews
who are used to working in stressful
situations. It turned out very well.”

dB Sound’s Bruce Gordon concurs:
“If wehad todoitall over again, more

BROADCAST AUDIO DISTRIBUTION
FOR THE SUMMER OLYMPICS

ABC’s Domestic and International Feeds with
Digital Multiplex Distribution Techniques and
Automated Digital Delay Lines to Ensure
Correct Audio/Video Synchronization
by Douglas Howland, consulting editor

advance planning details would have
helped. But when those details don't
even exist until we actually sit down
and figure them out, it just comes
down to relying on yourinstincts and
past experiences.

“Security, of course, was a prime
consideration. Even though we were
taking expensive hardware in and out
of 23 separate sporting event sites,
three athletes’ housing villages, and a
number of training sites, our only
equipment loss turned out to be four
microphones and four casette decks.
We feel that the sound reinforcement
aspects of the Olympic Games was a
complete success.” [ [ | ]

n late 1979, ABC signed an agreement

with the Los Angeles Olympic Organi-
zation Committee and the International
Olympics Committee for the exclusive tel-
evision rights to the Summer '84 Los
Angeles Games. In addition to obtaining
the domestic TV rights to broadcast
Games coverage in the U.S., ABC ac-
cepted the responsibility to become the
Host Coordinating Broadcaster for the
event, and to supply any broadcaster with
International television coverage of the
Summer Olympics. The basic feed included
comprehensive coverage of events at all
the performance venues, live or in sum-
mary form, totalling more than 1,300 hours
of programming. ABC contracted to supply
all circuits, facilities, equipment and per-
sonnel needed to produce this basic feed
from each venue, and relay it to the various
World Broadcasters.

A plan was developed in 1980 which, in
its basic lines, included the decision to pro-
vide an International Broadcast Center
(IBC) in Hollywood for World Broadcaster
operation, and separate from ABC’s
domestic unilateral operation based at
ABC'’s Television Center. At each venue,
ABC produced at least one World Feed for
non-biased International TV coverage, as
shown in the accompanying block dia-
gram. Audio and video from the World
Feed was transmitted to the IBC, where
each individual world broadcaster could
create a complete program either live,
edited, or pre-recorded, for distribution to
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its home country.

Broadcast circuits also carried the World
Feed from the IBC to the Unilateral Broad-
cast Center (UBC) for use by ABC. In
addition to and separate from the World
Feed mobile production truck(s), at most
venues ABC provided one or more addi-
tional truck for domestic broadcast pro-
duction. The domestic feed could sample
elements of programming from the World
Feed truck(s), along with the origination of
additional audio and video material. This
feed, which comprised two channels of
audio — channel #1 as mixed audio and
channel #2 as “natural sound” — was
routed directly to the UBC, where pro-
ducers could choose between the two
feeds from all sources and create a pro-
gram for the American audience.

At smaller venues, ABC relied onalocal
announcer to comment on the event as
seen by World Feed cameras. Announcer
audio routed directly to the UBC, while the
World Feed video looped through the IBC
onits way to the UBC. A second video line
taken direct from the venue to the UBC
allowed an ABC commentator at the venue
to go on-tube for the American audience. If
the event became more active, however,
ABC could have dispatched an additional
crew and equipment to feed increased
domestic coverage down this second video
circuit.

ABC designed, supplied, installed and
maintained the IBC technical facilities
requested by the world broadcasters. Each

one of these facilities was tailored to satisfy
individual broadcaster’s requirements,
although outside broadcasters could also
provide part or all of the equipment and
services to themselves.

The major technical segments of the
IBC complex were divided into four areas:
Telco Program operations; Distribution-
Synchronization; Transmission Control;
and the individual broadcasters’ facilities.
All program circuits entering or leaving the
IBC passed through the telephone com-
pany terminating and interfacing équip-
ment, a system that made extensive use of
digital fiber-optic, microwave, and satellite
circuits, the type of circuit for each event
being determined by the venue location
and its distance to the Broadcast Center.
Next, the incoming audio and video cir-
cuits entered the Distribution Center
where signals were terminated, routed,
synchronized to a master signal reference,
monitored and amplified for distribution to
each broadcast studio and edit suite.
Transmission Control provided the neces-
sary interface between the IBC broadcas-
ters’ facilities and the outside world.

To provide foreign-language coverage to
the varied audience around the world,
commentator positions were provided at
each venue to all those requesting such
service: over 400 positions were located
throughout the many venues. A com-
mentator control unit was custom designed
and installed at each position to allow two
announcers to function either independ-

“Starin Motion” © 1980 L A Olympic Committee

©1981 ABC. Inc.



ently or simultaneously, two dual headsets
with noise-cancelling microphones being
provided.

Commentators could blend with their
audio feeds the natural sound of the event
as background. Program feeds were taken
directly to the IBC for subsequent routing
and distribution. A separate feed of natural
sound was also made available to produc-
ers at the IBC, where it could be added to
the voice reports for added crowd excite-
ment, for example, or subtracted (via
phase reversal and cancellation) for in-
creased voice clarity. In addition, talkback
to the studio was provided for each com-
mentator, along with a status indicator for
“standby” and “ready” condition.

The commentator control unit enabled
the various announcers to selectively mix
the following monitor sources into the right
earphone: Guide 1 or 2; Public address;
International Sound (natural event sound);
Studio talkback; and Local cue. In the left
earphone, the commentator will monitor
foldback, local cue, and technical talkback.

Stereo Digital
Audio Distribution System
In 1979, when ABC began construction
of a new technical facility at its television
center in Hollywood, the network was also
involved in negotiations for Olympic broad-
cast rights. As a result the decision was
made to build a plant capable of fulfilling
the complex needs of such a project. The

Main Control Room utilized by ABC Television for live and pre-recorded cover-

age of 1984 Summer Olympic Games.

first concern for audio was that the entire
operation be stereo-capable for whatever
method of distribution was to be selected.
Also, a system was needed to route other
audio material with the stereo audio feeds,
such as second language programming,
timecode signals or program cues.

Grass Valley Group developed a new

custom-designed unit for ABC, the Model
3280 Digital Multiplexer, which enables
four audio channels to be routed down a
single coaxial cable; each audio source,
VTR, prcduction studio, etc., is equipped
with an encoding multiplexer, while each
destination is fitted with a demultiplexer.
The Model 3280 uses 12-bit digitization,
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@ Special modifications available for professional

DIGITAL AUDIO PROCESSOR

1AL

Audio Services and SONY are proud to offer
Digital Audio at a price you can afford.

SONY. PCM-701 ES
DIGITAL AUDIO PROCESSOR

® Digital audio means wide dynamic range, ultra-low

harmonic distortion. and undetectable wow & flutter.
® Both units have selectable 14 or 16 bit quantization
® Compatible with any VCR including Beta. VHS, and

IN STOCK
FOR SALES OR RENTAL

‘ AUDIO
~ SERVICES
CORPORATION

4210 Lankershim Boulevard
North Hollywood, California 91602
1-818-980-9891
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At U$ 3000.- the FM 236 linear-phase electronic crossover

has become a rave success.

It revolutionises electronic crossover design with features

like 36db/Octave attenuation, absolutely perfect step response

without any overshoot or ringing, proprietary constant
linear-phase filter circuits and more unique features.

FM ACOUBTICE LTD
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DISTRIBUTION FOR
SUMMER OLYMPICS

with an additional four bits available for
compansion. The result is a device that
functions and performs like a 19- or 20-bit
system, providing a reported dynamic
range in excess of 120 dB. Signals passing
around ABC'’s broadcast center are routed
through the second bus of a 192-by-128
video routing switcher that can operate as
either audio-follow-video, or in the “break-
away” mode to allow independent control.
Currently, the four audio channels are
assigned by ABC to carry two program
channels for stereo, a timecode feed, and
the fourth as a “spare,” or undefined
purpose.

Accordingto ABC’s Dave Elliot, general
manager of UBC operations/engineering,
the benefits-of such a digital system are
many. First, a single coaxial cable does the
job of four individual shielded pairs, with a
resultant saving in cable and labor costs
throughout a system this large. Second,
crosstalk and noise are virtually eliminated.
Also, the system is much more adaptive to
change: A circuit that once carried four
channels of audio could easily be assigned
in the future to handle a video signal.

Since a great number of commentator
units and program circuits were in use at
numerous venues, a means of quickly
identifying program circuits and announce
positions was considered necessary. An




inexpensive cassette player and endless-
loop cassette enabled each individual pro-
gram line to be identified by its own “per-
sonal” voice. At the end of an event, a
switch was toggled from the “operate”
position to “ID.”

A major concern for Olympics’ coverage
was to ensure that the video and audio
signals were synchronized in time. “While
people will accept psychologically seeing
the puff of smoke from the starting pistol,
and then hearing the shot a little bit later,
the mind gets really upset when they hear
the shot before they see the puff,” confides
Chris Cookson, director of ABC’s Olym-
pic Centers.

Video delays can be caused by insertion
of frame synchronizers and time base cor-
rectors into the signal path between a
remote site and the broadcast center.
(Such devices are necessary to ensure that
all the frames of a remote video signal start
at the same time as the house reference, to
prevent picture shifts and rolls when
switching between various in- and out-of-
house signals. Also, differences in audio
and video path length can cause timing
offsets between the two signals.

Obviously, an audio delay device is
needed to maintain synchronism between
sound and video. While manually adjusta-
ble, fixed-delay devices are available, ABC
felt the need for greater sophistication and
control over the synchronization problems.
As aresult, Tektronix developed a custom
designed Automatic Variable Digital Delay
unit for the network to work in conjunction
with ABC’s frame synchronizers, a total of
57 such units being used during the
Summer Olympics. An RS-422 interface
connects the video (frame sync) and audio
delay units together to ensure proper
tracking.

The control signal consists of timing
information obtained from the frame syn-
chronizer, and represents the difference
between a clock timed to the incoming
video and that at the output compare to
house sync. According to Chris Cookson,
the frame sync unit controlling the Tek-
tronix AVDD “reads in a clock timed to
incoming picture, waits, and then reads it
out in time with house sync. The difference

between their two synchronizing sources
tells [the AVDD] what delay to put it.”
The delay unit is said to be inaudible in
operation during normal programming,
even when the change is from minumum to
maximum delay and back again; on a
steady-state tone, however, it is possible to
hear a slight warble. The unit works by
altering only very small segments of the
audio — typically between five and 10
microsecond pieces — and waiting for a
small time interval before manipulating the
next piece. For audio that needs to be
delayed by, for example, four video fields
(66 milliseconds) the delay would build up
over a period of five seconds. ABC points
out that it would be very rare to encounter
this large of a timing error; normally, the

unit is expected to pass only through a few
lines of video, and at times a field’s worth.

Undelayed audio was also made availa-
ble to producers for the primary purpose
of an “in-time” return feed to the live-event
announcer headset, and was carried be-
tween studios on the fourth channel (spare)
of the multiplexer.

All Olympics audio signals were routed
to a premix/selection studio for distribu-
tion to Control A and Control B, two con-
trol rooms that served as the final audio
feed point to the network lines — Control
A was used during prime-time hours while
Control B served all other times. These
two, virtually identical studios also served
as backup to each other in the event of
equipment failure. 0oa

A Promise of Performance

“I quarantee that, whatever the job, we will provide the
audio power to meet your need. From 50 to 1000 Watts, AB
Systems will deliver uncompromising performance, value and
reliability, providing you the cost effectiveness to make the job

worth doing.

Our success is evidence that this is a promise we keep!”’

LAY

e -

Barry fhorntbn
AB Systems

‘ System!

AB System Design, Inc.
11480 Sunrise Gold Circle
Rancho Cordova, CA 95670
(916) 635-0890
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STUDIO TECHNOLOGY

RECENT ADVANCES
IN SERVO-CONTROLLED CONSOLE
AUTOMATION SYSTEMS

GML MOVING FADER
AUTOMATION SYSTEM

by Denis Degher

ith computers finding their way more and more
w into our daily lives, it is no wonder that they are

becoming “must have” systems in the repertoire
of contemporary recording technology. With the ever
increasing amount of tracks available on today’s sessions,
it is becoming physically impossible to mix modern music
with the two appendages known as hands. In film and
video post-production houses, the ability of computerized
audio consoles and automated video switchers to speak a
common language may prove to have even more beneficial
results in the future. Synchronizing ADR (automatic dia-
log replacement), sound effects, and audio in Music Videos
should become more than just a trial and error event.

Automated consoles are also helpful in ensuring inten-
tional placement of a part in the mix without resorting to
the use of dynamics-robbing devices such as limiters. From
an engineer’s standpoint, automation can be very benefi-
cial in trying to catch that particular guitar part that you
enjoyed during the tracking, but now find somewhat buried
in synthesizer overdubs. Virtually any type of nuance and
texture can be created with repeatability, providing us the
opportunity to mix in a static situation.

Although automated consoles have been around for
nearly a decade now, in my experience, many engineers are
still skeptical of their applicability, and some even consider
automation to be unnatural and unmusical. Others state
that their reason for disaffection with console automation
stems from its association with the VCA (voltage-control-
led amplifier) as the gain-change element, and its subse-
quent signal degradation. A valid complaint with most
VCA/tape-based automation is the accumulating time lag
of all fader moves and channel mutes with each ping-
ponging stage between pairs of data tracks. Many engi-
neers feel they can accomplish the same end result as tape-
based automation by mixing sections and putting their
mixes together via razor-blade edits.

Automation systems of the past have had various draw-
backs, predominately reliability, and were, for the most
part, tolerated. But engineers that have been successful
with automation will agree that its ability to control the
dynamics of the mix are undeniable, creating a much more
relaxed atmosphere during mixing, and that programma-
ble muting enhances musical arrangements as well as
vocal switches. Major fader moves, as well as textures and
nuances, can all be achieved with repeatability, freeing

... continued on page 86 —
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NEVE NECAM 96 SERVO-
FADER AUTOMATION SYSTEM

by Morgan Martin
regional manager, Rupert Neve, Inc.

n 1976 Neveintroduced the Neve Ergonomic Computer
l Assisted Mixing system, or NECAM, which was

intended to represent the ultimate in a “user-friendly”’
console automation system. Thus the main control box
employed dedicated keys with common names like PLAY,
GO, MIX, FROM, etc. In addition, NECAM was designed
without VCA’s to avoid their attendant problems of noise,
drift, distortion, and grouping inaccuracy. As by now is
well known, instead of a VCA, the NECAM fader uses a
standard conductive-plastic track, controlled by a servo-
driven motor. The reason for this approach was simple. In
a VCA-based system there are really two faders in each
channel: the “real” fader that the operator uses during a
mix session; and an “imaginary” fader that the computer
uses to play it back. The problem comes when the operator
wants to make an update, since with most VCA-based sys-
tems he or she must make the position of the real fader
match that of the imaginary one, by using dedicated LEDs
or meters, bars on a video display unit, auto-null tech-
niques, or whatever.

On the other hand, NECAM'’s touch sensitive moving
fader makes an update trivial; since NECAM moves the
real fader that the operator uses, they are always nulled
before an update, and there is no imaginary fader to be
nulled, nor read, write, or update switches to worry with.

NECAM also provided control of the tape or film trans-
port with manual control or automated locate with up to
999 memorized locate points. The control of the transport
was via the main control box using keys labelled PLAY,
GO, FROM, TO, etc. It was also the first system to store mix
data on floppy disk, instead of the multitrack. Storing data
on tape severely limits the total number of mixes that may
be kept (usually two, sometimes eight) and, because of
record/play offsets during each update, will suffer from
drifting mutes after four or five passes.

In about 1981, Neve introduced NECAM I1, which added
anumber of features required for post-production work, but
retained all of the features of the original system; the latest
generation system, NECAM 96, is intended to provide the
operator with even more facilities.

System Capabilities and
Operator Interface
The new system will control up to 96 moving faders, twice
asmanyas NECAMII. Alsointroduced with NECAM 96 is

... continued overleaf —



COMPRESSOR/LIMITER

Our painstakizig vacuum and coil-windi1g technology increases

efficiency and 2liminates acoustical "buz:

OUR SCIENTISTS HAD TO OPERATE
IN A Vacuum To GivE You A NEW
QuALITY OF SOUND.

The quality of any sound system begins at its source. Precision in the power supply is vital to cap-
turing and maintaining the fullness and subtlety of amplified sound. The need for that exactness is
why we insist on operating in a vacuum rather than depending on outside sources.

A vacuum tank, to be precise. An environment in which our transformer is created with an air
expulsion process. Where air pockets are purged from multi-layers of the transformer’s high
grade core laminations, and the core made airtight with a special impregnating sealant.

This process gives us impeccable control of transformer function and quality. Which gives you
the assurance of the most efficient transfer of power possible, and an end to the acoustical "buzz”
that so often fights sound purity.

To a lot of manufacturers the lowly transformer is far down on the list of priorities. For us, every
element in the sound system relies on the exacting performance of every other element, and
must be painstakingly attended to.

From ultimate accuracy in laying down your initial tracks, to
capturing the full power and subtlety of your final mix, you'll find
our technology giving outstanding clarity to your work in products
from our 6000 Series amplifiers to our limiter/compressors and a
broad line of other signal processing equipment. To find out which
system meets your needs, contact your authorized JBL/UREI
professional products dealer toda.
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“How can | use Acoustic drums or pre-recorded tape tracks

to dynamically trigger ANY Electronic drum, computer

drum, or keyboard synthesizer NOW and in the future?”

MX1/MX:-
MXmip1.

Quality by

130 N. Second, Villa Park, lllinois 60181
31209417090
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NEVE NECAM 96
SERVO-FADER
AUTOMATION

a new flat-belt fader that offers a feel
rivalling that of a manual fader, and
which moves from top to bottom of'its
travel in just over 0.5 seconds — about
three times faster than faders of just a
few vears ago.

NECAM 96 is now equipped with a
new control box and a new display.
All the keys from previous NECAMs
areincluded, along with several more,
each with a key legend that tells the
operator exactly what it does. (For
instance, NEW LABEL, not unsur-
prisingly, creates a New lLabel.) A
separate color video monitor is used to
display menus and operator instruc-
tions. For example, the Main Display
provides the data disk name (perhaps
a song title or the project name); mix
information; tape machine status, etc.
The LABEL area shows the number
and timecode location of the last label
passed and the next onecomingup. A
standard QWERTY keyboard enables
mixes, labels, stores and function
switches to be named, and extensive
notes made about the session. In fact,
if the LABEL key on the control box is
pressed, the display shows the entire
label list, highlighting the one just
past. while pressing MUTE displays
all of the mutes that have been set up.
Each entry shows the channel num-
ber, whether the channel was muted
or turned on, and the timecode loca-
tion at which it happened. In addi-
tion, a mute can be trimmed without
having to do it again on the fly; from
the MUTE list display the time key
can be used to trim an entry to within
a quarter-frame (25 fps) or a third-
frame (30 fps). (Note that whereas
other systems sample mute activity
on a subframe basis, NECAM 96
actually allows these mutes to be
trimmed on a subframe basis). A press
of the MIX key displays alist of all the
mixes stored on the data disk, along
with FROM and TO labels and infor-
mation ahout each mix.

The system also provides up to 128
event switches, each of which con-
trols a relay that can be used to oper-
ate external equipment, such as cart
machine starts, roll in machines,
ABC transfer keys, bypass keys, etc.
The EVENT lists show all of these
switch operations in timecode order,
and, as with mutes, allows subframe
trimming and off-line entry. This
capabilitv is useful in nost-production
sessions, where a list is usually pre-
pared in advance of the sweetening
dateindicating the timecode at which
various effects are toroll in. The times
can be entered via the keyboard, and
then trimmed as needed during the

session. (They can be done on the fly,
of course.)

In addition to using SMPTE/EBU
timecode for system reference,
NECAM 96 accepts machine tach
pulses for use during locates, so it is
not necessary to have tape in contact
with the heads during wind mode.
The system also accepts foot/frame
counts instead of timecode, all times
then being displayed in feet and
frames for film re-recording sessions,
ete.

Snapshot Mixes

A STORE is a snapshot of the posi-
tions of all faders, mutes and event
switches, and can be called back to
the desk at the press of a button. In
contrast to NECAM II, which offered
onestore, NECAM 96 offers hundreds
of stores, any of which may be set to
the desk by one of three ways. Press
SET (as in NECAM II) and the
STORE specified will be set to the
desk instantly. Pressing AUTO
XFADE will cause the faders to cross-
fade over a period of time — desig-
nated by the operator — from their
present positions to the STORE posi-
tions. (This can be useful in merging
two mixes where faders most likely

are not matched at the Merge Point.)
Alternatively, the MANUAL XFADE
enables a crossfade to he made to a
STORE at any selected rate; for
example going half-way over three
bars, and the rest of the way over two
beats, via the Manual Crossfader.

A STORE list shows all the
STORES that have bezn created, and
allows them to be named. The names
can act as cues during a mix. For
instance, in post-production if a
STORE is to be manually crossfaded
to when the spiders startto crawlupa
damsel’s arm, this STORE might be
named “SPIDERS” (or “UCK!'”) as a
cue for the operator Similar cues
could, of course, be used forthenames
of labels.

Grouping and Data Storage

NECAM 96 offers the same free-
grouping system as NECAM II, where
any fader can bedesignated the group
master ratherthan having to use con-
trol submasters located at the other
end of the desk. (But for instances
where they are handy, a central sub-
master fader option will be available
shortly.) Toset up agroupin NECAM
96 it is not necessary to take all the
faders out of manual; the operator

NECAM 96 fitted to a Neve Model 8128 console, showing new control unit with
additional features, and full-color video display.
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DELUXE MIXES
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Typical NECAM 96 Display Screens (clockwise from top left): The Main Display, showing name and numbers of mix called from
disk, with label and event locations, plus current timecode; The Mix List of mixes kept on disk; The Store List that shows name
and number “snapshot” stores; and The Mute List for current mix, showing which channels turn on at what timecode location, to

1the nearest one-third frame.

simply presses GROUP, and touches
he required faders.

The moves of a fader set to group
are individually written, so that if the
Zroup is disbanded the moves of each
fader are stillin memory. In other sys-
tems, group moves are kept as one
fader, causing problemsifa faderis to
be used to put down the basic moves
asagroup, and then the operator goes
back to work on individual faders of
the group.

With NECAM II, a Mix had to be
kept on a client’s 8-inch floppy disk
data, in order to play it back to update
it. Thus the sequence would be: make
a pass, keep it, play it back for
updates, keep that(Mix #2), play back
Mix #2 for updates, keep that, and so
on. Each of these “keeps” involved
using up space on the data disk. In
addition, the second and third updates
were probably not much different
from the original, but each had to be
kept so they could be updated.

NECAM 96, on the other hand
handles data storage a little bit differ-
ently. The first mix pass is written
onto the scratch disk; to update it, the
mix is plaved back from the scratch
disk, run through the console for
updating, and then sent back to the
scratch to berecorded in another area.
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At this point on scratch will he
recorded the update and the previous
mix upon which it was based. Nor-
mally, the update is better, and the
operator will wish to perform an
update of it. Simply pressing LOCATE
PLAY will cause the tape to locate to
the top of the mix, and play back the
update for more updates. At the same
time, the “previous” mix will be

dropped off. At the end of the passthe )

first update and the second update
will be held on disk. Normally, the
first update will be dropped off and
the second update will form the basis
of the next one.

As can be seen, the data recorded to
the scratch disk will alwayvs comprise
the mix that was just made (update
mix), and the one upon it was based
(previous mix). Anv number of
progressive updates can be made,
dropping off the previous mix in turn
each time, all without the necessity of
pressing KEEP. Of course, after sev-
eral updates the operator might want
to KEEP your latest update as a
milestone. Simply pressing KEEP
causes the data to be transferred to
the datadisk. Sinceit is not necessary
to have to keep each pass, and since
the NECAM 96 data disk holds twice
as much mix information as with

NECAM 11, it is expected that disk
changes will be required far less fre-
quently than with previous NECAM
systems.

Several modes may be used for the
faders. The “Normal” mode has been
described above: Just touch the fader
and it is instantly in update mode;
release the fader and it will play back
the mix. Manual mode causes pre-
vious moves to be ignored, and new
moves written. Relative mode causes
the fader to play back the moves with
anoverall changeinlevel, upordown,
as set by the fader. Alternatively,
Suspend mode enables the Previous
mix orits Updatetobe played back;in
this case the faders may be moved
experimentally, as it were, without
updating.

ROLLBACK is used whenever the
operator needs togo back in the mix to
catch a move that was missed, for
example, or to go over a section sev
eral times to make complex build-ups.
Pressing the ROLI.BACK kev causes
the tape or film to wind back any
preset amount of time(say, 10 seconds)
plus whatever pre-roll may have been
specified. NECAM 96 quickly sets the
mutes and faders from memory to
where they were at that point in time.

. . continued overleaf
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NEW! Right Angle PC Connectors...
for greater PC board density

Designed for mass production operations
employing automated assembly and
wave-soldering techniques, Switchcraft's
new right angle connectors mount
directly into the PC board with two self-
tapping screws, totally eliminating
costly hand-wiring. Flexible and ver-
satile, these right angle connectors
minimize height above the PC surface
permitting greater PC board density.
Escutcheons trim panel holes allowing
the PC board mounted connector to be
removed without unfastening it from
the panel.

5555 N. Elston Ave., Chicago, lllinois 60630
(312) 792-2700

Available in 2 and 3 pin configurations,
with detent latching, the new RAPC
Series reduces producticn and labor
costs. Optional snap-in housing pro-
tects connections and reduces PC board
stress. All plastic housing also elim-
inates the possibility of ground loops.

Save time, money and space.
Switchcraft's got the angle you've been
looking for.

For further information, fill in the coupon
below or call Randy Opela at
(312) 792-2700.

Please send me __Isamples of or [literature about RAPC

Series Connectors.

ame

N
Address.
C

ity State
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NEVE NECAM 96
SERVO-FADER
AUTOMATION

PLAY is automaticallv resumed and
the recent updates that had been
made are plaved back. Just by touch-
ing and moving any fader, the opera-
tor can add any moves and change
any that have been made in the other
puss.

Consider a situation during a TV
sweetening date for example, while
recording to three- or four-stripe, or a
composite track. [f the producer sub-
sequentlv needs a laugh track to be a
bit louder, the operator simply hits
ROLLBACK. The tape rewinds 10
seconds plus pre-roll; the machines go
into play mode and synchronize; and
the fader levels and mutes reset for
where they were at that time. Since
the faders are precisely set and begin
toreplay the previous Mix, the opera-
tor can go back into record imme-
diately without any A/B tape-in/out
COMpArisons,

User-Defined Key Sequences

Another feature of NECAM 96 is
the SMART KEY, which causes sev-
eral combinations of keyvs to be
pressed simultaneously. Forexample,
pressing SMART KEY #10 is identi-

L‘(

Close up detail of NECAM 96 control panel and keyboard.

cal to pressing the following kevs in
turn: LOCATE; “-7. 170", 070",
PLAY. (In fact, this SMART KEYS
#10islabelled ROLLBACK on the key
cap.) The nine other SMART KEYS
can be set up virtually any way the
operator wants. For example, vou
might want a key that actually rolls
forward to skip over standard com-
mercial breaks in a program. Suppose
that the commercial breaks are three
minutes long; SMART KEY =9 could
beset uptobe: LOCATE;““+ 73", 0"

From initial tracking . . . to the finished CD
. .. Or any step in between

@VIISEVIVAINES
DIGITAIL DREAMIS
A RENTAILL REAILITY

® 3M 32-Track
® Sony 24-Track
e JVC DAS 900 2-Track
® Sony 1610 2-Track
® Audio & Design
701 2-Track e
e PCM 701 { p
ES 1610 )
Interface Tray &\} Jop
# dbx 700 2-Track
e SMPTE 5
Generator
and Reader

N

/c.?
W

® Flectronic Editing
(frame accurate)

¢ Electronic Editing
(word accurate)

¢ Format Conversions

® Compact Disc
Preparation

e Digital Layback onto
Video Master

—LMS

DIGITALx
(818) 797-3046
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“07 0" 0 PLAY, which would
cause the tape to locate forward by
three minutes and resume PLAY and
mixing. Or maybe the operator wants
to set up a SMART KEY that says
“Forget about the updates I just did —
Playvback the previous mix to be
updated again.” This SMART KEY
would be the same as: PREVIQUS:
LLOCATE: FROM: PLAY, which repre-
sents a savings of three kevstrokes.
Of course, if' necessary, a SMART
KEY cap can be engraved to match
whatever it has been set up to do; the
last example might have a key cap
labelled “DUMP UPDATE."

Merging Mixes

Another featureof NECAM 96 is its
ability to wind or rewind manually to
any point of the tape, and resume mix-
ing, merely by pressing PLLAY. The
system will set the faders and mutes
for that timecode location, and play
back any mix information for updat-
ing. Whereas the designers believe
that the combination of this facility
and the ROLLBACK key will result in
the less frequent need for MERGE,
NECAM 96 also offers considerable
changes in this area. First off,
NECAM 96 is given all the relevant
instructions before it actually does
the MERGE. At the designated points,
the Merge Function will enter the mix
with faders set to the corresponding
positions for that point in the mix.
Thus, if Mix A is being joined to Mix B
atl.abel #1, the system will determine
where the faders are at l.abel #1 of
Mix B and use those settings at the
Merge point, Label #1. Should any
faders be at different levels on either
side of the merge point, the system
will crossfade as needed over any
preset length of time you like. Or, by
instructing “crossfade time equals0,”
the faders can be made to jump to
their new positions at the Merge

point. .. continued overleaf —
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Create space

The DN780—-Reverberator/ Processor

Klark-Teknik's ongoing investment in
research leaps into the age of variable space

with the new DN780 reverberation simulator.

Its Very Large Scale Integration technology
and a superfast Digital Signal Processor (DSP)
allow the world's first practical application of
specifically developed algorithms, creating
“added density” ™ reverberation: reflections
with much smaller intervals between them.

The result is simply — greater realism.

From natural concert hall reverberation
through remarkable small room and plate
sounds to an impressive “infinite space”
effects programme, the DN780 will uncanrily
place you in the musical environment of
vour choice.

RLARK TERIIR
B

British designed, British made
Trusted threughout the World

Manufactured by Klark-Teknik Research Limited
Coppice Trading Estate, Kidderminster DY 11 7HJ,
-England.” Telephone: (0562) 741515 ‘Telex: 339821

Klark-Teknik Electronics Inc.

262a Fastern Parkway, Farmingdale,

NY 11735, USA. ‘Telephone: (516) 249-3660
For additional information circle 249

Omnimedia Corporation Limited
9653 Cote de Liesse/Dorval, Quebec HIP 1A3,
Canada. Telephone: (514) 636 997 1



Regarding .machnine control, should
some other device (for example, a
CMX video editor) be required to con-
trol the transport, NECAM 96 is
simply set to run in SLAVE, The sys-
tem will respond to incoming time-
code and mix as normal; it just won't
try to control the transport. Or, in the
other direction, Neve will optionally
provide an interface to popular syn-
chronizers so that NECAM 96 will
“talk” to them as if they were a trans-
port, providing data on the desired
locate point and letting the synchron-
1zer perform location of the various
machines. Thus chase operation
would not be required.

For those interested in hardware,
the computer Automation LSI compu-
ter with core memory — as used in
NECAM I and II svstems — is re-
placed by a CompuPro microproces-
sor with CompuPro RAM memory
cards; these items are available over
the counter to : ny buyer. The drives
used may bethose of existing systems
or, for new systems, dual 8-inch Shu-
garts in a.Neve-built frame. In gen-
eral, the existing peripherals can be
used with little or no modification;
existing faders may be used, if desired.
In addition, a conversion copier is
supplied to convert the single-density
NECAM I and I1 disks to the double-

GML MOVING FADER AUTOMATION SYSTEM

— continued from page 78 . . .

one’s hands for echo, panning, and
other effects moves.

While both servo-fader systems and
VCA-based automation systems have
their drawbacks, they also offer sig-
nificant advantages as well. A major
advantage of the Neve NECAM sys-
tem is its use of motorized faders that
offer visual confirmation of level
changes controlled by the automation
computer, and the elimination of
VCAs. An advantage of VCA-based
automation svstemsis that the group-
ing and group muting can function
directly without accessing tape- or
floppy-disk-based information tracks.

Recently, a second-generation moving-
fader automation (MFA) was intro-
duced by George Massenburg Labs,
and installed, among other places, at
Conway Recorders, Hollywood. Al-
though the system had been in opera-
tion for several vears at The Complex
in West Los Angeles, the Conway
installation marked GML's first foray
into marketing a production model of
the system.

Engineer/Computer Interface

GML system attempts to address the
automation issue from the engineer’s
perspective, and extends the opera-
tional advantages of both MFA and
VCA automation using fast, reliable,
relatively inexpensive computer tech-
nology. The system utilizes multiple
off-the shelf MC68000 processors, and
1s commonly configured with 512K of
random access memory (RAM) for
storage of large real-time decision
lists. Operating systems, user-
command interfaces and utilities are
configured to run in an additional
160K of RAM. Automation data is
written in 68000 machine code for
speed, with user-interface software
written in C language for ease of cus-
tom revisions and updates.

While the automation storage sys-
tem may vary with applications, in
essence the mix data, programs,
operating system, and utilities are
stored on a Winchester hard disk.
Several storage formats are available
from GML, ranging from a 10-mega-
byte, 5%-inch format, to 80 megabytes
on an 8-inch format. The Conway
automation system, forinstance, uses

density NECAM 96 disks. [ 1] According to its designers, the new a20-megabyte hard disk; according to
TERMINAL BLOCK DIAGRAM OF GML AUTOMATION SYSTEM
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AMPEX
GRAND MASTER 456

Confidence is what yc J buy in Ampex Grand Master® No other studio mastering tape 1S more consistent
456. Confidence that lets you forget about the tape No other mastering tape is more availasl2, esther
and concentrate on tr2 job. With Ampex Grand Master 456 you have the coafidence

That's because we st every reel of 2” Grand Master  of knowing we stock our tape inventory in the “ield.
456 Professional Stucio Mastering Tape end-to-endand  Close to you. So we're there when you need us
edge-to-edge, to make certain you get virtually no tape- Confidence means having the right product at the
induced level variatioms from one reel to the next. The right time. That's why more studios choase Ampex

strip chart in every bck of 2” 456 proves it. tape over any othe- studio mastenng tape
AMPEX

Ampes Corporation « One of The Signal Companies

-, S tigie— iy
'E:,-"-" 2

Ampex Corporation Magnetic Tape Division 401 Broudway Beowood Lty SA 94363 11) 367 1809
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Just Listen ~ 1. You might even say that Rodney Kobayakawa’s 5. “Good!....in radio station’s master control ard production room.”

use is off-the-wall. He lines the ceiling of KGMBTV’s remote video
truck with SONEX. “Controls the high ambient noise.... Close

ger mounting caused problems with sound orientation...and
ook so nice! White audiotiles match the chrome look of our

iprent.” He's the Audio Engineer at KGMB, Honolulu.

2. “Musicians are always impressed by your SONEX products”
Dennis Scott of Chelsea Entertainment Organization, who won a
Grammy in 198! for Sesame Country, an album featuring Crystal
Gayle, Loretta Lynn, Glen Campbell and the Muppets.

3. “Tases the ‘ping’ out of hard walls” Don Bachmeier, KFYRTV,
Bismarck, N.D. uses SONEX on wheeled, portable panels to kill

voices on adjoining news sets.

4. “Delighted with SONEX’s effectiveness. ..pleasing aesthetics....
audiv professionals notice reduced standing waves...increased sound-
proofing” Sherrie Thomas, Producer, recording studio for the
Genzral Conference of Seventh-Day Adyendsts, Washington, DC.

R-e/p 88 O December 1984

Crag Falkenstine, W}CE Morgantown, WV,

Pictures do spezk louder than words.

When we asked our customers to show us how they used SONEX,
we weren't surprised to hear that SONEX did the job. W knew
that SONEX’s special acoustical foam — with #ts sculptured ane-
choic design — absorbs sound successfully. What really amazed us
was the number of different SONEX applications they showed us*
See (and hear) for yourself: Wherever sound is the problem,
SONEX is the solution.

SONEX is manufactured by libruck/usa and distributed exclusively

nd and AV o
iy Arin Auto. AlphaAudio’

industries by Alpha Audio. 049 Vvest Broad St
Get all the facts by calling 3220 (800

or writing:

Richmond, Virginia 23220 (804) 358-3852
Acoustic Products for the Audio Industry

*SUBMITTED BY FIRST GROUP QF SONEX PHOTO CONTEST WINNERS
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The first production GML Automation System installed to a 48-input Neve 8108 console

at Conway

Recorders, Hollywood. Shown right is a close up detail of the master select panel and a section of the input

fader bank.

studio owner Buddy Brundo, “We
have only utilized 40% of the hard disk
in four months, so we haven’t had to
rebuild |purge unwanted files from]|
the system from hard disk to floppy
yet."

A floppy-disk system isavailablein
eitherab'%-or an 8-inch, double-sided,
double-dens